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Hearing aid with feedback nodel gain estimation Field

of the invention The invention relates to the field of
wheawioosg2ai ds. More specifically, the inventi oPCT/EBPBDE653547

to a hearing aid with an adaptive filter for

suppressi on of acoustic feedback having nmeans for

adj usting the signal path gain, in particular, by

nmeans of tine varying feed back nodel gain estimtion.

The invention also relates to a nethod of adjusting

the signal path gain and to an electronic circuit for

a hearing aid. The in vention further relates to a

heari ng aid having nmeans for neasuring the spectra

gai n i n ahleaging aidwitbdasdback medelgaiprestimation to a

met hod of neasuring the spectral gain in the adaptive

f eedback suppression filter, and to an electronic

circuit for such a hearing aid. Related prior art
. AC ﬁtlc f eedback occurs in all hearing instrunents
Eﬁﬁaéﬁigﬁﬁmﬂgﬁﬂeak fromthe vent or seal between the ear

nmoul d and the ear canal. In nost cases, acoustic

feedback is not audible. But when in-situ gain of the
Thenswention aetatess ta i ifieldenf hearing laids r Mane spacifiaalferthe invention

L 1 ' vent i s.Us he output of.the ..
relafl2fh Reafo Sy €8 B Tfsrbb SpBRleRslort ot Actstip deedback
havirige ndangnfontadjustivigl theesighsl phgh gain, e aHiehal, | by fiwans of time
Qut ?ut Ef t he heari ng al d then becones unstable and
vanying et Bach mageh sainneinmetion. fihedpaention alseeelaias to pamethod of
adju.%ti&g_th@ sti@‘?alf#?ftﬁnggfn Hhd % %g' clSBrShik I B uR IS aring aid. The in-

how'i ng. For ‘'many users and the people around, such
ventinyifiitheratabatesito 4 dwanng kaid havingameanenfor medsaning tha spectral

. r > a I i S or [ I .
gairf U BSRERE. teodtiRCScniteSdofl Al 14,57 Aol of measuring the
spectsalrgdin in the adaptivesfesdibgdiesippreksich Atenaref tocamh erictroic circuit
f aig cgngr,i sing an input trans ducer or mcrophone 2
or SUCR A 8RMIR%G9an acoustic input signal into an
el ectrical input signal, a signal processor 3
amplifying the input signal and generating an
el | output signal and an output transducer or
receiver 4 for transformng the electrical

R

Acoustic feedback occurs in all hearing instruments when sounds leak from the
vent or seal between the ear mould and the ear canal. In most cases, acoustic
feedback is not audible. But when in-situ gain of the hearing aid is sufficiently high,
or when a larger than optimal size vent is used, the output of the hearing aid gener-
ated within the ear canal can exceed the attenuation offered by the ear mould/shel..
The output of the hearing aid then becomes unstable and the once-inaudible
acoustic feedback becomes audible, e.g. in the form of ringing, whistling noise or
howling. For many users and the people around, such audible acoustic feedback is
an annoyance and even an embarrassment. Feedback also distorts signal proc-

essing and limits the gain available for the user.
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out put signal into an acoustic output signal. The

acoustic feedback path of the hearing aid is depicted
whyoobnedean arrows, whereby the attenuation facPOI/EPB04/053547

denoted by b. If, in a certain frequency range, the

| oop gain, i.e. the product of the gain de noted by G

(including transformation efficiency of m crophone and

Fig. 4estvech)sivipld bibcRrdiagesornf 3 asdring taihgeipeiny aﬁunp&tstrans-
or exceeds 1, audibl e acoustic feedback occurs.

duceg gp igePhener? iaaeming anaep4stic input signal 'nt%aamec;tﬂcal input
mgnaﬂ,{‘% s{?g;ﬁal g)?odé%‘ébi‘g%fr@éhf?ﬂgﬂhé livsut!digridt ranbrlgéﬂslﬁ'g{? e%'éhné!ectncal

ensat e f eedback™ Such a
outptﬁdigmltamhbh;outwwtdmnsamedr pnregejver# farrteamﬁmpnmgsthg redéctrical

from si gnal _proce sor an_a t ve, filter
outpls” SGh3! RS 2P FBS RS brthul ol I el BodRIR ek pak il of the
hearifg Giidis @épicedct ﬂ‘ok@nlamﬁo@fsﬂwhe‘relby e seehddtirefat®ri®denoted
enerat e f eedback cancell ation signal 103. The

by B-ﬁf,un@fc%@ﬂffregt@nsx rangs, the lerp gginc Agatha pradust pfthe gain de-

: ¥ Sy . ; .t he
noted'B & indding hEna(eRRl elicidi SEtaBote Bbd eRPvEHr the
proceisBr 132 bnd Sattemdiation tpoeqliatid bihexcéadso phandible Ricousii@ féedback
to produce the processor input signal. The adaptive
OCCURS; | t er continuously nonitors the processor output
signal as well as the processor input signal, seeking
to adapt the internal filter coefficients so as to
To suppnessisuahs Lydesied feedbaclkait ésswelknownsindhelart thdhchadée lan adap-

. 1 ni.m the.cross;correl atl pr, ssor

tve figh 6 BRI aY i COReSElt DulBuicesiognal SURTr B gfem is

scherf@tiédlR illustdte® ire Pl 50The ldup R GdHA] Yo Bigharl T)rdteﬁsoﬂ:h% fed to
adaptation rate or speed of the adaptive filterin

an aqamtlysf e . a%@ﬂ%@t"ﬁ fikes Pracapees the Precessat r@uwﬁrslgnal ac-
cordlriﬂ%gou{rit%?'l%"l;Efté%c?e?ﬂ&u@ﬂst g@éﬁfﬁc te dé‘f@édb%@kfc%ﬂﬁéﬂéﬂo‘h%gﬁﬂ 103.

e hearing ai ng the acousti
The filtes rogfficients pacldé rdetay lvapabiities byr whishuther fiter car mimic the

acougtidiiay RFS B Moeiatda b s BB e 3o 80k Fancalgtion sie-
nal isFsubtiasted ﬁaﬁnthecmlcr@pﬁoif@uﬂxmﬂrsggnél to probdes shepiodegssor input

. f eedback and d| ital dback cancel ation
signals g adantive fitie qﬁﬁxmﬂr tars, thedhogasseriput signal as well

as the’prodessor |HBG?§|gnal, seeking to adapt the intemal filter coefficients so as to
continuously produce a cancellation signal that will minimise the cross-correlation
between the processor input signal and the processor output signal. A filter control
unit 6 controls the adaptive filter, e.g. the adaptation rate or speed of the adaptive
filtering. Hereby the adaptive filter mimics the feedback path, i.e. it estimates the
transfer function from output to input of the hearing aid, including the acoustic
propagation path from the output transducer to the input transducer. .

Audible feedback is a sign of instability of the hearing instrument system. In Cook,
F.; Ludwigsen, C.; and Kaulberg, T.: "Understanding feedback and digital feedback
cancellation strategies”, The Hearing Review, February 2002; Vol. 9, No 2, pages
36, 38 - 41, 48 and 49, there are suggested two possible solutions to regain stabil-
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36, 38 - 4 1, 48 and 49, there are suggested two
possi bl e solutions to regain stability. One solution
w0 soobo6ont rol the signal feeding back to the PCT/EP2004/053547
m crophone by control |ing 3he | eakage factor b. The
other is to reduce gain G of the hearing instrunent.
Managi ng feedback by gain reduction is in particular a
ity. Pnebsadutiomis toneantroh &g signahiegdingvback ta theamicrephomeg) by control-

.aid .ad d in i he. high . .
ino o e 388817 DS AR e L BE 4 o et
nmore profound. Unfortunately, the typical feedback

path al so provides |less attenuation at hig
Martaging, derdhack: by gait rediistionds dodrartiedar aheﬁoefeemen lingar hearing

aldsr 'Aﬁé‘stQﬁueﬁPﬂbQ lﬁg a%;%dg’r%céﬁ%np?e@ ‘fc?nh@?até % ﬁ?? @b@ﬁg | frequencies,

quency ran
whers tlneJ hearing d:elﬁelehcg tteridsetpube cyorgprofaind. inforanatety, ahel typical

feediaiuiiatn ' 45e Wroviden IS afiefida Anioh tregiemis ki BBrow fre-

queﬁ@é@f'Dll‘iér‘éﬁﬂeVVtHéWr@mbﬁa@d]EFeO@@Bba@p%eﬁibhéélt|ﬁ|theSl'héhér'ﬂ'éhuency
may suffer as a consequence. An additional proble

rangg. Gnevgeragiatymethashiacgontiol feadback et lor«n@réh@@lghsfremncy gain
of tﬁ%@é?gﬁ&‘ﬂu‘f ?ﬁrgt%ﬂ‘ihg%éehgf RIHEE cGHith IOW ba§§' ‘?H&gnq However,

ain constral nt hat

gainc omibiae: ngleekbaek]uend:y rbgloaéflecaismecerhpedmlsed pwtthl e lapproach.
s g" mea.rgs“ t sounds, as well as mediumlevel
Pege Misc) 'Iyﬁ@ya? LRS P ¢Y'IQYeDSEe extent. Speech
intelligibility at all input |levels nmay be affected.

Feedback rray necessitate lowering the gain over a wd
An gaditipnah pyoblarywith dvenaging deedRank indinasaheasingraids m}hat these

devn&’ééng\r&ﬁﬁg thé s%n@?é@"‘%t‘; élffrﬂﬁﬂ%(v é‘”?o ?ﬁ‘éty g'aﬂwogé‘ﬁﬁfééﬁt that is

sophi sti ca
impased| tommbd‘tefegdbaclq waill @ee@‘femltIe @t lﬂnmput/ Iévejqu'ﬁns yneans that soft

sourl 5% il o oot s oR Bl B alEggo ALt | e extent

Speddinintélhgibiity at anlinpanevdls el beetatdd. IFesibatk may ﬁecessntate
realjty, such an assunption is seldomtrue. Typically,

lowefing rtBel GRIRAVET e Wile HETHPREN BRI, AAVeRnthonghribeaisedbagk signal
may ofigitate |r$'59'%rrr%§\§fr9§ é’rﬁl‘}tﬁérﬁi Gygncy may create feedback

at another frequen I s"described, e.g. in
Agnew, J. Acoustlc feedback and ot her audi bl e

In ca%%tc?ffaa%o%is%pn%%afeg l'?éacﬁg ai;jr,r ft r?rqu Bg possible to lower the gain in
a selected narrow frequency range. However, an assumption behind the "narrow-
band gain reduction” approach to feedback management is that there is only one
fixed feedback frequency. In reality, such an assumption is seldom true. Typically,
there is more than one frequency at which instability occurs. Suppressing one fre-
quency may create feedback at another frequency, as it is described, e.g. in Ag-
new, J.: "Acoustic feedback and other audible artefacts in hearing aids", Trends in

Amplification, 1996; 1 (2): pages 45 - 82.

A non-linear or a compression hearing aid is capable of providing less gain at
higher input levels. In case of a feedback tone, the compression feature kicks in to
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Amplification, 1996; 1 (2): pages 45 - 82. A

non-linear or a conpression hearing aid is capable of
w@emsiociony | ess gain at higher input |evels. |PCDEB®0©9053547

a feedback tone, the conpression feature kicks in

tocontrol the level of the signal, however the

feedback tone will not be renoved by the conpressor.
confteintiealehvyl, of the sigralbhowepet the featbackttahe wikiot bd rérioved by

dynam cally nodified by the state of the hearing aid
the?&@?ﬁﬁﬁ@ﬁt wear er. Consequently, feedback may arise

dur ing normal service, even though the fitter has

been careful in testing the fit in the clinic and has
Generalbynghe deedback patlf is gat stdtionans . it is) dymagvgallyedwdified by the

hearing ai.d wiih digital. ele oni.c nsati,on for.
stat 35 s Rt it el et ieelie 0o bRERY TR Ang el rise dur-
ing AEMdIl SErGica, Biéh tiRdudhoteefittar! habeen @ardful RstidgtBedit in the

. .noi se generator for the insertion of noise, and an

clinig apd hagAttempledite set safleraain ligitsch i s adapted to the

feedback signal. The adaptation takes place using a

correlation circuit. The digital conmpensation circuit
In WQr3416960@4na hesxingaaidi with aligitall r electronisi edmpensationsfor racoustic

tocchBER 18355000, ERK R FoL B, O5REA58, 3 SuleP phbpSRbifEh rcur
compfising s nblsangeneratstfanthéinsBtiion io$ ndee dnd aMaddjasétabie, digital
coefficients in the adaptive_filter ‘

Aitrc WPIG GORARISA R FFRFBARE ORI THe GEERtAaMtakee place using a
corr&4feh b?f@uif."ffiﬁeaigﬁél rﬁﬁ&‘iﬁ%%n%ir%ﬁﬂ?ﬁﬁh&scorf@ggé@teﬁgiéifal circuit

'S not possible to directly measure or non
whichgopnitpristhe foap gainrindgegilates thedeesing aid snaplificatien via a digital

uppression filter. The feedback r ion . filt.er.
sumUfRF SR o et e dpdB oIty Feectra  ERSleEh £ 1Eis done by
evall @fidientsnin ae adeptivesfiltarairidogontiveuglycdriputing the am-
f eedback sgpp_ressn on filter renoves 100 % of the

plificatien kuthe R der phdiffReent figaUesrighal , the
correspondi ng al | owabl e processor gain will be
infinite. In a non-ideal situation, there will always

Howevers irie natrpassiblef tordiesctiy ahedsyre ipaanronitomitbe desp gaimlin a hearing
st oy SRR S eSS s HSF B AR eBAGHSH B con
only be dsdcfon am estinate ©f itk acolisticl Fetibagh ain. In an ideal situation,
wherein the feedback suppression filter removes 100 % of the feedback component
in the input signal, the corresponding allowable processor gain will be infinite. In a
non-ideal situation, there will always be some amount of residual feedback. This
residual feedback is determining the actual allowable processor gain. There are,
e.g. in WO 02/25996, proposals on how to determine this residual feedback and
thereby the allowable processor gain. However, such methods for determining al-
lowable processor gain are expensive in hardware and it is also necessary to have -

access to the current coefficients of the feedback suppression filter.
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thereby the all owabl e processor gain. However, such
nmet hods for determ ning al | owable processor gain are
we@xweneicxe in hardware and it is al so necessarRCT/BPlvavaEs3s47
access to the current coefficients of the feedback
suppression filter.Summary of the invention On this
background, it is an object of the present invention
to provide an adaptive systemand, in particular, a
hearin% aid wth an adaptive filter for suppression of
h and a method of the kind defined,
in which the deficiencies of the prior art are
renmedi ed, and, in particular, to provide an adaptive
Orstrid batkgrduad, mbhé‘lad afiedtiuf the paesiiti ineentidn whprlviderah @daptive
revent feedbac vﬁén wi thout noni, tori ?R tFe | oop .
sygjaimanfdinepatigyiarng | id Wit &y pepRiiYes Tilfer fafesuppression of
acGUkiie! fekBbhGE HRF K rﬁéﬂﬁ'ﬂe?ﬂh@”klﬁtﬂdéﬁhedTﬁ?mﬁﬁ&ﬁﬁfé deficiencies of
I nvent on over comes t regoi ng and ot her probl ems
thebprigr &t iage mgmedhesk eindg lrapart@nlaratmatqwxde an adfptiveisygtem and a

meb B kbRt BR nh diolfe erief fobsER HoWIPE Wihout mon-

toria!gdth@r loop! gsin Oéndmnafuaﬁhglrcﬁ filiek a:cxeﬁﬁmemtsrlnthtngadaptive feedback
rodu_ct% and el ectronic circuits consistent with the
ngr%%ﬂf‘ #MBUention determine the gain in the adaptive
f eedback suppressi on filter (fromnow on also referred
to as the "nodel gain") and use this nodel gain to
Thelpresent dnvantioeroyareenes dhe deregpingadng athergaphlems by providing a

{
nedit SEEIAY 5 RO ICH BRI OB DAL 15 5 RE s e
fineahby thenimeepehdentralaimsdi ngs and at the sane tine to
al  ow maxi mum desired processor gain in the hearing
aid, so that a tine varying processor gain constraint

MetHBRS @ﬁpbﬁaté@ése s%kh@bn@%’rﬁ&e@&ﬁfdahuf&%fé e M&nputer program
According to an aspect of the present invention,

proguetsi aryi alegtropieprifckits cansistanitwith Hieserasent fyention determine the
gaut\ ﬂfefr th% f@@?@&&yﬁﬁpﬁeéﬁgmnt& gﬂ% THOW dn &iso referéed to as the

npu gener at
"mcgietgain“y ahdoutqothﬁs mogiealgabytoadqarlwe‘ gnngpeh epr@d:asbr joc signal path

gair|1 rl‘lﬁh’tt

Su

Preferably, the model gain is continuously determined in order to cope with different
fluctuating acoustic environmental surroundings and at the same time to allow
maximum desired processor gain in the hearing aid, so that a time varying proces-

sor gain constraint imposed is safe without being overly restrictive.

According to an aspect of the present invention, a hearing aid comprises an input
transducer for transforming an acoustic input signal into an electrical input signal, a
processor for generating an electrical output signal by amplifying the electric input
signal according to a processor gain, an output transducer for transforming the
electrical output signal into an acoustic output signal, an adaptive feedback sup-
pression filter for generating a feedback cancellation signal out of the electrical out-
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signal according to a processor gain, an output
transducer for transform ng the el ectrical output
W@ e@nableesit 0 an acousti c output signal, an adaptT/ER2004/053547
f eedback sup pression filter for generating a feedback
cancel | ation signal out of the electrical output
signal by using an error signal generated fromthe
put sighbkby nsimghban aﬂensighal fenerateatkroocthediffereince betyeeh the feed-

| ect [, t Si I d del in . .
bacf Eenhalangisa i ecsletisal Mgk, Stab angs mdtialgain,gstimator
genéitingnamiuppef bﬁo&%’sﬁr igairt eitas\2Beterminif§ thadain |n the adaptive

ression filter. According to an enbodi nent of the

feeq&aégéupprewmﬂtﬂﬁ the deternmination of the gain in
the adaptive feedback suppression filter (the nodel
gain) is carried out by comparing the |Ievel of the

Acc@dm to aalentbddimentobine! pr’eeemtﬁavétfhmi tlgé dbtaﬂflmdbﬁ@ﬂ(the gain
of each of .t

%ﬁ%‘rt{ﬁ. ftgiG‘SEaSi dOErresain e dths oRR| dPIDhisCiTied out by com-
panﬁt_ﬁhf@le@/@l Bt ﬂ\@é‘(ecfmﬁl 86fpuY %@n‘a?’t’cﬁ{hed!e%ﬁéﬁfﬁ‘éefeﬁeb%@Bancella-

e el ectrical output signal” and
tion gignab| The leyal &f earkh of thespaignaleis, aasg aﬁswnateehass afyrm within a

sele&t@ﬁ \Wﬁgi%bv gﬁw'e d 1 ﬁegpglfﬂépéﬁ 8 9% n'n@'tei %Isgﬁ?g?output signal

rocessor y nere
and ehbedeédbao‘leeaibmﬂbtugmsngmldsrthén byseldr 36 rgn estimate fat the model

gaing s 3F8 FABRE ORI o DitBGE oot 8 ARLRIENSY by BeGG et mating

the ddousit fééijt%a%ﬁ\@éin hﬁd 'n%t B r? 1 dstin®RE th@Idd g §4in in the hearing
precision with aptive feedback

aid. suppr essi on fllter can match t he acoustic feedback,
i.e., it can be estimated that the acoustic feedback
conpensation | eaves a residual feedback relative to
However, fifetbebstep sizenand llengthrofsthg radaptiVe dJeedbackcsupgression filter is

nodfE o FoS SR ot Ftenasg it BoRion WhB.Gnghiing acantie feedback

suppPEssidn fikér cdn Match el fdousiBrébdbackhi.ehit @cﬂxd@éiesmntami that the
gain limt derived fromthe acousti c feedback ﬁgal n,
i

acowtl@ﬁq@dtéapkaw@gm%tm lasves @ revidualdieeghaek Irelafive to the feed-
backe}‘]a‘h%[eﬁé néf‘ 1%'&%051'65%% %E Iltn%geydjflﬁ\élr Pct'\ 'EW% dpGain proba-

ocessor gal n or e
bly wiltbe multmmﬂ kEyomthqoesmnateahisqﬁossitde doldptive anf aftstibaick a safety

margin up\% Sia%efj'tlot € g:tairﬂelirfnﬁe e?rﬁl%lé FrgR'lcﬁlel %E:oggtlc feedback gain,
yields an appropriate upper processor gain limit. According to an embodiment of the
present invention, the upper processor gain limit may therefore be determined by
the precision of the adaptive feedback suppression filter, the feedback cancellation

signal and the safety margin.

According to a preferred embodiment of the present invention, spectral signal path
gains of the processor are adjusted in accordance with respective time varying up-
per gain limits. These spectral upper gain limits are obtained by measuring the
spectral acoustic feedback gains in the adaptive feedback suppression filter. Spec-

tral gains are necessary when the signal paths of the respective signals in the
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signal and the safety margin. According to a preferred

enbodi nent of the present invention, spectral signal
w@aaoh/ogaaehs of the processor are adjusted in aPCDERBNQES3547

with respective tinme varying upper gain limts. These

spectral upper gain limts are obtained by neasuring

the spectral acoustic feedback gains in the adaptive

heafif§ Hidake %Hﬁ’tﬁhﬁﬁﬁd@br fdre drequepey Handk. Bar Gﬁampfe the electrical
necessary when the si gnal pat hs of the respectiv

inpuisignal és sw'ttrwérraﬁerewg gAHeRGEbapds before boinginghttsg ta the proc-

I lect _
csshf SUFARY VBATE mroBios R o8 .61 il il goins
cordirg g thmrfmqtredcy bandie of th elestrial inpytl sigmay. trhtitattdaee it is also
neokRs3E g SGSTPH: T7¢ CHoNe] P b ARISTP b o Gae! BuDer of fre-

quehé‘;"%tanaé 9R&rdet fo H@ﬂbe Qﬂﬂb@r idairt finfitsSor RREASHFEGUericy band. Nor-
fferentiate the nodel gain estimate into an equal

malbrumemr@cressoe ig pseesdeagahnseidn an defr T-ciscdibonan inpsérsignal filter

banf %Eﬁ%rbé ’{hé Sélé%ir%ag i OJquI %@rﬂ:ﬂ q%yreggggty’%ﬁéq Lﬁ@ﬂéyy baﬁcﬁe lt is there-

rrcuit
forel possiblei @nablctrldté ¢he h;pdctralo lar:bustrtg feddbackegaing oaitr_\ exactly the

same gy PR ESTdS i 419 HORR ORI ce i saig ey pank or

FFTi@RIRAY Bty MduBingXAs idnoriofthesastimbgndwi dth by the
processor in tthe signal path by using the sane filter

bank or FFT-circuit and thereby reducing the error of

sl ¥ B FeseESISE, U ISP RO EALL Otrort e mocel
gaind@éterrMnaﬁbhpwhloN‘uisodbnesbyicnmﬂaymgdhrpanpmig(edérﬁntaimutput signal)

and i, Sutt (RrBark fanSe Bp gt ipf o chddtlyp e Suppression
frltersbkﬁ’hoﬁ@tsﬁy Rirdd tHeeki Ité)ruéoéfﬂérehts tHenfekIvde If i tlﬁ#refore possrble to
coefficients thensel ves. is therefore possib

estiraate gt WpRreROaimp it lg@fmendqmiﬂy of H%ﬁ@ﬂ%&fh?WOGfm?WeOf the adap-
tive flLAH8RK & [{Eﬁﬁ%ﬁ frh%f the adap tive feedback

suppressi According to a preferred
enbodi nent in mhrch t he processor IS preceded by the

Accc!?rﬂﬁmt ta, pgﬂ%:fer(e] %%Wrgen t' ngﬂeeﬁ §§F éé ?)?%ceded by the
rnpuﬁ@igﬁbl ggernrbagﬁfﬂnlgr% t;rlé%léélﬁﬁ@l |ﬁpet3§rgﬁhl intpiwabe riore frequency
bands, the model gain estimator performs spectral equivalent model gain estimation
in these frequency bands. For that purpose, the feedback cancellation signal and
the electrical output signal are fed into their respective filter banks of the model gain
estimator. The output of each filter bank is a signal vector from which a level meas-
ure is taken. In a filter gain estimator block of the model gain estimator a ratio is
determined between these level measures taken before and after the model, and a
gain estimate in each frequency band is obtained. These estimates are now used

as spectral upper gain limits in the processor.
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in these frequency bands. For that purpose, the

f eedback cancell ation signal and the el ectrical output
waeegnabiear e fed into their respective filter bBOREPDD4/053547

the nodel gain estinmator. The output of each filter

bank is a signal vector fromwhich a |evel neas ure is

taken. In a filter gain estimtor bl ock of the nodel
Acagadingdeta peeferred efadedJmes\t dbedevelnadasma\mdakehexyecalculatmg a

I ter he nodel
woigfieF alFiae e ok HSBNRS V8l LGBkl M 11 ot S8Etof over
certalretimeasihtdowtasa Gb%an@d\/nbﬁﬂd as spectral upper gain
limts in the processor.According to a preferred
enbodi ment, the level neasure is taken by calculating
t -
Ry AR SHRCARER, e Wl o BB ten gy ool

latirgsa alnsrdecaezler@b obthm ab@solme valug dfeashatigreal iptheé sighabivector over
aken calcu lating

e I_ment measur e b

aceé{]égr?ﬁg‘e 'ﬁvel?% E‘ '”fjﬂ@’ 'ﬁﬁs@ﬂﬂr@u\%{lvﬂgdﬁ% each signal
in the signal vector over a certaintine, i.e., the
time windowis a rect an%ul ar wi ndow. According to

Accakding it apptheaiembadiment the avarrgeef thecabsnivteuvalug af @esignal is
calc? ﬁté’d B&/ gﬂ‘%t 6r§ieﬁ B F%Qé ﬁﬁie@%sv a tlié grj(wte \ﬁfn‘a‘?h/aF_c’e‘%pBﬁéﬁtlal.

Accor di ng to still anot her enbodi ment, the level
AcoRTRL ISt dlheRembognent b iedgL Sreatin R Bk Bretsimputing an

enejydhehsure, télecéibtﬁlﬁﬂhg Hﬁfév@f'agéléf thé $eftiaréd Nalue3®of each signal in
w ndow, where said w ndow either is rect angul ar or

the ggpghmtpapverrﬁé:qr@m timeowinggwiswherg $aid wipdewr either is rectan-
gulaﬁbg tiy) 9ai n or gains by neans of tine varying

fee nmodel gain estimates is to increase the

stabl I | ty of the hearing aid. In case the adaptlve

f ression fi ter al referred.to, a
The rESAPRT SAIURRECHE BRectial FondiThal &FNSH GRigisoby ingans of time
varymgrfeedlu@cﬂdmoUel gaini gstifiatéSRYD intrease tive ERilRy 0F e Kearing aid.
t he nodel has converged correctly and

f eedback si gnal
In casgd P@@éB&l&% %%dbﬁ’&héwpfﬁsw%f"@réalsp. r@éﬁrrﬁ%dwtmas §ﬂegmdel) pro-
duced 4 \‘eéb%a%ﬁ%%@llatwheélﬁﬁéﬂ %\ 88@5%@&\&% SR 5}' lleéétyclose to the
ins in all frequefc a result,
acougtlgo‘gg@l@aclgglgml athe pm;&l has converged correctly and the feedback
component of the electrical input signal will be reduced, thereby increasing the sta-
bility margins in all frequency bands. As a result, larger processor gains are possi-

ble. At the same time, the model gain estimates will become more accurate. This

means, that upper gain limits can be less restrictive, and it is possible to increase
these with some amounts, depending on the accuracy of the model. However, it is
advisable to select the upper gain somewhat lower than required to achieve stabil-
ity, because gains close to the upper limit can result in unpleasant audible effects.

According to a preferred embodiment, the model gain estimator comprises a model
evaluation block to measure the accuracy of the model. Measuring the accuracy of
the model is necessary because if the model is misadjusted the estimated model
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ble. At the sane tinme, the nodel gain estimates wl|l
becone nore accurate. This neans, that upper gain

wo 2ovbhe36eean be |l ess restrictive, and it i s posSBIDER20040053547
i ncrease these with sone arfbunts, dependi ng on the
accuracy of the nodel. However, it is advisable to
sel ect the upper gain sonmewhat [ ower than required to

gainﬁaﬁhl S&%rﬁ{eﬁ%lb ift the rh@@éluﬁem%d@stédj Ofedevantt frecattiAfs can be
imt can result In unE easant aud| bl e effects.

takemcEhe mode!tevaduatiosr blockdlassbithis hyrdeliverag fsgpectlyg gontrol pa-

e AP0 3 Rt e B g convor o

filter géﬁﬂéﬁﬁﬁat@ff é.hefreegethe gaincostintatey i aczeurtain tifmet penod or make
iﬁmsad usted th ﬁstlrrateci_uégu el gains, w | b
the cain GMitadaa ovardsdnaibaeut v 0" FRRL Ak bedh meas-

aken. The nndel eval uati on bl ock
ured Wh%?n%ﬁﬁ@ﬂ% ﬁéé‘nr% aids

doe deli'vering respective control pa ranmeters
to the filter gain estimator. The control paraneters

Accoﬁ é%;her eeer¥188$ eéﬁtqfh]ge gge%eh?in\g% neﬁwte't ??réeu?%% 6f gre model is

meadtRée byfvbnmrihd a Mokrh dfeh elevtrcal Snputesignal efitholut feedback com-
val ues, which when

pensaiien Wil § ROMcel IhafeslbackAEearIyeRoTAT KR Gl TBe feed-
backtd?ﬁ\tlﬁfléé écthBé(leIHF)bPErgn%h% AL Bl frica? finpltesigRatefromswhich the

nmeasur ed y conparing”a normof the electrical input
feedtzaogrmnoeilatmuslghebwoaMramqadﬁm o wif tthe #lemtriealgnput signal

wnthoyggeue E%%Er}é:e? |sg?rggl $r°tfgghctﬁ% Sléfgtﬁb%%b???”gontrolled
electﬁéé!%;ﬁdt%nalrv@mtsh :m@“nﬂ tht the sﬂibttébtibheadtwlubmc#eases the norm

cancel | at1on SI naI IS swgtract eg g% nor m of Eﬁ‘ th
of thesjnget signa. thﬁ;m daljig mast fikely snisagius c%?rﬁefﬁ%{'ﬁf’ 'S, the
gain bﬁtlrﬁa"{%rll iodkRMrb A, rlﬂbéﬂé?.if drrtﬁhéteﬁf&%@ﬁoﬁ@rﬂré%k@rﬁi A model

trical input signal which neans that the
evalugtipn revideowhialt gempgresnthecaeis of fee rﬁiwtrléal input sigpat with the

o 4948 g T i 3t spi s g

paterh|a©pliwtiomPCO'VEE1lé®3/p%01a,Lﬁledma 24r Auguste903A nodel
eval uation device which conpares the norm of the
el ectrical input signal with the norm of the feedback

The ﬁr‘é@bﬁﬂﬂ@%tnéh%ﬁhéﬁ@?@d@b fricliisd of a F@ctral signal
co-pendi ng patent application PCI/EPO3 093 1, ed on

.path gain oxgqiRs by owegans of time varying feedback model gain estlmates

The present invention further provides a method of measuring the spectral gain or

gains in the adaptive feedback suppression filter.

The invention, in a further aspect, provides a computer program as recited in claim

28.

The invention, in yet another aspect, provides an electronic circuit for a hearing aid

as recited in claim 29.
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The present invention further provides a nethod of

adj usting the spectral signal path gain or gains by
worsmEne63e4 t i e varyi ng feedback nodel gai n estPCEER®04/053547

The present invention further provides a nethod of

nmeasuring the spectral gain or gains in the adaptive

f eedback suppression filter. The invention, in a

Furttlfe‘rr:r%%kgc%@%@cwﬁr@(&‘@ PBStha FREREGIE are" O8ARA &Y RS idepindent

e Invention, in yet another aspect,
claimst ovi des an electronic circuit for a hearing aid as
recited in claim?29. Further aspects and vari ati ons of
the invention are defined by the dependent clains.

Brief%reiseﬁ%ﬁiﬁwﬂtﬁéid@m?@fs the drawings The present
rnvention an urther features and advantages thereof
will be nore readily apparent fromthe foll ow ng

The ﬁ?és%'nlt SR ﬁrélﬁ’a QAN fé%?urte‘scéﬂcﬁ%d%ﬁﬁg'e@lﬂbﬁe&fwﬁlh@e more

nvention wth reference to the draw ng
readifyi appdredefont thedolbdwiog dyta@dadaawhpaome paﬁ@ular@mbodlments of

according t odi ment the pr esent

the "?Vﬁv"gﬂ{‘ivﬂﬂ‘ eier&ncgt(a&rﬁab '%9%|"6 HFagram of a hearing
aid accordi ng to a second enbodi nent of the present
i nvention; Fig. 3 depicts a block di agr \m of a

Fig. Yai ndéﬁtqt%ﬁthi@(?kad'@gf&‘mrﬁﬁ %heﬁffﬁgo@é‘lﬁﬁ&ﬁ’( Ipg t?i?efrg?ewﬁfi'mem
[ nve%tf"'@{’fe':*%g‘g{sﬂﬁﬁ"‘ cts a block diagramillustrating

t he acous '‘path of a hearing aid; Fig. 5
depicts a bl ock diagram showing a prior art hearing

, d; Fi t fI hart i ' :

Fi. 2 oo laplis §56Bh Blatrdm A BRI bHESETL A 35Bhg Fhooat
Fi 9. nferfieibitisd preseht iventiont i1l ustrating a nethod :
accordi ng anot her embodi ment

Fig. 3 depicts a block diagram of a model gain estimator according an em-

bodiment of the present invention,

Fig. 4 depicts a block diagram illustrating the acoustic feedback path of a

hearing aid,
Fig. 5 depicts a block diagram showing a prior art hearing aid;

Fig. 6 depicts a flow chart illustrating a method according an embodiment of the

present invention; and

Fig. 7 depicts a flow chart illustrating a method according another embodiment

of the present invention.
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of the present invention.Detailed description of

preferred enbodi nents Fig. 1 shows a bl ock di agram of
wa@2dobneds2€£nmbodi ment of a hearing aid accor di ngp¢ DEPIv@4/053547

present invention. The signal path of the hearing aid

100 conprises an input transducer or mcro phone 10

transform ng an acoustl c |nput signal into an
tailed descriplion efpreferreshembedimgntse g., converting the

sound signal to an anal ogue el ectrical signal, an
Al D-converter (not shown) for sanpling and di gi tising

Fig. o rehoavsah doek diageami ofad fisstggmabodintemt @f & beardmg aid according to
el ectrical. signal, and an input signal filter bank

the prejgntdmRItionn "Fig. 1) for splitting the input signal
into a plurality of frequency bands. The signal path
further conprises a processor 20 for generating an

The signal pathl oéltee theariag aidt 1A CQWMI&BS%'I innutdranaduset or micro-
onor! 8 BESRImit 4] BRI houf SBRRITID of Sikicalinpu ional 15 by,

trans
e.g., aonverting thatspuhd sy@mllto aﬁfma%mje tlectricabsignal, an A/D- converter

characferistic of roc Ssor be non-1i nea
(not ghoyvn {0 RGP @ﬁaﬁge@&y'ﬁeﬁﬂpe'ss'sgal it @ digita
electM&%l's V‘é‘nd Entlﬁﬁ.:tasﬁénalﬁﬂteybghk‘gnmrﬁ)ﬁﬁlrpﬁg DL J)llttlng the

ignal |evels di agram o

lnputémﬂiulmt@rﬁ plrality wééneqngn@r baads orh# signabpathduphes eomprises a

oo B89 8F gehe Moy B AfbE bl T3 45 ovou

transducem(llcmd sbéakéf Bacdiver) Bedfe'r trankfapmiriy tﬁéggle@tmal rdur{&llt signal
t put ted, rocessor i

into P abol s'uﬂﬂawoe'e"gg %@H@&v&tﬁ%&n@'ﬁ@dﬁﬂﬁmf’? M%@koqq?sor 20

may B&RoRYInRHF, .53 ﬁﬁ’é&Fé’r‘ioﬁ Qomﬂ?@s@éﬁ EHéré@téH%ﬁcg%s it lSl well- (ljmown

i ntroduces a del ay to the electrical output signa
in thesayt, tpsoYiRINGMOIR ga D ey signal imv@ls.whi ch makes it eaS| er

for the adaptive feedback suppression filter to

di sti ngui sh between input signal, output signal and
In Figf 2ed dadk diagramh obh selcond emboﬂynehﬂofam Hiearing bld batordmg to the

estimate the acousti c, feedbag ' FBA.
proscfif ibERy8n BIsBIT ochie beaRte e FUOTRIRINH thASagme g the one
showih r@rﬁgiuwutafarthen cbiiprisds @ olifpat BISARUS2 bh Qﬁéé sihdl ipath. The
is also fed to the adaptive feedba
electrggggp@yg isighal 135t ggnerated by processor 20 is fed to the output block 32
and then from the output block to the output transducer 30. The output block 32
introduces a delay to the electrical output signal and so to the acoustic output signal
which makes it easier for the adaptive feedback suppression filter to distinguish
between input signal, output signal and feedback signal of the hearing aid and, with

that, to estimate the acoustic feedback signal FBa.

The undelayed electrical output signal 35 for the output transducer 30 (in Fig. 1) or
the output block 32 (in Fig. 2) is also fed to the adaptive feedback suppression filter
(model) 40 and the mode! gain estimator 60. The former monitors the output signal
and includes an adaptation algorithm adjusting an adaptive digital filter such that it
simulates the acoustic feedback path and thereby produces an attenuated and de-
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(rmodel ) 40 and the nodel gain estimtor 60. The forner
nmoni tors the output signal and includes an adaptation
w@bk@ensiskm adj usti ng an adaptive digital filtePCEERIN04/053547
that it sinulates the acoudtic feedback path and
t hereby produces an attenuated and del ayed versi on of
the output signal. The filter output FBC constitutes
Iaye?rlle‘?ﬁbh B¥itRe Yut Fﬁtﬁ‘tes@ﬁé’luilhbeﬁllfe?%@mﬂ'q:@é @BﬁétltE%% arl R@timate of

'ter output can be used as a
the mnlfaedtmcl@sslgnail FB&, Thenfiltereoutayt Eaatcantbq ysed as a feedback

tted an j.nve
candtfalion STl Ao (et 1 BRshnlted 3 R, Hifing A6 df a sum.
manD eiRéuio50 EThe safiniing ircui 30t prodgoed tribfessiblable controlidd electrical
he el ectrical input S|g|nal 15 and the. inv

inpUbianal 26ca3 1R UM & teaslegtsicalrineut siamsh de %ﬁfﬂ%l'm\/@&ted feed-
bacl?logﬁéélla?lahz%aﬁéit 451 9@ feédbdck E&ﬁ?ol%ﬂbgieﬁrﬁél ifput signal 25 is

put signal. According to an
thenemﬂmuittedm podcesiser thenmptdralgrtal.rmdel gai n estinmator 60
is provided, to which the electrical output signal 35
and the feedback cancellation signal 45 are subnitted.

Acccﬁ@ﬁ@dtwénté‘rﬂﬁ@dmaﬂaifsthbhlﬂvémﬂﬂi ag:mwasgmmmmaﬁer 60 is pro-
determ nes t gain in the nodel which is then us

videdietoj walcarfhamie@tng@h Putputsignals3dand the Jegdark ?@“&q?'at'on signal
45 ape ggggﬁtﬁéd %sﬁ&ﬁﬁﬁé#&g? %;Hal@ﬁh@%@&’él'@é(]ﬁ 'esﬁlﬁﬁat&dé@ﬁi'e‘(&mmes

suppressi on IS an aptive digital
the galhtlmthe\nnntbdei which a8 thdreuge(h taddrive @ gpper. gaindimit 55 which is
itial filter coefficients are preferably stored in
SUb'W@ﬁg t9 (?ﬁﬁ 858&/{1) of the hearing aid and are | oaded
into the adaptive feedback suppression filter every
time the hearing aid is s

Wth th ilter .
Accardingr foc peneRbodiiRentd AR %P&Y@uf?ﬁgb@(i'ﬂ suppressiof) ﬁ"t?fo% Is an
ada;ﬂﬁ@ﬁf@ié‘ Ji‘ﬂ?r \/J‘t’ht ré%u'n' 133 thOéHcP §fepF§£e WHE fhlﬁéirfultléﬁ coefficients
use ack Tancel [ ation sign
are prefetably sﬁnramle rpemrys(mt shiow) of e brating ascblapd iare o loaded into

the qggi@'tltvgke%q#écz{ s@}g@éﬁ Zl tFFg nglotﬁ'ﬁ% )}ﬁ% Ih% gég% Eé dRAthed on.
Withrtaese filtes coefficiemts; ette taddptice nigitdl filter is ablet tu:egelsenatmaa initial
tor S b Sy B o Tl S ool Soha a5. De-
pendi J?i . glg? gﬁ?gg%ff@ﬁlrﬁgg{r@ m% taat{a%gdéa&ibltélaﬁﬁém c@h Match the
acoustic feedback signal FBa, an offset as a so called safety or feedback margin is
introduced to the model gain as the estimate of the acoustic feedback gain. This
feedback margin represents the gain below the level where audible feedback oc-
curs. For example, a feedback margin of 6 dB is selected which means that the up-
per processor gain limit is set 6 dB below where audible feedback occurs. After the
hearing aid is switched on, the adaptive feedback suppression filter starts with its
adaptive modelling to match the acoustic feedback by evaluating the filter coeffi-

cients so that an adapted feedback cancellation signal is generated.

The function of the adaptive feedback suppression filter is now further explained
with reference to the flow chart as described in Fig. 6. First, the feedback cancella-



10

15

20

25

30

per processor gain limt is set 6 dB bel ow where

audi bl e feedback occurs. After the hearing aid is
waemobobssed on, the adaptive feedback suppressi onCT/EP1084/053547

starts with its adaptive noadelling to match the

acousti.c feedback by evaluating the filter coeffi

cients so that an adapted feedback cancell ation signal

tion é@ngﬁwrébéﬁerafétﬁrf opériation eab tbh@dﬁé'é‘@ﬁé ‘é@ouﬁﬁﬁfé%%ack of the

suppression filter is now further explained with
hearingr aidevic using mnéeedl@wlﬁ:ﬁwqe"ayormml [gscan BMPr §igral to reduce

the 1e&8ck bofftrdBY ARG o4AREG, S BhaP 25 AE BB, fdamtive modeling,
the a‘d@@@ibadéedﬁadlmmesmm filed4dyidles ag:efr’@w baﬂgwaeh adjusting its
nal .to, reduce

fiter CRRHRIANES (o AYaluAIedPeapas-aanGalalio: Sidgthi Ingperalon 620, this
gain ﬁ’@ﬁbté?fmr'\écf a?‘?ﬁMélVﬁalﬂ‘é@ﬁHa'té‘ %ndtthéa%ﬁ?tllhﬁﬁof frdpREssor or

pressi on er 40 yields a cert ain
Slgneslcnaib tgainy is ther dem@at@b@f operation ﬁwobEWImnﬂee rrm_del gain esti-

mate 5 A e el e ByeC fdkPlyud PheBBERRIA B fiPtnd du®

upper limt of the processor or signal path gainis

t hen generated in eratign 630 t aki ng.t he nodel
The gigde! g3t eslimateis Gt ﬁﬁﬁ@&ﬂéosbftore%qweﬁ limating the gain in the

adapﬂ(ié“féédit?ad‘k% r§subﬁ flifep 'hﬁé‘rrh&‘i}ﬂg%éin cHifmdipnek &?Hen by com-

estimate 1s determ ned ycontln estlmatlng
paringdhe inputtsignaldethe adaptivedteadkack ppp@rﬁs@n fitierr méhich Tﬁh’@e elec-

rcal K6 980 38 AT Bulet e, dofiffbEREbBRcH AEpbRsion fiter

whichy ihle feedbaek eémelltatlolc gigrnatapuThisi @napardonds donkey the model
e adaptive feedbhack su ressi

. L
gain GHIIBRIGreoq.1 L JRGHRL 44TR ACLH acessay, Bia) e Jeedhgk margin is
used Q@ rH?éHvbslﬂB uépé?%@cé%otr RRAIMRAR. THRI éldeﬁﬂixfenﬁb@ba@lg suppPRssion

gain and if necessary plus the feedback margin
filter 4@ la@@p capaideiof selagting inyogueingasuitghia delaysto thraesignals,

) Ltar . | _
e.0. ALRLEs JBERIFY BHPARAACIF A bk s Mty Blidhcing

to the S|gnals, e.g. the inputted electrical output

dapt i [ Ling. Th del

The rhad e i Bie. bt GdeptBadam R iR HPR ALeb ¥ Fenarally fegatve, as
referrd@neraldgariifdrt éxtession, §ihes sl fésdback aghdltreating the micro-

expression, since the feedback signal reaching the
phongiis generedian atteruated vegsiom oftheaUtaus signal.sTlw nymerical value

of thi€'Yaf teqiEght to! PBA "EHEUNVER' siYALE the maximum allowable gain in

the processor in a state absent feedback compensation.

From this estimated gain limit a deduction has to be made. As signal distortion will
be audible even at loop gains somewhat below 1, a deduction must be made to en-
sure that the maximum allowable processor gain stays below the stability limit by a
margin. This safety or feedback margin will be set according to testing. In one test
setup, a margin setting of 6 dB has been found suitable to avoid any audible signal
distortion. Thus, in this example, the maximum allowable gain without feedback

compensation becomes FBa - 6 dB.
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of this gain, equivalent to FBA, effectively signifies

the maxi mum al | owabl e gain in the processor in a state
wabmenslcteedback conpensation. Fromthis esti nBtEHPIO4/O53547

limt a deduction has to béa4made. As signal distortion

will be audi ble even at | oop gains sonewhat below 1, a

deduction nust be nade to en sure that the maxi num

al | omabl e processor gain stays below the stability

i1t r...f ee ck _mar |
I th, SV e, v (BogP e eyl ie” PR g peH ot timutation
of thadeadbacketranster Aindliod Bahdsediefik Wilue! cartélRdd, Feb@ack will im-
avoi d any audi bl e S|gnal di stortion. Thus, inthis
posedi RpNraints oM e aHawahle pregasson aain, wnd Hbetm@@@duawrdes infor-
matlcfrP @B%D? ‘Wi:# Jkéﬁ{: &S athestrgffsﬂe{J fhAGidHY SRt tHe! ﬁractlcal case,
adaptive feedback suppression filter produces
howegyer,f the aslaptivatfeenibaxk sbpprfesexmhaﬁlltert peotkices éuBss-ltlmn perfect

. | feedback, w be, c JIe fee ack wi]l im pos
simufon gf 15 GeribEb lrafFie! JTainas iers FilL b6 coreoigueh oRiaeR
“ the nodel provides |nforrmt| on about the current
feedback path transfer function. In the practi cal
FBr TEBe,~ FBoever, the adaptive feedback suppression
filter produces a | ess-than-perfect sinulation of the
feedback transfer function; there will be a residual
reachiirg tHeanlicrophaore tobe Ipickedarpahd ram;ihﬁedé)yrﬂwelmdce@cnndnd there
.amplified by t rocessor, and .there wll be an,
wil b 3B, dpreS tto P pBecksR0g Grin Arpaprir vl instgtan. i 66 Bvoia a
loop yéantedekding 1.1 InSartiular,ahe ste dp e éﬁtl lér@mw@h@ed&puw feed-
particular, the step size and | ength of the adaptive

back ﬁ@earw §'|§%F’phé§sﬁfbl¢ﬁf3m pertheaare&ps'em fvethm omhichethe acoustic

ck can be
feedb%gtﬁ %Eﬁoﬁﬁ}n \é{‘%leébgb ém’ Egg cance ?I?g?ﬁ E{aﬂggl The
maxi mum aI | owabl e processor gain wll be esti mat ed by

ing.the | evel of residual feedba based. aon, t he
The SRR b afisutreGresis i Wit Be csliiaies by #apssmd the fevel of
residUalirfeediackp rsasedesh live tduerem® deformasion ot Ithéfe€dBack transfer
a finite time wi ndow of signal, it does not

oces
f“”Ct'g%PéO‘f'a?‘ib)iéh%m%’P Lthe entire signal. In one exenplary
test setup, level estimtes based on a tine w ndow of
1 mllisecond (ns) were found to include 80 % of the
As thefilen¢.gofprogrsses a finite time window of signal, it does not take into ac-

count the entire signal. In one exemplary test setup, level estimates based on a
time window of 1 millisecond (ms) were found to include 80 % of the energy of the
feedback signal. When basing the feedback compensation on such time windows, it
can be expected that the compensation leaves a residual feedback at a magnitude
of 25% of the feedback cancellation signal.

As FBgr = FBa - FB¢ and with the filter output signal having a level of 80 % of that of
the acoustic feedback signal according to this exemplary test setup, FBc = 0.8 FBa,

the residual feedback is:

FBR = FBA -0.8 FBA =0.2 FBA.
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f eedback signal. Wen basing the feedback conpensation
on such tinme wndows, it can be expected that the
wa@evpeesat | on | eaves a residual feedback at a PeEmRPio0LEs3547
of 25% of the feedback cand#l | ation signal. As FBR =
FBA - FBC and with the filter output signal having a
| evel of 80 % of that of the acoustic feedback signal
according to this exenplary test setup, FB = 0.8 FBA,
the residual feedback is: FBR = FBA - 0.8 FBA = 0.2
As FBRA FBg FIBG; tieBresidikBdeedhbiaskrgsi dual feedback is: FBR
= 0.2 (FBR + FBc), and thus: FBR= 0,25 x FBc. In this
exanpl e, the adaptive feedback suppression filter then
FBaf@iﬁﬁé herBd)Mafd trustraxi mum al | owabl e gain by a factor
of FBCVFBR = 4, equivalent to 12 dB. Thus the maxi mum
al | owabl e processor or signal path gain becones
- Bc) - 6dB+ 12 dB = -20log(FB c )+ 6 dB. As
FBr t(ﬁgb?él]ﬁé r is digital and settings increnental,
al l omance nust particularly be nmade for the step size,

i i R G AR S B G e it

maxifreift BloWabIRYa@mby @l faetor@f i s considered to lie within
the capabilities of those skilled in the relevant art.

According to an enbodi nent of the present invention,

e_uypper processor gain limt may therefore be
FBd%%‘?e?ﬁi ned by the precision of the adaptive feedback
suppression filter, the feedback cancell ati on signal

caunfent G5 B 2y B FLOAHBIBESS Ty Pgdl ban gair
becoﬁ%@deé%(F%m UBt4 92 dB gn20log(FBJ)RG dB) t er preci si on.

The | evel e residual feedback and the safety
margin are then be used to derive the upper processor

As thggilt%r id ﬁ?gftal 4t g@@ﬁgF b mhtdINSIIdWsiRle @RsDpasicuElyde made
, I's shown 1n detafl in Fig. 3 and w || ] ,

for the step size, i.e. the finite resolution of the adaptive filter. Accounting for incre-

mental settings and assessing the resulting potential error is considered to lie within

the capabilities of those skilled in the relevant art.

According to an embodiment of the present invention, the upper processor gain limit
may therefore be determined by the precision of the adaptive feedback suppression
filter, the feedback cancellation signal and the safety margin. The person skilled in
the art will then evaluate residual feedback FBr from the feedback cancellation sig-
nal and the filter precision. The level of the residdal feedback and the safety margin

are then be used to derive the upper processor gain limit.

An embodiment of the model gain estimator 60 is shown in detail in Fig. 3 and will
now be described. It is assumed that the processor is preceded by an input signal
filter bank splitting the feedback controlled electrical input signal 25 into a plurality
of frequency bands. This input signal filter bank (not shown in Fig. 1 and 2) is, ac-
cording to an embodiment of the present invention, an FFT-circuit or a known filter



10

15

20

25

30

now be described. It is assunmed that the processor is
preceded by an input signal filter bank splitting the
wo emwdioedsk4 control | ed el ectrical input signal 2BCT/RPIOE0S3547
plurality of frequency bande. This input signal filter
bank (not shown in Fig. 1 and 2) is, ac cording to an
enbodi nrent of the present invention, an FFT-circuit or
bankawkichvsplits lthe iebaotticaliinet sighak te mespaativerfrequencygnds. The

same FETooraul o U Rk fy eSS v slonel e B 270 giting

the e‘leéth@él |hpn{<s@ﬁgl $5lintbt regpettie ﬁég@éﬁdy‘:@éndQWﬁCrﬁ isOthah fed to
into respective frequency s which is then fed

the m@delr@almﬁsélmajat FOcS it ngot signas ta e iprgrASSOr and to the
mode°1'@ﬁ'e%hh%t&#greofﬁﬁ‘?ﬁtﬁorres 8t r&@@er’g‘a}gﬁbn@é‘w usin tl'beysame

mator are s nt o es ec guency

filter bank or FR& -ciroorit stI thaethebamdr afrth&lé?itlmalt@ gab beo‘utthent redioeed.
error of the estimate can be further reduced. An
out put signal filter bank 210 and a conpensati on

An oéﬂ falgnkl fik& bAE1 R ARdRY @&ﬁé@n%tﬂﬁﬁélghﬁpﬁlt&rﬂ)ﬁﬂ(@m?Bﬁ)duce

the el ectrical output t he feedback

Si
s'gnaé yneters & b o2 s phihg elagrlcab@geut $igeah35 pRdthe feedback cancella-
tion GTAHS, ' LEpLARANE I oo FKERoLTE el RNEY BEESO The Sidnal yectors
215, 2RB aee eagh fid teethieamedealrgais ebtmatcnrdirtwhiah tbmé)s@nblem}jtors are

Teasyur enen it 230 and, to an sation | evel
submifEE 1 S Gp L& e mPat Rl 257 SRA 3 A GHtapdisatign teve!
measupSipent 'c#@uﬁ/QQIJOOrrés;%ctu‘vérye|foﬂgéﬁéfa¢|ﬁ92|%%pe8ﬂ\fe véb®rs of level

| evel neasures are generated by conputing a norm of

measyfes 239néd5.vihe level mgsuw@rexg@neaatsﬂé%@@nwmamn@ of the
sugna?"b@&?i‘% 35 %34 o g% Qﬁg%tgﬁﬁngﬁ tfn‘? deaé \?iﬁtb%' Jjesc-ﬁﬁﬁd be-
evel neasures 5, [ter

are subm
low irestare rdetail. WmtdveQﬁ:@aSurechﬁ&;mtsﬁ ar&gsabmdtadoto a)mIter galn esti-

se le asure The yector o
matof, Block 29 14 Gle 8 oY or BF el Petran vl eyl maagures.
The veadt df ﬁ'@lﬁb@l@CtMelbaﬁgumEH Qo Mesteselipa @aﬁ‘ﬁééstimét@r in¥Rh frequency
these estinmates to derive upper. gain limts 55 255

band.\he moglebgaineatimatar uses hesg astimades tdedye WPRRNGaIE fimits 55,
r I
255, Wch 6 SEBfjt e 1 oaih Shtimition DRC239 tpRbeessor 20 ([ef. Fio
1). 260 for neasuring the accuracy of the nodel. The nodel
eval uation bl ock 260 receives a

The model gain estimator 60 further comprises model evaluation block 260 for
measuring the accuracy of the model. The model evaluation block 260 receives a
vector of electrical input signals 275 from the input signal filter bank 270 and a
vector of feedback cancellation signals from the compensation signal filter bank 220
and generates control parameter 265 to control the filter gain estimator block 250.
To generate control parameter 265, the model evaluation block 260 generates and
compares a norm of the electrical input signal without feedback compensation to a
norm of the feedback controlled electrical input signal. If the norm of the feedback
controlled electrical input signal exceeds the norm of the electrical input signal with-
out feedback compensation, the model is most likely misadjusted and the control
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vector of electrical input signals 275 fromthe input
signal filter bank 270 and a vector of feedback
wa@268bi624 i on signals fromthe conpensati on siPCEEP2004/053547
filter bank 220 and generatigs control paraneter 265 to
control the filter gain estimtor block 250. To
generate control paraneter 265, the nodel eval uation
parall?ile?érkze@f?]o@%‘éé & EkeAHMeF QBTEH eﬁhé1 cBﬁfrHF QéraHEﬂer 265 may also
el ectr I'nput signal w thout feedback conpensation
be atvectwrrodroontbl paann@ecao@clea@brffequar@u t@r@catheraacnwould be

o 503 18 oo RSP BBEp 5ol EORAR AN g8, or cout e o

let th%I @éﬁhflin‘ﬁﬁi démasd froothed medehgaint edtirestoaddak towards a set of de-

npensation, the nodel is nost likely ms st.ed
fault N0 AR PRGNSR B S8 TR - (26 MIRAS I, ayen Ftng the

heanﬂ@tdl&m The control paranmeter 265 may al so be a vector
control paraneters for each frequency band. O her
actions could be to stall or to freeze the gain

The @St llgnr? }ogﬂ'rn] f ord&ip%l?{%%ir?gt%ggs?ﬁé@ﬁupb%&g{%gfneidéuﬁ? Vefgrence to
Fig. BStirstRiPopérafibin 70 0asiimabveetbreop 18,2261 bf theafaeetback cancellatlon

Appropri ate defaul t val ues as
signaf |415t amq;thq]eleaﬁ:érml gtwtélgnﬁhéi#/ @fﬁo@?qraﬁ{atﬂd EEQV%I%'Y lisihg the
¢ Res8bE. Nn' Perbsors 20, a
same Bl B3hk B Xed i [R7SiGHAL DAl BE 7 bRRGolH I Giers
level Piggsw2@ s génerated frenithe&e sigmakvectorson si gnal 45 and
the electrical output signal 35 are generated by
preferably using the sanme filter bank as used in the

Accofdif§ 3 aRarhbedinidne, PEieNLe 20eradeofoperatisolute Y/ﬁﬂAe af each signal -
| evel measure i s generat ed from t hese si

in a gertaip dimey frapneis BksBATHEIR leve! gieqsiee éogqg Jirg WS is rec-
tangtﬂgls qhyi Eo@uﬁgn?ﬁfaé\%&f Bost SMBbdInerR, B8S bobragel ﬁﬁ:aflélﬂﬁl%d by a

taken measure and the time W ndow is
first o'rder onnpassafilter) ie.atheolimetwindowas expeperdial. enbodi nent ,
the average is calculated by a first order |ow pass
filter, i.e., the time window is exponential.

Accoﬁﬁﬁ@l’tdla?@tﬁ@r aifnbbbmﬁerﬁn‘dbdctnemérgyctldmpntabmnsgyased to generate
conputation_js used l%enera e _the measur e,

the K TGRS LTES EVGIIRERS Boalsen IHGCAMPENRS Gp Hedgy Deasure
whlch'%' lé\?ediPP 'cﬁléﬁﬁati'ﬁkj éiﬁé\?é’rbéé'd‘ﬁ %@@qééﬂ‘é@a%éé of 8&ch signal in

quar ed ues each sign in
the sngnal vectors 215, 225 over a certaln time window, where the time window

again can be either rectangular or modelled by a first order low pass filter.

The model gain estimate is then generated by determining a ratio between the level
measures 235, 245 of said electrical output signal and of the feedback cancellation
signal in operation 730. Since the ratio is determined for each frequency band, a
vector of gain estimates in respective frequency bands is obtained. These esti-

mates are then used to derive upper spectral processor gain limits in the signal

path.
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t he signal vectors 215, 225 over a certain tine
w ndow, where the tine w ndow again can be either
wo ewbaesged ar or nodel l ed by a first order | ow PEEEP2004/053547
filter. The nodel gain estil8mte is then generated by
determning a ratio between the | evel neasures 235,
245 of said electrical output signal and of the
Accdrdlaghacan erabodimentt] the rrgnsipnals aop @aktulated Z8eording ¢te the gen-
)‘?(r:ltl 0 is determned for each frequency band, a
of gain estimates in respective frequency bands
IS obtained. These esti mates are then used to derive
upper spectral processor gain limts in the signal
pat Accord'%h"g to an enbodi ment, the normsignals are

eral

ccording to the gen eral fornula: wherein

&
xk :EZ:HA Lth sample (k =1, ... L) of the signal of
which the normis to be cal culated, Fk represents a

whereimxiois the K-th $ampfe1(rkc+' i19 n..d.r)d)frtbe wignal mfivdwch phe sotrhds to be

r of the n Acordi articu
calcH Finsrbrase R oGP, ph e pdiR 4 Raftral,pumber p is the
powe‘rtmhe @BrrﬁkA)béon@;ﬂTg ted damédl@r éﬁ?k@ewm m%f&ﬁlﬁ@rrlwala p=1and
= - i), erein is a
the f'l%%’nfé'ﬂﬁmn 5k is defiped b){ esfF?BQMV'd'QU CUERIAINEMASd her e
that according to further enbodi nents, the present
invention may al so be inplenented as a conputer

IN(ND*BIW‘P + (e N(Rstiy,oni ¢ circuit. The conputer program
then conprises conputer program code whi ch when exe
cuted on a digital signal processor or any other

sui t abl e r ble hearing aid system perforns a
whergin; } i@ Wgﬁgﬂg\ﬁ@ﬁ%fhe signal path gain of a hearing
ai d device according to any one of the enbodi nents

descri bed herein. The electronic circuit may be
It shouichbe @@&ng\yledsedmre dhati ageospea ite futherterpbedimends.tbaipresent

mvenp'gh‘?ﬁ%f %@Ba Hnp ?Wﬁ%gg%%&ﬂ?u@r? @%@ g? aﬁiﬁéie&%ﬂi@ Brcuit.
The aamhpute mpragrade feen bemhphises iconpiutemprogtam/Acduaminich when exe-
cutedcgnngrdiSi&aq%:ignal processor or any other suitable programmable hearing aid
system performs a method of adjusting the signal path gain of a hearing aid device
according to any one of the embodiments described herein. The electronic circuit
may be realised as an application specific integrated circuit which then may be im-
plemented in a hearing aid system to employ a hearing aid according to any of the

embodiments described herein.
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an input transducer (10) transform ng an acoustic
i nput signal into an electrical input signal (15); a

w@emeoewmos (20) generating an el ectrical out puPCEHEBINEY/ 053547

(35) by anplifying said elagtrical input signal
according to a processor gain; an output transducer
(30) transform ng said electrical output signal into

Claimst acoustic output signal; an adaptive feedback

suppression filter (40) generating a feedback cancell a
tion signal (45); a nodel gain estimtor (60)

determ ning a nodel gain estimte of the adaptive

f eedback suppression filter and generating an upper

11 beaying aldacqsnpdsisgor gai n. 2 The hearing aid

S 030 46 o RS R S i i

inpat sighdl (d|5t),put transducer 3. The hearing aid accordi ng
to claim further co nput. _si gn

A posesH 0] g6 9?@7@'59.% g icato dBuCsinaiins? hiampiiying said
elawmal it SghEFAUAGGNG Koyt g sal o model gain

esti mat or déterm nes aln’'estimte for each
@n eipdt ﬁrarwimecwﬁetramfmng snisk eleetsicabeutpubisignpbiato an

5) of said proces sor gain in said
agﬁﬁgﬁgH b * 4. The hearing aid according to one of

@hmdﬂptn&eﬁ@e&)amaﬂpeessi@mﬁkéﬁhogganer@tﬂhgIfwﬁeeabeelabancella-
filter P‘ggk (210) generating a spectral signal vector
tiqosighaldfSsai d el ec trical out put si gnal and a

%Qﬁ@&ﬁggfdlﬁ%sﬁhﬁwwbb Héf%"rmﬂﬁﬁ’é‘ sal @gggﬁﬁ\bwoﬂhe adaptive

spectr signal vector (225) o ack

feedbacek sunnreasien diter anwhgensratiogransuprerdimitof sgid processor gain.
estimator generates a | evel neasure of said signal
vectors. 5The hearing aid according to claim4 wherein

2aTHe heddhg gitd acemt! Ingibo:ﬂalhm clurtties c@mbhhhgrargebﬁput block

N e S

said electrical output signal and of said feedback

cancel | ation signal .
3.The hearing aid according to claim 1 or 2 further comprising a input signal

filter bank (270) splitting the electrical input signal into frequency bands, wherein
said model gain estimator determines said model gain estimate for each of said
frequency bands and generates spectral upper gain limits (255) of said proces-

sor gain in said frequency bands.

4.The hearing aid according to one of claims 1 to 3, further comprising an out-
put signal filter bank (210) generating a spectral signal vector (215) of said elec-
trical output signal and a compression signal filter bank (220) generating a
spectral signal vector (225) of said feedback cancellation signal and wherein

said model gain estimator generates a level measure of said signal vectors.

5.The hearing aid according to claim 4 wherein said model gain estimator in-
cludes a filter gain estimator (250) generating said model gain estimate by de-
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6. The hearing aid according to claim4 or 5 wherein

sai d nodel gain estimator includes an output |evel
woremseseent bl ock (230) and an conpensat or | eR@l/EP2004/053547

measur enent bl ock (240) generating said | evel neasures

(235, 245) of said electrical output signal and of

sai d feedback cancell ation signal, respectively, by
termim'ug iamatia bebmemfsaidHev@i rpeasures of said gleatsicabaipubsignal

a ter wi ndow, , 7. The hearing aid
a%gg Sr{ a]%a(% %ﬂ’}ﬂ aYHLPOMAl said normis the absol ute
val ue of the signal, and said tinme wi ndowis
rectangul ar. d. The hearing aid according to claim®6
hEhe headag aichassardingttaslaimsbpub avhereinesaid model gaiheastimator

|n@fﬂﬁe§?r\d?6tpﬂ?l8%%8ﬁ% @n@ﬂﬂl%&d(g?g néi ahféoorfg;?&ﬁ%t%ﬂ@’vel

ass aring al
nmheummerﬁ&:lcbl«(%) geneiating craid kmlremieaeum‘s (286, 24§nefl said

elggglcgﬁg%pa gn%foarﬁ ﬁf ' Y r%{it?a&%urplagge M%pgl aeﬁpe%tlvely, by

ccﬁﬁH@t" rﬁjja Yoo ke Shfpad \/Qé’(@b (2amd 229) @véﬂ d'Bredehétpningd time
I'ed by a first” order |ow pass filter. 11The

wmlaw ng aid according to one of the preced| ng cl ai ns,
wherei n said nodel gain estimator includes a nodel
eval uation bl ock (260) providing a control paraneter
(7285 héamhg:aidi arg;oadlpgSe icldia 'wherhinsaitemdrnofs theeabsolute

de The ar| ald ccording tq claim11l
vl pkine Sand. anden nf wiodos b iestengdat) *i o adapt e
for conparing a normof said electrical input signal
wi t hout feedback conmpensation with a normof said

\3e"é‘lﬂab%4tﬂﬂ9)ﬁlﬂraﬂ0p€ﬂnﬁIt‘eélaﬂm@awhemﬁaﬁ rpran istihe absolute
vailid 6f {He”s‘?gugalpéfﬁc? bgideh S ﬁbeﬁéqwﬁg‘r&gtﬁdeﬁo A'¥ass

earl accor |ng
filtendel gain esti mator freezes said nodel gain estimte

or stalls generating said upper |limt of said
processor gain if said control paraneter indicates

OITIRONSEAEEAIH slcofdifg to claim 6 wherein said norm is the squared value
of the signal, and said time window is rectangular.

10.The hearing aid according to claim 6 wherein said norm is the squared
value of the signal, and said time window is modelled by a first order low pass

filter.

11.The hearing aid according to one of the preceding claims, wherein said
model gain estimator includes a model evaluation block (260) providing a control

parameter (265) indicating a possible misadjustment of the model.

12.The hearing aid according to claim 11 wherein said model evaluation block
(260) is adapted for comparing a norm of said electrical input signal without
feedback compensation with a norm of said feedback controlled electrical input

signal to determine a possible misadjustment of the model.
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nodel . 14. The hearing aid according to claim11 or 12
wherein the gain limts deter mned from sai d nodel

w@200r/06324 mat or | eak towards a set of default Rel/RE®04/653547

said control paraneter indi2tates m sadjustnment of the
nodel . 15. A nethod of adjusting the signal path gain
of a hearing aid (100) conpris ing an input transducer
(10) transform ng an acousti C i nput si gnal into an

[ { 5 0
b ihs heAfna AErtedp e caimhut B Mo RFHER saif Phadet ggin esti
nfetbfréd 26! $di¢ Moddlgdin Sétingte oMs&éllsS@er@réuwgéudmder limit of
gai n, and an_ output transducer (30) transform ng said

saif Qroeesser gain psaidseanieal prranaetgh g% Mysadivplnent of the

n@ldg aI conprising the steps of: generating (710) a
eedback cancel l ation signal (45); determning (720) a
nodel gain estinmate by eval uating said feedback cancel

SRR nBaS gl AEEXTPont Y bhoRi PTG b cend g erer

MRS Rom Seid thddedlghirdadtimater mﬂbWaP@ﬁa Rt 6P@éﬂa[llt%ﬁ.léé. if said
estimating the gain in an adaptive feedback

cenir pesameterindicates rigpdiystreent:af ibe s2adelf eedback
cancel |l ation signal. 17. The nmethod according to one of
clains 15 or 16 further conprising the steps of:
415l A ntethgd ofi edpisting the aignahpath gdigoba Heiahngfal@qum)cgompris-

ing BnCRp FoEiatt | R SIRRrSSTORA B0 D RabusTG It Signal g pstectri-
cdl mﬂutlsigglél 1 5)25§9roeéss$ﬁl(@b Q{@btlm{jﬂhh em@ﬁtﬂcalrblﬁmtcb@ﬁaﬂ by

quency ands. he met ho accordi ng to one of | ai s
amplifyingisaid @hth@al drorad signahyithrseids sigpal path Qﬁé'ﬂe@f&i aR@utput

trér‘rsm):els@H%ﬁsﬁ%ﬂﬂ&%a#&é&hﬁa‘&ﬁp& sigAainf art @kBustic output

ectri
signal, comprising the steps of:

generating (710) a feedback cancellation signal (45);

determining (720) a model gain estimate by evaluating said feedback cancel-
lation signal;

generating (730) an upper limit of said signal path gain.

16.The method according to claim 15 wherein said model gain is determined
by continuously estimating the gain in an adaptive feedback suppression filter

(40) generating said feedback cancellation signal.

17.The method according to one of claims 15 or 16 further comprising the

steps of:
splitting the electrical input signal into frequency bands;
determining said model gain estimate for each of said frequency bands; and
generating spectral upper gain limits (255) of said signal path gain in said fre-

quency bands.



signal and of said feedback cancellation signal; and
generating (720) a | evel neasure of said signal

WO amb06324 19. The net hod accordi ng to cl ai m 18 REEERIONM/053547
sai d nodel gain estimate ig2generated by determ ning
(730) a ratio between said | evel neasures of said
el ectrical output signal and of said feedback
c‘sfhil'helraemod ascording teana héclain$ db tadddudheycermposiagdhe
% 18 or 19 wherein said | evel nmeas ures (235,

are generated by applying an average of the

zgﬁiog%p@airal HaliveBtdre (216 255 of kald sleetfishl output

vectors 1. The nethod according to one
signatangd ptsaid f@edqagzhmilatl@wenabaed meas ures (235,

o Sl R e T o o) Bl

S|gna vec
according to one of clains 18 or 19 wherein said | evel

RS Faeihid eaesioina § Tl Iutierain g Aiade) Saredimaie is
gér?éréted?Bﬁhete%ﬁmT hg (m)@ ﬂat@cs&mbngawue@aﬁn@fasméy &fsaid

r'i si ng e step of providing a
el@@ﬂtclabouﬁwt angeabanq ggse;ldufﬂ@ldl@mh gancgliptis signal.
10 m sadj ust nent of the nodel. 24.The nethod according to
one of clains 15 to 23 further conprising the step of
@OnPlae methed aocandifg toaore ef aaimis t8lor i19md1erelrg$md Ievel meas-

o AR R HB e BB Y AR o prag R Fipoldte Value cal-

Clﬂ@ﬁ(ﬁ"fﬁ%ﬂ)d@%ﬁél?hﬁl \PBGEE@@J(Q?S”?ZE) of the nodel.25. The
nmet hod according fo one of clalns 23 or 24 further

conprl sing the step of freezing the generation of said

15 o Ao 8o B1HeRl: SARIY 188, 1ISHIFER 2l fePlneas-

sa| upper
uresii235 24Hraxeeaulated ma'tretsordesw pasmﬁlt\emtg oftswdd spdetral
Th net hod according to claim23 or 24 wherein the

26.
signgl YeclaPt s deri ved

22.The method according to one of claims 18 or 19 wherein said level meas-
20 ures (235, 245) are generated by applying a direct energy computation to the
spectral signal vectors (215, 225).

23.The method according to one of claims 15 to 22 further comprising the step
of providing a control parameter (265) indicating a possible misadjustment of the

25 model.

24 The method according to one of claims 15 to 23 further comprising the step
of comparing a norm of said electrical input signal without feedback compensa-
tion with the norm of said feedback controlled electrical input signal to determine

30 a possible misadjustment of the model.
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fromsaid nodel gain estimator |eak towards a set of
default values if said con trol paraneter indicates

wone®adsisst mnent of the nodel. 27. The net hod aceor/EPINg4/053547

to one of clainms 14 to 25, 28herein the upper gain

l[imt of said signal path is determ ned by the

nuneri cal val ue of the feedback cancell ation signal,

t BE.Tmeanieﬂionhamﬁordihg tamdelof gEimses om24 turthed cammfsﬂg/the

S5 ofkPearai SanBmiRn ! saEURarECoTn SRlifhid BRgicT HafAg the

g#ﬁe?ého?'%f Hid uggeﬁilrﬁﬁb'f Qlefs@rhéICdétﬁ gbitOP saiiUontrol p(araon)neter

eari ng conprising: a processor circuit
l@@a@teatmnsgdmtree@mfrthemocimt put signal (35) by
anplifying an electrical input signal submtted by an
i nput transducer (10) of said hear ing aid with a

P2OCHSe Afetiiod abc@ﬂlr@t@rﬂléme% eedbam’rerelumhee;mh imits derived
filte_r circuit (40) generatin afeeo(l)g%c ella}tio(f
frony saKd madg! 9ain wstigwakanaak lawatis @ sefial default Yaldes  said con-
tﬂoﬁ‘BHFarﬁét%Fﬁ{dlé‘ﬁEQ"rﬁsécgh&n’?érﬁ%‘fEhéﬁ{od'eﬂpm S' gnal is

provided to said processor circuit; a nodel gain
estimation circuit (60) deternlnlng a nodel gain

e .
21 T Befhod gCadtdlésbohe SRR LEIERSBR BT b sy oain

limit of said signal path is determmed by the numerical value of the feedback
cancellation signal, the precision of the model gain estimate and a safety mar-

gin.

28.A computer program comprising program code for performing a method

according to any one of claims 15 to 27.

29. An electronic circuit (400) for a hearing aid (100) comprising:

a processor circuit (20) generating an electrical output signal (35) by amplify-
ing an electrical input signal submitted by an input transducer (10) of said hear-
ing aid with a processor gain;

an adaptive feedback suppression filter circuit (40) generating a feedback
cancellation signal (45) to be subtracted from said electrical input signal before
said electrical input signal is provided to said processor circuit;

a model gain estimation circuit (60) determining a model gain estimate of the
adaptive feedback suppression filter and generating an upper limit of said proc-

essor gain.



