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Description

The present invention relates to a filter bank system for a hearing aid, compri-
sing an analysis filter bank for decomposing an input signal into sub-band sig-
nals, a processing device for amplifying at least one of the sub-band signals,
and a synthesis filter bank for combining the processed sub-band signals into
an output signal.

Hearing aids are portable hearing instruments serving to provide hearing assi-
stance to the hearing-impaired. In order to meet the numerous individual requi-
rements, different types of hearing aid are available, such as behind-the-ear
(BTE) devices, hearing aids with external receiver (RIC: receiver in the canal)
and in-the-ear (ITE) hearing aids, e.g. also concha or completely-in-canal (CIC)
instruments. The hearing aids listed by way of example are worn on the outer
ear or in the auditory canal. However, bone conduction hearing aids, implan-
table or vibrotactile hearing aids are also commercially available. In these ca-

ses, the damaged hearing is stimulated either mechanically or electrically.

The basic components of a hearing aid are essentially an input transducer, an
amplifier and an output transducer. The input transducer is generally a sound
pickup device, e.g. a microphone, and/or an electromagnetic pickup such as an
induction coil. The output transducer is mainly implemented as an electroacou-
stic transducer, e.g. a miniature loudspeaker, or as an electromechanical trans-
ducer such as a bone conduction receiver. The amplifier is usually integrated in
a signal processing unit. This basic design is shown in FIG 1 using the example
of a behind-the-ear hearing aid. Installed in a hearing aid housing 1 for wearing
behind the ear are one or more microphones 2 for picking up sound from the
environment. A signal processing unit 3 which is likewise integrated in the hea-
ring aid housing 1 processes the microphone signals and amplifies them. The
output signal of the signal processing unit 3 is transmitted to a loudspeaker or
receiver 4 which outputs an audible signal. The sound is in some cases trans-
mitted to the wearer’'s eardrum via a sound tube which is fixed in the auditory

canal using an earmould. The hearing aid and in particular the signal proces-
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sing unit 3 are powered by a battery 5 likewise integrated in the hearing aid
housing 1.

Sound signals which are picked up by one or more microphones of a hearing
aid are usually decomposed into sub-band signals for further processing. For
this purpose, one or more frequency-selective digital analysis filter banks
(AFBs) are normally used, thereby obtaining K>1 sub-band signals. After de-
composition, sub-band-specific signal manipulations can be performed. In the
case of hearing aids these are in particular amplifications in the individual sub-
bands. The manipulated sub-band signals can subsequently be re-synthesised
by means of a digital synthesis filter bank (SFB).

High-quality filter banks in hearing aids are subject to certain requirements.
Thus, for example, in the lowest bands a channel bandwidth of approximately
250 Hz is required. Apart from that, the band spacing should more or less con-
form to the Bark scale. In addition, a channel number of at least 22 is desirable.
Noise components caused by aliasing must be reliably below 60 dB. Because of
the intensive sub-band processing (particularly the high amplification required
for compensating for hearing impairment) in hearing aids, conventional methods
for eliminating aliasing are ineffective. The filter banks must therefore be basi-
cally “non-critically” sampled. Moreover, the group delay (for both AFB and
SFB) must be well below 5 ms and the group delay distortion must not exceed
certain limits. Particularly for high frequencies, group delay must be kept as low

as possible, which constitutes a significant limiting factor for the filter bank.

Document DE 197 28 482 C1 relates to a circuit for the division of an input sig-
nal into a number of part signals as well as for the subsequent further pro-

cessing and if necessary reintegration to a whole signal.

Publication DE 698 33 749 T2 discloses a filter bank arrangement and a me-
thod for filtering and separating an information signal in different frequency
bands for audio signals in hearing aid devices. In an analysis filter bank, an in-

put signal is decomposed into sub-band signals. The sub-band signals are am-
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plified if necessary and combined into an output signal in a synthesis filter bank.
The signals are oversampled in the analysis filter bank.

The object of the present invention is to make sub-band processing in hearing

aids less computationally intensive.

This object is achieved according to the invention by a filter bank system for a
hearing aid, comprising an analysis filter bank for decomposing an input signal
into sub-band signals, a processing device for amplifying at least one of the
sub-band signals, and a synthesis filter bank for combining the processed sub-
band signals into an output signal, wherein the sub-band signals are over-
sampled in the analysis filter bank, the processing device and the synthesis fil-
ter bank with an oversampling factor U and downsampled compared to the input
signal with a downsampling factor, the stopband attenuations of the individual
filters of the analysis filter bank are at least as high as a predefined first signal-
to-noise ratio increased by a first attenuation value which is a function of the
oversampling factor U and downsampling factor, and/or those of the synthesis
filter bank are at least as high as a predefined second signal-to-noise ratio in-
creased by a second attenuation value which is a function of the oversampling
factor U, the downsampling factor and the gain of the processing device, and
the magnitude frequency response of the synthesis filter bank is approximately
matched to the magnitude frequency response of the analysis filter bank such
that the complex frequency response of the cascade of analysis filter bank and
synthesis filter bank, bypassing the processing device, is approximately an all-

pass transfer function.

By means of the specific stopband attenuations of the individual filters and mag-
nitude frequency response matching, it is advantageously possible to recon-
struct the downsampled sub-bands to produce a relatively undistorted output

signal despite the typical hearing aid amplifications.

The AFB and the SFB are preferably each implemented as multistage filter

banks for incrementally increasing the downsampling factor and upsampling
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factor respectively, thereby enabling different downsampling factors to be used
in the individual sub-bands.

The AFB and/or the SFB can be specifically implemented as polyphase filter
banks, wherein all the individual frequency responses of the filter banks are de-
rived from a prototype filter by modulation in each case. This enables the filter

banks to be designed without great complexity.

According to a development, the prototype filter of the AFB can possess a diffe-
rent stopband attenuation and/or a different attenuation and/or a different atte-
nuation in the passband compared to the prototype filter of the SFB. The same
high-quality stopband attenuation does not therefore need to be provided in
both filter banks.

In addition, the AFB and the SFB can each constitute non-uniform filter banks,
thereby enabling different sampling rates and oversampling factors respectively

to be implemented in the sub-band signals.

At least one of the filter banks or a sub-filter bank of one of the filter banks can
be minimum phase or linear phase. In the case of minimum phase, the relevant
filter bank has low group delay and, in the case of linear phase, constant group
delay.

The prototype filter used for the filter banks can likewise be minimum phase or

linear phase, also resulting in low and constant group delay respectively.

In addition, the group delay of the individual filters of the filter banks can be es-
sentially constant in the respective passband. Moreover, the group delay of the
filters of the filter banks can be constant in a significant part of the transitional
region from passband to stopband. The larger the region of constant group de-

lay, the less distortion is likely to occur.
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According to a particularly preferred embodiment, U polyphase branch filters (U
= oversampling factor) of the prototype filter are fed with the same signal in
each case, thereby providing a saving of numerous signal memories for imple-
menting the filter banks.

The present invention will now be explained in greater detail with reference to

the accompanying drawings in which:

FIG 1 shows the basic design of a hearing aid according to the prior art;

FIG 2 shows a filter bank system according to the present invention;

FIG 3 shows the magnitude frequency response of a bandpass filter of one of
the filter banks;

FIG 4 shows the magnitude frequency response of the filter bank system and

FIG 5 shows the design of a filter with a reduced number of memories.

The examples described in more detail below constitute preferred embodiments
of the present invention.

FIG 2 shows a filter bank system, in this case a filter bank cascade, consisting
of a multistage analysis filter bank (AFB) and a multistage synthesis filter bank
(SFB). The filter bank cascade in this example is used for signal processing in a
hearing device and in particular in a hearing aid. The input-side filter bank (FB1)
of the AFB decomposes the input signal into four channels. The output-side fil-
ter banks FB2A, FB2B, FB2C and FB2D further decompose the four channels
into ultimately 24 channels, the lowest channel of the FB1 being decomposed
by the FB2A into twelve channels, while the remaining three channels of the
FB1 are each decomposed into four channels by means of the output filter
banks FB2B, FB2C and FB2D. The input sampling rate of the FB1 is e.g. 24
kHz. The sampling rate between the two filter bank stages fz, is 6 kHz in the
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example chosen. The sampling rate in the sub-band channels at the output of
the AFB is in each case 3 kHz in the high frequency groups, i.e. after the filter
banks FB2B, FB2C and FB2D. The sampling rate after the filter bank FB2A of
the lower frequency group is 1.2 kHz. Downsampling with a downsampling fac-

tor of 8 and 20 respectively is therefore advantageously performed here.

After the AFB, sub-band-specific signal manipulation, in particular amplification,
is performed, but not shown in FIG 2. For the sake of clarity, in FIG 2 the SFB is
connected directly to the AFB for re-synthesis of the signal. The SFB is of sym-
metrical design to the AFB in respect of the filter banks in the individual stages.
Consequently, the lowest stage of the SFB contains the filter banks FB3A,
FB3B, FB3C and FB3D which combine twelve and four sub-band signals re-
spectively into one signal. The four resulting signals with a sampling rate of 6
kHz are fed to the higher synthesis stage FB4 which combines the signals into

an output signal with a sampling rate of 24 kHz.

The wider filter banks FB2A and FB3A in the lower frequency group here also
produce an increased group delay 13 compared to the next higher frequency
group with the narrower filter banks FB2B and FB3B. The filter bank FB3B is
therefore followed by an equalising filter (equaliser EQ). Said equaliser EQ in-
creases the group delay of the filter bank FB3B at the upper (higher frequency)
band edge to the value of the group delay of the filter bank FB3A at its lower
band edge.

FIG 2 also shows that an oversampling factor U = 2 has been selected in the
first filter bank stage FB1 of the analysis filter bank. The oversampling factors in
the second stage are 4 or 5 as the case may be. With the filter bank structure
thus selected, for example, an approximately 12 kHz wide input signal can be
decomposed into 12 channels of 240 Hz bandwidth (channels 1 to 12) and into
12 channels of 750 Hz bandwidth (channels 13 to 24).

The filter bank structure of the analysis filter bank as shown in FIG 2 is optimi-

sed with respect to group delay and energy consumption. This AFB filter bank
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structure has an input-side and an output-side filter bank based on a predefined
filter type and can be determined as follows. The input-side filter bank posses-
ses, as a variable first parameter, a channel number and, as a variable second
parameter, an oversampling factor. For optimising the multistage filter bank, a
group delay and an operation rate are now determined for a plurality of value
pairs of the first and second parameter. From the value pairs, the one for which
the associated group delay and the associated operation rate fulfil a predefined
criterion, in particular are as low as possible, is selected. The input-side filter
bank is then configured with the channel number and the oversampling factor
corresponding to the value pair selected. The SFB is designed symmetrically to

the AFB, apart from the equaliser EQ which can be optionally used.

The sub-band signals in the channels 1 to 24 of the AFB, the SFB and the inter-
vening processing device are therefore sampled with a predefined oversampling
factor U and downsampled compared to the input signal with a downsampling
factor (in this case 20 in the channels 1 to 12, and 8 in the channels 13 to 24).

The individual filters of the AFB possess a sufficiently high stopband attenuation
in order to prevent nonlinear signal noise due to aliasing. In particular, the stop-
band attenuation is at least as high as a desired signal-to-noise ratio. In this
connection, FIG 3 plots the magnitude frequency response of a filter. If, for
example, the signal-to-noise ratio shall be 60 dB and there is no other aliasing
noise, the stopband attenuation of the filter can be 60 dB. However, if other
noise caused by aliasing components is to be expected, the stopband attenua-
tion must be increased accordingly. For example, the stopband attenuation can
be increased by 3 dB per expected aliasing component. The number of aliasing
components to be expected can be determined in the usual manner from the
oversampling factor and the downsampling factor. In the example in FIG 3,
three additional aliasing components are expected, so that the stopband atte-
nuation is increased by 3 - 3 dB = 9 dB to 69 dB in total.

Additionally or possibly also only alternatively, the filters of the SFB can be pro-

vided with sufficiently high stopband attenuation. Here the starting point is once
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again the desired signal-to-noise ratio which, however, may differ from the sig-
nal-to-noise ratio of the filters of the AFB. The stopband attenuation is again in-
creased by an appropriate attenuation value derived from the oversampling fac-
tor and the downsampling factor. However, in the case of the SFB it must also
be noted that, in the hearing aid signal processing device, signal amplification is
provided at least in some sub-bands. Therefore, unwanted components, in par-
ticular imaging components, produced during upsampling may also be amplified
accordingly. These must likewise be sufficiently attenuated. Consequently, the
stopband attenuation of the filters in the SFB is also increased as a function of
the gain of the processing device, thereby also enabling nonlinear signal noise
due to imaging of the SFB to be prevented. However, phase matching of the
SFB to the AFB to eliminate aliasing does not expressly take place, nor is this

useful in a hearing aid application.

In addition, according to the present invention, the magnitude frequency re-
sponse of the SFB is approximately matched to the magnitude frequency re-
sponse of the AFB, which makes the complex-valued frequency response of the
cascade of AFB and SFB, bypassing the processing device, approximately an
all-pass transfer function. The word “approximately” relates to the usual term
NPMR (Near Perfect Magnitude Reconstructions), i.e. no PMRs (Perfect Magni-
tude Reconstructions) are to be performed here, as this must not be the case
because of the amplification in sub-bands of the hearing aid. That is to say,
PMR would result in a transparent system with a constant transfer factor of 1,
i.e. without amplification. Perfect reconstruction in other respects usual for filter
banks, with appropriate aliasing compensation which can be derived purely ma-
thematically, cannot therefore be selected. Instead, appropriate oversampling
and a sufficiently high stopband attenuation must be selected here to prevent
noise. The magnitude frequency response of the filter bank system must be op-

timised accordingly on this basis.

FIG 4 shows the magnitude frequency response |HFBS| of a filter bank system

in which the magnitude frequency response of the SFB is matched to the mag-



10

15

20

25

30

DK/EP 2124334 T3

9

nitude frequency response of the AFB so as to produce approximately an all-
pass filter when the hearing aid amplification is 1. Specifically, FIG 4 shows the
magnitude frequency response of a hearing aid for high tone amplification. Here
amplification takes place only in the higher channels. If said amplification is pre-
vented, this produces a transparent system with approximately the same gain
factor 1 over the entire frequency range (cf. dashed curve in the higher frequen-
cy range in FIG 4). However, the filter bank structure results in certain fluctua-
tions in the magnitude frequency response. This does not therefore constitute a
mathematically perfect reconstruction of the input signal. Rather, the filter bank
cascade reconstructs the magnitude spectrum of the input signal only in a near-

perfect manner. The fluctuation range is, for example, 2 dB.

Variants of the inventive filter bank system which can result in further optimisa-
tions will now be presented. For example, the AFB and/or the SFB can basically
be implemented as a single- or multistage filter bank for incrementally increa-
sing/reducing the sampling rate. It is also advantageous if the AFB and/or the
SFB are implemented as (complex- or real-value modulated) polyphase filter
banks wherein all the individual frequency responses of the filter banks are de-
rived from a prototype filter by modulation in each case. In order to implement
the filter banks with only moderate overhead, the computationally favourable,
uniform, complex-modulated (using discrete Fourier transformation) polyphase
filter banks with oversampling with the factor U are used (cf. Heinz Gockler and
Alexandra Groth “Multiratessysteme” (Multi-rate systems), published by
Schlemmbachverlag, Willburgstatten, 2004). With these polyphase filter banks,
only one prototype filter is required for all the filter bank channels, and the fre-
quency shift is implemented by means of the efficient FFT realisation of the
DFT.

In addition, the AFB and SFB can be implemented as uniform or non-uniform fil-
ter banks with the same or different bandwidth of the individual filter bank chan-
nels, wherein in the case of non-uniform filter banks the sub-band signals can
have different sampling rates and/or different oversampling factors. Moreover,

the prototype filter used for the AFB can have a different stopband attenuation
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and/or a different frequency response in the passband from that of the prototype
filter of the SFB.

At least one of the (sub-)filter banks of the filter bank system can be minimum
phase, i.e. the zeros of the Z-transform of the filter bank transfer function are in-
side the unit circle. The advantage of this is that the group delay is then relative-
ly low. The prototype filter itself can also be minimum phase, it also being ad-
vantageous if the group delay of the prototype filter or of the corresponding filter
bank is approximately constant in the filter passband and possibly also in parts
of the filter transitional region to the stopband, thereby enabling any distortions

to be reduced.

Alternatively, at least one of the (sub-)filter banks or a prototype filter of said fil-
ter banks can also be linear phase, resulting in constant group delay which may

be advantageous in some circumstances.

In addition, the filter banks or more specifically the prototype filters can be im-
plemented non-recursively (FIR filter) or recursively (lIR filter). Optionally, the
filter banks or prototype filters can be partly FIR and partly lIR type. In the case
of IIR filters, the frequency response can correspond to that of a minimum-
phase Butterworth filter or that of a minimum-phase inverse type 2 Chebyshev

filter.

Particular advantages result from using oversampling with the factor U in terms
of saving on signal memories when implementing the filter banks with FIR pro-
totype filters. In particular, U polyphase branch filters hi, hs, he, ..., hss of the
FIR prototype filter are each fed the same input signal (such as one of the poly-
phase components pk1, pk2, pk3 and pk4 of the input signal) (cf. FIG 5). U
branch filters can therefore use the same set of signal memories (each denoted
by zo™ in FIG 5). Therefore, instead of U signal memory chains for U branch fil-

ters, only a single memory chain is required.
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In the specific case of the example in FIG 5, the oversampling factor is two, be-
cause eight components corresponding to the inputs 0 to 7 of the IDFT module
are obtained from the four polyphase components pk1 to pk4 for the inverse
discrete Fourier transformation. Specifically, as shown in FIG 5, the first and
fifth components are obtained for the IDFT from the polyphase component pk2
using a single signal memory chain (zo"' chain). The same saving is possible for
the corresponding filters of the SFB, as its structure is basically traceable to

AFB structures by transposition (cf. Heinz Gockler and Andrea Groth, loc. cit.).
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Patentkrav

Filterbanksystem til et hgreapparat med

- en analysefilterbank (AFB) med et antal af enkelte filtre til opdelingen af
et indgangssignal i delbandsignaler,

- en forarbejdningsindretning til forstaerkning af mindst et af delbandsigna-
lerne, og

- en syntesefilterbank (SFB) med et antal af enkelte filtre til sammenseet-
ningen af de forarbejdede delbandsignaler til et udgangssignal,

- delbdndsignalerne i analysefilterbanken (AFB), forarbejdningsindretnin-
gen og syntesefilterbanken (SFB) er overaftastet med en overaftastnings-
faktor (U) og i forhold til indgangssignalet nedtastet med en nedtastnings-
faktor, kendetegnet ved, at

- de enkelte filtres speerredeempninger

* i analysefilterbanken (AFB) er i det mindste lige s& hgj som en pa for-
hand given forste signal-stgjafstand gget med en farste deempnings-
veerdi, som udger en funktion af overaftastningsfaktoren (U) og nedaf-
tastningsfaktoren, og/eller

* i syntesefilterbanken er mindst lige s& hgj som en pa forhand givet
anden signal-stgjafstand @get med en anden deempningsvaerdi, som
udger en funktion af overaftastningsfaktoren (U), nedaftastningsfakto-

ren og forarbejdningsindretningens forstaerkning, og

- syntesefilterbankens (SFB) belgbsfrekvensgang er tilnaermelsesvis af-
stemt med analysefilterbankens (AFB) belgbsfrekvensgang, saledes at

- kaskadens kompleksvalens-frekvensgang fra kaskadeanalysefilterbanken
(AFB) og syntesefilterbanken (SFB) under passage forbi bearbejdningsap-

paratet er omtrent en all-pass-overfgringsfunktion.
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2. Filterbanksystem ifolge krav 1, hvorved analysefilterbanken (AFB) og syn-
tesefilterbanken (SFB) hver for sig er realiseret som flertrinede filterbanker til
trinvis ggning af nedtastningsfaktoren henholdsvis optastningsfaktoren.

3. Filterbanksystem ifelge krav 1 eller 2, hvorved analysefilterbanken (AFB)
og/eller syntesefilterbanken (SFB) er realiseret som polyfase-filterbanke, og
hvorved alle filterbankenes enkeltfrekvensgange hver for sig afledes af et proto-

typefilter ved modulation.

4. Filterbanksystem ifglge krav 3, hvorved analysefilterbankens (AFB) proto-
typefilter har en forskellig spaerredaempning og/eller en forskellig daempning i

passageomradet i forhold til syntesefilterbankens (SFB) prototypefilter.

5. Filterbanksystem ifglge et af de foregdende krav, hvorved analysefilterban-

ken (AFB) og syntesefilterbanken (SFB) er hver for sig uensformede filterbanke.

6. Filterbanksystem ifglge et af de foregdende krav, hvorved mindst en af fil-
terbankene eller en delfilterbank (FB1 til FB4) i en af filterbankene er minimal

faset eller lineaer faset.

7. Filterbanksystem ifglge krav 3, hvorved prototypefilteret er minimal faset el-

ler lineaer faset.

8. Filterbanksystem ifolge krav 6 eller 7, hvorved de enkelte filtres gruppelo-
betid i filterbankene i det respektive gennemstramningsomrade er i alt veesent-

ligt konstant.

9. Filterbanksystem ifalge et af de foregaende krav, hvorved gruppelgbetiden
i forbindelse med filterbankenes enkelte filtre er konstant i en vaesentlig del af
det respektive overgangsomrade fra gennemstromningsomradet til spaerreom-

radet.



DK/EP 2124334 T3

14

10. Filterbanksystem ifalge et af kravene 3 til 9, hvorved prototypefilterets re-
spektive U-polyfase-forgreningsfilter (h+ til hys) fodes med samme signal.
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