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Hearing aid with adaptive feedback suppression Field

of the invention The invention relates to the field of
woewriong7ai ds. The invention, nore specifical | BCT/EP2006/060576

relates to a hearing aid having an adaptive filter for

suppr essi w IE@FGM aptivel
r educi ng ggeus éfdlf@gﬁj g of eg@ﬁgglg Pﬁ%j%l gng to aﬁ
eI ectronic circuit for a hearing aid. Related prior
g Acousti c feedback occurs in all hearing
Field f when sounds | eak fromthe vent or seal
bet ween the earnould and the ear canal. In nost cases,

acoustic feedback is not audi ble. But when the in-situ
'@'aai nneéntidre retdes ntp dhe figlds wf f heardng | §idhi gihe anvewtion, more

r, than optinmal. size vent
specifiallHERERJo & TP0 S5 2Lt AB Pl Rk apPBied ngyacoustic
feedbéae LAY ef éBQﬂ)tﬁve F&jmﬂgoaéo@nctfeédm b8 hebeng e and to
beconmes unst abl e t he once-i naudi bl e acoustic
an elercé'@d@amcuﬁef@b&é@aaoguauﬂ e, e. g. inthe formof a
whi stling noise. For many users and peopl e around such
audi bl e acoustic feedback is an annoyance and even an
Relat&basr assenent . I n addition, hearing instrunents that
are at the verge of feedback, i . e . sub-oscillatory
feedback, may influence the frequency characteristic
/Sé%)lfsp? fg&%%g?ggéc%% Lrg% ﬂ%a@ﬂ E Vme% ?%l?édé%‘fegk from the
vent dsreaealngean/@brccbhmréainmglkamridwmﬁ %rmﬁhcm noost cases, acoustic
m crophone tran 1 Ng, an_acgoust.i c put sl gn La
feedbgigisanon PSS JBUAMBPN DB G SHe#iR ATt B! yeali Al IS suficiently
high, &e\ﬂﬁé td Begéthsh “E)‘g%'ié?%izeo\&’érﬂ% u%b&”ﬁ‘x'e G4 AMEUERHAg ald can
rans ucer- or receiver for transformng the electrical
exceeduhpattesiugtiah dffered doy memmwlwam@UtThernetm@msme tearing aid

f dback h of h .
then ESEPHRS UngiaPBuyd HE aTEIAEIOR FaDEls FUtaCh dost Ry udiole

e.g.in tHé forbfa wstuﬂr@nesnééqp@rnﬁmp@@aﬁs ahdBeBprREIBLINETSUch audible
ain G (including transfornmation efficiency of

acous%ccfegghacpje BN raneyaBes g1d even an embarrassement. In addition,
hearing instruments that are at the verge of feedback, i. e. sub-oscillatory feedback,

may influence the frequency characteristic of the hearing instrument and lead to

intermittent whistling.

Fig. 1 shows a simple block diagram of a hearing aid comprising an input
transducer or microphone transforming an acoustic input signal, a signal processor
amplifying the input signal and generating an electrical output signal and an output
transducer or receiver for transforming the electrical output signal into an acoustic
output. The acoustic feedback path of the hearing aid is depicted by broken arrows,

whereby the attenuation factor is denoted by . If, in a certain frequency range, the

product of gain G (including transformation efficiency of microphone and receiver) of
the processor and the attenuation f is close to 1, audible acoustic feedback occurs.

To suppress such undesired feedback it is well known in the art to include an

adaptive filter in the hearing aid to compensate for the feedback. The adaptive filter
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the processor and the attenuation b is close to 1,
audi bl e acoustic feedback ocgcurs. To suppress such

wapwesdned feedback it is well known in the arPCT/BP2006/060576
i nclude an adaptive filter in the hearing aid to

estim2@sd ats dbAsfe? fuhbtord #8APBGHHUt 1B en@HadR théehearing aid including the

filterestimates the transfer function fromoutput t
acoustitppropsggatine prifrfreny thiedoutpot tréinaducdretcatheusiput transducer. The

- j th f h t put trapnsducer.to_ the

input ¥ B Sfpn i fifer)s oREoE R e Bhieut BRI g poding the output

signat oo eieé edddstivieh ikt eefimafienherér Ng QitiraRfsl thém the input
out put si g{nal of the adaptive feedback estination

transdyggresigna) g gemnpansate for de ereustinfeedbacih Aibeaiing aighefl this kind,

- C en AC: | ; in
isc B LRSS OPIsckBARCL ek RERLARS OB, T outur
signat froentitd sighbl pfddegsor atiefed fo Bhdadaptive Toedisatkpedtimation filter 5,
. .signal fromthe_signal processor 3 is fed to an o _
whichy g petirllecely Baikerecantighiingrt £ The @daptivevipedback estimation filter
consEN HkFs e SdBLScR paENE Ok Lh Bimald B SRk signe
and preduthag kknpattputpsignaldiimgh as selstractad ¢ronf tHehprdoessbraigiout signal in

' I d.produci an _out put signal which is. :
orcer Yo S0 PSS D2 B AR ek s sigpal pat
of the' sty ai@f I N the ideal case to elimnate, acoustic

feedback in the signal path of the hearing aid. An

overvi ew of adaptive filtering is given in the

AN BRIy b SR B oo TR Pl i BRI e hoocati
"Adaptive 1RO ilteBng if _aﬂmrgémﬂé@bﬁa Odritfblaganlisnedy iherstizack
cancelling is a bias introduced by the feedback

predi ction nodel itself through narrow band signals

e N _ , h _ : _
QR Py En T aShad e RAAT BB Belipalk BRI R0t inirgouce

by the fecubmerl pradictien assdgintseinhidigh rarf@e daadksighaidahcluded e.g. in

oscillatiaon) is a highly correlated version of the =

speect) 0Gi MHPICsi bifal COMRIRIOTs PRSI Sfplbife AP faadback  estimation

algoriftih & Bé&e&‘%ﬁfthagas’gu%dgi‘&%%at & Bedbadt gigﬁgﬂ(d&il%‘ﬁ‘aﬁ% a highly
or nmusic, are narrow band signals, a brras s

correlatedr vensewd of rihe horidiresd dbigodl. YWeeh ctigral condjedneantsl dfhie external

.exter.nal, narrow band.signal conponents are renoyed .
hearing kiR, R SoRAIra L SERERN BariSty %% earBeUBaMk Sanals, a bias
is intrEURIIE FSIHRNfe@ldBAEK hddiction model and the external narrow band signal
components are removed from the hearing aid signal path by the feedback

suppression algorithm.

To solve this problem Siqueira and Alwan propose in "Steady-State Analysis of
Continuous Adaptation in Acoustic Feedback Reduction Systems for Hearing Aids",
IEEE transactions on speech and audio processing, Vol. XllI, no. 4, pages 443-453,
July 2000, the use of a delay in the forward or cancellation path of the hearing aid in
order to reduce the bias introduced by narrow band input signals. This delay,
however, does still not make a sinosoid signal unpredictable by the feedback

cancellation algorithm.
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To solve this problem Siqueira and A wan propose in
" St eady- St ate Anal ysi s of Ognti nuous Adaptation in
WQRe®wa3014¢7 Feedback Reduction”Systens for Hear i PQI/BPI86/060576
| EEE transacti ons on speech and audi o processi ng, Vol.
Bidnh - U8 2008/0058887 At 3o RtesIH! e aid e KhBRnOtomprising a
delay 1n the forward or cancellationpath of the
cascatea0fi atapdive notchofilters applied dutie etrer bigas! heforend sigrdl [s/supplied

0t FEdB Aol S BT e “Sorte o BO s 9Bioves ne
narroivessHRSignaRBEPbAEhRNfrémapel feBAbEEI BslifRadeR H GHRReAI0 hat the

1 to Kates a hearing aid is known conprising a cascade
meano3qugda Brior d Mzl ko ealeuietien $n dpg adaptive feadbagk astimatigndilter does

not teh, igathdlits HhEPBak SR bavd SpeF SRRONeff Aac nterpolates

the feegibasiepathhaoder svak thaadssnidneduereigzonent s from the
feedback estimation algorithmso that the nmean square

error (MSE) calculation in the adaptive feedback
3PS 8Bl AR AR LR P BRBSS Ui respect o e
notchi filtere ¢ @ratr esigridi ehe eapbtasignalbbhtheo ddbptbree feddback estintation filter

frequencjes, To ensu a corr.ect an. s I error
must Ben iEE: MG poRIESsel e ARBLYR IO TRES msters 1t 1S fed to the

adapt%{ibﬁ algRFittehy or signal the input signal of the adaptive
eedback estimation filter nust be filtered with

copies of the adaptive notch filters before it is fed

o,.the adaptati orithm, Furthernore, ,the notc :
et Beopp iy Mlad® asechisapes 18 FRiPb i Aoy Hap sional
comp@rﬁ’é?ﬁ@'b‘?%mirmtirﬁq Bicssefundtion ePeie hotartiltenogfout.he notch
filter output. In order to renove a plurality of

narrow band signal conponents a plurality of notch

i o1 ety Wt D AR AREEAS fa pigrali
strBRf To PeBole e bty & bty SREL ESHE TS s piyratiy of

notch Cileps! teie | res@ired O FVith idnC (rpsasing chumibberabf inotdnudites fir different
the different notch filters may occur. Sunmary of the

frequenaiasntiowever, the @%P%@BP@ala@P%j'%?aﬁ apﬁén%;@ggﬁlpence of the

differdrit BN Mferk thdy Qdfe @ hearing aid with

Summary of the invention

It is therefore an object of the present invention to provide a hearing aid with
adaptive feedback cancellation and a method of adaptively reducing acoustic
feedback of a hearing aid having improved feedback-cancellation properties at

optimized calculation costs.

According to a first aspect of the invention the problem is solved by a hearing
aid comprising an input transducer for deriving an electrical input signal from an
acoustic input, a signal processor for generating an electric output signal, an output
transducer for transforming the electrical output signal into an acoustic output, an
adaptive estimation filter for generating a feedback estimation signal, at least one first
adaptive narrow-band filter for narrow band-filtering an input signal of the signal
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adapti ve feedback cancellation and a nethod of

adaptively reduci ng acoustic feedback of a hearing aid
whawrnei4rtpr oved f eedback- caficel | ati on proper t PEEER006/060576

optim zed cal cul ation costs. According to a first

proce%i@ei%& beoefast éﬂg é;,er%ﬁétéd%'ﬂtlvg %aprrogpﬂtngr% fi ersi%lr Y%?roWand-ﬁltering a

I'ng an I nput rans ucer

refercfel sigri) oarresb@m‘dmg ¢@laniinput sighgingflthé maaptive astratiore filter, and
i nput, a nal processor for generating an electric

an a@am@upns pnisgh font padatingntbguder 1 ereTticigniss &rfmth?g adaptive

estlméﬂ?n 3||It8|ctbrab€3| %’thu n&‘gtg%‘@hafs%f’ tE ﬂ?scto%ﬁcﬁ IsecBHE Mérrow-band
apt e esti mat i o iTter for generating a

ﬂltersf whéban Khesdtileasti ome segoradi adaptN/eam’rrombarﬁd fiter is configured to

aptlve narrow band filter for rrow ban ilteri i
derlvedﬁsmw SOBAIATOBr > Oradient LIS se@g&ﬂgnaitoqﬁé &t gAg one first
narro@ %qlaptlve narrow band filter for narrow

and-filtering a reference signal corresponding to an

i nput signal of the adaptive esti rrati on filter and an
_@d Et ation nechanism f.or updat r9 ?

3 8Rpiel SAPESGHCs SR ke TheB SR 79 rupijzaign process

of thePRafrb& @éﬁdlﬁﬁerédgé}%rss@ﬁat iRphid %@waﬁﬁﬂl heafifgthid processor), the
narrow band filters, wherein the at |east one second

input aigapt ot thenadaplivenaaimation diter gwérﬁmcg veditered ydth gepies of the

scaplp o ertL 813l O SRR 1B o0 e Ao

band fRetedErefierePte &idgnadl O§tacﬁdfd1tﬁg Q@ d firsy asﬁeetnofsmmpl%sent invention
error) mnimzation process of the narr

derivegh fiem j 2 t gediendr wih easpest toi Hsudilter g@feﬂfﬂfaf»*nfﬁegﬁths feedback
estnm%tgcﬂwl fit %}f‘%ﬁﬁ? r%{rowsahc?ﬂ“%re%' %g&# | ﬁglﬁﬂgpgmtd@ﬁmce‘égt least one first

narrow@nadigeri ve narrow band filter(s) before it is fed to
the filter control unit. The narrow band filtered
reference signal is according to a first aspect of the
Aefer ﬁﬂfy th@VaGi'?ééﬁrb flr‘sY%@af)ﬁ\%Thérre\r/vﬁgér?dﬁllté\‘ Ay RS Beldast one
the filter coefticients of t eedback estimation
secontii adaptuvefnarrcew-banddﬂ\tebarmdlnﬁlzetacest fenctwn gf gaallutpiutq:bgmal eg.
e at |east o nar r.ow hand fi

b i
the sigha aferdy o sianel faimby ThraRiiRbe Bl dney e haromad b least

mean syLbRS ty@@%rtmllé}talbéﬁﬁﬁn one second adaptive
narrowband filter mnimze a cost function of its

out put signal, e.g.
Alternatively it is possible instead of minimizing the narrow-band filter output to

maximize the output of a hypothetical resonator of a given frequency corresponding

to the center frequency of the adaptive narrow-band filter and having a constrained

pole radius.

In order to optimize the frequency adaptation of the narrow-band filter a
combined gradient may be employed, wherein a narrow band gradient is calculated if
the center frequency adaptation rate of the filter is below a predetermined threshold
value and a broader band gradient is calculated if the center frequency adaptation

rate of the narrow-band filter is above this threshold value.
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the signal energy or a signal norm The m nim zation

may be perforned by a | east nean square type or
waReher7al gori thm Al ternatfvely it is possi bP@I/EP2006/060576

instead of mnimzing the narrowband filter output to

i he,.out.put.. of het i
% eiiep i GeRPIBE 8L s AR ShbREs L P il Banre (Lvs)
algorifim tdtSe8dBadK neRiuegém ow band filter and having a
constrained pole radius. In order to optim ze the

frequency adaptation of the narrowband filter a

onmj radient, r , I Qsasn W, ;

TGP anit, PSRy SRREE Sy agidss) corrtation
proce8éingt eft tren nantov-band Miteréd terror signel avitha tie etetav-anddfiltered

t hreshol d val ue and a broader band gradient is
referepgesigndled i f the center frequency adaptation rate of

the narrowband filter is above this threshold

val ue. The adaptive estimation filter preferably

Aspdaptve naerastbared filtsguane of LpvBjerablyoa ipluralityoef adaptive notch

e Fanrl b e o1 ARP! L O TS v the praity

of not%ﬁ tﬂﬁ@r%sl"\aﬂ% ﬂffeﬁmelr_ﬂﬁ aﬁébﬁ\?%"b@rﬁ@?*frfebhéﬁéiég c@i)ror signal

the narro and filtered reference signal. As
adaptive narrowband filters one or preferably a

Trbrspedi ol A iaprbaneh, 8 Rilbds i fEAG B ptively
reduchiguihRl &éoustt fBetisck bf berigaritdygicdedrhprising artl mplut raansducer for
center frequencies c(n). The first aspect of the

deriving eare eledticainnpoh séqr@bffmravaraearyoaw%tln@@t, o signabtpreeegsor for
I Uucl n i i .
aener S S 9eEPERPROSH SErbf eiog oblp AREh A Bl ransiorming e

electri%.bﬁéb{du@%ﬁgridnmﬂb }ah @oelistio onipait, #weomstriod tomptising the steps of
signal processor. for generating an el ectrical output .

genergling A fegr@agh estifgtiontyenalddegying an ?frahﬁ%ﬁmbﬁfﬂ@dmg the
o RSl i 368 ol o AL b ipcitenng ne
error e@gbﬁ%idoa efereate sigmalvéortespondingto s fgadbask estimation input
, subtracting the feedback estimption signal fromth

signalg|and. Aealing (BEoahy csmafian  leruaseie P peagd g the narrow
band-filtered signals, wherein the narrow-band filtered reference signal is derived

from a filter gradient of the narrow-band filtered error signal.

According to a second aspect of the present invention a hearing aid is provided
comprising an input transducer for deriving an electrical input signal from an acoustic
input, a signal processor for generating an electric output signal, an output
transducer for transforming the electrical output signal into an acoustic output, an
adaptive estimation filter for generating a feedback estimation signal, at least one first
adaptive narrow-band filter for narrow band-filtering an input signal of the signal
processor, at least one second adaptive narrow-band filter for narrow band-filtering a
reference signal corresponding to an input signal of the adaptive estimation filter, and
an adaptation mechanism for updating the filter coefficients of the adaptive

estimation filter based on the output signals of the first and second narrow-band
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error signal and a reference signal corresponding to a
feedback estimation input signal, and adapting

wo ewdbeisk? estimation filter @oefficients basedPGHEPIE6/060576
narrow band-filtered signals, wherein the narrow band

s R A BB B0 B A e comures
to mimﬁzgggm@g ShareBieeRnf rREBRCct of the present invention
a he

aring aid is provided conprising an input
transducer for deriving an electrical input signa

roman acoustic in ' . , .

o PRIRLRY bR BB PR gRLPRRRE e for terng the
error §iGAASEKE fRIr the pidraRtysdferamovgbane fikbeciormira] thetseuond filter set for

signal into an acoustic output, an adaptive estination

filtering theerefergncgesignalt PR resHastivg shrred coshiunsios;igfainimized thus
. S, 0 s apt.i . r i Hier n 0 i
morol B85 e, R S0 UeeRtoh! el o fechecéttencion
make§rexpsaafrowabanice fiter anars axfothe efieqtvieness asfr allvihamarrow-band
] filter for narrow band-filtering a reference signal
filterscorr esponding to an input signal of the adaptive

estimation filter, and an adaptati on mechani smfor

updating the filter coefficients of the adaptive

lasbideat icomediide dhne basadation tdostowf pine  graghients cafcutation a tree

ool et S5O A P S F I b e
of narf@Mba@IfRErd @ prefirabg@NaNsngles shared cost function.

For the plurality of "narrowband filters formng the
first filter set for filtering the error signal and

ABhgh o U0 kBl Y OB €t By et

to perdbien HRSREFIdepEnddaiefbrenaty fitecbuoat tre samenimedisiiigia shared
nproving the overall narrow band signal suppression.

' . g ur
error funetiemarall fdiess of thecsat ok NaERWsbaRE AlterSr r ow- band filter
aware of the effectiveness of all the narrow band

filters. . In order to reduce the cal cul ati on costs of
t he Acqaddient teatheulsatomn asgeceeofs thecpresenpfagptieafion sthere is
set of narrowband filters

furthefrgren prpydfed mﬁtPBWCHaﬁ%em{\rfgfyePéedwu%Sﬁ%}a& gPtaﬁétfP fgtioack of 2
noarr sl i sy P IRFARAREL v 26 ddhes 4 signl o
an acoustic input, a signal processor for generating an electrical output signal and an
output transducer for transforming the electrical output signal into an acoustic output,
the method comprising the steps of generating a feedback estimation signal, deriving
an error signal by subtracting the feedback estimation signal from the electrical input
signal, narrow band-filtering the error signal and a reference signal corresponding to
a feedback estimation input signal in a plurality of filter stages having different
adaptive center frequencies, and adapting estimation filter coefficients based on the
narrow band-filtered error and reference signals, wherein the narrow-band filtering
using a plurality of different adaptive center frequencies is performed minimizing a

single shared cost function.

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

claim 21 and an electronic circuit for a hearing aid as recited in claim 22.
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to performthese independently for every filter but at
the sane tine using a shared error function for al

WO 2doveos7df the set of narrovband filters. ACROIEPIN6/060576
to the second aspect of the present application there
is furthernore provided a nethod of adaptively
reduci ng an acoustic feedback of a hearing aid

Tloammiesitiog, imnyatramathd aspedtqeovites adedrpitey pwgram as recited in

el ectrical input signal froman acoustic jnput
claim 1znd Bﬁ&%‘@éﬁ C'fQH“ fgEAdiearngfid RS speitad i%%iﬁ'”bfl?put
signal and an output transducer for transform ng the
el ectrical output signal into an acoustic output, the
It iheerds premifr Variatipnshod the epeentibngere efedineddatHeeredibac kiependent
._estimation signal, deriving an error signal by
claimg bt racting the feedback estimation signal from the
el ectrical input signal, narrow band-filtering the
error srgnal and a reference signal corresponding to a
fesaiipic dhe deawioasi nput signal in a plurality of
filter stages having different adaptive center
frequencies, and adapting estimation filter
e bldsark tveniaf ethdPfurthes feRlFad \akdadvantabes @8eof Yill become
and reference signals, wherein the narrow band
more f readilyi repR@semly fEorpl dhal ifelloving didetallegntdesgaiption e of particular
l e
embofffirty o YEFHFRALGT P BRCAERE WA firial?
aspect, provrdes a conputer programas recited in
claim 2 and an electronic _circuit for a hearin
Rg- fdeia %@qu@t& Bliork hagrpen [liwskating e AROYREIC f&ﬁggﬂ%lf path of a
ct, provides a conputer programas recited in
heam@f@@h]4 1 and an electronic circuit for a hearing aid
as recited in claim42. Further speC|f|c vari ati ons of
he Lnvention are defined ur.t her dependent
i o? td Blfladaty STOMTG R BTot HE PP AR " The pr esent
i nvention and further features and advantages t her eof
W || becone nore readily apparent fromthe foll ow ng
Hdet %\iis adletdsdingram shovingarteiaciopaaid nsbithinet present application
ma H nven don with reference to the draw ngs, in which:
y Eﬁﬁ)'f s a schematic block diagramillustrating the
acoustic feedback path of a

Fig. 4 is a diagram illustrating the transfer function of a notch filter;

Fig. 5 is a flow chart illustrating a method of adaptively reducing the acoustic

feedback of a hearing aid according to an embodiment of the present invention;

Fig. 6 is a block diagram illustrating a set of adaptive narrow-band filters

according to the prior art;

Fig. 7 illustrates a set of adaptive narrow-band filters according to an

embodiment of the present invention;

Fig. 8 illustrates a set of adaptive narrow-band filters according to a further

embodiment of the present invention;
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hearing aid; Fig. 2 is a block diagram showi ng a prior
art hearing aid; Fig. 3is g bl ock di agram show ng a
wheariieig7ai d to which the présent applicati on PEYER®06/060576

applied; Fig. 4 is a diagramillustrating the transfer

function of a notch filter; Fig. 5is a flow chart

illustrating a nethod of adaptively reducing the

l%igg@ztsi a tﬁleel}glbﬁﬂt?faof ilistrating e ajrddieot cattiutegionoaacording to an

enbodi ment of the present invention; Fig. 6 is a block
embog‘rg@?ta%th@p@%mx%@tlgn;set of adaptive narrow band

filters according to the prior art; Fig. 7 illustrates

a set of adaptive narrowband filters according to an

feigbdGiisenblosk didgrapy dsstrating e tieenstrucitgre ®r gradient calculation

iJlustrates a set, of adaptive narrowband filters
accorglgggpdq %€665‘Wmﬁefrg‘3ﬁ8&&?ﬁ%ﬂt'”ﬁ”tme pr esent

invention;Fig. 9 is a block diagramillustrating the

radi ent cal cul ati on according to an enbodi nent of the

I%geé'éiﬂ aidiagram idustrating thesensitiyitplobtwo tinggraigradient filters; and

illustrating the tree structure for gradi ent

cal cul ation according to a further enbodi nent of the

FgESE Y aidingrain it0strdting thélsdrsitiditg ofgiragfitthersiradienbgiters.

the sensitivity of two types of gradient filters; and

Fig. 12 is a diagramillustrating the sensitivity of
Nl L ' fiql . Detail ed description
Detalléla o%?gélbcﬁﬁc?@gf%%%%cﬁgmbgd 15'583 is a schematic bl ock

di agram of a hearing aid having an adaptive filter for

f eedback suppression to which the present application,_
gy e aS5HPMAC breek dingFan 9 heding aid (i AY adagive filter for
f ; I .
oot FEUBARSEN LR iADRURE Lol D990l
i nput signal, a signal processor or anplifier 3

S b g b EkEs ot 2R3} o Mropnons
2 trangf:ogﬂﬁg?%m SDUSHE iR GHID SRklcid tinSitHighal! Bts®yri processor or
amplifier 3 generating an amplified electrical output signal and an output transducer
(loudspeaker, receiver) 4 for transforming the electrical output signal into an acoustic
output. The amplification characteristic of the signal processor 3 may be non-linear
providing more gain at low signal levels and may show compression characteristics

as is well known in the art.

The electrical output signal or reference signal u(n) is fed to an adaptive filter 5
monitoring the feedback path and comprising an adaptation algorithm 6 adjusting a
digital filter 5 such that it simulates the acoustic feedback path so providing an
estimate of the acoustic feedback. The adaptive estimation filter 5 generates an
output signal s(n) which is subtracted from input signal d(n) at summing node 7. In

the ideal case the feedback of feedback path 3 in Fig. 1 is therefore removed in

processor input signal or error signal e(n).

The adaptive estimation filter 5 is designed to minimize a cost function as for

example the power of the error signal e(n). The adaptive filter may be embodied (but
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out put. The anplification characteristic of the signal
processor 3 nmay be non-linear providing nore gain at
wo ow78dgmal | evel s and may sRow conpressi on  PCT/EP2006/060576
characteristics as is well known in the art. The
: I l;~ OMt e e (il :
is no? rggﬁrfcieg]‘ tg d% I?ﬂ\é/%sf:;rﬂ teer{glsE F%p%'?\%g ﬁilﬁzaﬂltelr‘ gwﬁé adaptive

coeffipights dagh) cibimpugtsibagn)arA miméraﬁom‘rahaéqoaadaﬂWIerllter update for a
a digital filter 5 such that it sinulates

dj

Sampf%'é gg&%’ﬂlté' e'geta'sabﬂgwtqa%taear%ﬁmrﬁas%a%& oMt e of
the acoustic feedback. The adaptive estimation filter
5 generates an output signal s(n) which is subtracted

fro i gnal t summ ng node 7 . In the

t?"&'égﬁ ngi é'a)gg%ﬁ‘?of feedback path b in Fig. 1 (1
is therefore i‘(er)mved i n processor input signal or

error signal e(n). The adaptive estimation filter 5 is
designed to mnimze a cost functi on as for exanple

wheregrowesontbls the rate of adapiatipn ea(nm)cs “atmds dampverage power in the

feedogek 55 FahL i ol - NatbBh L PR ilrds iyt fine) tone the

adaptﬁ/éafébkdbﬁcl@%ﬁf:élfdti%ﬁt @é@é&nhlﬁlﬁiﬁégfhebéﬁrﬁa sighal e(n) by adjustlng
adaptive filter update for a sample

wer -normal i zed
the fllgaf qaeffiaienis thaln)etheegh bedh) spghal theaputphtsignel éé(r)rfws’é@ same

ampiiffi i AFse e B Beb T WL Cons Bl talistat dhrpng roce 7

Is the average power in the feedback path signal u(n).
If the input of the adaptive filter is a pure (sine)

T%ﬁéo'ﬂﬁélsa'd'&?ﬁﬁlﬂﬁ@q efaplaekcanaalinng Ranrew kanst epmponents of non-

feedbga? rgJu% E@eﬁﬁé % ffowid I‘tt? G?le tn%?r‘(g%n/gﬁ?é @?lt?r%té é{ﬁ?tﬁh filters 8, 9
for nam:btnpbﬂmdsflmmg thengrrivesighdies(apae walids thectﬁroaesisthmﬁmtaﬁgnal or

refereﬁgg emgr?a gq;%mep ldalqa%olgg %g&tl l,bségag qurlg eé): 9 gpe?gte W|tl(’\J mutually

|dent|€eﬁ“fﬂ3t§l' Ebé‘ﬁcféff\'iic?‘@ %@ﬁltéf‘)%&ﬂ@i%& @; nﬂ?@&%ﬁ@@ﬂf&r@% copied

signals it nown to use narrow I'ters such as
to narmaow-dantlifllteeSs 118 2 @arfant ofi dinis embadichemt | ﬂheylanrg debeme to 8.
0cessor put. Si

Both ﬁ@?gp@%é rlq %n%fl a G?ﬁﬁademfe fllgquglgpp{;gctﬁ 'Pcﬁﬁ”ﬁﬁﬂ each other and
havind idiff&teat 8daftiRPeerte? Mduendldsuatdey output signal of the first narrow-

band filter, i.e. narrow-band filtered error signal eyn) and the output signal of the
second narrow-band filter, i.e. narrow-band filtered reference signal ug(n) are fed to
adaptation mechanism 6 controlling the filter coefficients of adaptive error estimation
filter 5. Adaptation mechanism 6 performs a cross correlation of its input signals e¢(n)

and ug(n).

Preferably the adaptive narrow-band filters 8, 9 are implemented by digital notch

filters, having the transfer function

. -1 -2
_ 1-2cos(o,/f)z" +z 2)

2

1-2rcos(o, /f, )z +1°z"°
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identical filter coefficients, i.e. the filter

coefficients of narrow band é‘ilter 8 are copied to
waanoroesband filter 9. In a V@riant of this enbOHEPING/)60576

they are copied from9 to 8 . Both filters may consi st

B 1BaSE5GP BN ¥ Moo GRS Bl Faci Y 1P Ind Ao fiter, o the

er-an avi ng di Fent "adaptive center

centdrrfestiRimely €A . radik@sodnaul, the Wihpldg freguéndyst refepdbly assumes

band filter, i.e. narrowband filtered error signal i
valugs( hptwaan Ore ang Juengi tingartisulam betyeash @, 9aransiv hah dschematic
_ N . . ; i gpal
ustaliph BF the s B BBR BE A ke B LR ERAE R PP P g

the filter coefficients of adaptive error estimtion

filter 5. Adaptation mechanism 6 perforns a Cros

ELFGCY iy e 619"%&’“ F_PeNg O8I ABPUNGINARX it OPKCE‘O f?'te" 8 for error
: [ rrowband filters 8 , 9 are
S'gn%PEﬁ)gﬁeﬁ%%%{%sS%?tggﬂ%ﬁch filters, having the

transfer function H(z)= 1 2cos (wo/ f s "' | - 2rCOS(w
/[ f s)z 1+ (2}in frequzency domain z , whereinr is
xfre) pelng-2adials) -a(n t-he- notdh —f2)[ ter, %{}8 tﬁﬂgr center (3)
fr@gypgg?n)lﬁ_rcw,gm+1)a,ngl(nf§2}h sar% |'ﬂg requency r
préferably assunes values between 0,5 and 1 and in
particul ar between 0,95 and 1. A schenmatic

illustration of the transfer function of a notch )
wheredn x(ry) is|arugutpst signieh fromyfiltering withjestitheirade pair and ex(n) is
| . . . . n .
e rdAHs ARfISER TR YTARPLARSAR R B B EUR ggapive note
frequénty ofex(otgh fiter( Mhefredjuenty adaplation(i® given)by: r x(n -
2)| ef (n) =x(n) + 2 c(n) x(n - 1) + x(n - 2) J
wherein x(n) is an output signal fromfiltering with
just the pgje pair and f(n) is the result of
(ddil }Faink i |- edn) n@c(/m')fh the zero pair, wherein c(n) (4)
is the ad#¥¥) ve notch frequency of the notch filter.

\&- ?erl?];'rq @gﬁ%ﬁé‘? il’iae%a tea%ggtei gp(gécy oF tl‘?é/ :Ce%{err]'-l-f:rl"e(_)]u:ecn(cr)]/) of the notch

and p(n) is a power normalisation:
p(n)= o - p(n-1)+ Ve(n)® (5)

wherein a is a forgetting factor of the power normalisation and Vc(n) is the
gradient of the notch filter. This gradient can be calculated in different ways as is

explained in the following:
(1) True gradient algorithm

The true gradient of a direct form |l notch filter is calculated as follows:

g(n)=(1-r) - x(n-1)-r - ¢(n) - g(n-1)-r* - g(n-2)
Vie(n)=g(n)-r - g(n-2) (6)
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p(n) wherein mdeterm nes the update speed of the
center frequency of the notch and p(n) is a power

woeroradi4gati on: p(n)= a p(n-H+ Ve(n)2 (5) wheP@I/RPR06/660576

a forgetting factor of the power nornalisation and

Ve(n) | | gt t 0 g Thi :

gr adi e@e?:%ﬁ %(Fe]?géa cu?tgguesdgfw% dé{a?éédetn({a%m%?/t'sﬂazrqestme gradient
expl ai pesvides thegh cidraMsegsitivityl in tHe vizirgtyack et center frequency
algorithm The true gradient of a direct forml| notch

filter Sy RUAPEEISHE SAMREratyea b Agh eRptatongl cosh- 1 ) -

c(n) g(n-1)-r2 g(n-2) Vtc(n)=g(n)-r g(n-2) (6)wherein

g(n) is the status of the gradient cal culation. The

{2)ue gPadudoigradient algsritarhi gh signal sensitivity in

the vicinity of the center frequency c(n) but bears a
conparatively high conputational cost. (2) Pseudo

gr adi ephofedOpay 1) ANQHER aWeYpddte CRHERLE i) 1P Rimplified
met hod of c(n) 1s the sinplified pseudo gradient

met hodpsauda geadignti metnods Thisr algedthim isdemeechfsomtbiei agsumption

e B AT R R BB Lt B of e
t he sosg@drdrhdpeB)anarreicenhe ise-cledPseUBB gradient is calculated
follows: Vpc(n)=x(n-1) (7) Besides the |ower

conput as fAPMS: cost conpared with the true gradient
nmet hod, the sinplified pseudo gradient is
characterized by its larger sensitivity to spectral

energivéc(hp:%hq)peri phery of the notch center (7)
frequency and hence its relative less sensitivity to

the spectral envelope in the vicinity of the notch

fr equeggyiged qhé Ié)\ﬁef. EJ)beh{aeﬁoﬁgl %stt g&n@é%@wﬁﬂ the true gradient

method, the simplified pseudo gradient is characterized by its larger
sensitivity to spectral energies in the periphery of the notch center
frequency and hence its relative less sensitivity to the spectral envelope
in the vicinity of the notch frequency. This is illustrated by the graph of
Fig. 11 showing the sensitivity of the true gradient and the pseudo
gradient dependent on a sinusoid input frequency at a given selected
notch center frequency of 8000 Hz, notch width of 500 Hz and notch
radius r = 0,995. The pseudo gradient is advantageous having a narrow
band signal component in the periphery of the current notch center
frequency, but if the notch has converged to the frequency of the
narrow band signal component, it is more advantageous to use the true
gradient as it is more accurate in its frequency estimate since it is less

disturbed by signals in the periphery.
(3) Combined gradient
According to an aspect of the present invention a combined gradient is

suggested which monitors some sort of mean pseudo gradient. If this is

above a specified threshold the mean pseudo gradient is utilized
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Fig. 11 show ng the sensitivity of the true gradi ent
and the pseudo gradi ent dependent on a sinusoid input

WO p@quency at a gi ven sel ectl®d notch center frRCUEPZHY6/060576
of 8000 Hz, notch width of 500 Hz and notch radius r =

nar 1 owinBERd @ BT R SIS AGT AT R Thery bfiffkbelow the

cur r enf, - SHAE ﬁi?"r%?e’rrefd 8f¥8aFYenttytgilén et olveizh@snitors the
converged to th requency of the narrow band si gnal

conponeseyda gradientwith aniexpenatielidecaying menwindewe

gradient as it is nore accurate in its frequency

estimate since it is less disturbed by signals in the
periphery. (3) Combingd gradi ent, According to an
aspectméﬂ)=t7he”}6"r1'é§em—@ve‘?ffri)oﬁ7 &Monbi ned gradient is
suggested which noni X o sone sort of nean pseudo

gradient. |If this is above a specified threshold the

mean pETgG}JB I§Ir>adi ent is utilizedinstead of the true (®)
gradient algorithm which in turn is utilized bel ow

the threshold. A preferred enbodi nent is given bel ow, _
whi ch wheidimnsdéteemimesLitie forgettieg factot bf dre exponential glecaying

Une( ) A AswOIAPGaTORREIes TERN el Gradirive m(n) and p
for get L1 Oy 2l LNGebi _—
f o RETgE The el SR TaBbIPlwilien We Bbod radient is

nm n) agglizedsreat f9 #3mime >t htleem thel pealide grbdiest vhiarmula (7) is
the pseudo gradient is utilized. That is if | n(n)%llj > @ .
then tueehiethtfrgauen@ntpeater crladipHOn Bf founyadd) ignd pigerwise

freque . cal ¢ i f | 2 ]
ot herwﬁ%trpgﬁ%gﬁg@%ﬁ Eedn?&gﬁ{}?eég? nwf@}'%?- aﬂ%g) tpes respective
uti| i zgehdieNts bave e beasperted irethgr weighting factoe calculation defined
inserted in the weighting factor, cal culation defined.. .
OH%H ient  filter

by (5)bY TiR)-s TesmsionEuned [filler 8 "Peedridor HUPr §F (6)
gradi egimbinkk®he dddtintages of both gradient algorithms discussed above,
i.e. the better sensitivity of the pseudo gradient with respect to narrow
band signal components in the periphery of the notch frequency and the
higher accuracy of the true gradient close to the current center

frequency c(n).

According to the present invention the calculation of the narrow-band filtered
reference signal ugn) is needed to perform the calculation of the gradient Vpg(n) of
the notch filtered error signal efn) with respect to the filter coefficients bi(n) through
bk(n) of the adaptive feedback estimation filter 5 as is defined by the following

formula:

M e -2
Vi(n) = Z" U(z)[n Ozt (9)
Fll+rcj-z +r°-z"

Fig. 5 illustrates a particular embodiment of a method of adaptively reducing

the acoustic feedback of a hearing aid according to the present invention.
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conmbi nes the advantages of both gradient algorithns

di scussed above, i.e. the better sensitivity of the
wW@s@adel4gr adi ent with respedB to narrow band sPQREP2006/060576

conponents in the periphery of the notch frequency and

tlgfmgl er ac rac%l&g{{ Pg‘ﬂ.‘:)t g&%‘gﬁfl el%tgderbvoe(dﬁfépr% t‘ﬁg acoustic
input ?f ﬁﬁ Egb tIr'1 Qbsssudi hethati 98p &2 éﬁ@r B@fnbpw(rt)a@@erlved at

rence signal uf(n) is needed to perform
summirige rmbcmw suhtracctnrtgqée@b@@keeﬁtlmﬂqrp;lg@fal 1sm=) fiercmput signal

o) st S 9,S H R o Sl r R P R C A Bp R  9 utm n

step $5UHIEE ks B frBAhsBMAMEd libterthe asoustic dritpurelly bycdiver 4 in method
following formula: Vbk (n) Fig. 5 illustrates a

step S&articul ar enbodi ment of a method of adaptively
reduci ng the acoustic feedback of a hearing aid
according to the present invention.ln nethod step S 1

avitel thetat ileadt drfefmérr@ivgim;id filtlen)8 & ;ademni-vand filterad: signal e«(n) of
~acoustic input of mcrophone 2 ubs nt
their effaipsignalds calcutatga an mst 9d steryef lrbﬂis%%e%‘gﬁﬁﬁ?@nﬁé&%e fparrow-
[ f n
band rﬁﬁ%vﬁépél{gg%gluﬂg} r%?f?@%‘?‘?ﬂg?éaéldr{é?td(ﬁ)” blél%élehé& i tﬁéocﬂ‘ least one
narrowibgimal filler Soetiizimg tBepraochwebagd diliepcrefscignts fou(ld)ln S|4
step S5 which is then transforned into the acoustic
out put by receiver 4 in nethod step S9. Wth the at

Iﬁa%pogf tﬂ@We%WbQéﬁ(‘%sanattléh filte? pb’#éﬁ@t‘ér@aﬁﬂ abibptivs @dtimation

sl gha of their error signal is calculated in
filter memﬂm@ besedmn gmmmnorreleapnsﬁ nareowdangwiltargd signals

o) S SRR el R EubPSSHERSRT DR BHE) bfigton siona

s(n) WFn'e'thdd 81 t$@wﬁﬂirf|@we@wdwé hédgativedagtfif dfcduenhing vl 7j n
. In step S7 the feedback estimation filter

paraneters of adaptive estimation filter 5 are adapted

gﬂg%e $8P1atiBR ST BeFBHAbY B) Kagtiver Sutirhaish fitdt §1ffthethod
step S8 is preferably performed such that a cost function of the narrow-band filtered
error signal eq(n) is minimized. This cost function may be the signal energy or a norm
of the signal. Most commonly the mean square error (MSE) function is minimized

resulting in the widely known least mean square (LMS) algorithm.

Narrow-band filters 8, 9 are preferably optimized to cancel narrow band signal
components. This may be obtained by minimizing a cost function of the narrow-band
filter output. This cost function may also be the MSE leading to an LMS type

algorithm.

Instead of minimizing the output of the narrow-band filter it is alternatively
possible to maximize the output of a hypothetical resonator with constrained pole
radius. After maximizing the resonator output a notch may be constructed from the
very same filter. A notch adaptation algorithm maximizing such resonator energy J

can be derived as follows:
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f(n) and uf(n). Adaptive estimation filter 5 then
derives feedback estimation signal s(n) in nethod step
weRorhieh7is fed to the negatd ve input of sumMmPEEPAE060576
The adaptation al gorithm performed by adaptive

7.
_ st hmpidon filter 5 in method step S8 is preferably
J_E[%ewlgm% such that a cost function of the narrow band

a7 fflteredygpor s_iq%na_l ef(n) is mnimzed. This cost
—=F -cq(nbrr@gﬁg eliusie ivitge aradierisglirestion asde imaeased) (10)
oc g gnal . st commonly the nmean square error (MSE)
function is mnimzed resulting in the wi dely known
| east nmean square (LMS) algorithm Narrow band filters
The cBrreSpamding meadieabis\thepexpicssdd tas fobmwesl narr ow band
signal conponents. This may be obtained by m nim zing
a cost function of the narrowband filter output. This
cost fu hon may al so be the MSE | eading to an LMS
V™ c(n)ype ﬁggrﬁthm I nstead of minimzing the output of
the narr6nband filter it is alternatively possible to
maxi m ze t out put of a hypot heti cal resonator wth
constrain @Z@qbpiadiﬁsTAgLe% Ximzing the
_ 71(rd6hat gr1|olt put_la ¢iét €h Ay zbe/ constructed from the
versy same |filter. A potch adaptation algorithm
maxi m zi ng such resonator energy} J can be derived as
follows:a/> dx(n) =E 2 x(n) (Adjdst c in the gradients

1(direction gsé@ inchse J) (10) dc dc The
_ 7 . .
d

EY. is then expressed as foll ows: 11
qg(ﬁ)(lvm:(n;’ de’:z 1) r =2z--1 pE(z) 1) - v

2

wherein E(z) is the Z-domain (frequency) representation of the notch input
signal and Z' the inverse-z-transformation back into time-domain signal. In time

domain dependent on index n the gradient is represented as follows:

g(ny=x(n) - r - ¢(n) - g(n-1)-r* - g(n-2)
Vhc(n)=-r g(n-1) (12)

wherein the notch filter is determined by equation (3) and the weighting

function p(n) and the frequency update c(n+1) are given as follows:

p(n)= o - p(n-1)+ V™c(n)?

c(n+1)=c(n)+—— . x(n) - V™c(n) (13)
p(n)

Similar to the simplified pseudo gradient discussed above a simplified pseudo
gradient algorithm can be constructed if one constrains the notch's zeroes to prefilter
the input of the adaptive notch. The gradient algorithm is in the following referred to

as "pseudo maxres gradient"

J=E[e{(n)?]
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(Il +¢c--22((21r -2z1+r z- 2z 2z ) wherein E(2z)
is the Z-domain (frequency) %epresent ation of the
wmoiochoi4mput signal and Z 1 t1 e PCT/EP2006/060576
i nverse-z-transformati on back into tinme-donain signal.
lmtine KN depengent on index n the gradient is
Qai: Qr@sqﬁpt%gg_@g follows: g(n)=x(n) - r - c(n) - g(n-1
dc ){r2’- g(né) | ,Vne(n)F - r g(n-1) (12) wherein the
notch filter is determ ned by equation (3) and the
wei g&z;tf'(m function p(n) and the frequency update c(n+l
V™chm)aregiyen as follows: c(n+ )=c(n)+ x(n) Vnc(n) (
13) P(n) I#siamad-ar to the sinplified pseudo gradient
di scussed above aési nplified pseudo gradjent algori t\hm

Maxresgradi

can be constructed if one constrai
eroes to prefilterlnptthe I nptapf th adapti Ve notch.
L [TOE, @pladi ent Rl gt SN —fol'l ow gt ef,eryed |to
=Z" s 3 pz]eudo ma_gs Glad(lerg 2 e[ of - )
¢ Psetdomex r es -11 -2=znz)-1 +¢c-z"'" +1
-r- z-11+r -ctz 1 +r 2 .-2 1+4r-c- r + 2 . - The

mai n di fference between the pseudo nmaxres algorith

nd the normal pseudo grpadj-ent algorithm discussed
:ZIE@[Z()r(éJricSthratz‘fh filter; Esi gnal can be used
s the input to tHK&T§radi en éalchl ation filter. This
an be observed in the
Z{ l+c-z7'+1.272 —r-z! ]
2

l+rcz'+r?*z? l+r-cz'+r* 2"

E(z)-

pseudomax resgradientfilter
A

~

1

=7 E.(2) ez 14
/@ l+r-cz'+r?. 272 (14)

The main difference between the pseudo maxres algorithm and the normal
pseudo gradient algorithm discussed before is that the notch filtered signal can be
used as the input to the gradient calculation filter. This can be observed in the
frequency sensitivity plot as a dead zone just around the notch frequency (compare
Fig. 12). The dead zone is inversely proportional to the radius coefficient rq,. The

pseudo maxres gradient filter is expressed as follows:

gmy=e (n)-r,-c(n)-gn-1)-r.-g(n-2)
V¥emn)=-r, -g(n-1)

} pseudo maxres gradient filter (15)
If re = 1 then the pseudo maxres gradient VP™ ¢(n) becomes identical with the
pseudo gradient of equation (7). However, setting rq; equal to 1 is not a numerically

sound choice.
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frequency sensitivity plot as a dead zone just around
the notch frequency (conparﬁsFig. 12). The dead zone
WO g007nearsel y proportional to the radi us coef f PCT/BP20061060576
The pseudo maxres gradient filter is expressed as

f glrhitsds ie) the)abo9€ destfibédzases alridfaxidye ll%iﬁélﬂ%lgonthm may
maxr es &vadl ent Vpm c(n) becones identical th t

be empployad. YVhaen dhis algommtlsoca\erqvgd Hpeevap, toSérueu gr@d«emi filter is
obserggai%%p{ Qi tﬂgtfol?oMHggéﬁni@% y sound choice. Similar

HeCabcve- deser S a true maxres gradient

al gorithm nmay be enpl oyed. When this algorithmis

derived, a pseudo to true gradient filter is observed
g(ﬂ)%&,ﬂﬁés&ed?(bkg(%el}ﬂd@ﬁﬂﬁ@)fornul ae: g(n) =ef (n) -
V,,,,,rzc(n (R -1 -rd2zg(n- 2) Vnc(n) = rdz

Gt tgeBlh = 1)V pme(n - r-olm-o(n L 1)-1 2
(n)ig(g/tn-ra)vgm(ﬁ)%r—l(l;?)g¢n?n§tr 22(7(1(12)5) ?( )n) (=a) |o(T E-\)
m T n) c = c(n)+- - x(n) nc(n) p(n e
v c(’é)er_ngf’t)i_\i"gf’észbf the maxres gradient, the pseudo (16)

n) H@X nagrgpy and the true maxres gradl ent are
pim) dep‘?glts_e% in %59 12. The dead zone of the latter two

c(n+Oagipnt 44 i 91 veqp) be readily recognized in the
( gl%? PpAw(le)(plbgl ne’gé(ll n detail before the adaptive

narrovv-band filter or in particular adaptive notch
filter is configured such as to mnimze a given cost

f .
BB SRS e O i A B A PR ASBB0 Iy Bl gt on o
true nexesyranfierst drg pigphetéd delg”. agorraéafea@azort@eoméuamaetwo gradient

filters can be readily recognized in the plot.

As explained in detail before the adaptive narrow-band filter or in particular
adaptive notch filter is configured such as to minimize a given cost function as for
example the signal energy of the output signal. As mentioned, alternatively, a signal

energy of a hypothetical resonator can be maximized.

It is known to use a cascade of adaptive narrow-band filters connected in
series as shown in Fig. 6. Error signal e(n) is fed to adaptive notch filter 1 having a
center frequency f1. The narrow-band filter output signal ey(n) is then fed into
adaptive notch filter 2 having center frequency f2 and so forth. As much as eight or
ten or more notch filters may be employed for achieving a satisfactory feedback
cancellation. Every filter of the cascade of adaptive narrow-band filters minimizes its
own immediate output. This is a perfectly sufficient algorithm in the case of a static
signal composition. After each notch stage one further sinusoid is removed from the
signal. When the signal spectrum is fluctuating, however, this method proves to be
inadequate. Now the first notch may jump from one sinusoid to another not taking
into account that one of the later notch stages may already have adapted to this
other sinusoid frequency. This leads to the generation of audible artefacts of the

feedback cancellation system.
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It is known to use a cascade of adaptive narrow band
filters connected in series1 s shown in Fig. 6 . Error
waee@nabi4e(n) is fed to adaptive notch filter 1P¢CEHEPIG6/660576

center frequency f | The narrow band filter output

sTenRbietHi$ probiemt th@rbrégéint' |ﬁ§/@hﬁk§’@?¥dw&e§1§&é‘d‘rdfdd foebne? aspect

havi ng center frequency f2 and orth
a sete@ﬁgﬁdamva Oarow-pane fﬁ@f&:tﬁioﬂhﬁ@f@dsln“rﬁ?ﬂ@% @ﬁfigu@eﬂdsum that a

g o SRS A R SRR AIR G ton o

maxM‘T‘lzatldim)Z@ﬁ:drdlﬁ?thhls rerEriuatEol Higkes.eabhi rfarr@w-dand filter of the set
erfectlg sufficient algorithmin the case of a static

of nalipyrRaNc BiigiasPwaisno! e BeeliieReqs T AISoRSE oW filietsndine cost
funCtléllrlJ ?éfﬁég flomn ﬁéTB ﬁ)%t 's nggﬁ\ hpﬁwesla%?ﬂ[t%ﬁ éwﬁ%t %«%Zafséo%%l/e narrow-

rumis I uc proves

band tfitehe |isnm3edpaaketo utbvmltehe farr e optictizaty jprogeskr as is shown

one sinu to anot her not taking into account that
sche%a@y I g;_g Iat er notch stages may al ready have adapt ed

to this other sinusoid frequency. This |leads to the

generation of audible artefacts of the feedback

clitbethisamietirods {st effedtiveaess of te sapoebbamd filkering eserte greatly
. i nyent i rovi des  a ding to gne aspect a set of
ImprOg@idplr\?glq&g@ r@W%ﬂ'é{%"Ph{a@'Pg ségﬂﬁi%ct ed in series

configured such that a single shared cost function is

m nimzed. An optim zation (mnimzation or S _

nARe npraltans rappeaciog dvitly the fultﬂrsarafa@gemawcsh@wnmakw 7 is the

Chenary t he rrow,b
incref T St L AR of 1bsBerticel codfhs LB hg poracient
calculétld)rﬁ it thEhincedsde blits nambeéerdfussich rfﬂlﬁré NMEnedhRMlation cost is
gnal of the last filter of the set of adaptive,

roughWa¢rpem@&\@btq the gquare of ﬁfé@ ngaEriQl fikers thustigreasing hervily if a
F
arge bl ERhPARERTAr el MoBebRIBY RYled " F1 O

narrow band filtering can be greatly inproved, in
Bartlcu ar for rapid

GBS TR ETAPIEI £ T QeI oA N i s PIRPOSSd
whersil % sPe Kt DREssRh LBRATIATY 06, TR bl saoe
narrow-handrfdtegds eisef] ahén themaeangement shoin ineFig. 7THeut the gradient
calculatléncsma?et) 'p%r}fo?r%sétd Independently for each filter stage. This shared error
methodology works well as long as the center frequencies of the respective notch
filters are sufficiently spaced from each other. For this reason it is preferable to use
the filter arrangement of Fig. 8 in connection with more narrow band gradient
algorithms as e.g. the true gradient algorithm, maxres gradient algorithm or true

maxres algorithm explained before.

Another possibility to reduce the computational costs of the gradient
calculation of a set of narrow-band filters using a shared cost function is illustrated in
Fig. 9. The calculations performed by the second and further notch filter can to some
extent be re-used for the gradient calculations of the other filters since the gradient
calculation result is order invariant, i.e. the computation result of a cascade of linear

filters is independent of the order of these filters. Furthermore, if the notch filters are
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roughly proportional to the square of the nunber of
filters thus increasing heawi ly if a |arge nunber of

woanorendband filters (and center frequencies) PGI/EP2006/060576
utilized. In order to solve this problem an

implefehf B iret$ foieWrddlizEliich aBpart dPitR® QfFadienheaRURtBN can be
single shared cost function derived fromthe output of

extraatee fnoa@tth@n@g:ch filkersahemsetvesi In e exampial oh§ig.B the number of

ctco B RLSEFRI L bl S e, (R B Y sz250-0 retnt

calculbtibheto Hiréggradidhtscaidiagtshser ror net hodol ogy wor ks wel |
as long as the center frequencies of the respective

notch filters are sufficiently spaced from each other.

R a Yk §3RBBr df hSrrBh S ME S % Y2BuE8 hoWeSEr a further
R o FPSE gy hg Breors o

arrang In connec nor e narrd

reducb?rm @f gﬂbﬁﬂjlmtiortdl gnstst I&n@ [oes necgssarEerr thes gnwmmtaccording to
al gorithm maxres gradient algorithmor, trye nmaxr
one aaap@smfhmefemso%éngmea ﬁéqﬁot%ﬁwtﬁssﬁqrb% ﬂarfioav “band filter

arran%&;ﬁ%‘ﬁﬁqs?ﬁ?&leég%gtsgt@tbﬁi@'caﬁﬁ%&mﬁfm F@ 19f Wil’ﬁé‘h ure notch filters

ation o nar r ow band l'ters us
are illasiaated aosquanasc psendd o ittueugtadserd dcanveFsign fﬂlers ﬁlaeclrcles and

cal cul ati ons. perfor e second d fur not ch
the offEREs SRR e watiet CAS TR MRS nhiF gl Sgqin - are
equivaidhtH #ld earurtiohhd Bthestch ilitbes Snt%'rlﬁlélestéféex?l) ag&in formula
calculation result is order invariant, i

(3). conputation result of a cascade of linear filters is
i ndependent of the order of these filters.
Furthernore, if the notch filters areinplenented in a

dhrpeterhbodindnt 'SRvirz 8t FR) @ Mewévearf thééredy sifiicte is after two
cal cul ati on can be extracted fromthe notch filters

stages Feptaedd by they endestisietirpl of Fdg. EPEPWNG semevhist mere effective than
the com&‘élt‘?é gﬂﬁct@f’é I@'t@sefeﬁgﬂg MAe 't Bngﬁlht!fétrt\gle{eﬁ the number of

uced rom calc atio

calculgtiett amnd treahambat Dbeéﬁedtifvemdt(&'f filezrsrisigiven mf
narrowband filters is required, however, a further

reducti on of conmputational costs nay be necessary For

M=k.NIB5S(NPUkR@sSe, according to one aspect of the present 17
N gg\pl oﬁ@ a tree structure for the narrowband filter (n

arrangemsnt i s provided as schermtl cally shown in Fig
Intlsfl ure, npteh filters e illustrated. as
iP5 s BB BF ifergiand € dndihate: e isfCdependent
const§rit§.cl*—'@r5|rrﬁ‘i’&nenting a tree structure, naturally, the number of filters N should -

be an integer power of 2, that is 2%, 2° 2% ...

A similar result can be obtained by implementing the tree structure to the
maxres gradient algorithm (see above) which requires that each and every filter

stage is realized as the very last of all filters.

If the pseudo maxres or a true maxres gradient calculation algorithms are
utilized, the implementation is very effective as these two gradient algorithms can be
calculated from the output of the entire series of notch filters, that is the notch filtered
signal can be used as the input of the gradient calculation filter. The consequence of

this effective implementation is the central "dead zones" reflected in the sensitivity



t he octogons synboli ze pseudo gradi ent cal cul ation
filters, which - again - %equivalent to the
wealoeub=ri on of the notch fI1| er's internal stBCBERIN)/060576
given in formula (3) In the enbodi nent shown in Fig 9
e n
plots of F%‘A@‘g dFI'Er)nst Ghaelgé 2!3162110? m%?lg r’bq?c@ifﬂg&rgs %&éﬁﬁ@%%eudo maxres
gradiém Ifﬁél’salbelﬁngmgebfmhiac@ptlhalmotdhefiltemmé applled tmthe final output of
ucture In this realization the re] ﬁl%eéonshlé geéwe%. ,
the sqirf FRIFDAHEG. 'éath%mssyﬂert@ iR Of AR HRY ISopxteRded o Jauis filter
[ I +Heor2

result (T B! [JeRLSS | RadlehE BB aeRy Tor ALl notches. The
compmwﬁbaalematdfdmtldéknes&jelgorltfunsumrees%oniydmmmm@h%number

trgﬁ struq natural ly, the nunmber of filters N
of notgh §lies aRPIZA |nt eger power of 2 , that is 22, 23, 24,

A simlar result can be obtained by inplenenting the

tree structure to the maxres gradi ent al gorithm (see

above) which requires that each and every filter stage

is realized as the very last of all filters If the

pseudo maxres or a true maxres gradi ent cal cul ation

algorithnms are utilized, the inplenentation is very

effective as these two gradient algorithns can be

calculated fromthe output of the entire series of

notch filters, that is the notch filtered signal can

be used as the input of the gradient cal cul ation

filter The consequence of this effective

i npl ementation is the central "dead zones" reflected

in the sensitivityplots of Fig. 12. This is also true

for multiple notch filters, where the pseudo maxres

gradient filters belonging to each adaptive notch

filter are applied to the final output of the set of

notch filters. If the pseudo to true gradient filter

is extended to this filter result the true maxres

gradient algorithmis obtained for nmultiple notches.

The conputational cost of both these al gorithns

increases only linearly with the nunber of notch

filters applied.Cains 1. A hearing aid conprising:
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an input transducer (2) for deriving an electrical
i nput signal froman acoustic input, a signal

w@e@cassior (3) for generating an el ectric out ppCT/EP2006/060576
signal, an output transducep (4) for transform ng the
el ectrical output signal into an acoustic output, an
adaptive estimation filter Ic!a for generating a
f eedback estimation signals S | east one first
adaptive narrow band filter (8) for
narrow band-filtering an input signal of the signal
processor (3), at |east one second adaptive

narroleﬂggnRg Foe{:orgg |5|f1 r narrow bandfiltering a

reference’sig esp ndlng to an input signal of

t he agtaphpwetrasséducryi(@h foi dedving5an electrieal mpaptsigriabrfrom an
nmechani sm (6) for updating the filter coefficients of
acoysie inRIdpt | | ve estimation filter (5) based on the output

51 902 SiPl bR eELéS(s) RRAANH, HALIRUOBOR! LEhsl >

2. The ng al ereint
one fan sutmdiamlsdacm(w) dor transfofminigethe(B¢ctaoa autputsignal into
east or}e second adaptive narrow band filter (9) are
an aEB‘r\?tl BYYt o minimize a cost function of its output

Si gnaén adlaptive CedtpRitiondfirerd (Hf fdr! ?érﬁ@r@tm vihes&ddackhBstimation

~ cost functlon mnimzation IS per rmsd y a | east
signatean square (LMS) type algorithm 4 . The hearing aid

OF (LA 8 85 st HRBERA e B850 SRR P pPighcpatrenng
an |ﬁdﬂ@s@tna| 6ffle HGRalldroséssadepy i ve narrow band fil ter and
the at | east one second adaptive narrow band fil

ar ecotif legst et seernd md@o@tlweﬁaﬁmvb@anaffﬂkerh%d‘phélareaw -band-
filter{}@éi?iuzéf%rrer?ée %igh A Sl S SSHIRMGY 1 bR FRE &ighAedr ARke adaptive

estimation filter (5), and
an adaptation mechanism (8) for updating the filter coefficients of the
adaptive estimation filter (5) based on the output signals of the first and second

narrow-band filters.

2. The hearing aid of claim 1, wherein the at least one first adaptive
narrow-band filter (8) and the at least one second adaptive narrow-band filter (9)

are configured to minimize a cost function of its output signal.

3. The hearing aid of claim 2, wherein the cost function minimization is

performed by a least mean square (LMS) type algorithm.

4. The hearing aid of claim 2 or 3, wherein the cost function is a signal

energy.
5. The hearing aid of claim 1, wherein the at least one first adaptive

narrow-band filter and the at least one second adaptive narrow-band filter are
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6 . The hearing aid of one of clains 1 to 5, wherein
the at | east one second adaptive narrow band filter

w@ 2)07pexsfbrns a cal cul ati on of a conbi ned gr adPEIEP2006/060576
wherein a narrow band gradi2ént is calculated if the
center frequency adaptation rate of the filter is

bel ow, a _predet erm ned threshol al ue and a broad
corfpiet s e b8 ARt & SRVPpPeliBalisBastof e BNES freauency
with 28k @ihé@PoletRli@d. the filter is above the

predeterm ned threshold value. 7 . The hearing aid of

one of clains 1 to 6 , wherein the adaptive estimation

fil - : '
for reoliad BARLE,Ae s, 5Ag orRate .5, MrlfFLyP IE gt one

secobidaiadaptlvd mafrow-baadefiltert (@) pdaptrasi ancalealationsof @6 )combined
perforns a cross correl ation processing of the output
gradignt, M’)hef#'nt acnaffowand gradientr is Cﬁ@bﬂlﬁt?@éf 3¢ reRRi®Tafrgauency

s 8 oot SR B B 8,08 B

bandhgeadiang isi chlodlatetkif dhecteaxites fréquend; adapiadion ratee ohtthe filter is
| east one first and second adaptive narrow band

abovg tﬁ?&’% %‘PE“HWctﬁr?sihof‘i}’%Iuﬁavi ng an adaptive center
frequency c(n) with frequency wwdth r. 10. The hearing
aid of one of clains 1 to 9, conprising a plurality of
first7. afide sheaimy aichpefi weenaf claimsandtd ig, t wherdiavthegadaptive

estinfatiag ) (SaBE|VE: § TPas Ry Hieersc fadsT bochlupaiok fgpaback
reduéticm?ari ng aid conprising an input transducer for

deriving an electrical input signal froman acoustic
i nput, a signal processor for generating an electrical

out puyl fﬂ]@r@a}rﬁgdgﬁg gftgr%u%)f f)cfl:%\ﬂi%dlfcﬁ:[ %ﬂhér%fn the adaptation

transtorni ng rical” olUtput signal into an

mecharisipt (63 pedbns a droes wetrelionprpcessimg of tree stitpps e (n) of the at
enerating a feedback estimation si | Vi

of : ge d _ I gnal , der|V|nq
leastpneshinebadaptyiranarsw-Hand Tater (figvimihe eedmhene st NgAtgast one
secontiYbtive narrow-band filter (9).

9. The hearing aid of one of claims 1 to 8, wherein the at least one first
and second adaptive narrow-band filters are notch filters having an adaptive center

frequency c(n) with frequency width r.

10. The hearing aid of one of claims 1 to 9, comprising a plurality of first
and second adaptive narrow-band filters having different adaptive center

frequencies c(n).

11. A method of adaptively reducing the acoustic feedback of a hearing
aid comprising an input transducer for deriving an electrical input signal from an
acoustic input, a signal processor for generating an electrical output signal and an
output transducer (4) for transforming the electrical output signal into an acoustic

output, the method comprising the steps of:
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fromthe electrical input signal,

narrow band-filtering the error signal and a reference
wa@e@nabi4eor responding to a feedback esti nati onPCTPR1006/060576

signal, and adapting feedba2k estimation filter

coefficients based on the narrow band-filtered

si gna : L: , Wherein a cost

functé%rr]}eréﬁng%ggﬁg%%%%%@rﬁ'%%%d error signal or

of t hgermang @t eerod digndl asye dubehetirgy tite Segdivdckaestimation signal
mni mzed. 13. The nmethod of claim 12, wherein the

fromchstelectriealiioputrgignah zat i on is performed by a |east
mean ﬁ%ﬁ&g%%?%@g.etr@ g%ﬁ'o?hrgig,;ﬂa“l' dhe et '?ﬁ%r@rflce signal

claim in the cost function is t
corrssgpmalingtrea gedbltk estimatioatinput sognal] aman 11, wherein

the narrowband fi]tering.is perforped imzin he
out pLRGGAING Gl sstinatiars St soeBicents s of the:narrow-

ban&—Fiﬁ&‘é@i@gnéﬂ’%s.th constrained pole radius. 16. The nethod
of one of clains 11 to 15 , wherein the at | east one

of the first or the second adaptive narrow band

filte 8, 9 rforms cal cul ati an, of conhi ned

or ad Gt e et ok 8RR, B, e saet fincflof o fid figmay-band
filterbél ehftf sffid OF of (et RSY-bafiarlRidPreferirReFigridlaré Mikigtized.

is below a predeterm ned threshold val ue and a broader

band gradient is calculated if the center frequency

adaptag i r f the filter is. abhgov .
or cdetbr T o find ofi it 2 S B fosr Finstion igigaization s
perferined loy Bedst rhdarl SquaregiLMS) t?/b@ alggidhvack estimation

signal is generated using a | east nean square (LMS)
al gorithm 18. The nethod of one of clains 11 to 17,

wher efn 'I%ecﬁ'\%ﬁfoo%’fr %‘S’nzf‘tl ] %‘?éf\%jr{‘%eﬁoestt Réhction is the signal

nar r ow band- tered error sidgnal
energar row- band-filtered reference signal is perforned.
19. T t hod  of f clginms, 11 18, wherei .
narr O{Ebiﬁﬁ Pnetr?od o&e c aimC 1%', n\1‘/?/hereirt1 Othe8 ’narroe\;\/r—géer tttllteerlng is
performed maximizing the output of a hypothetical resonator of a given frequency

with constrained pole radius.

16. The method of one of claims 11 to 15, wherein the at least one of the
first or the second adaptive narrow-band filters (8, 9) performs a calculation of a
combined gradient, wherein a narrow-band gradient is calculated if the center
frequency adaptation rate of the filter is below a predetermined threshold value and
a broader band gradient is calculated if the center frequency adaptation rate of the

filter is above the predetermined threshold value.

17. The method of one of claims 11 to 16, wherein the feedback

estimation signal is generated using a least mean square (LMS) algorithm.
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filtering is perfornmed by notch filters having an
adaptive center frequency c(n) with frequency width r

WO 2@0/101He net hod of one of clainms 11 to 19, WPET/BP2006/060576
the narrowband filtering i28 perforned in a plurality
of subsequent stages connected in series and having

ot 001 Hin EomrePH ! B PhAALBRe T Gt 1 he6Fsin Ry SLaRG Coirelation
procgstsip. o R Tl -ban@Rfedd &HBF WBgrlat Wih ARe Harowiband-filtered

ectronic circuit for a hearing aid conprising: a
refedngeaignal icpssonmedB) for processing an el ectri cal
i nput signal derived froman acoustic input and
generating an electric output signal, an adaptive

estimpg i PRefhbinRid 6PbnEOs! BIaMHRS af1 e 18 fVaRsHBRE khe narrow-band

~estimation signal, at |east one first adaptive _
filterirey isquerfaméd by netch(fiilers tvavingr amwdeative £entes fiegyeany c(n) with

i nput sj.gnal of the signal processor (3), at |east one
frqu%rchYn‘H'd Bptive narrowband filter (9) for

narrow bandfiltering a reference signal correspondi ng

to an input signal of the adaptive estimation filter

1g_5|), AndTae metedact eneneicAaimsmi( & orwhsglt they narew-band
. 11t C i i i i .
rierl) o 4.8 bRl L 3yPRRL s PBLpSGSH ' Sies anc

havifg eliffesteneadaptveaemtér frdcgiencied3. A hearing aid

conprising: an input transducer (2) for deriving an
el ectrical input signal froman acoustic input,a

Si 9”3%1_%0&%?%{ (Ff@g,fém &%}ﬁ-{g}sﬁé ggo@ﬂ&n?lc%ebfﬁo? giitidPiting the

signal,” an outpu nsducer rtransform ng the
metteddeatadrdimg toudneudf cdaigrsal 1 tan2@ an acousti c out put,

22. An electronic circuit for a hearing aid comprising:

a signal processor (3) for processing an electrical input signal derived
from an acoustic input and generating an electric output signal,

an adaptive estimation filter (5) for generating a feedback estimation
signal,

at least one first adaptive narrow-band filter (8) for narrow-band-filtering
an input signal of the signal processor (3),

at least one second adaptive narrow-band filter (9) for narrow-band-
filtering a reference signal corresponding to an input signal of the adaptive

estimation filter (5), and
an adaptation mechanism (6) for updating the filter coefficients of the

adaptive estimation filter (5) based on the output signals of the first and second

narrow-band filters.

23. A hearing aid comprising:
an input transducer (2) for deriving an electrical input signal from an

acoustic input,
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an adaptive estimation filter (5) for generating a
feedback estimation signal, at |east one first

wa@od@ptiomer narrow band filter (8) for narrow baPdFEPI0DN€060576
png an input signal of the24ignal processor (3), at
| east one second adaptive narrow band filter (9) for

to Q‘n’“T A Picar o Tor GBS o8 SRATRBLINA S er
(5), %ﬁg@.ﬁtt?éﬁs%‘ﬂlcﬂﬁ a8} §3h&RImiry thepslatirieal Blbt%ut S|gna| into

filter icients of ‘the adaptive estimation fil
an gcoyustimeuipubn t he out put signals of the first and

o RGBS, b Mo el B

signal e each configured to mnimze a single shared cost
function 24 The heari ng aid of claim23, wherein the
seconat leest one dinstradantivadiarew-band fiter (@ f@f(@;rqwo—band-ﬂltermg

an iR G BF pl s B A Beb st cspeat ve f11ters of the
fi r st ats dastforrd aptbng atription- merrslv-bahtefiter( &) &F rdreow-band-

hearing aid of claim24, wherein the first set of
flltermga;ﬁure&erﬁa@e oHomaingoresRending stoa@n Mt pigpal 4f| fhe adaptive

a tree structure 26 The hearing aid of
estn@%{;@?ﬂﬂ@%(’ \?\’/her ein the gradient cal cul ations of the

pI ur aam tadaptatidn trexchanisnt (@) fcirrspdai'mgt tree §ikerondeffieients of the

adaptive parr ter e rformed .
adap iy elalien JET (aneRses KBy e oTRLT RITAmG! dhe st @b second
narr%t%] ﬂﬁerSto 26, wherein the filters of the first
e second set of adaptive narrowband filters are

conf i gheredn toe ritisTof thenfirssLanslisecdnd skl pbadeptivainarrow-band
fiter§ S GRcf sahBoUeB AP R ani2p o S75ie Ry o ASSLARIGIET or

the second set of adaptive narrowband filters (9)
perfornms_a cal cul ati on of a conbi ned
24. The hearing aid of claim 23, wherein the second set of adaptive
narrow-band filters (9) is configured to derive its output signals from gradients of the

output signals of the respective filters of the first set of adaptive narrow-band filters

(8).

25. The hearing aid of claim 24, wherein the first set of adaptive narrow-

band filters is at least partially arranged in a tree structure.

26. The hearing aid of claim 24, wherein the gradient calculations of the
plurality of filters of the first or the second set of adaptive narrow-band filters are

performed independently of each other.

27. The hearing aid of one of claims 23 to 26, wherein the filters of the
first or the second set of adaptive narrow-band filters are configured to maximize an

output of a hypothetical resonator with constraint pole radius.
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gradi ent, wherein a narrow band gradient is cal cul ated

if the center frequency adaptation rate is bel ow a
w@e@dabarm ned t hreshol d val ue and a broader bBEOTEP2006/060576

gradient is calculated if 2he center frequency

adaptation rate of the adaptive narrow band filter is

near (7 LT AT BRAS Qi BE Cang Bl 87 Serd e fst or the

sec@@aﬁtldf%dl\é/}ghvmbrrﬁw -band BiersyD) E@ﬁbmﬂ@ accdi@gatioreana combined
squar e orithm for feedback reduction. 30. The

gradmtr w@rannd aoﬂa@ﬂw-hﬁﬂdc oEagignb s calcptateqk tiee ncgamer frequency
ada&gﬁ‘é’ﬁ 3Lt ?@2% g&?%&&t)enﬂﬁfefgo;ﬁrﬁ?ﬁmaf\?aﬁa d{eel @%é’&br band

proceSS|ng o a f|rs
gracigia s caleursted ihthd sentef frietiaescy Bgaptation Memittlpalbslapﬁve narrow-
of the second set of adaptive narrowband filters
band Ber’s above e AEHISREBPA T9PSORE GAUR | ol e 23 Lo 30,
wherein the first and second sets of adaptive
narrow band filters conprise notch filters having an
adapt29 eThe rearingr @queh ope cgfnglaimg 123f tee @8e vdheraindtire rmdaptive

estiriaBin, e Sy ST Rk e TR, RHTAor feedbeck
redukfignsducer for deriving an electrical input signal

froman acoustic input, a signal processor for
generating an electrical output signal and an out put

oy b TR L B, oo

mech& st @) pefbimyangbes b@@‘el@tlbﬂ ?ﬁ@@‘eﬁéﬁarﬁf@ﬂ tﬁ@tdlﬂpﬂut%leg(ﬁiﬂ of a first
deriving an error sig subtracting the feedback

set GAJARVBOTAIESMRENC TGRS (B les dog 19 e te 60k ot thengpcond set of
adaﬂmérr%\#&@ﬂgn&lfl'ltérgf(bz.g the error signal and a reference
n

signal correspondi to a feedback estimation input
signal in a plurality of filter stages having
di fferent adaptive center frqguenc
0

f eedbilck R NeRENI A1 ¢f PRE & PW%?gﬁi@%@pt g0 ihefirst and

secon@l’ §8¥ of adaptive narrow-band filters comprise notch filters having an

adaptive center frequency c(n) with frequency width r.

32. A method of adaptively reducing an acoustic feedback of a hearing
aid comprising an input transducer for deriving an electrical input signal from an
acoustic input, a signal processor for generating an electrical output signal and an
output transducer for transforming the electrical output signal into an acoustic
output, the method comprising the steps of:

generating a feedback estimation signal,

deriving an error signal by subtracting the feedback estimation signal
from the electrical input signal,

narrow-band-filtering the error signal and a reference signal
corresponding to a feedback estimation input signal in a plurality of filter stages

having different adaptive center frequencies,
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band-filtered error and reference signals, wherein the

narrow band filtering using a plurality of different
wa@odaptiome? cent er frequencies is perfornmed m ni PEZERPO&060576

singl e shared cost functiondé 33. The nethod of claim

32, wherein the narrowband filtered reference signa

e 10 il S S 4 o

bandfiRshe8MNrrdradriietériePBe isfgriz@d, f or med enpl oying a | east a
partial tree structure of narrowband filters. 35. The

met holuhenein: e mag@veband filterieg eising Ikeplyraldy @htdifferent adaptive
i f.diff 1t i -
contgfEEEII R BaMrs s T ERE i ge SBl o8 Fhglon g

The net hod of one of clains 33 to 35, wherein the

narrow band filteri nig.i S 2?erformed maxi m zi ng an
out puE3. cfheameyied BEClaiml 32, aklaprginp thanamowdand titered reference

sk SohO8 o ey AR SR P St

narrow band gradient is calculated if the center

frequency adaptation_rate is_bel ow a edet er m ned . .
t hr esHbl dNgaMRNGHOh riudes BUIRICEY dov cdtadiant calculation is
i i . of
periGfidAbRid 2 IO GARIEY oF ARG SRS ARATRGR
predeterm ned threshold value. 38. The nethod of one

i gnai>- e diechad & g ri Eh ot e e, BEAdST L geuations of
diffe%}rﬁ%fdabﬁ% @roﬂ%@nﬂlﬂé@%t@c}ﬁe@%@e YerfolAbatindpéiiettly of each

erein the feedback estimation filter coefficients

otheare adapted utilizing a cross correlation processing
of the narrowband filtered error signal with the

narrow band filtered reference signal.40. The nethod

of orgs. ofhe Inméthid3gF bAe 3§, claihes &3ntd 136, natgrei thendarrow-band
~filtering is perforned by notch filters having an _
filteriagafs Resfaraece MAHEGEIRS N cPuPul afh af hygaksligalwrasenator with

constrained pole radius.

37. The method of claim 32, wherein a combined gradient calculation is
performed, wherein a narrow-band gradient is calculated if the center frequency
adaptation rate is below a predetermined threshold value and a broader band
gradient is calculated if the center frequency adaptation rate of the adaptive narrow-

band filter is above the predetermined threshold value.

38. The method of one of claims 32 to 37, wherein the feedback

estimation signal is generated using a least mean square (LMS) algorithm.

39. The method of one of claims 32 to 38, wherein the feedback
estimation filter coefficients are adapted utilizing a cross correlation processing of

the narrow-band filtered error signal with the narrow-band filtered reference signal.
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4 1. A conputer program conprising program code for

performng the nethod of one of clains 32 to 40. 42.
wa@\oogliearrtonic circuit for a hearing aid conprPGI/RB200&060576

si gnal processor (3) for prdcessing an el ectrical

i nput signal derived froman acoustic input and

generat i an el ectrical output sign n adapti

Oot v e fhetiad phphece Sittos a4 ) 29, BRrBIE e Pérow-band
. ' ' i . . £ . i ,
e SRR Pt g BB Bl e ey i) v
frequemmytwislttgnal of the signal processor (3), at |east one

second adaptive narrow band filter (9) for
narrow bandfiltering a reference signal correspondi ng

t o ang{ NRWorfipGted! profrdm eoriissiny reglammiodenfor igérdiming the
(5), an adaptation nmechani sm (6) for updating the
methiad ofeone obglaines 8Att@ 46f t he adaptive estimation filter
(5) based on the output signals of the first and
second narrow band filters, wherein the first and

secondp s eletrafrnditcus forathettihg @i comprisingh
configured to minimze a single shared caost functjon )
a signal processor (3) for processing an electrical input signal derived
from an acoustic input and generating an electrical output signal,
an adaptive estimation filter (5) for generating a feedback estimation
signal,
at least one first adaptive narrow-band filter (8) for narrow-band-filtering
an input signal of the signal processor (3),
at least one second adaptive narrow-band filter (9) for narrow-band-
filtering a reference signal corresponding to an input signal of the adaptive
estimation filter (5),
an adaptation mechanism (6) for updating the filter coefficients of the
adaptive estimation filter (5) based on the output signals of the first and second
narrow-band filters,
wherein the first and second set of adaptive band filters are each

configured to minimize a single shared cost function.



