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DESCRIPTION

[0001] The present specification relates to a fitting device for fitting a hearing device to
compensate for the hearing loss of a user and to a corresponding method. Additionally, the
present specification relates to a method of reducing feedback in a hearing device and to a
corresponding hearing device.

Background

[0002] A hearing device comprising a receiver and a microphone may experience feedback.
Feedback is a severe problem. It refers to a process in which a part of the receiver output is
picked up by the microphone, amplified by the hearing device processing and sent out by the
receiver again. When the hearing device amplification is larger than the attenuation of the
feedback path, instability may occur and usually results in feedback whistling, which limits the
maximum gain that can be achieved, and thus feedback compromises the comfort of wearing
hearing devices.

[0003] J. Maxwell and P. Zurek, "reducing acoustic feedback in hearing aids", IEEE
Transactions on speech and audio processing 3 (4), pp 304 - 323 (1995) proposed an
adaptive feedback cancellation (AFC) using an adaptive Finite-Impulse-Response (FIR) filter to
model the overall feedback path. This model needs a long filter to cover the major part of the
feedback path impulse response and therefore has a slow converging speed and a high
computational load.

[0004] To address these issues, US 6,072,884 discloses an alternative form of the feedback
path model, which represents the feedback path with two parts: a short adaptive FIR filter and
a fixed filter (usually an IIR filter). The fixed filter aims at modeling the invariant or slowly-
varying portion of the feedback path, whereas the adaptive filter tracks the rapidly-changing
part. This model generally yields a shorter adaptive FIR filter, a faster converging speed and a
smaller computational load.

[0005] However, the way to obtain the coefficients of the fixed filter in practice is to measure
the feedback path for each individual user when the hearing aid is fitted to the user by a
dispenser or other person trained in fitting the hearing aid to the user, and fit the fixed filter to
model the measured response. This not only requires an additional fitting step, but also fails to
capture the true invariant part of the feedback path because the feedback path measured by
the dispenser already includes some of the variant parts. Thus, the above measured feedback
path includes not only the invariant effects but also some variant effects. For example, the
fitting of the hearing aid in the ear canal is included in the invariant part but it may be subject to
changes, e.g. when the hearing aid is re-inserted in the ear. The article "Fixed filter
implementation of feedback cancellation for in-the-ear hearing aids" from Woodruff et al.
discloses a fitting device for fitting a hearing device to compensate for the hearing loss of a
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user; the hearing device comprising a receiver and a microphone, and wherein a feedback
path exists between the receiver and the microphone; and wherein the hearing device further
comprises a feedback canceller adapted to reduce the feedback; and wherein the feedback
canceller comprises a fixed filter for modeling an invariant portion of the feedback path and an
overall gain, wherein the fitting device is adapted to provide the fixed filter with information
relating to the invariant portion of the feedback path independently of an actual user using the
hearing device.

[0006] It is an object of the present invention to provide a hearing device with improved
feedback path model.

Summary of the invention

[0007] According to the present invention, the above-mentioned and other objects are fulfilled
by a fitting device for fitting a hearing device according to claim 1. Thereby, the fitting device is
able to provide parameters to the fixed filter, which parameters are describing the invariant
portion of the feedback path; and thus the fixed filter does not comprise portions varying with
time.

[0008] In an embodiment, the information may be provided independently of the acoustical
environments where the hearing device is put into use.

[0009] In an embodiment, the provision of the information comprises calculating the invariant
portion of the feedback path using information retrieved from a population.

[0010] Thereby, the fitting device is adapted to retrieve the invariant portion of the feedback
path from population data obtained prior to an actual hearing device being fitted to a user; and
thereby, the fitting device is adapted to provide the invariant portion of the feedback path to the
fixed filter; which invariant portion does not include time-varying parts.

[0011] In the invention, a processor contained in the fitting device is adapted to calculate the
invariant portion based on a plurality of measured feedback paths, wherein the plurality of
measured feedback paths are measured on a plurality of users for a type of hearing device
substantially identical to the hearing device within production tolerances.

[0012] Thereby user specific effects may be kept out of the invariant portion.
[0013] The invention further relates to a method of fitting a hearing device to compensate for
the hearing loss of a user according to claim 3. The method of fitting and embodiments thereof

comprises the same advantages as the fitting device for the same reasons.

[0014] In an embodiment, the invariant portion is additionally provided independently of the
acoustical environments where the hearing aid is put into use.
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[0015] In an embodiment, the fitting comprises calculating the invariant portion using
information retrieved from a population.

[0016] In an embodiment, the fittihng comprises calculating the invariant portion based on a
plurality of measured feedback paths, wherein the plurality of measured feedback paths are
measured on a plurality of users for a type of hearing device substantially identical to the
hearing device within production tolerances.

[0017] In an embodiment, the method of fitting further comprises performing an online
calibration of the hearing device on a user once the invariant portion of the feedback path has
been provided to the hearing device.

[0018] Thereby is achieved that the online calibration can be performed for each individual
user while the device is in use so that user characteristics can be captured also, once the
invariant portion has been identified and provided to the hearing device.

Brief description of the drawings

[0019]
Figure 1 shows a hearing aid comprising an adaptive feedback canceller.

Figure 2 shows an embodiment of a fitting device.

Detailed description

[0020] In the above and below, a hearing device may be selected from the group consisting of
a hearing aid, a hearing prosthesis, and the like. Examples of a hearing device may include a
behind the ear (BTE) hearing aid and a in the ear (ITE) hearing aid and a completely in the
canal (CIC) hearing aid.

[0021] Figure 1 shows a hearing device 100 comprising a microphone 101 and a receiver
102. A feedback path 107 comprising an impulse response b(n) exists between the receiver
102 and the microphone 101. The feedback path 107 may be an acoustical and/or an electrical
and/or a mechanical feedback path. In the above and below, n denotes a discrete-time index
and n starts from 0.

[0022] The hearing device 100 may further comprise a processor 106 or the like adapted to
process the signal from the microphone 101 according to one or more algorithms. The hearing
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device may comprise a fixed filter 104 containing an invariant portion of a feedback path
model.

[0023] In an embodiment, the hearing device comprises an adaptive feedback canceller 103.
The adaptive feedback canceller 103 comprises a fixed filter 104 containing an invariant
portion of a feedback path model, and an adaptive filter 105 containing a variant portion of
feedback path model.

[0024] Thereby, the adaptive feedback canceller 103 may divide an impulse response of a
feedback path model &(n) into two parts: the invariant feedback path model comprising an
impulse response f(n) and the variant feedback path model comprising the impulse response
e(n). Thus, the adaptive feedback canceller may track variations of the feedback path b(n)
using the invariant &(n) and the variant e(n) feedback path models.

[0025] In an embodiment, the invariant feedback path model may be contained in a finite-
impulse-response (FIR) filter or in an infinite-impulse-response (lIR) filter.

[0026] In a first embodiment, extraction of the invariant part of the feedback path can be done
by measuring it directly. However, since in practice the invariant part is coupled with the variant
part in the feedback path very closely, it may be very difficult to isolate the invariant part unless
each component is detached from the hearing device and measured individually, which
requires high precision in the measurements. Furthermore, the measured invariant part is only
valid for a single device due to the variation within the batch of components.

[0027] In a second embodiment, each component is modeled either theoretically by using an
equivalent electro-acoustical model or numerically by using methods such as boundary
element calculations. To yield a good estimate of the invariant part, these methods need to
build a precise model for every component, which may be difficult for some of the components.

[0028] In a third embodiment, the invariant feedback path model 104 is extracted from a set of
measured feedback paths. The idea is to measure a number of feedback paths using the
same type of hearing devices on different users and/or under different acoustical
environments. The invariant part of the feedback path can then be regarded as the common
part of these measured feedback paths.

[0029] In the third embodiment, N feedback paths comprising the impulse responses b¢(n);
ba(n); ... ; bpy(n) may have been measured. In principle, the feedback path impulse responses
may have infinite duration. Therefore, it may be assumed in the following that the impulse
responses of the feedback paths and the feedback path models are all truncated to a sufficient
length L. For example, the feedback paths and the feedback path models may be truncated
such that the energy loss in the impulse response due to the truncation is at least 35 dB below
the total energy of the responses. The N feedback paths may constitute a population.

[0030] Let f(n) and ex(n) denote the impulse response of the invariant model and the variant
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model of the k-th feedback path respectively. The k-th modeled feedback path b,(n) is then the
convolution of ex(n) and f(n), i.e.

(1) S = 00O 7,

where © is the convolution operator, and the symbol * is used to denote the estimate of the
corresponding quantity in the above and below.

[0031] One way to extract the invariant part is to formulate a problem of extracting the
invariant feedback path model. The extraction problem may be formulated by estimating f(n)
with the objective of minimizing the difference between the modeled feedback path b,(n) and

the measured feedback path by(n). Due to the different vent sizes, pinna shapes and

microphone locations for different users, some of the measured feedback impulse responses
may contain more energy than others. This may result in a preference of minimizing the
modeling error for large feedback paths. If the measurement is conducted in the same way for
all the measured feedback paths, every measured feedback path should be treated equally.

[0032] Therefore, the measured impulse responses by(n) is first scaled to b(n) so that

Tm1 m
Z e

is a constant for any k.

[0033] The extraction problem of the invariant path model can then be formulated as follows:
_,5“" )= ag 3%..5 ” B-3
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where || |2 denotes the Euclidean norm, the superscript T denotes the transpose of a matrix or

a vector, and b(n) is defined in equation (1). The bold symbol represents a matrix or a vector.

[0034] Equation (2) - (6) represents an optimization problem which is non-linear. Below,
solution methods based on a common-acoustical-pole and zero modeling (CPZ) model and an
iterative least-square search (ILSS) method and a combination of the two are described.

[0035] In an alternative embodiment, the extraction problem is formulated in the frequency
domain and a weighting for the importance of each frequency bin can be applied on the
optimization problem. This will require a corresponding change in the below mentioned solution
methods (CPZ, ILLS and a combination of the two).
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[0036] In an embodiment, the optimization problem described above is solved using a
common-acoustical-pole and zero modeling (CPZ). For feedback path modeling, the invariant
part includes the responses of the receiver, the tube inside the hearing device shell, the hook,
the microphone, etc., most of which also exhibit resonances. Therefore, it should also contain
common poles although common zeros may also exist.

[0037] Since the resonances usually need long FIR filters to model, the CPZ model should
capture the majority of the invariant part of the feedback path if the number of common zeros
is not very large. In this case, the small number of common zeros can be moved to the short
FIR filter in the variant model eg(n).

[0038] To estimate the common poles, a number of measured impulse responses should be
used instead of one single impulse response because poles are strongly affected or canceled
by zeros in a single impulse response.

[0039] When the invariant part of the feedback path is modeled by an all-pole filter with P
poles and the variant part of the feedback path is modeled by an FIR filter with Q zeros (which
may include common zeros), the complete feedback path model becomes an Autoregressive
Moving Average (ARMA) model:

>

)= —z SN A B ZfJ( —i¥%
(7) =t =)

where & is the unit pulse function (6(n) = 1 for n = 0, and &(n) = 0 for any other n), aj's are the
coefficients of the common Autoregressive (AR) model and a;x's are the coefficients of the

Moving Average (MA) model for the k-th feedback path model. The impulse responses f(n) and
ek(n) then correspond to the impulse response of the common AR model and the MA model of

the k-th feedback path model respectively.

[0040] The estimation of f(n) in equation (2) becomes an estimation of a;'s

— —~pd
B, =ag min |F-B .
k=g 8
(8) “ S ez 13

[0041] This is known to be a difficult problem. However, it can be reformulated as a new
problem, by replacing the error between the modeled feedback path and the measured
feedback path with a so-called "equation error". An optimal analytic solution to this problem

exists although it can be suboptimal to the original problem in equation (8),
(9) ¥ = (ATA)* 4B,
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(14)5% = [ @) . B - 1) O1,r] s
where aj's and aj's are the estimate of aj's and ax/'s respectively, Oixp is @ row vector

containing P zeros and the matrix A is defined in Appendix A.

[0042] In an embodiment, the optimization problem described above is solved using an
Iterative least-square search (ILSS) method.

[0043] As disclosed above, the invariant model of a feedback path may contain not only poles
but also zeros. Therefore, the ILSS approach, which does not make assumptions on the pole-
zero structure but estimates the impulse response directly, may be more general than the CPZ
method.

[0044] Suppose that the length of the impulse response of the invariant model f(n) and the
variant model ex(n) is truncated to C and M respectively, and that M+ C-1 < L.

[0045] The feedback path model bH(n) of the length L is then the convolution between ex(n)
and f(n) with zero-padding:

(15)P% = [£P- O35 s-u-0

(16)= [ ExrOpugassa] +
12)f = [FE = 0.7 = 2, T

(18)2x =[£G — 1D & B — 2 (007
Where 01y(1+1-pm-c) is @ row vector with (L + 1 - M - C) zeros, the convolution matrices Ex and F

are formed by ex(n) and f(n) respectively and defined in Appendix B.

[0046] To obtain the estimate of f(n), an iterative search is performed in four steps:

Step 1 : Set iteration counter i = 0, and set f to an initial value fo, where the superscript
denotes the iteration number and the symbol * denotes the estimate of the corresponding
quantity at that iteration.

Step 2 : Given fi, the least-square solution to the optimization problem

(19){%]‘; =g, ;r_r_:\ "E -B ||;z

is
- - _1""»"-
2oyl B = (F'- (F) ) FB,;

where
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(uE. =[5y . B}

(22955 = [B,0). . Belf + €~ 2]

where the superscript tr indicates truncation of the matrix or vector.

Step 3 : Given

the least-square solution to the optimization problem
(23)}’5“ = arg;x?u Ilg - BIL»

IS

s b, g 4T L
1 _— [ & B = -
ol = (g (£) ) BB,
where the matrix E is defined in Appendix B, and

Step 4 :i=i+ 1, and repeat Step 2 and Step 3 until i reaches a predetermined value e.g. 100.
The initial value might be of importance in the search of good estimates.

[0047] In an embodiment, the optimization problem described above is solved using a
combination of the iterative least-square search method and the common-acoustical-pole and
zero modeling method.

[0048] The combination of the ILSS and CPZ methods is referred to as the "ILSSCPZ"
method. The ILSSCPZ method uses the estimate from the CPZ model-based approach to
provide an initial estimate for the ILSS approach. The invariant model is first extracted by the
CPZ model-based approach using a number of poles e.g. 11 poles, and then the impulse
response of the extracted AR model is truncated to serve as an initial estimate in the ILSS
method.

[0049] The components along the feedback path can be divided into three categories:

= Category I: Device type dependent components. For a specific device, the effects of the
components in this category are invariant or only slowly varying, and are independent of
the users and the external acoustical environment. These components include the
hearing-aid receiver, microphone, tube attached to the receiver inside the hearing-aid
shell, etc.

» Category Il: User dependent components, which include the PVC tubing, earmold, pinna,
etc. The change of the hearing-aid fitting is caused by the change of the components in
this category. The change is usually slow but could be fast; for example, when the user
moves his/her jaw quickly.

» Category lll: External acoustical environment dependent components. The change of
the components in this category can be very rapid and dramatic, for example, when the
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user picks up a telephone handset.

[0050] The components in Category Il and lll cause a large inter-subject variability in the
feedback path and a large variation of the feedback path over time.

[0051] In an embodiment, the feedback path model comprises the invariant feedback path
model contained in the fixed filter 104 and representing the invariant components, such as
category | components such as the hearing device receiver, microphone, tube attached to the
receiver inside the hearing device shell, efc.

[0052] Further, the feedback path model may comprise a slowly varying model used to model
the slow changes in the components in category | (due to aging and/or drifting), category Il
components such as user dependent components, which include the PVC tubing, earmold,
pinna, etc (due to the slow changes in the hearing-aid fitting) and category Il (due to the slow
changes in the acoustical environment).

[0053] Additionally, the feedback path model may comprise a fast varying model used mainly
for modeling the rapid and dramatic changes in the external acoustics, for example, when the
user picks up a telephone handset.

[0054] The invariant model may be determined as disclosed above and below and it may be
contained in the fixed filter 104. The slowly varying model and the fast varying model may be
contained in the adaptive filter 105 as two cascaded adaptive filters with different adaptation
speeds. A slow adaptation speed in the order of seconds may be used to model the slowly
varying components; and a fast adaptation speed in the order of milliseconds may be used to
model the fast varying components.

[0055] In an embodiment, the abovementioned cascaded adaptive filters are used in parallel,
and the hearing device may contain a switch (not shown) controlling which of the two adaptive
filters (either the one modeling the slowly varying components or the one modeling the fast
varying components) is active in combination with the fixed filter.

[0056] In an embodiment, the measured feedback paths are measured on a plurality of users
using the same type of hearing device i.e. the same hearing device within manufacturing
tolerances. For example, a batch of 10 hearing devices may be tested on a group of 100
individuals (each hearing device being tested on each individual thus resulting in 1000
feedback path measurements in total) and the feedback paths of each of the individuals may
be utilized to determine the invariant portion of the feedback path model according to the
above and below. Subsequently, the determined invariant portion of the feedback path model
may be implemented in a number of subsequent batches of hearing devices e.g. the next 100
batches of hearing devices.
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[0057] In an embodiment, the hearing device is a digital hearing device such as a digital
hearing aid.

[0058] Figure 2 shows an embodiment of a device 201 for fitting a hearing device 100 to
compensate for the hearing loss of a user.

[0059] The hearing device 100 may be a hearing device according to figure 1 and it may
comprise a receiver and a microphone, and wherein a feedback path exists between the
receiver and the microphone. The hearing device 100 may further comprises an adaptive
feedback canceller 103 adapted to reduce the feedback; and wherein the adaptive feedback
canceller comprises a fixed filter 104 for modeling an invariant portion of the feedback, and an
adaptive filter 105 for modeling a variant portion of the feedback. The hearing device 100 and
the device for fitting 201 may further comprise respective communication ports 202, 204 such
as a Bluetooth transceiver and/or an IR port and/or an IEEE port.

[0060] The fitting device 201 may be adapted to be communicatively connected to the hearing
device 100 via a wired and/or wireless communication link 203 such as an electrical wire or a
Bluetooth link established between the respective communication ports 202, 204 of the device
for fitting 201 and the hearing device 100.

[0061] Further, the fitting device 201 is adapted to provide the invariant portion of the
feedback path model as determined above to the fixed filter 104 of the hearing device 100 via
the wired and/or wireless communication link 203. Further, the fitting device 201 may be
adapted to provide one or more of the adaptations speeds of the two adaptive filters contained
in the adaptive filter 105 of the hearing device 201 via the wired and/or wireless communication
link. The adaptive filters can be constrained by initializations carried out during the fitting or
during the usage of the hearing device.

[0062] Generally, even when the variation within a batch of components, the invariant part is
not trivial and the methods and devices described below and above can extract it to such a
level that the yielded feedback path model can be used for a plurality of hearing device users.

[0063] The factors that limit the modeling accuracy of the feedback path given a fixed order of
the variant model are twofold: Firstly, the methods themselves may converge to local minima.
To improve these methods, some heuristic methods can be used to prevent the search from
being trapped at the local minima easily. A simulated annealing method may in an embodiment
be used as such a heuristic method. Secondly, in practice, both the variation within the batch of
components and the individual characteristics are part of the variant model, which need a long
FIR filter to model.

Appendix A

[0064] The matrix A used in equation (9) is defined as:
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[0065] Where A is of the size (L + P) x P and defined as:

and D is of the size (L + P) x (Q + 1) and defined as:

B
FIE
0 RS 1
B=|g o
0 ol
Appendix B

[0066] The convolution matrix F is of the size M x (M + C - 1) and defined as:

0 g - JlE-1
i 8 -
F=| i i w3
g £(3) S
et 7y - e

[0067] The convolution matrix E is defined as:

£y
E=|3‘
Hyed.

where the matrix Eg is of the size C x (M + C - 1) and defined as:

a & e B B — 1Y
o { o g
Ey=| 3 { i
& (1) o g
2:08) =.(1) 0
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PATENTKRAV

1. Et fittinginstrument il fitting af et hareapparat til at kompensere for en brugers hgretab,
idet hgreapparatet omfatter en receiver og en mikrofon, og idet der er en tilbagekoblingsve;j

mellem receiveren og mikrofonen, og

hvor hgreapparatet yderligere omfatter en adaptiv

tilbagekoblingsundertrykkelsesenhed, der er indrettet til at reducere tilbagekoblingen,
0g
hvor den adaptive tilbagekoblingsundertrykkelsesenhed omfatter et fast filter til at

modellere en invariant del af tilbagekoblingsvejen, og et adaptivt filter til at modellere

en varierende del af tilbagekoblingsvejen, og

hvor fittinginstrumentet er indrettet til at forsyne det faste filter med information vedrgrende
den invariante del af tilbagekoblingsvejen uafhaengigt af en aktuel bruger, der benytter
horeapparatet, og

hvor en processor, der er indeholdt i fittinginstrumenter, er indrettet til at beregne den
invariante del af tilbagekoblingsvejen baseret pa en flerhed af malte tilbagekoblingsveje,
der har impulsresponser bi(n), ba(n), ... , bn(n), hvor flerheden af mélte tilbagekoblingsveje
males pé en flerhed af brugere for en type af hareapparater, der i hovedsagen er identisk

med hgreapparatet indenfor produktionstolerancer, og hvor

den invariante del af tilbagekoblingsvejene har en impulsrespons f(n),

den varierende del af den k'te tilbagekoblingsvej har en impulsrespons e(n), og

den k'te modellerede tilbagekoblingsvej har en impulsrespons b (n), der er foldningen af
ex(n) og f(n), og

hvor processoren yderligere er indrettet til at estimere den invariante del af
tilbagekoblingsvejene, hvilken invariant del har impulsresponsen f(n), med det formal at
minimere forskellen mellem de modellerede tilbagekoblingsveje og de malte
tilbagekoblingsveje.

2. Etfittinginstrument ifglge krav 1, hvor processoren er indrettet til at skalere mélte

impulsresponser by(n) til be(n), s& at Z{J;01|B;(i)|2er en konstant for en hvilken som helst

veerdi af k.
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2
3. En fremgangsmade til fitting af et hgreapparat til at kompensere for en brugers hgretab,

idet horeapparatet omfatter

en receiver og en mikrofon, og idet der er en tilbagekoblingsvej mellem receiveren og

mikrofonen, og idet horeapparatet yderligere omfatter

en adaptiv tilbagekoblingsundertrykkelsesenhed, der er indrettet til at reducere
tilbagekoblingen, og

hvor den adaptive tilbagekoblingsundertrykkelsesenhed omfatter

et fast filter til at modellere en invariant del af tilbagekoblingsvejen, og et

adaptivt filter til at modellere en varierende del af tilbagekoblingsvejen, og
hvor fremgangsmaden omfatter

tilvejebringelse af et fast filter med information, der vedrgrer den invariante del af
tilbagekoblingsvejen, uathaengigt af den aktuelle bruger, der anvender hgreapparatet, ved

beregning af den invariante del baseret pa en flerhed N af malte tilbagekoblingsveje, der
har impulsresponser by(n), ba(n), ..., bn(n), hvor

flerheden af malte tilbagekoblingsveje males pa en flerhed af brugere for en type
hgreapparater, der i hovedsagen er identisk med hgreapparatet inden for

produktionstolerancer, og

den invariante del af tilbagekoblingsvejene har en impulsrespons f(n),

den varierende del af den k'te tilbagekoblingsvej har en impulsrespons ex(n), og
den K'te modellered tilbagekoblingsvej har en impulsrespons b, (n, der er foldningen

af ex(n) og f(n), ved

estimering af den invariante del af tilbagekoblingsvejene, hvilken invariant del har
impulsresponset f(n), med det formal at minimere forskellen mellem de modellerede

tilbagekoblingsveje og de malte tilbagekoblingsveje.

4. En fremgangsmade ifglge krav 3, hvor trinnet for estimering udfgres i frekvensdomaenet.

5. En fremgangsmade ifglge krav 4, hvor vaegtning af hver frekvensbin efter vigtighed

anvendes under minimeringen.
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6. En fremgangsmade ifglge krav 3, og som yderligere omfatter trinnet for skalering af

malte impulsresponser by(n) til b (n) s& at Z%;01|E;(i)|2er konstant for en hvilken som helst

veaerdi af k.

7. En fremgangsmade ifolge krav 3 eller 6, hvor beregning af den invariante del omfatter
tilvejebringelse af en a common-acoustical-pole-zero model, hvor den invariante del af
tilbagekoblingsvejen modelleres med et all-pole filter med P poler, og den varierende del af

tilbagekoblingsvejen modelleres af et FIR filter med Q nuller.

8. En fremgangsmade ifolge krav 3 eller 6, hvor beregning af den invariante del omfatter

udforelse af en iterativ least square search.

9. En fremgangsmade ifalge krav 3 eller 6, hvor beregning af den invariante del omfatter
tilvejebringelse af en common-acoustical-pole-zero model som et startestimat for en iterativ

least square search.

10. En fremgangsméde ifelge et hvilket som helst af kravene 3 — 9, hvor fremgangsmaden
yderligere omfatter tilvejebringelse af det adaptive filter med to kaskadekoblede adaptive
filtre med forskellige adapteringshastigheder.
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