Hearing Aid, and a Method for Control of Adaptation

Rate in Anti- Feedback Systens for Hearing Aids Field
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hearing aids and nore particular to hearing aids that

rely on adaptive feedback cancellation in order to re

duce the problens caused by acoustic and nechani cal

f eedback. More specifically, the invention relates to
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cause resonances, which shape the spectrum of the output of the hear-

ing aid in undesired ways and even worse, it can cause the hearing aid
to become unstable, resulting in whistling or howling. The hearing aid
usually employs compression to compensate hearing loss; that is, the
20 amplification gain is reduced with increasing sound pressures. Moreover,
an automatic gain control is commonly used on the output to limit the
output level, thereby avoiding clipping of the signal. In case of instability,
these compression effects will eventually make the system marginally
stable, thus producing a howl or whistle of nearly constant sound level.
25
Feedback cancellation is often used in hearing aids to compensate
the acoustic and mechanical feedback. The acoustic feedback path can
change dramatically over time as a consequence of, for example,
amount of earwax, the user wearing a hat or holding a telephone to the
30 ear or the user is chewing or yawning. For this reason it is customary to

apply an adaptation mechanism on the feedback cancellation to account
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adaptati on mechani smon the feedback cancellation to
accountfor the tinme-variations. Description of prior
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The output of the hearing aid processor is transmitted to the receiver R.

The hearing aid processor 100 may comprise time-varying and fre-

20 quency dependent filters to account for the hearing loss, suppression of

noise, automatic gain c

The block 101 represents an adaptive feedback cancellation filter and

embraces a simultaneous filtering and adaptation of filter coefficients.

25 The diagram in Fig. 2 shows a system like the one depicted in Fig.
1 except that the adaptation mechanism implemented in block 103 is
separated from the filtering function implemented in block 102. The con-
nection 5 symbolizes the filter coefficients. The advantage of this
scheme over the one shown in Figure 1 is that a frequency shaping of

30 the signals 2 and 3 can be made without disturbing the filtering perform-

ance.
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can be made w thout disturbing the filtering perform

ance. The diagramin Fig. 3 shows how nultiple feedback

cancel lation filters 202a, 202b can be used in the

case of hearing aids with mul tiple mcrophones M 1,

M. In this case two sets of filter coefficients 38a,

38b are passed on fromthe adaptation block 203. in
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| npignal.Thi s patent describes a scheme in which an

In A. Spriet, I. Proudler, M. Moonen, J. Wouters: “Adaptive Feed-

back Cancellation in Hearing Aids With Linear Prediction of the Desired

20 Signal’, IEEE Trans. On Signal Processing, Vol. 53, No. 10, Oct. 2005 it
is described that the accuracy of the estimated feedback cancelli

is degraded when the incoming signal is spectrally coloured. This is also
mentioned in patent application WO 01/06812, “Feedback Cancellation

with Low Frequency Input”. This patent describes a scheme in which an

25 adaptive resonator filter is used for detecting if a dominating tone is pre-
sent in the signal, in which case the adaptation rate is significantly in-
creased. This allows for a rapid and efficient cancellation of feedback
howl. The drawback is that if the tone is not due to feedback but is pres-

ent in the environment, the adaptive feedback cancelling may react

30 strongly on this signal, with the risk of noticeable audible artefacts.
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This allows for a rapid and efficient cancellation of
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LMS and other adaptation algorithms are derived and discussed in
the book: S. Haykin: Adaptive Filter Theory, 3 rd Edition, Prentice-Hall,
20 NJ, USA, 1996.

Further details on convergence and behaviour of the LMS and
Normalized LMS algorithms are provided in D. T. M Slock: On the Con-
vergence Behavior of the LMS and the Normalized LMS Algorithms,

25 |EEE Trans. Signal Processing, Vol. 41, No. 9, Sep. 1993, pp. 2811-
2824.

Even though many recommendations has been given in the prior
art as to how the adaptation rate in such systems should be decided on,
30 there still exists a need for improvements in this area. In particular, there

exists a need for hearing aids in which methods for automatic adjust-
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ISk pERTS oty b SERATCRREY ahini 8o PS8 R Gngrent fhave been
| NVeRLIbRRNEY .t he background described herein, it is an
obj ect of the present invention to provide a nethod

and a hearing aid of the kind defined, in which the
def.ciencies of the prior art nethods and hearing aids
ar e PQ?\'PaﬂéBfﬁ‘ye C L i cal |y adj usting the adaptation
at e of ohe@dbssdkgranfetbsdrived hatememesdanepjeef of tie present
acoustic environnent. Particularly, it is an object of .
t heirpyestiento ipiowde iomethodhapdiadbearingaitoal iegkiad defined, in

hear j n i d all ow ' . t i J e 4P s
forwgé(ﬁ]e@'ﬁ ﬁ%k'ﬁ‘ro?wgﬁé%r%fgﬁegp ésgggtpp%? Iﬁ(gdnsf g gpﬁgl z iaﬁ& are
f eeglrpeliceapy edutairiativallyl adjustiag fthet heaptatipe ctatefoft feedback
present invention to provide a nethod. and a hearing

ai dcancellatiag in depepdricytddhe AEeYSYGERIWONE S Ntmat e of

he feedback path of the hearing aid. It is yet a

urther object of the present invention to provide a

met hod Radiculdriarit iy aai cbjati ofvtimgy preserdpieventidn therovide a
sensitivity of adap tive feedhack cancelling syste
to AP ERgA h@?@ﬁ%@@. aliqwing gt'ﬁ“Pfer%rg‘t%%bbﬁg@EFH@?es for
the i B JHapMtie stepBIZBOA fésdbatkhemiciNdtion.
ai dsgfeﬁﬁﬁ?tﬁa W@%’ﬁew O S At T

f eedback cancelling systens to tonal input signals by
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and a hearing aid allowing to reduce the error in the estimate of the

feedback path of the hearing aid.

It is yet a further object of the present invention to provide a
20 method and a hearing aid allowing to cope with the sensitivity of adap-

tive feedback cancelling systems to tonal input signals.

It is still another object of the present invention provide a method
and a hearing aid allowing to cope with the sensitivity of adaptive feed-
25 back cancelling systems to tonal input signals by preventing the onset of

feedback initiated oscillation.

It is yet another object of the present invention provide a method
and a hearing aid allowing to cope with the impact of the gain size onto

30 the error in the estimate of the feedback path of the hearing aid.
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gain size onto the error in the estimate of the

feedback path of the hearing aid.It is further an

obj ect of the present inventi @n to provide a nethod

and a hearing aid allowing to cope with the inpact of

non- cont,i.nuous soungd. i [ . of : '
i d ont B HaGRnt opisel b BiEdshl LB g o peBUBE R oo
pat Bnafa heariRgaid ol td cops With theimpactobi a6h-cdhtinuous
t he present |nvent|onmfrOV|de a method and a hearing

aic dsaum%)\m e eovicopven ohtheberiipm@id enta e piresandee esti-
of an t ' - ad h h I
oai T SR8l PeBalaik B g R oo 3 o ar for i the

gstimate of the feedback path of the hearing aid. It
is further an object of the present inventian

! to
pL ovi deltds fisthes@n-eried afdhe ipresent NventigNiPheyYde adaRthas and
t he_s - S ' ] d ' Qo L a
Cangh Y 40, bIblG, BBBIS Ve8P brohpplgbact
acowghptiveemicrophoma ariapt andbeooathe Autabgainrsjze of theehearing
i nvention several.sgﬂ%estions

! how th d.,. . :
Lt 810, 1 6 cErsh dNBESUBTAS G the Tarabagk, Bah of the hearing

lﬁpr%ggular, it is suggested how the adaptation rate
na e automatically adjusted in dependency of the
acoustic environnent. According to an object of the
present .i.nvention

. h [ ided a.h [ .ai
D e VGl R B B ETaRoBE 36 Bl h metnoc
| NPahdSPHBSrind Bk éﬂbvl/iﬁgttb conBdfthe StepUitd actieoadapule algo-
for subtracting a feedback cancell ation signal from

therithpuef 8ifgadbach srapslive mypiam fgkagpulEss aspraisuet the
%rg glgg%tfc %ﬁﬁrﬁbﬁ%ﬁlirﬂo%rc%ﬁﬁﬁor for producing a

According to the invention several suggestions as to how the ad-
aptation rate should be controlled are given. In particular, it is suggested
how the adaptation rate may be automatically adjusted in dependency of

20 the acoustic environment.

According to an object of the present invention, there is provided a
hearing aid comprising at least one microphone for converting input
sound into an input signal, a subtraction node for subtracting a feedback

25 cancellation signal from the input signal thereby generating a processor
input signal, a hearing aid processor for producing a processor output
signal by applying an amplification gain to the processor input signal, a
receiver for converting the processor output signal into output sound, an
adaptive feedback cancellation filter for adaptively deriving the feedback

30 cancellation signal from the processor output signal by applying filter co-

efficients, calculation means for calculating the autocorrelation of a ref-



signal by applying an anplification gain to the
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trolled in dependency of the amplification gain. This arrangement allows

20 an improved adjustment of the adaptation rate taking the importance of

According to still another object of the present invention, there is

25 provided a hearing aid comprising detection means for detecting if the
input signal represents a sudden increase in sound pressure of the input
sound, and wherein the adaptation means is adapted to temporarily
suspend the adjustment of the filter coefficients. This arrangement al-
lows an improved adjustment of the adaptation rate taking the impor-

30 tance of non-continuous sound in the environment of the feedback path

of the hearing aid into account.
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Correspondi ng net hods for control of .the adaptation
15 Gohonattiatig 1 e preraligvaienaardbiadBhncel i ng
systemare recited in inde pendent nethod clains 2 1

and 29. The present invention [ays out a nunber of )
schenes Gasrespdagingv gieghods for control of the adaptation rate in a

hearing aid or any other feedback cancelling system are recited in inde-
pendent method claims 21 and 29.
20

The present invention iays out a number of schemes for adaptiv

ely
setting the adaptation rate in an algorithm used for adjusting the coeffi-
cients in a feedback cancelling filter in a hearing aid. The adaptation rate
is varied in accordance with the characteristics of the microphone sig-
25 nal(s) and the various internal parameters and signals inside the hearing
aid. According to the present invention, specific ways are provided for
adjusting the adaptation rate based on observations of the current mi-
crophone signal(s), the present state and/or the behaviour of the hearing
aid.
30
The invention, in a further aspect, provides a computer program



setting the adaptation rate in an algorithmused for
adjusting the coeffi cients in a feedback cancelling

wo pdova1328n a hearing aid. The adaptation rate PGI/ER200BAS3175
in accordance with the characteristics of the
m crophone signal ( s) and the various internal
paraneters and signals inside_the hearing aid.
According to the present i nveriti on, speci fic ways are
provi ded for adjusting the adaptation rate based on
obseraduct apdedted RCRM4knt ni crophone signal (s), the
present state and/or the behaviour of the hearing aid.
The invention, in a further aspect, provides a
conput eFupthegaspantskrobodiments; ianddspatifidl \eriatigng of the inven-
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Gl ains. Brief description of the drawi ngs The

invention will now be described in greater detail
bas 8tiefrdesemiptidn ohtheettawings of preferred enbodi ments

and w reference. to the ended dr aw .
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the prior art; Figure 2 shows a hearing aid with a
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si gnal §ighre!3 $tigts atieadog ae with omo microphones and two adaptive
15 feedback cancellation filters, according to the prior art;
Figure 4 shows a schematic block diagram of a hearing aid accord-
ing to an embodiment of the present invention;
Figure 5 shows a schematic block diagram of the hearing aid of fig-

ure 4, with schematic illustrations of the effect of signals with high auto-

20 correlation;

Figure 6 shows a schematic biock diagram of a hearing aid accord-
ing to an embodiment of the present invention with means for detecting
a sudden sound,;
Figure 7 shows a schematic block diagram of a prior art hearing aid
25 with directional characteristics;
Figure 8 shows a hearing aid with an adaptive feedback cancelling
filter and with directional characteristic, according to an embodiment of

the invention;
Figure 9 shows a hearing aid with an adaptive feedback cancelling

30 filter and with a step-size control block, according to an embodiment of

the invention;



Figure 6 shows a schematic bl ock diagram of a hearing
aid accord ing to an enbodi nent of the present

wo pwentizen with neans for detecting a sudden sPCIEP2007/053175
Figure 7 shows a schematic bl ock diagram of a prior
art hearing aid with directional characteristics;
Figure 8 shows a hearing aid wth an adaptive feedback
cancelling filter and with dit%ctional characteristi c,

di t nbodi ment of t| [ ti ;. Fi .
Shows. HOHE ProxIai SN o 0 TEtemmbgs ad With two
Canﬁ&%ﬂln'i\)?egfefe'dbéei ﬁgggelm%fllt%fs?'b@@drﬁi toCMEhModin@eK of the

according to an e I me the invention; Figure 10
showweatitreari ng aid with two m crophones and with two

arbooi FEHIS 3 s Avert g S rieRiged Srbff e

ai dawhpiive eedBhek %hf@élﬁﬁg Fier Vhddor@ng tadapeimivdiment of the

feedback cancelling filter, according to an enbodi nent

of inventiawend on; and Figure 12 shows a hearing aid

with t m ¢rophones i.th . ensi t .
accor d%ﬁrq gé ﬁﬁogﬁ@oﬁ&%\/\é@f\mﬁh@q rﬁi&géﬁ%ﬁ& %@ %Vftp eadstep—
Des gizeRion€d, @lccbiting fvemeirbodirientsirthe envamtiand

prerequisites useful for understanding the pres ent
invention wll be explained when describing particul ar

nbodi, ¢ - 0 tion in the foll ow ng.
1iut @%Zé‘f%f ?teggﬁbggge%@g%gbvﬂggxtent to which a
si gnal , Fakher tesmsperad prdreyuisitéouseftl for widezstandmguthedpres-

by the autqcorrel ation of the si gnal . . .
ent invention will be explained when déscribing particular embodiments

of the present invention in the following.

15 Autocorrelation dependency

The extent to which a signal, x,, is spectrally coloured is often

measured by the autocorrelation of the signal.
N

Rx (T) = Z'xk'xk—‘r [Eq. 1]
k=1

where 7 is the time lag. For white noise, R (r)~0 forall z#0. For

20 periodic signals or other signals with a certain amount of predictability,
the autocorrelation will be significantly larger than 0 for one or more time

lags.

To better allow comparison, the autocorrelation is often normalized

with the window size or with the autocorrelation at lag 0:

1 N
s R (T)Z—ﬁkz,xkxk_f [Eq.2]



R() =Ski " k-1t [Eg. 1] k=t where t is the tine
|l ag. For white noise, Rx(r) O for all r O . For
w@eooradi2e2 si gnal s or other signals with a certBECTIEP2007/053175
amount of predictability, the autocorrelation will be
significantly larger than O for one or nore tine |ags.
To better allow conparison, the autocorrelation is
often normalized with the wintbw size or with the
autocorrelation at lag 0: 1 NRc T ) = x kx k-t
[ EqPR]or HT) = The autocorrel ation coefficients given
by the | ast equation have the property that the val ues
are limted¥to [-1 ;1]. In a practical non-stationary
setting, the gukpcorrelation nust be cal cul ated over a
sliding w nddw of "according to some kind of recursive
upddgéf)ﬁm—eybodfnent of this is to use a sliding a
average in gi?ce of the sumin [Eq. 2]: Rx {t,k) &3]
(t, k - )+Zstx xk t - Rx (t, k -\)) [Eq.4] where a
e ]q;!I[ cont+x®ls the weighting between historic and
current signal values. In a hearing aid context, this
updat e nb ite.co . C :
mai 1 pl 1 oRA GRS LR ek srl bfe T RHBGLIT e the
di f besmy thagthe taluefa® Kroitsd tef-edlor if the
calculation is carried out in several f re quency
bands. Instead, it mght be relevant to consider
updat es | Baprat®icAohoARRItRaRRsEtINGe theltaatocdredlatioromust be

but sonmething, which in a simlar _ ,
calculated over a sliding window or according to some kind of recursive

update. An embodiment of this is to use a sliding average in place of the

sum in [Eq.2]:

10 R(t,k)=R (r,k-D+a -(xkxk_r - R (1,k —1)) [Eq.4]

where « e J0;1] controls the weighting between historic and current signal

values.

In a hearing aid context, this update can be quite costly to calculate

15 because many multiplications are required. Particuiarly if many different
lags, 7, are considered or if the calculation is carried out in several fre-
quency bands. Instead, it might be relevant to consider updates that do

not approximate the autocorrelation but something, which in a similar
sense measures how systematic or predictable a signal is. Two em-

20 bodiments, both quite simple to compute, as they do not depend on mul-

tiplications, are



sense neasures how systematic or predictable a signal
is. Two enbodi nents, both quite sinple to conpute, as
wo bwy/1dsnot depend on nul tiplications, areRxPCT/ERY007/053175
=Rx (t,k- )+a -(z( t,k)-Rx (t,k-1)) z t, k) =xk
sign(xk t) [Eq 5] z(t,k) = sign ) sign(x _t) The
co- pendi ng patent application 2006 00479 " Met hod
for controlling signal processing in a hearing aid and
a hearing aid inple nenting this nethod iled on
ApriR (3, k)2086(7 | n—Dgrar Qz(ad@m ¢, ks~]l)ér eby

i ncor por at ed by reference, describes these along with

ot her(rsk) & mabigri{ay adt eri zation quantities relat eggaoé]

t he autocorrelation that can of ten be used inste
t he Zf(ffué)mﬁl@élﬁrxﬂw&ﬁ(én, The autocorrel ati on can be
cal cul ated for a w de-band signal or it can be

cal cul agpd éd’@ |P§”f5’ﬁénpfa baction DK edosi 9@437@ ‘Metthod for

order to dete a pure tone Is present in the
si gonantrolling csagndb@rm@semnln ame@allngtmldt@d pehearing aid imple-

aut ocorrel ati on, cogef I ent.s

cubRTBEL TP FEYT ofeErE fpk] Run?DP. BbDsRlreaRy e dfcn s
‘Bf ﬁ@?et%ulhe&‘ifoﬁ'@tleatbypﬁfér@hcé e&@i@ibe@'tﬁ@sé agshgawih fodher sig-
al uency bands.” For several reasons, adaptive

anth naf ele@l‘alatsxlzsm anentities ielated todBe @uirariedatinatbet gan of-
t
Squieot Uoeg Mty el i b BBo BT, crore. "he can

conS| der an adaptive FIRfilter: f k =w(0)xk +wIK_, +
Provi ded t hat

k is the . :
obser ve%@i}}ﬁﬁ?orr&m'@h b@'&rﬁeap?]@mlaﬁﬁ%f‘)?;‘a? ide-2Badsignal or it
1 f%%,n%e &p&)ﬂé{e%%}”s n‘ﬁ' ridf b'é'ﬂge”mltéd@ hilst Rf order to detect

oefficlents are adjus according t ,
if a pure tone is present in the signal, it can be relevant to calculate the
autocorrelation coefficients in a number of bands and subsequently look
for the maximum of absolute values of the autocorrelation for several

time lags and for all frequency bands.

15 For several reasons, adaptive anti-feedback systems are often
based on the adaptive scheme outlined by a variation of the Least Mean
Square (LMS) algorithm. As a simple example, we can consider an

adaptive FIR filter:
]A(k =w(0)x, +w(l)x,_, +...+ w(M)x,_,, [Eq. 6]

20 Provided that y, is the observed signal, which contains information

about the underlying system we wish to model, the filter coefficients are
adjusted according to e.g.,
LMS:

w, () = wy (D) + g, (v~ F) [Eq. 7]



LMS: * (0 = wi(0 + xk , (yk -K) [Eq 7] Normalized LM,
NLMS: [Eg. 8] LMS with variance normalization:
weegnAgizgn LMS: w (0 -i (0 + sign(x”, ) sign( PCT/ER20)7/053175
[Eq. 10] A person skilled in the art however w ||
appreciate that calling the latter an LM5-type
algorithmis in aliteral sen slightly m sl eadi ng.
The person skilled in the art™w |l further appreciate
that many varia tions can be made on both filter and
algorithm The adaptive FIR filter can be substituted
by ﬂoWaﬂQQd‘IWIQ%NLMS?' a fixed pre-filter or
post-filter can be used, or the filter can be an
adaptive IIR-filter. There is a plethora of possible
adaptation algorithnms in addition to the ones shown.
To agqo&wqqa@eu%ﬁéﬁﬁeﬁbgtanbonary nature of sound [Eq. 8]
environnents th @ hearing aid user can be exposed to
and the highly tirme-varying signal processing
occ | ng,.in nodern hear.i aids, it is beneficial to
| et EM#eWgttheYJar nee "ﬂ{ma[ﬂéar&??rﬁe-varyi ng. The present
invention deals with specific procedures for selecting
an appropriate step size or adaptation speed or rate
as W Lh he deserildéd in defail below The invention is
parti‘cul arl y“lsef &P "t 'feldfion to the NLMS al gori [Eemd]
as scribedspn 2 or @alggrdit hne exhibiting a
sin?ﬁar behggfbagy*éﬁgﬁ as@fthﬂNB with variance
normal i zation, as described in Eq. 9. The prin ciples
are, however, relevant regardl ess of the inplenented
adaptation al gorithmand nay be inplenmented in various
enbegly iy s Lwsor ding to the present invention. Wth
reference”to Figures 4 and 5, an enbodi nent of the
present

w, (i) = w, (D) + psign(x,_,)sign(y, — /) [Eq. 10]

A person skilled in the art however will appreciate that calling the

10 latter an LMS-type algorithm is in a literal sense slightly misleading.

The person skilled in the art will further appreciate that many varia-
tions can be made on both filter and algorithm. The adaptive FIR filter
can be substituted by a warped delay line, a fixed pre-filter or post-filter
can be used, or the filter can be an adaptive IIR-filter. There is a plethora

15 of possible adaptation algorithms in addition to the ones shown.

To accommodate the non-stationary nature of sound environments
that a hearing aid user can be exposed to and the highly time-varying
signal processing occurring in modern hearing aids, it is beneficial to let

the step size, u, be time-varying. The present invention deals with spe-

20 cific procedures for selecting an appropriate step size or adaptation

speed or rate as will be described in detail below.



invention will be discussed in connection with the
presence of a spec trally coloured m crophone signal.
wab@7hernsi ng ai d basically conprises m cr ophonBCIVEP2007/053175
processor G receiver R and feedback cancell ation
filter F . Considering Figure 5 but disregarding
initially the adaptive feedb 4( cancel | ati on branch
expressed b)é the filter a];: is assuned that the in
com ng un tan n
ni cr oph %'%’&P}/JBE‘ '%/p%t' \‘IafeIYlé" ﬁ’é regﬁogwst%?tge ﬁ\és.%lgonthm
t hea§eREEMSRIFERT 8CE88IgBEtHNSs askibitiRg & siteialr,bahaegiour, such
processor output x will be a sinusoid. The acoustic

f eedd sok LMSwith variange nowealizadipRuas dgscritpd innfe®ni-ngre prin-

(Sufibien) eregitonls V. SERERL fodFIERAE 1 raRinct B cRfptprion

shasgodtire@d)magbe implenartegtn vearideedmdoliments according to
cancel lation filter Frelies on the processor output y
as ErRIESABLINYERHA- and produces output signal / . The

cancel lation filter output signal / is subtracted

fromt h?\ll[ﬂ ?éf@%‘&@ecoqii s & ahf i 4 @nfb’o@iﬁﬂéﬁt%f {HePpiesent

si gnal in this tase, one of the filter
adaijmvantiom véll gxerdrsbms&dhmv\mnnecﬁqe with ihE{I_orQS@nGQGQf a gpec-

711 raly SfoufeE rosiReBona, i Tnediedina 25 panipt o, gSprises

1@anﬁﬁéro¥5h6ﬁetl\ﬁ“ Sroeb &G CreeRer fesmii feedback samédiation filter
sinpl e Change in anpl i t ude and phase. The problemis

t haty t BossideringtFigure Gbal disiByardiaglinitiailyt theaataive fekdback
/=1 not to renpve tonal conponents in the
envicancetiatibn branch exmep*a@d bylthetﬂitat dst has apsumpd that the in-

ext er nal i di

cp BRI SOUNE e 3 2 S T (unisRir aReaRlsforneR 0Bl y wil
adapidryge lesiAbasil, Qﬁtﬂ‘ﬁthq{éa@mgfald|pr¢>&fssm@% éﬁs@ﬁ&ﬁi linear,
I nvention suggest to cope with this problemb

151 loimealpw%elascwg@utfput xudbpel arﬁgnlﬂ&ﬁ)lme%a@%@tﬁofsﬁfﬂa%qkoﬁgnm f
Wi {
e LA A A Bt S5 .8 L0 Bk B i

be blended (summed), which yield another sinusoid (amplitude and

phase altered), etc.

The adaptive feedback cancellation filter F relies on the processor

20 output y as reference signal and produces output signal f The cancel-

lation filter output signal f is subtracted from the microphone output y to

yield processor input signal e.

If, in this case, one of the filter adaptation algorithms shown in Egs.

7 - 10 is used to adjust the coefficients in the feedback cancellation filter

25 F, the cancellation filter will attempt to cancel y as this signal can be

described as x with a simple change in amplitude and phase. The prob-

lem is that this is not the goal. The goal is to achieve that f = f; not to

remove tonal components in the environment. This example illustrates



It has been further observed in relation to the
exanpl e above that a gain in the hearing aid

w@emcasrer, H, plays an inportant role for thePer/&EP2007/053175
curacy of the feedback cancellation. If Hrepresents a
smal | anplification gain, the anplitude of the
sinusoid, x , is small conpar to the sinusoid, vy ,
because only the anplitude of "the feedback signal, f ,

is affected t he gai,n; t the in i I [

o T e SoBRAY, ko Mol B8 B R b hpec
canghbb idh@rd il tes casfivleatd BNtHelBgaptiveefeedbhtk chroditation fil-
F are”adjusted to make / cancel the signal vy.

. : Sigr The .
er r tar. The heserbénvantipasuggast tp coprsuiuBlg PIPblemBRyR@Viding

wth a decreasi i1 i NO:nal .
T 8 BB FARR S B DB B B R3getectc
W t fhdtefheseacal tonebg pidyed dewiirad dgscricedhasndreatetail below.
observed that the nore the signal x resembles a

sinusoid with the | ess a il th [l ati
filter IwsibasiiUgber sbrerved autelaion imte Fany g abov8 that a

e ggm in.ttﬂe‘?ﬂ%aﬂh:éfﬁyiﬁi%rg d@pe. pityssan ﬁn@?rﬁéh?"rbw the ac-

becduse insta the hearing aid will typically
manichesly dfttsefdedmchmancelption. el repteserisgnamall amplification
resenbling a tone. cording,to.the present | ' .
{ ho g8t A AIGAE: of (6 ST RACh AL SO BB R e Sfuzoid
i "%, b%l:éun{eeonﬁ/eﬁ@ b phe deosPingt Rledbaersighdi,cf, 05 wffebfed by
an external tone is played, it is suggested to stop
adaphagaion nohthe Dcpmang sinbieoidi veThacevarse é the ¢asepehen the
m sadjusted; if a tone is generated internally due tto. -
f eeqioacis, laige. ifsthecaangaling filist adaptghior fuRs tG%FEEﬁS‘?‘en sin F
conpensate the tone. .In the patent a icati.o

01/ 668 2alustehicomelar & TcBLYB BRI ) e drarindag peplisients

resonator filt is used for _d i t. j .
nac b aseavey LB Wi o FTEHEE IR INheDnERhe aid
et b st lENS & wal i Ives @R thd Résult derdddidiowivetht reference
procedure for elimnating feedback how ing, but it

mﬁ!ﬂ06bwﬂ5usly produce severe artefacts when tones or
whi stling sounds

Generally, it has been observed that the more the signal x resem-
bles a sinusoid with the less accuracy will the cancellation filter model
the acoustic feedback (and instead attempt to attenuate the tone). This

20 is a challenge because instability in the hearing aid will typically manifest
itself as howling; a periodic signal resembling a tone. According to the
present invention, there are at least two approaches provided which, at a
first glance, seem to be completely contradictory: If an external tone is
played, it is suggested to stop adaptation (x =0) as otherwise the filter

25  will be misadjusted; if a tone is generated internally due to feedback, it is

to adapt fast in order to quickly compensate the tone.

In the patent application WO 01/06812, a procedure is described,
where an adaptive resonator filter is used for detecting whether a domi-

nating tone is present. If it is, fast adaptation is used for attenuating the



are present in the environment. According to an
enbodi nent of the present invention, another approach

wo ovocopesw th this problemis followed by redupCTrgP100B053175
adaptation rate when the sound is spectrally col oured.
This will reduce the ability to cancel feedback
how i ng, so, according to a R rticular enbodi nent, the
reducti on of the adaptation r}te is used along with a

system for st b

] ntioppntgfﬁtshlg azh%ﬂpplntgﬁcgﬂure[ ére %yém%tﬂrgque\ézié%%p%whng, but
howk \Aﬂgob\%ﬁéy Zﬂrbd’uce@éﬂ/@?@ ahefict@hahdsnéts 6r whistling sounds
conpr essi on onpensating the hearing-loss. Thus,

theammbsenblatthglenwmomm@nhear| ng aid processor is
decreased wth increasing input sound | evel s. Wt hout

R

case nm oop system

V\Pl*dé@h't}zs cprblvigh this @robleeis! ermlved)fbyt redutiegdbaddaptation
ing will eventually be

o1 OTHte N erSAUTY e SRR INLRIPHER: THIS WHiEieaES Lk B to
| nv%“é Qeedgaékeﬁ&plﬂ@( SBOP'H?&QIHQStOOQ PPl (s ér'ﬁ%dihaent the

Jecrease in t Icatlon gain is appli
whi edgjustibh (ﬁttlaénakiap’eatrbheatel issesbd @lopg syit emys fon stagiliz-
in renpval of the ¥\Ai ..V\hentheh%z\,{
r enﬁ\getﬂe qlqsnglogaaqyﬁ %Eg lirtingy ) alinﬁﬁ %acﬂ? elr?ereby stopping
ﬁinegeventually the filter will node! the
acoustlc edback better. This will in turn allow
headroom for an increase in the anplification gain.
Furt her G@pprzdtyc nweswgge@mg Al§istuseseBPIgSSION: iRE compensating

(F:)Irg eegglgoo 3—"}%‘; %gué)rﬁﬁhf?csa%gn lﬁhtxp h%%/n%gga% prob<ERr is

pressi ng aryi ng
aCOH@HéésBG%hﬁﬁ%r%énﬁlg atpuadaphi Vevdls| Withouaiad anti-feedback

Ol B Soaneh i Sabmacs M DU B el e
ds-‘/”aF‘s%dQS‘bB Ns@rﬁaﬁw’a%}nélﬂ 2tdM&" .89 the level of the feedback
howling will eventually be constant. To cope with this problem, according
to an embodiment of the present invention, if feedback howling is ob-
served then a small decrease in the amplification gain is applied which
will stabilize the closed-loop system, resulting in removal of the howling.
20 When the howling is removed, it is again safe to adapt the canceliing fii-
ter and eventually the filter will model the acoustic feedback better. This

will in turn allow headroom for an increase in the amplification gain.

Further approaches suggesting to stabilize the closed-loop system

are disclosed in WO 02/25996, which provides a method for suppressing

25 the time varying acoustic feedback with an adaptive filter, and co-
pending patent application, filed on March 31, 2006 with the title “Hear-

ing aid and method of estimating dynamic gain limitation in a hearing
aid”, PCT/EP2006/061215, which provides an acoustic loop gain esti-
mator for determining a dynamic maxgain, and which is herewith incor-

30 porated by reference.



ai d", PCT/EP2006/ 061215, which provi des an acoustic

| oop gain est i mator for determ ning a dynamc
woreoogaing2 and which is herewith incorporated bRCT/EP2007/053175

ref erence. Rather than using a tone detector as

described in WD 01/06812, according to an enbodi nent

of the present invention, the £ is provided a nethod

and a hearlng ai d using neasu{es of either

aut ocor n of .the ,sign f .the.

uant+t ReLEsaRan disineb 8 gonel iedhr 8 slerbofaf Mg, iyoss 12
CO- pBEVHIMG tBaérﬁé‘ﬁwbéﬁ%érﬁQifltl@@ prédeinb atlehasn aasid Bl provided a
signal processing in a Hearing aid and a Fbarlng aid

i mpmateed |am|g a Hiearingt did arsing nrasaces h @ither agtpcorrelatlon of

5 o 352 7 Sy SARORT B RS s sy

Ef obiet®B Nt tdd- W&ﬂh%éﬂat@m appiication dnietitod forecanttadinig bignal
further alleviated t he use of elther adaptlve not ch

{11 PEICESB00aIN chiAearngo il Al rI RGN | RpIementing this
whi h?élhé‘&i thidd %c?éntg%ﬁﬁp@{@?%f(‘:égﬁaﬁBﬁ& {d Gesbh@t t eni ng of

t he signals. 'ex 1ssue to decide how
t he adapt ation step size shoul d optimally depend on
t he neasocerdofg mgnaheraleITmmﬁmeh'ast obrihe tprespnte gwsention, the

g S i e T R
1%0 ”%&Xélﬁqv%té’di ftfyeﬂfé“hs@%* élﬂrﬂatrr AFHRIver YotaR FTieas he Sattenuate

d which wl describ now in nore de tail.
Acc@cmﬁsr@wd/or iayw aéamﬂm wbmmag filtees torrseduee Brapeatrabiattening
t he ?h}fD S| ze of the feedback cancelling filter in a
heaff B $P%%Fs set in dependency of the
autocorrel ati on value of the conpensated signal e in

Fig. 5. Shreoit @ bn@niperisseritodgviy hothecaﬂap@ticmgtep size
filter is an FIRfilter adjusted a c_cordj

or EBROUld. optreddrfReRS OR %‘ﬁr'ﬂe@éW&r ot meoal ﬁgmcorrsﬂ!tlon the

15 present invention provides several methods and hearing aids, which at a
first glance might be seen as following to some extend different and
contradictory approaches, and which will be described now in more de-

tail.

According to an embodiment of the present invention, the step size

20 of the feedback cancelling filter in a hearing aid is set in dependency of
the autocorrelation value of the compensated signal e in Fig. 5. Accord-

ing to an embodiment, the cancelling filter is an FIR filter adjusted ac-
cbrding to Eq. 8 or Eq. 9. According to a particular embodiment, an
adaptive whitening filter is applied on the reference signal (and a similar

25 filter is applied to the adaptation error). The step size is set according to
the following formula resulting in a fast cancellation of tones for which

the autocorrelation calculation gives a maximum correlation coefficient

value > 0.98 so that a fast adaptation rate is applied.



adaptive whitening filter is applied on the reference
signal (and a simlar filter is applied to the
w@odaptie28pn error). The step size is set accorBPCTBP1007/053175

the followng fornula resulting in a fast cancellation

of tones for which the autocorrel ation cal cul ation

gives a maxi mnum correl ation cpefficient value > 0.98

so that a fast adaptation rate is applied.nfasl : A

| arge step-size (fas dapt at i on te). mluw A small

st episi’ er'%(%EF Btﬁpa%!%&)i@? q:;fgp? tf%’) ra@ e k e k-r r e(t

) - . Autocorrel ati,on fficien based on the

corrp!émszﬁ g@pa&%plzer(ﬁlawade QB0 mtﬁ% correl ation

coefficient, A procedure for adJ ustment of the step

size is: IfS refr?ax > 0.98 Then El se According to another

enbodi renw =t si.ze d g )

o mB61 ibss anct TIPSR P RC S Patest Bhy R sbReen

of the referénce signal. This enbodinent allows to

reddagd 41§ n§|tep size wth increasing spectral

colourlng ordlng to an enbodi nent, the cancelling

fH I trga; =i 1a RMaximem ceffelstien caeffisledtng to Eq. 8 or
ACCOI‘dI ng to a particular enbodi nent, an

adaptlve whitening filter is applied on the reference

si gmaprocaddredfos adjusanedit dfitee step sipplis:ed to the
adaptation error). The step size is decreased

accdf gi.ny 098 TheNf ol | owi ng procedure for increasing
maxi mum correl ation coefficients in order to prevent
t he onseti,of tyndesired oscilla

Eise

10 :uk :/uslow'

According to another embodiment, the step size is decreased ac-
cording to a monotonous function with increased autocorrelation of the
reference signal. This embodiment allows to reduce the step size with
increasing spectral colouring.

15
According to an embodiment, the cancelling filter is an FIR filter

adjusted according to Eq. 8 or Eq. 9. According to a particular embodi-
ment, an adaptive whitening filter is applied on the reference signal (and
a similar filter is applied to the adaptation error). The step size is de-
20 creased according to the following procedure for increasing maximum
correlation coefficients in order to prevent the onset of undesired oscilla-
tion due to a distortion of the model of the feedback path modelled by
the feedback cancelling filter coefficients. According to particular em-
bodiments, an initiated feedback oscillation will be handled by further

25 measures. The procedure is as follows:

Ly, My 1, - Step-sizes of increasing magnitude, 0< u; < ff) <y, < 2



tion due to a distortion of the nodel of the feedback

pat h nodel |l ed by the feedback cancelling fiiter
waeomifiixsents. According to particul ar em bodi PENEBR200A053175

initiated feedback oscillation will be handl ed by

further neasures. The procedure is as follows: m, n2,

max . step- si zes of increasi ng?rmgnitude, 0 < nm<n2 <

max < 2max ,7,, 2. Autocorrelation threshol ds of

decreasin i tude, .i>t

Aut dearh eﬁgzat |"gﬂoﬁ‘2fé$|?t'%n eﬁF@ShPrﬁé of m.S}%FEea(SF)q y magnitude,
Maxi mum correl ati on coefficient. According to the

pr odedbee> Tt né> stlep size is adjusted as follows: rm >

T Then nk_=,0 Else If rmax > 7 Then nk = m2 Else =

max The @grents descri bed above can be varied in

nuner ous erate in a
numdey (OKJ of fr. uency ég @%g{'{)ﬂgo%&'?%@gs?r el ation
coeff|C|ents are calculated in several bands

Sepé}f a%xx@tf(gg}f AAgmRnPasirkiaubREosmeRA ment . In this

" is-o0 easier to detect if spectral coI ouri ng
occurs IocaIIy The procedure is as foll ows: (1)
tocorr, f Syl
ands. IA% @dlrﬁfr e@u%érb&écfxﬂh th(e Qteb(%uz%r\s a@iﬁ%ec?‘é?‘ff?llows

l\/hxumAm gq*rrenﬂ;ﬂ Qpﬂ:@effl ci ent over bands 1,
The coéfficlent over the bands is then used to adj ust

t he m&em i zeTaFhenplkakned above. Gain dependency

max

Else If r >T, Then u, = u,

Else luk = /umax

10 The embodiments described above can be varied in numerous
ways. As most hearing aids operate in a number of frequency bands, the
autocorrelation coefficients are calculated in several bands separately
according a particular embodiment. In this way it is often easier to detect
if spectral colouring occurs locally. The procedure is as follows:

X |
15 r¥(r) =" ’()) - Autocorrelation coefficients. (i) is an index over
[ AN ( i
bands, i={,..., B}

and redefine

rooo= maxmaxﬂrx(” (r)[}: Maximum correlation coefficient over bands 1, ...,
I T

max

B. The coefficient over the bands is then used to adjust the step size as

20 explained above.

Gain dependency
The description of embodiments of the present invention taking



The description of enbodi nents of the present

i nvention takinggain dependency into account is based
womorhe2geri vations in Section 9.4 in S Hayki PCT/EP2007/053175

Adaptive Filter Theory, 3rd Edition, Prentice-Hall, NJ

USA, 1996. It is advised to consult this book for

internmedi ate results and furv\#(ﬂer description of

assunptions. First the follo g quantities are

e S T Bl il
Ca”i‘ne {n' ! ta%gngé Fiter 7%%3{: ryreegpiehf PFérﬂfHeSHall NJ, USA,

provi IIter strudture is sufficiently
f I e>1996 eIttu@ adesedltba:mbelt diie Ustokcfof dntetaettipte pasultpeand fur-

: The mean squared error at sanple k . Jmm E{ek )
TH%err?@&ﬁ”B'QHJhgg ‘gfo N&val uated in the W ener

sol ution. Assum ng as above that the Wener sol ution

fsor FﬁrQ?th%Of%ﬁé\jvﬁm?Qma?ntlﬁ@é B PRBAdSed:0 the true acoustic
feedback path then J 1111n =\ . ek w ~ wk :

Coefficient error vector; the error between estimted
and Wt Eséimated Weighteector akgample kCorrel ation matri x
for the coefficient error vector. FurthernDre t he
assunption is nade that the reference. si

whi te: OPHMHEB WVisnee SPRAIPN J8TRRCTBRIG SR g tef (ie.
not &, ﬁﬁ%hgeﬁﬁzléﬂgﬁ%\ﬁ&b Pigk thed fikstRRUAENS %Mfﬂélently flexible

t hr oug use of "an adaptive whitening filt
Acc oo desgibdeothenaaistidifessiiacky. he out put signal x of the
hearing aid processor His input to the adaptive
whitening filter (not shown in Flg 4and 5) and the
B0t plt= S0 hEhadRAN SRR Gt AbSATRISK TS T hput to
J i = E{Ekz}: The mean squared error evaluated in the Wiener solution.
Assuming as above that the Wiener solution for the coefficients corre-

sponds to the true acoustic feedback path then J = E{v,f}

¢, =w—w,: Coefficient error vector; the error between estimated and

15 “true” coefficients.

K, = E{gke,f}: Correlation matrix for the coefficient error vector.

Furthermore, the assumption is made that the reference signal, x,,

is white. In most practical sound environments this is not a valid as-
sumption, but it can be achieved through the use of an adaptive whiten-
20 ing filter. According to an embodiment, the output signal x of the hearing
aid processor H is input to the adaptive whitening filter (not shown in
Figs. 4 and 5) and the output of the adaptive whitening filter is input to

the adaptive cancelling filter.

Consider first the setup shown in Figure 4 in which the compen-



the adaptive cancelling filter. Consider first the

setup shown in Figure 4 in which the conpensated
wor@ropene input is nmultiplied by a sinple gaPer/ERZ001/a53175

produce xk . If xk is assunmed white then the

environmental signal, vk , is also white. As

nmenti oned; the whitening occqg as a consequence of an

adaptive whitening filtering cording to a particular

:emn‘gggtle Lcrc@':hugrggt hﬁ{ouﬁ Fs?r%gl%g{igé L)?\g s?ﬁ}g?egglg%;daqg }ﬁg&uce X,
f th f vkvk D
s b @85%%4@%46 RedErAe S ERRTERE RGNS grig aTe0 White

canderneRichadle PaRIS BBTS P Bhuebabe Rt an avagive

to &hltélambl ﬂterﬁ\@aabcofram@l td er pahiarar, e@bddintériti Gurther, the
Pren tice-Hall, NJ, USA, 1996, the correlation matri x

for fallpwing@eliniionsmaredhage: vector in an LI\/S- al gori t hm
devel ops according to Kk =(I - nR )Kk - MRx) +m 2J

"ot & el 51 g b S B SBbR a8 7Y efefé‘?%ﬁ@e sgap!

)ka| - ms | )+ n2Jnw s2| 1(L2V2r2, . ZJ
dy state
néfv?‘h??sswhés s ogirel o8 T on BenRp P B gigfal This

whi ch has. a ur_sim.lar,to,th

NLN%%%W fie b8 ssiimBrioB e CperheRling Mier lonotty f suf-

A rTBireﬁtforrral treatnment relating to NLM5 can be found

' " M Slock: Othe Conver gence Behavior of the LMS
and the Nor malized LMS Al gorithns, |EEE Tran Si gnal

1I9r ocessAngordVrg to 8. Haykin: Aqadap. FiteoThepry. PBEdition, Pren-

nor it TN (5 b8 e “PARTARRG Mot For T ehifght error

si gpattor fhat LMS-algd®ithm develops according to

Kk = ([_HRX)Kk—l(]——/LIRX)-f-ILI Jmme [Eq 11]

Specializing this to white noise reference signals, R, = oI, gives

K, = (1-uc* 1)K (I-pc?l)+ 1) 01

15 Eq. 12
= (1—;102)2Kk_1+;42Jmino'2! [Ed ]
or in steady state
(1—(1—;102)2)1()0 = u'J,o’l
U
2 2
J .o
K, - ”—2'%?_—2__4] [Eq. 13]
2uc’ — o
- ']mil'\/l’lo-2 ’
20% — uc’ )

To simplify this, the LMS with variance normalization, which has a
behaviour similar to that of the NLMS-algorithm, is used according to an

20 embodiment. A more formal treatment relating to NLMS can be found in



step size =4 . [Eq. 14] s is inserted in the above: J

1111n is not available, but instead an estimate of it

WO s000dexd82 s2 = {ek 2}= G Thus, K m[Eg. 16] 2Q@CDEP2001/053175

the uncertainty on the individual filter coefficients

is considered: This result shows that if it is desired

to maintain a specific uncer %{a}i nty on the filter

coefficients, the step size should be reduced by D2

every _tinme the reduced fac r In

oo B TreMeSIoek: IR the ' Gasieraedice, Atiinf Ok Heo s, i e Nor-

heafrﬁémea'z_filﬂs%%&mﬁﬁ;@' IEEE Tra®d. swnémo%égé]ﬁd; @oli 81, No. 9,
ure 4 is use enerate a nunber of overl apping

fr e&epnd99bapn528{‘e2824)Ac@{rﬂmg, to. the, erkb@iment, thenstep size

e2lL RhrE58 R B RRLRLE oF TR e B Bl & e

addegfgget her to produce the signal ck . In order to
e n sure a certain maxi numuncertainty on the filter
coefficuents, a safe ap proach is to scale the st eﬁ_:_q 14]
sizé'T rb?at:cordance Wi th changes in the snmall est of *
t he gains 1) ,g2) ,...,G(9 }

is inserte lnt e above:

L
Koo — zmmﬁ 2 I
20" —po [Eq. 15]

Jmin /L_l 1 ’

20’

2

is not available, but instead an estimate of it is

min

2

10 used:.o’ =E{e,f}=6—2.
G
Thus
K, =~ “21 [Eq. 16]
2G

or, if the uncertainty on the individual filter coefficients is considered:

=
Ul

Sw, =K ~ ——“ﬁ/z . [Ea. 17]

G

This result shows that if it is desired to maintain a specific uncer-

tainty on the filter coefficients, the step size should be reduced by A

every time the gain is reduced by a factor A.

20 In an embodiment, which is more relevant for a modern hearing aid, a

bandsplit filter on the signal e in Figure 4 is used to generate a number

of overlapping frequency bands, fe,e®...., e}, On each of these

bands, a separate amplification gain {G“),G“),...,G(B)} is used before



Amplification in the hearing aid processor In the

fol l owi ng, enbodinents wll be described which deal
wowdo/1gzpt i fication in the hearing aid processeeT/ER{ve7/053175

resulting anplification in the hearing aid processor

is usually conposed of the output of various

subsystens, such as a corrpreszs' on unit for

conpensati ng the heari ngi oss, :{a t enporal noi se

reduction system for attenuating unwanted noi

cRile

aut Bimbardy are agded tedethaiian Sgnal i, - JRsgder to en-
var i
banad R Feeaparat g reostenthob BRauer sor e safs,ap-

SO ris g sBhlds Pal ' b§ | :
TR A1 8y B zatins s e o

incglep@frtate%irfg){wadpﬁsu,nzj’”t}he filter so that the

anpl i tude response varies in accordance with the
Sur(rjent sound pressure levels in a nunber of frequency
ands. According to an enhodinent, it is assuned that
one_/“é’PP’tf’ﬁét’%ﬂ@’ FINaRRINNBIGPSEY. 8 or LMS with

vari ance normalization in Egq. 9 is enpl oyed for

adapt i ng, gaefbiciigg! enibbdiientsermibpes kdeseripet Iwingh deal with
filter and that the step size is constant. An
i npampificatierns kothel keaningdaidr piecessorl 7 hegesuing igmpliisation in

anplification.gain of the i ' ' :
oL B PSR A £ I 80 81 varous
1% akubbjstemBr Siich vkld chRpraysRorounit ésscarmpetseting the feeeing-
anplification gain is increased, the cancelling filter.
Eecm aclgtnaloryl nrise redusipRtsystan fon aléenpatiag. unvanfed noise,
earin : .t Lficati in i
ad| &%‘E%Hgbgé?'&‘l éybq}t%%hﬁp@?%égﬁ%tgﬂeﬁék%gg& {ijo'systems op-
adapiratel iam hatrder pf flegqueanc bhhdngntlideparate Yaiss ard assigned
there has been a period of ti ith a snall :
Apl (9858 PenM.gi Fomeneealine PRy (BF heREgarIEepracRRgPr s an
{4 | Lo 'ti§? q\ﬁ(‘fé-ﬁgﬁﬁgvtef%né uddrrh¥nishfisaiiBbidorsati fen adjusting
goes uB, he cl osedl oop system can becone
unsttadlfitteAsocthdt tite bonpditudentespioneatvarieriis gncordanege with the

solved b ro idin% .
current sound presstire levels in a number of frequency bands.

According to an embodiment, it is assumed that one of the algo-

rithms NLMS in Eq. 8 or LMS with variance normalization in Eq. 9 is em-

20 ployed for adapting coefficients in the feedback cancelling filter and that
the step size is constant. An important lesson learned from Eq. 17 is that

if the amplification gain of the hearing aid processor is varied slowly
compared to the adaptation rate, the stability margin will be more or less
constant. If the amplification gain is increased, the cancelling filter be-

25 comes equally more accurate and vice versa. In most hearing aids, the
amplification gain is, however, adjusted rapidly in comparison to the
possible adaptation rate in the cancelling filter. Thus, if there has been a
period of time with a small amplification gain, the accuracy of the cancel-

ling filter is decreased. If suddenly the amplification goes up, the closed-

30 loop system can become unstable.



hi gher accuracy when the hearing aid anplification is

smal I . Thus, when the anplification goes down, the
wGe@p/1si262, m, is reduced and vice versa. Fol POEPZP07/053175

Eq. 17, a nom nal step size is selected, which

provi des the desired accuracy at the maxi mum

anplification gain, and then the step size is reduced

proportional to the square of2%4 eductions in the

anplification gain. According to another enmphodjnment, . .

t he heaAC@FydmgdtOpﬁﬁc@ﬁgwm@@gr@ﬁemﬁemdsa&tjﬁ%ﬁ providing

anmpl.ifi ' I 1L ' i £i L& er i
PP biahe AR e Uen FARGETG Al b ol TR, when
adapid ampifidatieni gogsfddvireithé stepppte,ed , Eredbeed ahdrvigecesrsa.

signal. According to a Earti cul ar enbodi nent, a
si nFblowihglEer17, @ rgpinaestepsizenis salrpiedt Woishdareyges the de-

i_s: mmax : The Xi oum S ' ;
Sa: S50 aauraty ol Bl FERhol DAl gnd iR Y R size
t heishraficeE FogoRiopeE® &1 sqUdre ofevcdustionsim tieaantmification
set according to the hearing-loss or a ¢ cording to an
estpgdite of the stability limt (over which the

hearing aid will how). G \ Current anplification

gain. Wth reference to Eq. 17, the step-size at

sanpl e Addd@ingtd anothlee Winabaxtimast, the shestrimg idzprocgssor cor-
then used in a nethod or. heari n% aj&_g pr ovi @i n&.la w de FIR
10antPSRONdsi B SKBE: REIYORoaRnSaF raRCeBPEVIGr 1% 2

mul ks | 46| ' ) ' WRitéMAg filter
o o s g KO, B R P At e

an @mbplieidoar trenrejerience signaplAasdrdiog éaerpartiedabemgogdiment,

T eSS p G ERIBE BB fige control T
... . The maximum step-size (fastest adaptation rate).

15 G._.: The maximum amplification gain used in the hearing aid proces-

max

sor. The maximum gain can be set according to the hearing-loss or ac-
cording to an estimate of the stability limit (over which the hearing aid will
howl).

G, : Current amplification gain.

With reference to Eq. 17, the step-size at sample number k is calculated

as

N\ 2
G
/uk :(G : J lumax [Eq 18]

max

This step size is then used in a method or hearing aid providing a wide

25 band solution.

According to an embodiment providing a multi-band solution, in a
multi-band hearing aid the signal is split into a number of frequency

bands and an amplification gain is applied to each band before summing



Grax , : The maxi mum anplification gain used in the

hearing aid processor for band /'. The nmaxi num can be
w@ed7acer di ng to the hearing-1oss or accordi nBCT/BPANT/053175

estimate of the stability limt (over which the

hearing aid will how). Glk : Current anplification

gain used in band / . Wth reference to Eq. 17 and

assumng we are operating witfrB f re quency bands,

the step-size at sanple nunber k is calculated as . .

AdaPteabrbgs. rr%|q0n§96'g§}ﬁe SIRR1SIZE Hdro! E%rcﬁ"'saépa“%ﬁBP 'S given

sl agRjgpe or a hammer |ike sound, inpose special risks

when the cancelling filter is updated with an

NLMS- | i ke al gorithm The hearing aid pr ocessor wl |

typi cal | %_ del a the si as nost . ncl udes

a fidier HEARaxX W@@W@R'&?B‘P” Q?Hbl"s? Hb %be?mnqg proces-

Thi s ans tha# a sudden |

SanSPLE Bardd 18 e Ruet Be can aeparaing Bthe Heripgriass or
S, a@i‘:’ﬁgrdﬂfg toué‘ﬁ 'e%hﬂn@?eebf e étBSmfyeﬁrﬁFt eHEE WIHIEN tRE hearing aid
cancel [ ation I'ter (x). Therefore, the NLMS update as
desiili bewdl)i n Eq 8 will take very |l arge adaptation

steps right fter t%e | oud so nd octﬁurs because the
dendi nsUgEN ﬁm@&f'c IGNPJaARYPF étha'E' & error signal is

| arge. Mbreover, i s adaptation steps, which are not
governed by discr epanci es between cancellation filter
1@)‘1dV@ﬁr9L|*§fér§ncfee%j@fk17P@hH afmRihgi Wg dre dpwrating with B fre-
I nvention, nethods and hearing aids are provided to

det @oency bandsdtie stemsize at samples bumBepk és salFelatastas s

and tenporarily suspend the adaptation afterwards. An

A
enbodi nent otz Jhi6,js de@;pfﬁd inFigure 6 and will [Enov¥9]

be dést qE—Th input- 10 thefmechani sm which is
part of\a h aWﬂnS”ﬁPd Cémﬁ exanpl e the m crophone
signal 601 or an omi directional signal of the hearing
aid. According to a particular enbodinent, this signa

i's fAddpesmsh halt

15 Sudden loud sounds, such as a door slamming or a hammer like
sound, impose special risks when the cancelling filter is updated with an
NLMS-like algorithm. The hearing aid processor will typically delay the
signal, as most often it includes a filter bank, an FFT and/or other types

of filters. This means that a sudden loud sou

CL
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<'>
el
~

D
o
=
]
o
—

20 in the adaptation error (e) in Figure 5, but not until later on the reference
for the cancellation filter (x). Therefore, the NLMS update as described
in Eq. 8 will take very large adaptation steps right after the loud sound
occurs because the denominator in Eq. 8 is small and the error signal is
large. Moreover, it is adaptation steps, which are not governed by dis-

25 crepancies between cancellation filter and acoustic feedback path.

According to the invention, methods and hearing aids are provided
to detect if a sudden increase in sound pressure occurs and temporarily

suspend the adaptation afterwards. An embodiment of this is depicted in



If, e.g., the feedback cancellation filter is

i npl emented according to an enbodi nent so that it
wowoRa13282 t he hi gh-frequency range only, it i SPCDEP®D7/053175

much rel evance what happens at | ower frequencies.

Thus, in order to detect sudden |oud sounds wth

hi gh-frequency conponents, the fre quency wei ghting

fi:ter EOZhCOU|d be a high-pa@% filter. The absol ute

val ue of the sjgnal X jis thep taken by Abs-bl ock 603

and Figtire 6 wWilingy Pg dererPs I | owed bz a sliding

averagi ng in averager 604 or sone other type of

Magni t ugtge GahGUboathicOmecHAGs Y WHAEE iOparRF Al Hedrivglaiesis for
Z, reflects the current sound pressure. The

t i mexampia thet microphade wighar 807 ror e oavudiregjienahsigna! af the

| east correspond t.o the del. i . i i .o

25ka8) a8 S L S ERAAERE 18 By e

‘;5: g?]fgl"e-.gz,'rﬂwéj_@éﬂbtackfc;ﬁhgéﬂm%nsmmdsOnmp&arrﬁer\;\tﬁbe?qc&)oediageto an
i's increase a great t, [ IS, .

def pmidpont 2 et A orkh 1B 44 PG GGHANCK rangmANIYALL is not of

[ S t 0 f 6 '
o e B, Ll P end e e it
exceets:t tdigldehgioal fouridsewithumghifeatieasy i dongebrents, athe fre-

sudden | oud sound", | d t dth d [

7 or GHOBRI TGN Mt S0RLRABe anBlObrRS BIET o M) Ahegute
13 Peakiehd e @%n@l KG tﬁ&?ta@@ﬁ'ﬂﬁﬂb&ﬁlo\ék Bl &Y A opeitien is
information about the signa Ximum for a while af

ter thén fdioweddsy aslidingreder&ing fin byertager 66#pHrsoson odfer type
A LeRradhe T il G TR e B 2 e e
adag{mghfs QQbrgtii & @lre 6PHe tiRiLEonHACDST (Wdown @eRSRathe Nver-

sudden) can 0 cause a nonlinear behavior in one or
nor egeahpofeat leasf comespondrtorthe sledpy MHieraaig &id processor

1o oot e B the EBirRER 2ebb M M SRR toug spund
and gcBgidt théRife P SignaIOAViIE Tk ereaseddlyus réanamount, which is
defined by a constant Threshold to get a signal A, which is then com-
pared in block 606 to the momentary signal magnitude. If the momentary
signal magnitude exceeds the signal A, the sound is classified as "a
20 sudden loud sound”. In order to suspend the adaptation for a while after
this happens, one solution is to use a peak holding block 605 applied on
Y, which can store information about the signal maximum for a while af-
ter it occurred as signal B. If by the comparison of signals A and B in
comparator 606 it is detected that A < B, the adaptation is suspended by

25 sending an adapt_disable signal 607.

Loud sounds (not necessarily sudden) can also cause a nonlinear
behavior in one or more components of the hearing aid. The acoustic
feedback path as it is seen from the cancelling filter's perspective em-
braces microphone(s), receiver and input- and output converters. Satu-

30 ration or overload in one of these units thus corresponds to a non-



or overload in one of these units thus corresponds to

a nonlinearity in the acoustic feedback path. Assum ng
wa2dorneras2filter is used for feedback cancel | ap€DRP2007/053175

(such as an FIRfilter), the filter is inadequate for

nodel | i ng the highly nonlinear saturation function,

thus leading to er rors in the adaptation. Therefore,

according to an enbodi nent, a?flet ect or (not shown) for

recogni tion of these C|rcun§tance IS

e eaaTts N 1be SN TRAARR(PNGRESITISN BfingHp fle! K used
cang, i]e@HbQ éh&ﬁfvatlbﬁ_f,%] §%rn' ER ﬁ!t@rl?e!?\@emtéﬁh§%éd&uate

non-Ti neari ocCurs aptatlon may, according t
a péasrtmodélang elnmocghmwnhriwr:&awemwrprnathmdeadmg tO er-

‘3’2{ !gcgrtsggt ﬁ@@%@ﬁ{fiw Lﬂg%ﬁe??r,%:@?;mfgﬂ,agt a,kgr? %m odlmeﬁ{1 a detec-

Gal ¢4t @t @Eo&ihﬁf&frébégrﬁw oPthedestiduhhdbnddd isahcilibed in the
nost advanced hearin ds today are supplied wth

di r adaptatiah mnech@rmhnmeed thiat Rdapation ofothe cancellation filter is

d I
ommitsinPEEeAnsPEMFERARR ths BpniinkRufl, S5aRS " the Ratation
ti ongdy MAcorNANS a %)aﬂlcﬁlmcémbomwérﬁpber@sp\ehdeh fora short
tvvo |nI ets and wor ks accordi ng

" deMdyleiier onstairgemstaicens| tbﬁfekm@lh‘@ﬁ bﬁeﬁ‘l qstectBfone
]\39 Il provide a signal, which has a fixed directional
attern. Ad i rectional system based on two or nore
omipgeprienonah Dirsstiopbosesteaml | Cakulatingahe adtigiensyeof a spa-
directional pattern and can al so be extended to work
i n digl@fel frequency bands to enable a frequency

dependenry, %@%C%Jl\)/ag@é‘l} Q%Qhﬁgraﬂis té@ﬁ LeE sBRIEY \ﬁﬁi@@h@@ﬂional

appl i cat'i on I'n an case, spati al
fil trﬁbrdpg]olnesawhtthWoyOfeﬁfare|oa§mm|dmeetmabffmcmﬂh@ass,ngr with a

the SI nal-to 0|serat10|n enlng
PSSl el T e AP bR % arec
F' gtﬂlb?\al mlc heRESEM %%ebi'&? nSitfdphoRBC YvHIEh das two inlets and
directional systemat a given point
works according to the “delay-and-subtract” principle. Such a micro-
phone will provide a signal, which has a fixed directional pattern. A di-
rectional system based on two or more omnidirectional microphones al-
20 lows for an adaptive directional pattern and can also be extended to
work in several frequency bands to enabie a frequency dependent direc-
tional pattern. See for example patent application WO 01/01731 A1. In
any case, spatial filtering is a highly efficient means of increasing the
signal-to-noise ratio in many typical listening situations. An example of

25 such a system is shown in Figure 7.

To determine the efficiency of a directional system at a given point
in time it is useful to compare an estimated norm of the signals before
and after the directional system. One can use the wide-band signal to

30 get an estimate of the overall efficiency or number of band-pass filtered

signals to get an estimate of the efficiency over frequency.



intime it is useful to conpare an estimated norm of

the signals before and after the directional system
w@e@7asmsuse the w de-band signal to get an espCTBEP®OTOS3175

the overall efficiency or nunber of band-pass filtered

signals to get an estimate of the efficiency over

frequency. Many norns can be copsi dered and for

practical use one will em pl o%san approxi mation to

refl ect e val ue rel evant wi ndow ar.ound t he

current Niﬁﬂymomﬁ EamPe eﬂﬁ‘@'d@éﬁ‘iﬁaﬂ fBr ﬁ@%cabpﬁﬁlqnﬁow"' em-

al ony iral

20 Pt PR AR G refieihe aiis oy UM Whdd around
w ndlevcusentepoinkeh tise. er )genepa1 gsreos dafimition @org with some

filter f nctlo Var i ous abl r are shown in
TabPBaia} GRS BRNa N dB L BRI A5 f unct | on of
sjze M: Table 1: Norm conputation A conmonly used
normcal culation within this category is based on the
1- ndhmp-porms ahpisigngl ionet seme wvindewds Aefinad as:cal cul at ed
by the recursive update with exponential forgetting: N
{k) [Eq. 21] where f is a const ,
f ]quiT"i”byf PN‘ lﬁﬁ ate the normis also normal iz -20]
to make it independént of wi ndow length). If Nx is the
nor Foff redfiedeiivia Wingbd or fiter f@idioNy Vasoth appiganlohoans are
out put signal, y , then the efficiency of the
dir ebbwnmarrabyst ¢é&shdwn Witk af reetangatay vioadaol tfon atioinodf size M):
and y belongs can be calculated as G= Ny Nc - 22 If

IS near O the di recti onal system is highly

ef ficient Sy, oSt ‘ }i VI ng a significant
amount of 0| se or i rrl éle\ﬁ@mf’ SI vl component s.

I nteraction iR IIHILI'IIIL,I hon . directional
m crophone s %lé? gﬁé‘ A d{k%zeet/ixgﬁai-w%st emfor spatially
filtering of the sound can be con

General . = (Mp +_,,+'xM1py/P for 1<p<ow
Infinity Hwa = maxﬂx] yees|Xy, ’}
-Infinity | | = min{x, j

Table 1: Norm computation

A commonly used norm calculation within this category is based on
15 the 1-norm. At sampling instant k, the norm is calculated by the recursive

update with exponential forgetting:
N (k) = p|x, |+ =) N (k-1) [Eq. 21]

where ¢ is a constant, ¢ < J0;1] (by this update the norm is also normal-

ized to make it independent of window length).

20 If N, is the norm of an input signal, x, and N, is the norm of an out-

put signal, y, then the efficiency of the directional system in the fre-



sidered as a gain applied to the sound. Dependi ng on
the directional pattern selected and the | ocation of

wo b@7iimdsy i dual sound sources, this "gain" w |PCL/BR®07/053175
different values. Under fortunate circunstances a
direc tional system can reduce the feedback problens,
but generally one will not hage exact know edge of the
sound source | ocations. Wen nsid ering the
directional systemas a i?, it has been observed
t haflUERCHDAR] tR WAKSHROHRRA %’SI i B RRICH AR B ose
depicted in Figure 10 and Figure 8, the fornmula Eq. 17
plays arole for the accuracy of the feedback can Eq. 22]
cel 1 ng ANl ter. The overall change of anplificatioh '
gain due to the directional systern can be cal cul ated
according to Eq. 2 1 and Eq. 22. According to an
embodi MENg.is Faar b7 thes diks@bnbP sgERT B Rifiely Sifclent aed is most
control. An inplenmentation according to this _
embtilke Ireamonind a isignificast amseat of npise 9roifMetRMang signgh compo-
referepce to Fig. 8. Fig. 8 shows a hearing aid with
di r 88M%onal characteristics. The can celling filters
are FIRfilters adjusted according to Eq. 8 or Eq. 9
and an adaptive whitening filter is applied on the

reference signal. Accordjn tog. gfgrti ul.ar gnbodi@r}ent,
a silfferagtion WhmutsmigigPhile PodiferloAgaNCPPaP 1R PYY8IS
The follow ng definitions are made N k The norm of the

first spagi&liop FRBafiflyMilte¥ingSéf thatRAINd Gan be con-
cordi ngﬁta%ﬂr%&m;laggﬁztﬁ%%fﬁe Egrlmy?fl tlr?g second spatial
si gsaler&8 akha gain mappdied soi tinet selintt doerENting ®NE e dretional

e e S5 BERUe PRy BE g alnebuif sTes. s
tRﬁg u%%ibowlpfal{ehéifffe?érﬁtvaﬁ%t i des i foR@hatdcinmenstancas ardirec-
tional system can reduce the feedback problems, but generally one will
not have exact knowledge of the sound source locations. When consid-
ering the directional system as a gain, it has been observed that in multi-
15 microphone implementations like those depicted in Figure 10 and Figure
8, the formula Eq. 17 plays a role for the accuracy of the feedback can-

celling filter.

The overall change of amplification gain due to the directional sys-
20 tem can be calculated according to Eq. 21 and Eq. 22.

According to an embodiment, Eq. 17 is used to govern the step
size control. An implementation according to this embodiment will be de-
scribed in the following with reference to Fig. 8.

25

Fig. 8 shows a hearing aid with directional characteristics. The can-

celling filters are FIR filters adjusted according to Eq. 8 or Eq. 9 and an

adaptive whitening filter is applied on the reference signal. According to



/I \ k rectional weighting system?205 p G 2k = k/'Nr.
Reducti on of the second spatial signal 33 occurring in
wo bw72138di r ecti onal wei ghting system 205 nax A¢EEP2007/053175
maxi mum st ep-si ze (fastest adaptation rate) To keep an
upper limt on the accuracy of the cancelling filter,
ac cording to an enbodi nent cg nges of the step size
are made by u3| ng Eq 17 For @‘pl e k the step sizes

used in, .t f eedback ca c n s,are.the

cal AR a&? mept 2 | "Ea %a?pl éﬁ?r Hlenad?%ta%” er
another TRERQAMWIRG Hefimitiond hie ,I%ag directional systemis
used If the signals 32 and 33 in Figure 8 are split

i nt d\f,s,e\mleamorm ofj tien first Ispatial Highalr 32.bBiergouweiigestionated ac-
toget her to achieve a further noise reduc tion

comparding toEghat. i s possible using a weighting of the

br oad- band s th d t efined.ab

B oo bR SRadERPrla NS 8 R0 4528 Garec
par anet er a;\% I“t[;a,g be cal cul ated for eachband. The

saf @SEOTSHS 9H then to take the mni num step size

for aqi?\eoﬁoﬁﬂeciftt‘t“@ sﬂfﬂlﬁ?e&reﬂﬁi@nﬂﬁglgﬁa?%ﬂ rl"Fuet H@rm is estl-
f eedback cancelling f ers M , ,

} [ Rébted@lechidind'®r E€nPRdi Ment s

G, = %lk - Reduction of the first spatial signal 32 occurring in the di-

10 rectional weighting system 205.

G,, = %H : Reduction of the second spatial signal 33 occurring in the

directional weighting system 205.

4. - The maximum step-size (fastest adaptation rate).

15 To keep an upper limit on the accuracy of the cancelling filter, ac-
cording to an embodiment changes of the step size are made by using
Eq. 17. For sample k the step sizes used in the two feedback cancelling

filters are then calculated as

‘u‘.‘,’c = Glz,k.'umax [Eq 23]
20 IUZ,k = Gzz,k/umax [Eq 24]

According to another embodiment, a multi-band directional system is
used. If the signals 32 and 33 in Figure 8 are split into several frequency
bands before being weighted together to achieve a further noise reduc-
tion compared to what is possible using a weighting of the broad-band
25 signals, the gain reductions defined above must be calculated for each

frequency band. A step size parameter can then be calculated for each



Figures 8 -12 show enbodi nents of hearing aid
configurations in cluding a subsystemfor step size

W@ 200apiasi on rate) adjustnent depicted as st epPGI/ER2007/053175
control block 104, 304 and 404, which will be
described in the follow ng. Figure 9 shows a hearing
aid with one m crophone Iiken:%he one shown in Figure 2
except that the step size co Yol block 104 has been

i ntroduced. The connection 7 s ol i zes such :

i nf BAnght 1 0f SR RNRTPach &8 ﬁ'?%h@%‘?%, SpEnyp step size for
aut i ' | 854 2ad tpets §h irRIusdduRRKkR@Ntelling fil-
for%gﬁigfﬂ%%gn%gﬁgﬁ?%% J? bIocE 104 is a step size J
partreter to be used in the adaptation block 103. As

it wll appear in the followng, the step size is set

accqy ding;t et & outpe of the hearing aid processgy. 35)
, %@knicT@%ﬁéng siéﬁél 1 and the feedback cancellﬁng
signal 4 . Figure 10 shows a hearing aid with two

m crophone nd sepa rate feedback cancelling to

Sac i, iche hﬁhéé%Lg kg The conpensated input si gn&its 26!
40, 4 1 are used as input to a spatial filtering

system which m ght be adaptive and work in multiple
frequency bands. The resulting directional signal(s)

42 i input to the hearing aid proces
sorF?ﬁéé;gﬁggﬁﬁﬁ?ggs 302a, 302b produce cancelling
signals 43, 44 for each of the mcrophone signals 20,
2 1. ThEigadspBatiRoshai etthodinents ¢fi regfringt aidscandigesations in-

I ' dapt at,i bl ock 303 d..out f [ .

b1 oEkdinG £ RUBSEE ol P BURr PP IR Asi st depisted
19 eBs St sERNEdrtfol HIQKK1 GPBOMEKS 404, WMIEHTRIIEDS deseribed in
the hearing aid processor 100, one or both m crophone

si gt Bllowtch cancel ling filter outputs and the out put
of the hearing aid processor 100. The Step Size
Control block 304 outputs one or two step size

par anet ggurd T shéws. a Ineaking hait witlo pineneticraplroemikdi the one
rectional, the sane steﬂ sI ze paraneter can be
t ypisbawnyn égureed exgept that the step size control block 104 has been

15 introduced. The connection 7 symbolizes such information as amplifica-
tion gains, state of automatic gain controller and noise reduction per-
formance. The output 6 of block 104 is a step size parameter to be used
in the adaptation block 103. As it will appear in the following, the step

size is set according to the output of the hearing aid processor 3, the mi-

t
20 crophone signal 1 and the feedback cancelling signal 4.

Figure 10 shows a hearing aid with two microphones and a sepa-
rate feedback cancelling to each microphone signal. The compensated
input signals 40, 41 are used as input to a spatial filtering system, which

25 might be adaptive and work in multiple frequency bands. The resulting
directional signal(s) 42 is (are) used as input to the hearing aid proces-
sor 100. The filters 302a, 302b produce cancelling signals 43, 44 for

each of the microphone signals 20, 21. The adaptation of the cancelling



adapting both cancelling filters. Figure 11 shows a

hearing aid with two omidirectional mcro phones, a
waleoogatizenal system for spatial noise filterinpChBEP2007/053175

only one feed back cancelling filter. This

configuration is sinpler than the one shown in Figure

10 , but the directional systen1becones part of the

acoustic feed back loop as it 3¢s seen fromthe

ersPectlve of the feedback canceII| fllter Th S,

t i miltorsr fakes aiace in adrptationoblock i3, Fa0: tRomeRfi th i block is
adamlgtse?sn??fllt%%effﬁ’cﬁ%@@ctﬁocQ@Beh'bnbn@teg) $iz&"Control bllock 304

coeffriclen ws a configlration sim
to wWwekooe pm'pmdterd; fromRhg heaing aidoprocessdr 10 one or both

ddi t f St CO | Bl ock bl o
Sr oTEREDNORE b cbelh e LN i Auiiedts Ands e oGpgt £ the
coe %ﬁﬂn%%ﬁd BEhcRREG | 61 TiHe Qﬂe%cglzé@olﬁfolb%k 304 outputs one

Icients 38a, 38b for each of the feed back
canceltwbrajep isizeeparagiters #TRA5A It bafemienpbonts ass aginidi-

this onc pt as oppgsed.to the ope depicted.in. Figur
10 TeRORaTngnrg | TR, e AR BRI e bt e ey HaLsg for
err @dapthg bbth EdHcelitigffitefence, it is often easier to
ensure st ability of the hearing aid under the user of

| arge arrpllflcatlon gal ns. In the follow ng, further

od| S QAR A9 micro-

oo oer bl oifsa BRARE 21 gt T, PR G micro
di f fopbass, @@Jlréﬁﬁmtsyﬂéﬁbfoempaﬂalt moléeaﬂbamg bsyshlgrane feed-
for hearlng aids If _one of the adaptatlon algorith

as dacksancelingditers Thiseapnfw@ratsom@éaﬂpl?ré #HeHIS A ghewn in
i k%lggﬂg ], btutﬁ?r?@dﬁgﬁoﬁta?gyétgm%%rﬁésé (ﬁltﬁe %%ouﬁﬂfjfeed-
t he nd 1nput represents’ a typica eryday sound

enVIbrachlmcm asah@ sedr fropvihe peispeviive bhthe feedback cancelling

AR o o R BBt B P Wi lon o
usegh¥ddlback cancelling filter coefficients.

Figure 12 shows a configuration similar to the one depicted in Fig-

ure 3, but with the addition of a Step Size Control Block 404. This block

20 provides two separate step size parameters 37a, 37b to be used for ad-
aptation in biock 403 of the coefficients 38a, 38b for each of the feed-
back cancelling filters 302a, 302b. A consequence of using this concept

as opposed to the one depicted in Flgure 10, is a highly different
weighting of the adaptation error. Due to this difference, it is often easier

25 to ensure stability of the hearing aid under the user of large amplification

gains.

In the following, further embodiments will be described which aim
at providing an appropriate adaptation rate adjustment to remedy differ-

30 ent adjustment problems.



a constant step size, m, the accuracy of the
estimated feedback path will depend on several

wo 20v01182 1) The magni tude of the adaptati on rBCBEER07/053175
The function and anplification in the hearing aid
processor block 100. 3) The "condition" of the
m cr ophone si gnal or si gnal s; %,S the signal spectrally
coloured or is it "noise-like® 4) The performance of
t he mJItl-mcro hone directiongl systemif such a
systeliies Pﬂ‘t"%@f%‘f’@ﬁ foreaf@odeFi ng aid. 5) The
acoustic feedback path In order to nmake an accurate
anti-feedback filter, the adaptation step size
accor dif et 8f ﬁabﬁ’t‘éhﬁﬁfrﬁlgdrﬁhﬁ\@nég Qkfiggd iif mEfcor oEqwceo is
with the itens 2) - 5). Further comments on each
t he Usedrg afemrlrtgwew lte pneef thdenlctqdemr blouEss ﬂ@ & 8-12,

R

of f Qﬁ\b&mN’cﬁéb@MéClﬂ@@fh&Mhe)Bén@)l@ubn mher su agnexact model of the
entering the heari n% aid and the state and behavi our
a

of @meUNisierAhagk BalaliambMS-Ps AdsRIlioRASCHNBh Uaedivith
suggess i QRS ét@?hﬁﬁ% f,»} i+Rg 4&&9@5 #HeZ8 tﬁ}ga@a%%ebagk path

cordi ngly: I'ow n er e I ments

be q\ﬁﬁ;gébwof,@@vg@\nﬁgc@o@oml ne the various effects
into a single step size paraneter for each feedback

cancel | i 5% filter. At first, an enbodi nent of a
heari nb @m@gwttmer@fdhe@dapt%@@trétﬂ and a two- path
feedback cancelling filter will be described with

nef er e Cﬁ'h%(’fuﬁbﬁon %ﬁd %ﬁrﬁ’%lﬂchfi‘@n 1% géé‘ﬂnfbféj WidcBs&or block

rop one | 1on.
partlcuIaDOenbodlnent, the two feedback cancelling
filters

3) The “condition” of the microphone signal or signals; is the signal

spectrally coloured or is it “noise-like"?

4) The performance of the multi-microphone directional system if

15 such a system is integrated in the hearing aid.
5) The acoustic feedback path

In order to make an accurate anti-feedback filter, the adaptation step
size according to an embodiment is controlled in accordance with the
items 2) - 5). Further comments on each of the items mentioned will be

20 given in the following along with a suggested adjustment of the step size

parameter in each case.

Combining the individual effects

Various observations about the signals entering the hearing aid

25 and the state and behaviour of the hearing aid have been discussed



302a and 302b are FIRtype filters, where the

coefficients are adjusted using an adaptation biock
wa@e®7aumeke as LMS with variance nornalization, BSI/EP2007/053175

defined in Eg. 9, or an NLMsS as defined in Eq. 8. The

adaptation bl ock 403, according to an enbodi nent,

contains an adaptive whiteni ng filter which is applied

on the reference signal 3 and the sane filter is used

on the adaptation errors, or, ac%oro{'n to further
enbaAPYRAING W SugERsYorls StigR 1BF e S'Zsppargmeter ac-
32, c@fb‘?ﬂg?foln/fﬁé %I@mﬂg%tfgrtﬁelp bbeir‘rhéﬁts WWPBQ @8 Bfibed RS how

hear 1 ng has B frequency bands and each band has a
sep&r admbinepthefvaciaus @ffegts intaadingls sterr size parareetar damgach

pattern. The a tion step size control unit 404
recggfg? K ¢RBF rt‘&hﬁ CTabout anplification gains from
tshe hearing aid processor and band-splitted adaptation
errors fromeither signals 5 1, 52 or, for sinplicity,

fromsi g\nal 53. The latter is used for cal cul ating
nor mal i 2efirshlaroedboginentsH aoheaiing aidrwith gisegonal system and

sel ¢ th”ﬂ)%t@rbeXt}% Eéﬁég‘llr{go |Iﬁe§ra\ﬁﬂ f%aagscdbted' Rith %teh?ﬁce to

def I'ne e normao requency band
firgig. S’;mtieallctlsg giiaéaﬁwglaldThﬁhrmltm4mlcE3ﬂ10mrat ietblementation.
accordin The nor m of

fr e fGEREY QbES’n%i p@ft'qulll?g %\Iéfe%é*e@ﬁaihﬁ Awog?%ﬁ*%ﬂcisczan%ﬂ'gg filters
1001 Erpg/% agﬁe%agan gge ggggy% ma%ﬂso V\h_ﬁ%r 2hd cBefficiies BRs %Rfsted

the e resu tlng di rectional
[ g naing=th adéetation widck 4% sunkt asl LS oithivaganoe Eqrmahzlatlon

f the first at i al

si gFPéIdajm]‘?lj 'Ecﬁgfénﬁr |aﬁ%[%ﬂ@|%9ﬁ q(%\neg lpr% g (](‘)?;gb%c?ﬁptat!on

Of bl&k%d@%b@ﬂﬁ#‘\% Y& hA R BeHieht, IOn#SlRs aﬁ(adadtuv@KNhltémng
-w : Reduction t he second spatl al signal

occﬂl‘ten wlidhnis applied on the reference signal 3 and the same filter is

15 used on the adaptation errors, or, according to further embodiments, in a
similar manner on signals 30, 31, 32, and 33. According to a particular
embodiment, the hearing aid has B frequency bands and each band has
a separate amplification gain and a separate directional pattern. The ad-
aptation step size control unit 404 receives information about amplifica-

20 tion gains from the hearing aid processor and band-splitted adaptation
errors from either signals 51, 52 or, for simplicity, from signal 53. The
latter is used for calculating normalized autocorrelation or another type

of self-similarity function for each band. It is further defined:

25 Nl(fk): The norm of the /th frequency band of the first spatial signal 51.
The norm is estimated according to Eq. 21.
N{): The norm of the /th frequency band of the second spatial signal

52.

The norm is estimated according to Eq. 21.



the FVn frequency band of the directional weighting
system 205. G: The current anplification gain for
w20vd/1{32$2 as cal cul ated in the hearing aid proPEFEPI007/053175
GlL x : The maxi mum anplification gain that can be used
in the hearing aid processor. The maxi num can be set
according to the hearing-loss_or according to an
estimate of the stability Iim”? (over which the
hearing aid will how ). Autocorrelation coefficients )
for R'heTr/moparef the /thEeqeenmyaeandt shiienestlngsiitaedonal sig-
O<t N.r Ois the standard_tranégoﬁjation del ay
fr ot e Hwuperm & edipated acrerdingiq berelntil it is

pi cked :dlg‘p(,)b the mcrophone. Nis the length of the
t apg{ i/ﬁ(,)lziﬁmiumied of the first spatial eignah§ 1fddcuging inrthg 7th
. The maxi mm st ep-size (fastest adaptation rate). For

band / calcul a a,.St i - tor due to
thegrgﬂjd?'?(f}'l Ranq Pf)ﬁeg%f%%gﬂ% @%Pﬂgr%g@gﬁcée ‘ing branch

al so é sptr gf decrenment factors due to the s g%l al .
5 | Ceping: Mlh | RBdEQ‘]'O“Tﬁﬁébe Serapg spradiak §'H€ﬁf aRq&frng n
is equivafent* to a small value Dm. According to an

enbei ﬁﬁrﬁe@gﬁ@%\/ %%he%?ﬁﬁééhﬁéét%am@f%ﬁ?%rygénh posach

frequency are calculated fromt eédback
conuefsariesd curreptitasnglifichfien kyaar iforgband (I es esaeulated in the
Then, a decrenent factor is calculated in accordance

w t hetahieg aakprocessegni t ude of the autocorrel ation coef

e R R S

1%ecg?dagrio% sggrg [theurge(zei(imcejm< c%eée??a%cgrdllng-r{g the hearing-loss or
according to an estimate of the stability limit (over which the hearing aid
will howl).

1 i (ONG

1 1
2.6 €
Nk:r

—7)72—: Autocorrelation coefficients for the 7th band of the
O-B

" (0) =

feedback compensated signal. 7, <7 < N. 7, is the standard transporta-

15 tion delay from the sound is send to the receiver until it is picked up by
the microphone. N is the length of the tapped delay line used in the can-
celling filters.

... The maximum step-size (fastest adaptation rate).

20 For band i, calculate a step size decrement factor due to the amplifica-

tion gain

M-
A:uk - [5(,) [Eq 27]

and for each cancelling branch also a set of decrement factors due to

the spatial filtering:



t \ > T 2- Autocorrelation thresholds of decreasing
magni tude, > Tm> T] > T2 > 0. If max(r/"') (r))>r ,
waben/1Drs2z= Dm Else If max(4') (t))> T2 Then ApCT/ER20DNES3175
The various decrenent factors can be conbined in
di fferent ways. According to a preferred enbodi nent,
the step size decrenent fact ogg, are conpared wthin
each band due to anplification“gain and efficiency of
the directiopal system Dm, to the step size
decr@r@&t(ﬁ’p)itors due to the colouring of the [Eqg.28]
adaptation error: Dmmn mn DnDm<'> Dm-Dm -Dm'
[Eq. 30] As described previously, the error in the

fee ck_Gangelling filter will (in open-Ioop r
MBS feas,

a fixed s si ze) be inverse proportional to

in the hearing aid processor. This dependency can be
expriéssed lage Meicterpedt fagtor eewdvalentinta saell yediedde -t o
the colouring to the square root of the product of the
two other types of decrenent factor, as this square

00t | S AREORMAG 8N dntbddifefeciRMatiocdtreldi®nMBEéMbi@gnts in
anplification galn. Subsequent to these cal cul ations,

t he ebah deesuedey bandare talcuated som thes feeghingle compensated in-

bands,is taken.. The resulting,step size for.each __._ . .
or ik PBrERTRBCR B b SRR shiotdne f GRS rgloyated
si My aEcor@EhcaWithethe Aggmundhaghittideasfapy autdsdrrelation coef-
decrenents are nultiplied wthin each band and sub
seqfieients/for gaehtiadi(@sswninpdhaianpfisatiere 9piarig ssaximum):

TR PG Rh TR kG ) HebfiasFEP R ARde, 2 24, <au, <1

T

max ?

T,,T,: Autocorrelation thresholds of decreasing magnitude,
1>7 . .>1,>T,>0.

If max(rk(’) (T))> T, Then AL = Ay,

Else If max(r,f') (‘l'))> 7, Then AZ" = Au,

15
The various decrement factors can be combined in different ways.
According to a preferred embodiment, t
are compared within each band due to amplification gain and efficiency

of the directional system, Az”-Au"}, to the step size decrement factors

20 due to the colouring of the adaptation error:

gt = minmin ALl [ - Ay - 07| [Eq. 30]

Aty = m}n(min(Aﬁé” AU AT A - AR )) [Eq. 31]

As described previously, the error in the feedback cancelling filter

will (in open-loop and for a fixed step size) be inverse proportional to the



aut ocorrel ati on-based decrenents are treated separate

fromthe other two types of decrenents (gain-based and
w@p@cetitab2 col ouri ng based). In this case, the POT/EP2007/053175

shoul d not be correspond to the nmaxi num gai n but

rather be appropriate for a typical gain: D= mn(mn(

D' ) -DD) ) [Eq. 36] ARl = mn(mn( DZz7 "' ) -D '

,D" ) ) ) [Eq. 37] Accordi ng3%o particul ar

enbodi nents, the caJ cul ated yval ue of the step siz

par GBHBANG beaiey AR RGeRrsas; | Risitdependprty EaT Beiaffessed by

IS ARIGAYIRGWe BebRitferRTandrsygsentie esI6UrRg tdéesquare root

t hese cirtcunstances, the ad aptation of the cancelling

fi | pethecprodiictokieswosotbas yged ad devrrmmentsfaciar, as this square

max\ max(rk (1) (t))}k=> Tm.or | I 1 Snai
ot LA dn Pltogte 4 e B of e BB iR o oain.
Fhegupkkqientl tired® calbMatibies, fibé llargesigdedremsut &ctor (smailest
according to enbodi nents of the pres ent invention of = .
howvelbea@vas bande indaanat inshresuittndopter $ige dBRERCE AHBREN IS
Iatko filter in a hearing aid in dependency of the
acoJ% I c environment of the hearing aid are

summari sed. When the anplification gain is increas 32]
(deched<¥tl) by a factor D conpared to a nominal gaith
the step size should be increased (de creased) by D2
conpared to the nominal step size. When operating

mul thpFeé4metuency bands, the | owest anplificatioJﬁq'%3]
gain is decisive; if the lowest gain is increased
i1pdecreased) by a factor D conpared to a nom nal gain,

the step size should be jncr ed . (decreased) by .D2
conpar egcpgrdmgbtqq@meﬁ\éqo Qﬁgﬁ?@fﬂg@l_:ég A st:rl'q.g.rcér, Qaut &/w% conser-

ggt Qéﬁ’\yé gaé‘tb'g%nthiesdéﬂr&heﬁ% Arean UkiBRePWitRindeachBandand sub-

sequently take the factor leading to the largest decrement:

Mgy, =min (AZ - AR - A ) [Eq. 34]

15 Agy, =min(AZ" AR M) ) [Eq. 35]

According to another embodiment also following a simple strategy, the
autocorrelation-based decrements are treated separate from the other

two types of decrements (gain-based and spectral colouring based). In

20 this case, the Az should not be correspond to the maximum gain but

rather be appropriate for a typical gain:

Apty, = min(min (AT - A, AZL" )) [Eq. 36]
Aty , = min (min (AZZ" M), A" ) [Eq. 37]
25 According to particular embodiments, the calculated value of the

step size parameter is overruled if either a large correlation is detected



or Eq. 5 the step size is increased substantially. A

nonot oni ¢ correspondence between the autocorrel ation
wo@eood/1s3282 | ar nmeasure of a signals self-siml|BET/ER0aTI053175

the step size is inplenented such that the step size

is reduced for increasing correlation or

"selfsimlarity". When the au]t3 correlation or simlar

neasure of a signals selfsimtarity indicates that a

pure tope s present in the signal,,the adapta tion.is
Gonel i auegsq RES idien asplie Wi itheog R Melyiceg " e ac-
al dapHTf%n%ﬁtlQ@,@éﬁ@élﬁﬁ@z fferQloetfidiéitalis SBRRHRJOThat is,
signals self-sim]arity can be cal cul ated within each

bandk rhix|insx(8tigr Jest,gd drof aakeldehdomhzbundnintietestas aceord-
val ues ‘of the autocorrel ati on over bands and let this

be qericthyibar shBfndh Bufd 8eThdd 42, sudengi ncrease in

sound” pressure occurs |§uthe i ncom'hg ‘si‘gnai, the

adapt ation should be deactivated. This deactivation is
mai ntained for a while after the incident. In a

di rect i tmétle follondng, voeasurgs @ecaidirng basmhsidinants, ot the pres-

efficiency,of the systemis defined b rati

bet ﬁ@tﬁ“’?ﬁgo? 8%@83’0 %@Hﬁ%ﬁga?‘{;a@tgﬁ'odhgﬁt%g’? aaﬁgdgﬁgk cancel-
di r eatdnoMelr iPHtHYak NG 0 & depdndemey btie heouidustgropyhent of
factor D, the step size should be decreased by D2

conee beating aldearasvinmaRrise®p size. For a nul ti-band
directional systemthe efficiency is calculated within

e ar YRR e iEp ol ey 5 pERAERTABEIRAR MY plactor o

mul tcorpained dase noneinbi gainartpé i stée atizeoshgaldnbandcreased (de-
efficiency of directional systemfor each band and
t hersreasieds by st egprpaigdde thesorunal stembizéduct i on of the
nom nal val ue. Wen operating with a nulti-band
system conbine "gain control",

When operating with multiple frequency bands, the lowest amplifica-

15 tion gain is decisive; if the lowest gain is increased (decreased) by a

factor A compared to a nominal gain, the step size should be increased

(decreased) by A’ compared to the nominal step size.

If the autocorrelation is high as measured by e.g., Eq. 2, Eq. 3, Eq. 4,

20 or Eq. 5 the step size is increased substantially.

A monotonic correspondence between the autocorrelation or a simi-
lar measure of a signals self-similarity and the step size is implemented
such that the step size is reduced for increasing correlation or “self-

25 similarity”.

When the autocorrelation or similar measure of a signals self-
similarity indicates that a pure tone is present in the signal, the adapta-
tion is deactivated (step size =0).

30



"correlation control"™ and "directional filter control™
in bands to find a set of equivalent step sizes. Next,

wo adog/113262 mi ni num of these and use this as thePCT/EP2007/053175
resulting step size. According to further enbodi nents,
these principles may well be applied to hearing aids
wWth nore than two m'crophone$<, Al l appropriate
conbi nati ons of features desciibed above are to be

consi dered as bel onging to.the jnvention, even if the
have rBi@ Hedhband Bﬁgem‘f’ P%&%%éfll%@&ehﬁ'onr@i §imilar measufe of

compi Qgﬁélgr%]elfgﬁﬁﬂﬁﬁgﬁgaﬁ %eeﬂaegl'awmhﬁf ebBR BHRSabls sug-
i nventton, hearing aids described herein nay be .

i mphestedttedtaka thiegmakinmuro cefsatisaiutdevaleess of G%l/@ a@ltecqreglation
the sa uch e.g., digital, signal. processors,
ana®Yo i 419 %§t@§ &%ﬂecﬂﬁj\%c}é%g?%a%?ﬂ% sms i ncl udi ng

f5i el d progranmmabl e gate arrays (FPGA), standard
processors, or application specific signal processors

( ASSP Iba spdriep inapeseins$gund pressulier@gaeifs ButheHaeomiy signal,

g%%ﬁ%ﬁtgg]@h%p h%ﬁ%@éﬁﬂsgﬁ th?o@?%aglghlg%ﬁa }é’\r?énr;tfig\gd for
in gtiiele areshe imdilertnown to the skilled per son.

Heari ng aids, nethods and devices according to
enbodi nents of the present invention nay be

inmpl e ¥ Yoo, SH4 i O Bi | oy
107, e ey Stem 3k o, bide. B Bigr SRS Migency
be ustd Hsterd.ig definbe baulk odtmgbativeien the ffieedbany compensated

session. Methods accordi hg to, the present inventi,on
ey SENSlishand e slietistel SHRUESHRAL JF TR Bgmirk reduced by a

ccolRPH 18 ST 374 OB BT FRRER ALY, W e dRb R o the

Ci i @Bimis&rs(gs seavi ronnent is used, an enbodi ment of
the present invention conprises a renote server
ldonput er that enbodies a system according to the

presentq ] DKGIHibARd directional system the efficiency is calculated within

in each band. The step size is reduced according to the largest factor A’

calculated over bands.

20 In the multi-band case, combine amplification gain and efficiency of
directional system for each band and then select step size as the maxi-

mum reduction of the nominal vaiue.

When operating with a multi-band system: combine “gain control’,
25 “correlation control” and “directional filter control” in bands to find a set of
equivalent step sizes. Next, take the minimum of these and use this as

the resuiting step size.

According to further embodiments, these principles may well be ap-

30 plied to hearing aids with more than two microphones.



and hosts the conputer program executing nethods
according to the present invention. According to
wa@emrhensenbodi ment, a conputer pro gram produrtT/EPioe7/e53175
conmput er readabl e storage nmedium for exanple, a
floppy disk, a nenory stick, a CO-ROM a DVD, a flash
menory, or any other swtabl €, torage nmedium is
provi ded for storing the corrpu(? pro gram accordi ng
esent jnvention.Acc

toth
enbodi o EPPLIRT ?&@M%@&éoﬁégﬁée%9%?%@)%36%0%%&9 be
of éoﬁélgérte‘?dl afﬁé{?‘ng%gqg\’thé %ﬁntu@n%ﬁ@rﬂf%eﬁﬁﬁ% YiofBEen ex-

execut e ring aid device itsel

pr opksily dgsa;nbetd lhutherraombmatlbereof or by any ot her
sui tabl e processor or a conputer executing a nethod
according to the described enbodi nents. Havi ng

gescri badcamthd td esibotifentsher e pedseinesn@intiohe hearing aids
present in vention in enbodinents thereof, it should

be dpperitast hescio ey & implamentedhen a5ignalhatocersing devices

pre n 1.0 d
Gt STatlE 5 heqRatiBY i BEh 196 i A\ el Sigtif FBBEs IS, ame-
and |ggueidigieat SI@ﬂSI wrddussingheysteane irfludihg fiwlesprogrammable

i nvention may_be nmade w t hout departing fromthe
spi gpte ﬁﬁ@V%&FP%ﬁdstaﬁéam BEQSRESPISv O APBHCALRN SRrdfligsignal

1%UCBr&%§§8FsS &@@ggwld%\fglé?tOBV|§u%A||tN§ pljefer?e(Ii‘QFléﬂ e whole

d"conprr si | east’'one mc hone for converting
[ npsysteaumdlmmemeated mpmtsmgiegd@htal aompbneracevelmthougb some

for subtra a fee ancellatl S| | fr
t hePPHB OO BRI DAL Tbier Aehg- @ drouds Eheidigf per-
si ggh; a hearing aid processor for producing a

processor output signal by applying an anplification
gain to the processor input signal;

15 Hearing aids, methods and devices according to embodiments of
the present invention may be implemented in any suitable digital signal
processing system. The hearing aids, methods and devices may also be
used by, e.g., the audiologist in a fitting session. Methods according to
the present invention may also be implemented in a computer program

20 containing executable program code executing methods according to
embodiments described herein. if a client-server-environment is used,
an embodiment of the present invention comprises a remote server
computer that embodies a system according to the present invention
and hosts the computer program executing methods according to the

25 present invention. According to another embodiment, a computer pro-
gram product like a computer readable storage medium, for example, a
floppy disk, a memory stick, a CD-ROM, a DVD, a flash memory, or any
other suitable storage medium, is provided for storing the computer pro-
gram according to the present invention.

30



a receiver for converting the processor output signal
i nto output sound; an adaptive feedback cancell ation

wo pdova1328Dr adaptively deriving the feedback PCT/EP2007/053175
cancel | ation signal fromthe processor output signal
by applying filter coefficients; calculation nmeans for
cal culating the autocorrel ati of a refer ence
signal; and an adaptation nmeans for adjusting the
filter coefficients with an adaptatipn rate, wherein
t he adaé‘P%‘?rid%ﬂg At RN RMPS I"Eﬁr?ti’ rJfRaeBré)r%éech%ef PRy be
aut ' | Qi zompPéter memo
nearhey a1 o Hemcty; oo it heBRfy I pr 4, gompeter memory
cal ant axeontatelanthd bearitgpaidddevice dseilipaaepropessing unit like a

aut el atjon for a,nunber of fre n f :
"ot SEUL ot Ak Bhu ST GUREp R bR A AR exbbhiing
aut aGREMBLAIdCBRING kd ! theQ¥criBbl dhaststimeatsd wherein the
adaptation neans 1s adapted to control the adaptation

rate in de pendency of the maxi num aut ocorrel ation

val ue. 3. The i_nd.. ai ' . chal r .
wher ei n%ﬁ&gagggﬁg)te?o%ﬁdnggﬁg& ngsodg a@?@&@% gggr}éé%%sent n
t heyaaigh M é@Botdtientydiisarethat shiuld berapplaa¢ntdo tbbse bkilled in

reference signal increases.4 . The hearj g aid . .
accthelprAghabthe aresest invgrbipRimay ber MepifiefdnRrenaeragpt and

oS Adant A S8 dtemodificati
S BT Efhd Roal Ao bR T CIple PEEARES drteodifications
r ef euitbircthessapipel ofithe pessees inventidhendebe inmadeaivithout departing
according to any one_of the preceding cl.ains, wherein

t he g} ég%n%@”%i”@?ﬁpﬁi gn%néeoprgq%lt i HpeRtosy Jiplydes @l such
pro haPAgifdgidal. or the processor out put

Si g%gﬁﬁé%?h@rhe CHearli ng aid according to one of the
precedi ng clains, wherein

—



the adaptive feedback cancellation filter is a FIR

filter, the hearing aid further conprises at |east one
wokiovam2ey filter applied to the reference si gred/ERP2007/053175

the adaptation error signal for the FIRfilter, and

wherein the adaptation neans is adapted to adjust the

ad aptation rate froma sl ow a fast adaptation rate

if the autocor relation has eXceeded a certain val ue.

7 . The hearing aid according to one of the preceding

cl aCim\IM8herei n t he adaptation nmeans is adapted to

deactivate the adjustnent of the filter coefficients

when the autocorrelation indicates that a pure tone is

present in the input signal. 8 The hearing aid

accor di- n§ hegrigp&idcampiiBideei n t he adaptation neans is

adapted tq,i ; ' : [

e at i on aeRShEREELBBHR TR oA, Foluh shf Bitb A Thout

Beari ng sigdakconprising: at |east one m crophone for

converting input sound into an input signal; a _ _

subt r act i @nSHIERStIPR Nagignior septragting @e@@%gékk cancellation sig-

cancel | afioRsSi | - : Lot .
generat 1 Gopt B pgh YTEREH, oBhERng, Ty S¥por inou
pr ocessosighal, produci ng a processor output signal

by
appl ying an anplification in tg the processor input.
Sl gnal | a3 RRAINGRIC EPCSSRY & RTRGUERE P iRcESSer Wb bsiana
181 gnal i Bl ppNiRan aeiNEcath RARRS theepicRBISRGKPUt signal;
cancel | at?oﬁayirﬁ%er ﬁ%r a_daptﬁel y derr)i Vi ng t_h% . J
f eedback eameceiveafiraonyegingl theracesseor mute@ssignal ontiopeitput
s ig nals Qy_applying filter coefficients; and
sound:
an adaptive feedback cancellation filter for adaptively deriving
the feedback cancellation signal from the processor output signal
15 by applying filter coefficients;
calculation means for calculating the autocorrelation of a refer-
ence signal; and
an adaptation means for adjusting the filter coefficients with an
adaptation rate, wherein the adaptation rate is controlled in de-

20 pendency of the autocorrelation of the reference signal.

2. The hearing aid according to claim 1, wherein the calculation
means is adapted to calculate the autocorrelation for a number of
frequency bands of the reference signal and to determine the

25 maximum autocorrelation value over all bands, and wherein the
adaptation means is adapted to control the adaptation rate in de-

pendency of the maximum autocorrelation value.

3. The hearing aid according to claim 1 or 2, wherein the adaptation
30 means is adapted to decrease the adaptation rate when the auto-

correlation of the reference signal increases.



an adaptation neans for adjusting the filter

coefficients with an adaptation rate, wherein the
w@odaptie28on rate is controlled in de pendency pET/EP®07/053175

anplification gain. 10 . The hearing aid according to

claim9 , wherein, if the anplification gain is

i ncreased by a factor D conpared to a nom nal

anplifica tion gain, the adapf‘gti on neans i s adapted

to increase the adap tation rate by D2 conpared to the

nom nal adaptation rate. 11. The hearing aid according

to claim9, wherein, if the anplification gain is

decreased by a factor D conpared to a nom nal

anmpl i f4.cdhei hmar'g@i aig ackerdieh ta atairors, mearein fcyrf@eameearoces-

to decrease.th t te b dt

o oo C3RE i3 SRt &' 103t ot e GRHRE S yiuyfidStion
tp any ogeup\fvnéhmé@u@cbﬂembonwm@rﬁet&féel | irfdreaeds.
is a band split signal divided in a nunber of f re

quency bands and the hearing aid processor is adapted

to appéyﬁesﬁgﬁ-‘ir?q Bifd éﬁgor L d%ﬂ g(?déqo'f '?hgg)‘?%‘%égﬁi?%r@aims,

frequency ban ans i's ad

i denti f y whdreinetht refegende tslgmampane af eh@nrndutfsjugmtn the proc-

gains and to adjust the adaptation rate based on the

changes @ﬁs‘t’rh'QPPb%@@,@' %ﬁ’fb@ PfOCELEPHAVIRAL BIOD8l-  The

aring aid according to any one of clains 9 to 12,

]Turt her conprising: a directional systemincluding at

| east &.wd hei rtaamingcaieaccandingehotdmoftme prapedingclamjsj wherein

at least a fir econd spati n

means. 1 ot Aotk BesBalk Gtseyalon car sk BIR B the fBSring

| east t‘“@lcﬁﬂmﬂeﬁ‘%dn@ﬁ‘rlé&dﬁtslefagf oﬁéhhlﬁ@éﬂlh@glltér fabpﬁéd to the

f eedback cancell ation signal fromthe first inpu

si gnal am@fesergecelgdah‘eedwa)adaptaanoeemat $Ignalsfogrihe FIRofter,

1t € Seco%(rj\d'vr\} ejrtelnS't dappa‘ta’rebr%eans is adapted to adjust the ad-
aptation rate from a slow to a fast adaptation rate if the autocor-

relation has exceeded a certain value.

7. The hearing aid according to one of the preceding claims, wherein
20 the adaptation means is adapted to deactivate the adjustment of

the fiiter coefficients when the autocorreiation indicates that a

pure tone is present in the input signal.

8. The hearing aid according to claim 1, wherein the adaptation
25 means is adapted to increase the adaptation rate if the autocor-

relation exceeds an autocorrelation threshold.

9. A hearing aid comprising:
at least one microphone for converting input sound into an input
30 signal,

a subtraction node for subtracting a feedback cancellation sig-



generating a resulting directional processor input
signal; at least a first and a second adaptive

wo emdbexk2 cancel |l ation filter for adaptively deeT/EPI0g7/053175
the first and second feedback cancellation signals;
and wherein said adaptation neans is adapted to
further control the adaptation rate in dependency of
the directional characteristi®4 14. The hearing aid
according to claim13 , wherein, if the ratio be tween
one of tRal fropstherinRdceignak tedely: l@epsringsat R@cessor input
signal s ?@qa.he di rectional output signal is reduced
by a factor com pared to the nom nal ratio, the
adapt at i o heaisy asl Erdapsst foopaelucegsa ptrdmesadaptigut signal
rate for the res ectivc?, first or s?cond adagt.i ve, . _
f eedback P¥ ZRE8INGEN MRTfiFslian 83intp RS RIRGEETOT BPPHhy/gnal

m nal [ : T [ ' ;

Aocor ding 4 TRETr poy SR IneTORC SRR ot Signal nto outou
i nput si gnahd; are band split signals divided in a
nunber of frequency bands, / and, the patip is . .y
det er mi ned" ﬂgﬁ%t& Eﬁed{gﬁgkfcqngew;éwcbﬁ%aﬁ) Adapiiyely,deriving
adapt at i gix f@backScateRafsh sRndeFiorRdRe tdr6cesbaptAlth ONsig-
rate for the respective first or second adaptive
f eedback nelsriyeaprlyingrfilter coefficiepts; Radl ar gest one of the

6 har ot n vaddale S e R o SRGCRE HIRP SR EIA W ar

adapt at i @dap@tionaatd hehemid henadagtativhomtefis tcbetrolled in de-
nom nal value by a conbi nation of the changes on the

anpl i fi cRendangaeithgrinplication gainbet ween one of the

first or second feedback conpensated signals and the
directional output signal for each frequency band. 17.
The he#d.iMhe eatingcaidraticogling te Lhaim, vheréi, #rite Eonplification
wherein the | | , .
15 gain is increased by a factor A compared to a nominal amplifica-

tion gain, the adaptation means is adapted to increase the adap-

tation rate by A* compared to the nominal adaptation rate.

11.The hearing aid according to claim 9, wherein, if the amplification
20 gain is decreased by a factor A compared to a nominal amplifica-

tion gain, the adaptation means is adapted to decrease the ad-

aptation rate by A® compared to the nominal adaptation rate.

12.The hearing aid according to any one of claims 9 to 11, wherein

25 the input signal is a band split signal divided in a number of fre-
quency bands and the hearing aid processor is adapted to apply a

separate amplification gain in each of the frequency bands, the

adaptation means is adapted to identify a lowest one of the sepa-

rate amplification gains and to adjust the adaptation rate based

30 on the changes on the lowest amplification gain.



adaptation neans is adapted to sel ect the adaptation

rate as the mninum of the adaptation rates cal cul at ed
whyood/1cnsbi nati on of the changes on the PCT/EP2007/053175

autocorrelation, the anplification gain and the ratio

bet ween one of the first or second feedback

conpensated signals and the directional output signal

for each frequency band. 18 . fhe hearing aid according

to any one of the preced| ng clainms, further conprising

det ect 1D A haetgAfinGorid d@‘i(‘@é@'f‘ﬂgtolf?”Yt H@elq{pﬁﬁ'”ﬁ BHSI 12 further

represents mr §H1 den increase in sound pressure of the

i nput sound "wherein the adaptation neans is

adapted to aedmumtloaah $ystesuspendinghat Iad;stuMomntro:phohhe con-

filter coefficients. 19 .The earln |d of claiml

wher ei n VREINGNE PP WSHINE actgﬁ?ﬁr? e SFEPE rﬂj’at'él in-

rgeans fo uﬁéugﬁa%oﬁm&hsmr@mdﬁgea uneéﬁor%a@ﬂalac&@rrst@
certain time if the nomentary signal nmagni

t ude of theai lepst tved gnblradtioneratiest foe savtraaiyy oeffirshieedback
i nput si naI ni tude b shol d nd erein th
adapt at | SR GRIEEN LOHR Gifedng SFE Ok sioPREa Bl Scheit eo-
of the fbb&lerca(ﬁééflétidﬁ Sifnal dforh ORE @écddaeurrmmsiynan thereby
stored. 20. The hearing aid according to any one of

the pr ecGGﬂﬁr@tlﬁgeﬁ iesultingrditesora) AEpeasAg Nt Sisiake
ontrol | eag%‘St %rfirgfér?cﬁé%tggggﬁ%%d?ﬁﬁ\% Féeﬁ%aeﬁ%aﬂgél%'hon filter

Fom at one O mati on

prising gormaddptvalyi deivigy the fitsataad adecant daedbankgearrcenatuon
control | er andnoi se reduction performance. 2 1. A

net hod f 8i9Nén@PEI of the adaptation rate in a hearing

i gnal - SUBTSH] ;A0 MEPICE MPRNS ISR E Ryl bl the

f r om tdumptatort regé gndépendency of the directional characteristic.

15

14.The hearing aid according to claim 13, wherein, if the ratio be-

tween one of the first or second feedback compensated signals
and the directional output signal is reduced by a factorA com-
pared to the nominal ratio, the adaptation means is adapted to

20 decrease the adaptation rate for the respective first or second

adaptive feedback cancellation filter by A* compared to the nomi-

nal adaptation rate.

15.The hearing aid according to claim 14, wherein the first and sec-

25 ond input signals are band split signals divided in a number of
frequency bands i/ and the ratio is determined in each of the fre-

quency bands, and the adaptation means is adapted to decrease

the adaptation rate for the respective first or second adaptive

feedback cancellation filter by the largest one of the factors A”.

30
16.The hearing aid according to claim 15, wherein the adaptation



t hereby generating a processor input signal; producing
a processor output signal by applying an anplification
WwW@200/113281 he processor input signal; converti nBCT/RAR2007/053175

processor output signal into output sound; adaptively
deriving the feedback cancellation signal fromthe
processor output signal by agflying filter

coefficients; calculating the Qutocorrel ation of a
reference signal; and adjusting the filte

|
cgef fi ci BEYeRESVpadaptechimpelsst tie ?Q%@?ti%ééf& as thg maximum
adapt at i ' . - _
apt at i géqdcﬂbﬁ dfstpgt‘?‘l?trﬁe iRkl \?Qgggbfgﬂ%?ﬂﬁﬁgt%%rfﬁfrﬁi@changes

aut ocorr atron o refer si gha
met hod aondheliangplificatidragain2arld theheatiei bettiveen one of the first or

I eauoncseRIESSPabhGoMPRERBREEH 2T AR ANEiRg diRgtional output

BaXi MM gk 9reRr cakRticdled) H8nd S determ ned over all
bands, anlg V\ﬁerrei n theg1 Sdgpt a?i on rate is controlled

i n depend ency of the maxi mum autocorrel ati on val ue.

23. Th t hod according to claim 2 ’ LN
t he ad pﬁ?h&?rm @'di §C‘%)églpgat§eﬂamse#?ll‘?eggd W%ﬁér%m the
aut ocor r ghabta®bn Fhedmeist RIRENEE sticghdle hogptatsrsatelds the
The nethod according to claim23, wherein further the

anpl i fi canininsin i theiadaptatiosarates eafsotaied by aconkiaatipn of
en the,gu e [0 1 ef S lyai

T cascl bRl CrEleC Qeottgnd s B EifEalbA gajn and the

cl ai ms 2rdtid bef¢benibere af thé Higstr of eecoek feddpaak denmpemsated

of the input signal, the processor input sigpal or the

pr ocessobl9fatspRd tegdiEgctional outpt ?f%‘ﬂ?r‘:ldcer ﬁ%@gﬁﬁﬂﬂﬁnqyoba”d‘

one of the clainms 2 1 to 25, wherein a FIRfilter is

applied to derive the feedback cancellation signal, at
18.The hearing aid according to any one of the preceding claims,

15 further comprising detection means for detecting if the input signal
represents a sudden increase in sound pressure of the input
sound, and wherein the adaptation means is adapted to tempo-

rarily suspend the adjustment of the filter coefficients.

20 19.The hearing aid of claim 18, wherein the detection means com-
prises peak hoiding means for storing a maximum of the input
signal for a certain length of time if the momentary signal magni-
tude of the input signal exceeds the average of the input signal
magnitude by a threshold, and wherein the adaptation means is

25 adapted to suspend the adjustment of the filter coefficients as

long as the maximum is stored.

20.The hearing aid according to any one of the preceding claims,
further comprising step size control means for calculating a step
30 size parameter from at least one of the system information com-

prising amplification gain, state of automatic gain controller and



| east one whitening filter is applied to the reference
signal or the adaptation error signal for the FIR

wo pdovar328and wherein the net hod further conpriBEeBFEPINQ7/053175
step of adjusting the adaptation rate froma slowto a
fast adaptation rate if the autocorrel ation has
exceeded a certain value. 27. The nethod according to
one of the claims 2 1 to 26, Hherein the adj ust ment of
the filter coefficients is deactivated when the
aut ocor r OPKE 'SHUCHRN BeYEANEE: a pure tone is present
in the input signal. 28. The nethod according to claim
2 1, wherein the adaptation rate us increased if the
aut oco2t.& atetivod forcadis! ahtreuadapiatien aatean a headmgld com-
29. A net hod. fpr control of the adaptation rate in a
hearing &"8"M8m prising: converting i nput sound into

an i nput si@Ratin SHe&trﬁﬂnunatoaari pRdpagkatancel l ation
signal fromthe |nput signal thereby generating a

processor subftrat:tnsg grieedbacio arcailgtian signad droor thruinnut signal
| | f t. to th

o scessofn Bl beBPeiled Rissse dhER 98 ocesoor

out put si gitaHucding @ Pretestor DU, sigeta pliappliyinglaniampiification
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according to claim29,  wherein, jf th rergjlflcatlon

gain is PRReSSERAUIPHL é'gﬂai:'%?p@y@@rfﬂﬁéa Y§'etoni nal

anpl i fica cgiculating the autocorrelation of a reference signal; and
adjusting the filter coefficients with an adaptation rate, wherein
15 the adaptation rate is controlled in dependency of the autocorre-

lation of the reference signal.

22.The method according to claim 21, wherein the autocorrelation is
calculated for a number of frequency bands of the reference sig-

20 nal and the maximum autocorrelation value is determined over all
bands, and wherein the adaptation rate is controiied in depend-

ency of the maximum autocorrelation value.

23.The method according to claim 21 or 22, wherein the adaptation
25 rate is decreased when the autocorrelation of the reference signal

increases.

24.The method according to claim 23, wherein further the amplifica-
tion gain is at least temporarily decreased when the autocorrela-

30 tion of the reference signal increases.



tion gain, the adaptation rate is increased by D2

conpared to the nom nal adaptation rate. 3 1.The
woredoho2szcordi ng to claim?29, wherein, if thePCT/EP2007/053175

anplification gain is decreased by a factor D conpared

to a nomnal anplifica tion gain, the adaptation rate

i s decreased by D2 conpared t 8the nom nal adaptation

rate. 32. The net hod accordi ng to any one of cl ai nms 29

to 3 erein the n [
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frequency bands, a l'owest one of the separat e

anmpl i fi cangnehorgf@ermoc@eaoa@ntmﬁ|smal and the adaptation
rate i s adjusted based on the changes on the | owest
anplification gain. 33. The nethod according to any

gne of2a:iThEMae®ddt fcadidingUbldiey of €18 plaidE IR to 25, wherein a
converti ng%the i nput sound in at |east a first and a

second spHRifiger iSnBQI@“eéji nderiver the wedgagk ¢apeeitationagional, at
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S|gnals wherein the aptation rate is controlled in
dependenayceofairt Wader ecti onal characteristic. 34. The
nmet hod according to claim33, wherein, if the ratio
bet ween one of the first or second feedback

conpensatrad meHdal fccdiding i€ one of the claims 21 to 26, wherein the
adjustment of the filter coefficients is deactivated when the auto-

15 correlation indicates that a pure tone is present in the input signal.

28.The method according to claim 21, wherein the adaptation rate us
increased if the autocorrelation exceeds an autocorrelation
threshold.
20
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29.A metho the adaptation rate in a hearing aid com-
prising:
converting input sound into an input signal;
subtracting a feedback cancellation signal from the input signal
25 thereby generating a processor input signal;
producing a processor output signal by applying an amplification
gain to the processor input signal;
converting the processor output signal into output sound,;
adaptively deriving the feedback cancellation signal from the
30 processor output signals by applying filter coefficients; and

adjusting the filter coefficients with an adaptation rate, wherein



di rectional output signal is reduced by a factor D

conpared to the nomnal ratio, the adaptation rate is
walewraszer for the respective first or second BCEPPI00B053175

f eedback cancellation signal by D2 compared to the

nom nal adaptation rate. 35. The nethod according to

claim 34, wherein the first qﬁg second i nput signals

are band split signals divided in a nunber of f re

the 1 r oMRuariep/ahenda® &ipriiola el BRno B nirica-

decr easeflph @aint he re spective first or second adaptive
f eedback cancel |l ation signal by the | argest one of the
factors A] . 36. The nethod according to claim 35,

Feauct oA EREasRaPd, B (Brg PR LRtef o 1, A ffigfon

ghanges gaintisencrenséd by at factorgai congpatetilte a adintnai ampiifica-
bet ween one of the first or second feedback

conpensatienl gaingrib¢ @daptationgats isdoeieasal kyutpgempagerhto the
for each fﬁ&’gﬂ ncx?gan 37. The nethod according to
clains 22 re|nthe ad aptation rate is
sel ected as the mnimum of the adaptation rat es

cal cul ated by a conbi nati on of the changes on

aut ocorr-éha meted ﬁ@f@r@'ﬂﬁlﬁof FlakpiZsh ‘@%@"ﬁ'r‘adﬂth%@mp&‘f‘%’f‘on

@et VWeen Q% |9fdetch?ea by? ctéﬁﬁo%égr‘aﬁq}%%nommal amplifica-

onpensa ed Signa dire out put sig

for eachtph @%hhemﬁé/ aEéﬁt@tnoﬁ&ateTBQje@éésé@ IR @O rBhilaré® to the
any one of the clains 2 1 to 37, further conprising

t he stepQOGﬁna@(ﬁp@railOnl@t%uspendl ng the adjustment of
the filter coeffi cients, if it is detected that the
i nput signal represents a sudden in crease in sound

presswETak rhélodutbrding il any one of claims 29 to 31, wherein the

15 input signal is a band split signal divided in a number of frequency
bands and a separate amplification gain is applied in each of the
frequency bands, a lowest one of the separate amplification gains
is identified, and the adaptation rate is adjusted based on the
changes on the lowest amplification gain.

20

33. The method according to any one of claims 29 to 32, further com-
prising:
converting the input sound in at least a first and a second
spatial input signal providing a directional characteristic;

25 subtracting a first feedback cancellation signal from the first in-
put signal and a second feedback cancellation signal from the
second input signal thereby generating a resulting directional
processor input signal;

adaptively deriving the first and second feedback cancellation
30 signals;

wherein the adaptation rate is controlled in dependency of the



39. The hearing aid of claim38, further conprising
the steps of: storing a maxi num of the input signal
wo ero7airertain length of tine if the nonment ar yPeT/gPaN7/053175
magni tude of the input signal exceeds the average of
the i nput signal magnitude by a threshol d; and
suspendi ng the adj ustnent of %Qe filter coefficients
as | ong as the maxi mumis stored. 40. The nethod
accordi.n Fr}é eotl the clainms 2 1 to 39, further
conpri [ 'Of‘ﬂ CTARYeHPUC cal cul ating a step size
paraneter fromat | east one of the systeminformation

conpri si n?] anplification gain, state of automatic gain
cont r o84.dheamethesi secardingdioi dainp 88t vihereiteil the Tajo between

b Tt or ARG R R Fela R TRE MR EE BRG JithalBnd the
accor di ngirketion oatput!sigrs i2rebuced4sy. a factor A compared to the

nominal ratio, the adaptation rate is decreased for the respective

first or second adaptive feedback cancellation signal by A* com-

pared to the nominal adaptation rate.

10 35.The method according to claim 34, wherein the first and second
input signals are band split signals divided in a number of fre-
guency bands i and the ratio is determined in each of the fre-
quency bands, and the adaptation rate is decreased for the re-

spective first or second adaptive feedback cancellation signal by

15 the largest one of the factors A”.

36. The method according to claim 35, wherein the adaptation rate is
selected as the maximum reduction of the nominal value by a
combination of the changes on the amplification gain and the ratio

20 between one of the first or second feedback compensated signals

and the directional output signal for each frequency band.

37.The method according to claims 22, 32 and 35, wherein the ad-
aptation rate is selected as the minimum of the adaptation rates

25 calculated by a combination of the changes on the autocorrela-
tion, the amplification gain and the ratio between one of the first

or second feedback compensated signals and the directional out-

put signal for each frequency band.

30 38.The method according to any one of the claims 21 to 37, further

comprising the steps of:
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temporarily suspending the adjustment of the filter coeffi-
cients, if it is detected that the input signal represents a sudden in-

crease in sound pressure of the input sound

5 39. The hearing aid of claim 38, further comprising the steps of:
storing a maximum of the input signal for a certain length of time
if the momentary signal magnitude of the input signal exceeds the
average of the input signal magnitude by a threshold; and
suspending the adjustment of the filter coefficients as long as the

10 maximum is stored.

40.The method according to any one of the claims 21 to 39, further
comprising the step of:

calculating a step size parameter from at least one of the system

15 information comprising amplification gain, state of automatic gain

controller and noise reduction performance.

41.A computer program product comprising program code for per-
forming, when run on a computer, a method according to one of
20 claims 21 to 40.



