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WD 2007/ 101477PCT/ EP2006/ 060576 Hearing aid with
adaptive feedback suppression Field of the invention
wO 2bhggismvention relates to the field of heari pgrapsdsinsosie

The invention, nore specifically, relates to a
hearing ai,d havin n ilter for suppressing
ncoust | c iR Wi adeniie tedbash ShoRRssRBauC: no
acoustic feedback of a hearing aid and to an
electronic circuit for a hearing aid. 10Rel ated prior

Field ofdhe inventioAcousti ¢ feedback occurs in all hearing
i nstrunments when sounds | eak fromthe vent or sea
bet ween the earnoul d and the ear canal. In nost

THERSAventRFO Yelatss feedhachelds dfiohearinl bhigls. Btie WR¢antidiE more

in-situ gain of the hearing aid is sufficiently 15

specificaltyrelaies harhearingrajd havingnaio gdeptive fiterdfoy sHppiessing acoustic

feedbadft Eomeliit AP adadivel) By B bt RS S S k300 pig and to

an elecPbnichfirchR 461 fBediidg Glen becomes unstabl e and the
once-i naudi bl e acousti c feedback becones audi bl e, e.

g. in the formof a whistling noise. For many users
r|Qé=rppl e around such audi bl e acoustic feedback is

yance and even an enbarrassenent. In addition,
20 hearing instrunents that are at the verge of
f eedback, i. e. sub-oscillatory feedback,
CPHPW'%%%@&‘PH@CPP%M%G%%Q tRiments d’Vhﬁn ?W@qﬁs@ﬁi‘rf&’m the
[ I HaGRen2 iopiHe I #
vent or v!/s a si rrppQe bl ocﬁhgji S'S‘Pamgo;e%gqf?é‘g?i ng a‘f% Cé:é& doustic
feedbaqko;spmmtsam@bm Butpaiber? 5he riassitd ugain afrthei hﬂarmaei is sufficiently

transfqQrnm ng an a tic input sign
high, or 52 adaiBentu PRIRG! e Yatldt USPEnte adta B 2R hegring aid can

exceed Q}ﬁ’e @tt@ﬁhéhé‘ﬁlbﬁ@#&ﬁ B? thé w}no@WSIQéll Omeoti&tput AN giek! ‘h@bnng aid
recei ver for transform n?m‘fS e el ectrical output

then begmrgﬁalunsmbie andaiheuencecinaurdple acphstictangback Hesediescaudible,

o. 9-in BRsPul P Tef on RefE Ppl g bedng0ugt S audivie

acoustld Heddiskt & arf l’aﬁﬁU?m raft) @vehhan 3émbeadusémeht. M Rddition,
G (including transtormation effici ency of m crophone
hearing dngtryraeris\tba) awr at the verge of feedback, i &. sub-oscillatory feedback,

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

Relate

intermittent whistling.

Fig. 1 shows a simpie 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 § 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 13 is close to 1,
audi bl e acoustic feedback occurs. WO

WO 20946494 477PCT/ EP2006/ 060578 estimates the i@é?fgﬁ(ﬁl%mﬁosm
function fromoutput to input of the hearing al

el S B50 80 BLRRETE 0 BB S B i o
acouslﬂ'f pFé}fhg%‘ﬁéHt [bé’tﬁ frd)rlnt bétp%@ﬁfﬁ%ﬁﬁéert f ; hrgﬂft ﬁi“éns‘?ﬂhcer The
hearing aid e olt put signal of the a

anut Off éiwbdamtn&ﬁltems |Conne¢teﬂeto the ositiphut mmeetleammgratdmd the output
ensate ,for .t he

sione e 2 A58 I o TRET S Sl o e

transd@ést@igreatdo %o@edsﬁté’@r@ﬁé 22888tiMNeedbicie W ﬁ@Bﬁhg? ald ¥f this kind,
illustrated in Fi The out put signal from
disclosgtdgh 0. lﬁrW&986’r59%6|é1 fiscschematically i streta‘Cb@dE!@cIQ The output

sone 5 P b 38180 % RO B b e

which fsi tdrtrolieanisy anfilter coniidl alriit 6hThéerHpack feadiack estlrgatlon filter

Vi d| ng an estimte of the feedback signal 10 an
Constaﬁﬁ% gs e RAGRACKSIFRArovising aneslimate £¢ tea feedpack signal
t
e i 551 A g s
order ta repade, patrnthef idebecasato elimiriate, acoustic feedblick v eiiey i S@Wa! path
of ada t|ve filtering is given in the textbook of
Oftheh%” dA Regalia: 15"Adaptive IIR Filtering in
Si gnal Processing and Control", published in 1995.
One probl em associ ated with adaptive feedback
Art gnenliew raj adapdiveifiteringt is glver dn the tedbdaedbRbKipp A. Regalia:

“adapifh 1, iaPHo ¥ Sapal 53 Gtee0 RS, GoMtele PLBachny oS
anal ysis of the adaptive feedback estinmation 20

al gorithmis based on the assunption that a feedback
Ong greblemogssadiated ovilh adaplive tpadpack capteltieg is/arkas introduced

| ; ts of

o the @eebBi B ALA, st gy JRLGH Rl SOPRORSRYS B8 o i

speechoor mMigsic, Tee coelatisnbanghysigndl the adBp@se ifedback estimation
i ntroduced in the feedback prediction nodel and the

algorithgy ischasgd RAthe \@SsHRPtoNghat acf@aegsfa@lms@naf éoscdm@ah is a highly
correlatb OBk 3R, B]eﬂ'ﬁ% g%gllgﬂi% s?{:;rg'cﬂmW[ﬂéﬁ hyi alt%ﬁxﬂ Cé? R external

suppr essi on 0 SO S pro Iem

hearing $iid irput ae gn doAtained v spaseh on m@aafgﬂsn"ggebﬁimb@iaﬁ a bias
oust| c Fee

is introc&fggggim ﬁ%%éap@%g &Qﬁté%;m ,qr@s e exptemal nlérrow band signal

ti a r S I
componbh?é‘sélﬁo r@@%vgggg’gﬁ'ﬁggledfg\%a%g %ucf’ é?grg% Obﬁﬁj b\@ the feedback

suPpresaerélgynthmthe forward or cancel |l ati on path of the
hearing aid in order to reduce the bias introduced by

narrow band i nput signals. This delay, however, does

Todivd tHi®bramke, Slﬂeﬂ@%cﬂmﬁrﬁ@mw iﬁd‘S‘iééﬂv Ste% AfBlysis of

f eedback cancel | on algorith
ContinugaaammlnAF\co@stKaFegdbacbifeaedmgtlm @ystenkm e‘mmHeanng Aids",

IEEE trsﬂ'%'gpf:brgé thl %ﬁ%%g(?rgcf agx&gﬁ%%%ﬁﬁg?féf?f B:qlgﬁt) € :pages 443-453,

July 2008} mné ued dfa tiblayfieedd askvaratdr mrmtdm@atalcﬁQhetHéalrnng aid in
The series of notch filters renoves the narrow band

order t%uraﬁﬁm dbfpbimentriradusad: Be nawawaban@sopuasignals. This delay,
| t t E
rowevef f9E4 LI 58 ke ' A5 B80° BEE F1F Q5B e fescbaok

cancekﬁbhmﬁgmﬂbﬁs not take into account the external narrow
band si gnal conponents and interpol ates the feedback
pat h nodel over the absent frequencies. To
ensure a correct mean square error mnimzation
process with respect to the notch filtered error
signal the input signal of the adaptive feedback
estimation filter nust be filtered with copies of the
adaptive notch filters before it is fed to the



Furthernore, the notch filters are optimzed to
cancel the narrow band signal conponents by
~mnimzing a cost function of the notch filter
out put . In order to renove a plurality of narrow
band si gnal conponents a plgrality of notch filters
are required. Wth an incredsing nunber of notch
filters for different frequencies, however, the
c onfrohatUS red0 363364 7n Al elms Kaiamadanh&a:'aig aiaf isu émmn afom prising a

qutsrlg:g\ggltqf) %{iggﬁven%g) qllbffjlgletgﬁ%?gar%}e’ﬁ gaﬁrr&rj g\mbar% t;fore 8 signal is
supifielng g fé\édiﬂi}acﬁ@%m \é%tlﬁm%%ghaﬁlboﬁ@m?eifhét s&tes2BE mdtch filters

nmet hod of adaptively reduci ng acoustic feedback of a
refveeuesn ghei dariewi b@ndnptgméobcrmmrma framc éh¢ afsedhack estimation

a8l b TaGhe Wbe LS8 S REECE0RIR0 inithp qoaptive feedback
- cdipgationg filtkel PR ke #fto | Aqidunt res duieeralfl aarrow band signal
deriving an electrical input signal froman acoustic

carmpeRents agddnterrelptrsdssdeedhackyetib madel gventha aksent Erequ encies.

out put signal, an output transducer for transform ng

t he electrical out put signal into an acoustic out put,

an Ta:depslumea -rriermmhmn Blarer efror ng@mezeagdionnprogess with respect to

f eedba I mation naI at | t, one, fi.rst a N
the e et PORE it 0% Susutigndl & S ARV foedifiok pstimation
filp nhMLBe fitcraal with ch%%f&ﬁé'ad%f#ﬁQSsrﬁ%h fiférs! R6fe PNEfed to the

second adaptive narrow band filter for
adaptatioe dlgadthinl t eri ng a reference signal '

corresponding to an input signal of the adaptive

estimation filter, an adaptation nmechani smfor

updafritiegmihe, thiel isteh dittefd hed eptirmizetl tbheanedhts Ngrrow band signal

estimation filter based on the output signals of the
CMPRACER BY JeiBBREINGA cont Bagton pf ther @tcmge@@wptihe

filters of the first and second adapti ve narrow band

filters are each configured as a cascade of filter

st g esderaiotreaante a@iinatjtyr @fdndroownbana signal cs:inm:gir@nts a plurality of

ared cost functjaqn,, and wherein the cos
ncldt Flle oA s omih S HapeshS hipSst ppithefile?® for diflerent
fre?qh%ﬁ@ne‘sshf)\ﬁgv@ra(ﬂ"?e berrﬁidtatfddau @63t§tlﬁc§l€§s@fan¥:lhﬁut‘ﬂéﬁﬁﬁ!ﬁénce of the
Iter stages such that each of the filter stages

diffeyeat/mt@hcﬁntetsﬁmae'fomu veness of all the others.

According to a second aspect, there is provided a

met hod of adaptively reducing an acoustic feedback of
Suanimedy bNthedhdest@spri si ng an i nput transducer for

deriving an electrical input signal froman acoustic

“input, a signal processor for generating an

I ' n u

trgﬁ‘éﬁ ?é;‘n %rﬂH{xfj]’ 9{%?}{ Co?ﬁﬂggt% Sr‘trgé?fﬁ B[Oa'\‘zﬁ %Sép{n% feedback

caaceil&tbncamﬂlapmathdm@f rmidpodelgomnucngr@:duwcs‘taeqﬂsaaﬁ of a heanng

aic o 1ap Ve, GADRBEPEEIAE" BEdisdde ou PHETIZSH calculaton

cosisgnal fromthe electrical input signal,
narrow band-filtering the error signal and a
reference signal corresponding to a feedback

esti natj on |n ut. signal in a plurality of filt
St GRS chE [ DRt aPee (a4 P et e ORIt GRmPAESing: an nput
traﬁg@@éérnﬂ)rfcﬁ#@h@ lane8lck bl %J’El él%r%l *&%f hih U@L input, a signal

based on the narrow band-filtered error and reference
pragiegaal sor vieresating hennatacsie banput isignali mg wsitpig &ansducer for

ral|t ferent a [.ye. ¢cen r e
trafer@iiek 8 el tiel cluglE anal i€ a8 ATREE & avaptive
estihatioh fitedfor gehBedthgch fsfbaeRHstimatiohi sighdl o4t 168¢t one first

di fferent adaptive center frequencies, wherein the
cost function derived froman output signal of the
last filter stage is fed back to all filter stages of
the cascade of filter stages such the each of the
filter stages is aware of the effectiveness of al




To ensure a correct cost function (e.g. nmean square

error) mnimzation process of the narrow

band-filtered error signal (input signal of hearing

ai d processor), the input signal of the adaptive

estimation filter nust also be filtered with copies

of the adaptive narrow band f8aters) before it is fed

to the filter control unit. The narrowband filtered
reference signal is derived froma gradient with

c f | C Lent
acﬁ%ﬁﬂ@ ﬁallr&thJ%‘?ld fi Iltérefc%rhrgz?rhg\krr‘;bg\ﬁpggtﬁgﬁg Z%}? rﬁgdggﬁgi of the signal
pns)lcgssair atils@gt obg deltendtadaptied namewtbarsd filbar fioowatrandband-filtering
ter Preferably the at |east o

2 sefepncoeimah TasRradiTa et Mt ekl e e estimation fier,

ar? SsMaRARRhEMRamahT 98¢ Ragddtihg! fh%r filfePi Betfciants0df the adaptive
function of its output signal; e.g. the signal energy

esfimation filtet bagachonTihe wtnuhﬁmﬂISoﬂf they fitss gt seeansti narrow-band

o S, RGP 5o 20, BB B o s e

eéd?ﬁcdilﬁrgw&d angl dasthds cﬁdﬂt@ﬂ%tdg@sﬁand réabh ¢drdigovéd s minimize a
of a hypothetical_ resonator of gi ven frequency

sipgleruiset ¢ost unsctioRe apd vlagrefrn Ehﬁj@?i%tyfuaf?t"?ﬂw Qeaa%fbffr% an output
sa@?%r%qugt ]‘IIFé 8§r]g tf%&‘éﬁe{&ﬂ 18 aﬂpﬁlaérr ?bg@g of tl%?lc%scade of filter
stageptath dhaioéad:ﬂn@f rthe rfibtesr Mgbs‘ isl awareaof:dhﬂmeffedtlveness of all the
radi ent may be enployed, wherein a narrow band
8?:?0“ ent is calculated if the center frequency
adaptation rate of the filter is below a
predeterm ned threshol d val ue and a broader band
~ gr &dicending stocal setae caspect, hmecenseproﬁ/mmanmethod of adaptively
adagtatlon rate of tf\sgarrov\/—ban filter. is ab F _ f
refHSiIng Gt aotkitg fegfback oba hearingal a?fHBPT‘%'BQ@:{H“RH frgRsducer for
décrivﬁﬁge'énpéléﬁﬁibﬁph pﬁ”ﬁéﬁéﬁsfr@m' 8ASAcOIREN |_ﬁr§&{are? sigrProcessor for
al gorithmfor feedback reduction. e adaptation
ganetaling gmeé&ntmﬂlaggpuis&gn@l@nd 2” ogmutar@ysdgger or transforming the

G b ICoBORTRY pE 4Bl r o SulRl Y FEMdY @i tre steps or
geticgatily a feedbatsk @stirpatioresightl, deribiagcar ehbe S@n@h By @ubtracting the
preferably a plurality of adaptive notch filters

h
feﬁq!%p& QS sioeglEaeythe %lfeﬁtﬂpawﬁp%%lgeﬁb|n@§r@af-bam5~ﬁltering the
U5 IS LYo SIS o SRR oo i
sighai oh o3 quduralitye bh ditteo fstaglemp haviebydiffedendi argl;aptive center frequencies,

aoBRB8 Tepahadgafmelin JUEF FondidheS RRR, o the riiow-band-fitered

erfdr HR réféﬂé‘ﬁc%ns?‘ﬁﬁ%mvbl?erbﬂpﬂfe narrsiaitd BROGRS 88ingl &plurality of
enerating an electrical output signal and an out put

di réntsad@@trvef eenter é"@gn@nﬁleﬁgs PeEormediusingap aasepde of filter stages,

an%kgrﬂﬁl{%%gbgga%nﬁ%o ; nég:]d gc%% ggcﬂc{b Ot i QRE | 'a%falggve center

estimation signa

fred@ieheie8gwharein I’{I@é casgfmlctubu detibéd o ag ddqmtfsamﬁbm khe last filter
estimation si gna fromthe electrical @fjfﬂ%t Si gna

stagg isdwdthacd-toilt Blﬁrn@}asﬂ% Oémeopa%ﬁ sipges such the each of
thé Bl&" &Qgés & SNate Sﬂrh(e Hékd &F A tfh%ecqﬁé%k

estimatTon | nput si gna adapt i ng feedback

estimation filter coeffl ci ents based on the narrow

band-filtered signals, wherein the, narrow band -
f i ACEPEANG &9 & Biidcashaghainera 'Sdem%%ﬁa PrEOmRULE] pregram comprising

préliat e R{ é)té?'g)r ﬁ’%’ﬂﬁxf hé H@f’ﬁé’d 8EEQHIY BMAL second aspect.
ere s a |scI sed earing ald conprising an

i nput transducer for deriving an electrical input
signal froman acoustic input, a signal processor for
generating an electric output signal, an out put
transducer for transfornmng the electrical output
signal into an acoustic output, an adaptive
estimation filter for generating a feedback



Anot her possibility to reduce the conputation costs

of the gradient calculation is to performthese

i ndependently for every filter but at the sane tine

using a shared error function for all filters of the

set of narrowband filters. There is al so

di scl osed a nethod of adaptivel3breduci ng an acoustic

f eedback of a hearing aid conprising an input

transducer for deriving an electrical input signa

fro opSti I

ger Sy aPIRG oL fodrtFidsnp B, ThERF e PrARFET M efcronic cireuit for o
héarrﬁrrgSQMQmmangr arsijres progessbe fal mot:ea;sm@; anu&lpumcal input signal

gnal into an acgustic output, the nethod QO
dqiy@dfrepy ageHeER At AnHbGeRIekne 1 HeD Paﬁ’eéeﬁ signal, an
djagftl'vé'é@m?éﬁho‘?lrﬁlgér R %ﬁb )hgsé' t?éé(ﬁﬁdkn&tﬁﬁ%ﬁﬂneﬁgglép kit least one

timation sign fromt eeectrlcal i nput sig
flrahadmwtﬁvbamjrdw-lbta@mfﬂa‘@r qumag’rqubagd@lﬁanngma imput S|gna| of the signal

Pfrgg‘?%ff{? gﬁ ﬁgﬁ% S%%raﬁ(i%odgﬁg e gF'UP‘A’ati’?QFF ﬂl?e or parrow-band-filtering
a fagscayh AT drdpahamy RAaPinpue skeal ef tHy sduftivel @simation filter,

and adapting estirmation filter coefficients based on

an rdapatiosw rbeslanism deedinslating Hed filter casiicientsgatitge adaptive
% %' nflﬁé}eli)é]saé’(ﬁ 8}0{" t‘ﬂ%”&’u E)P 'a[égofjﬁ*léqﬂrs@ a‘?”d%é’#dﬁdy nzca]rrow-band
¥ &ren apti vé ce re uencies i s
fi Hm'fnl wtereip dhsi ﬁgdteaadasedombsadépllvet |narrow-5’arlﬁ1hrﬁllms are each
ecifjc variati ons @Iche exa

igdrachas peasndesrl Wier fages: rrrf) %a% e é@t&ﬁ?@i? Hae*mlze a single
shEl'r‘@d EB@[SF?JﬂEt!d)ﬁ“’\ﬁHér‘e‘i’rﬁ‘ tf?é‘goét%ﬁ&ﬁn S8R BSma output S|gnal of the

advant ages t her eof wl becone nore readil y appar ent
lastrfiter stagef isIfed hiach td al!afnlﬂeeatam@gmf ithe cascasie gfdliter stages such that

A NGNS R i et O ifotleleh Ll elcinggto

diagramillustrating the acoustic feedback path of a

hearing aid; Fig. 2 is a block di agram show ng a
pr |l@|exampl¢1@a"rbq%m§nbﬁ there is@lgp disclosed aheaingipisheamprising an

mﬁ’&o%rqg&tﬂ: Ipefgp aqg fv e%@ﬁ@gl H@t%&ﬁﬁ fom an acoustic input, a

appl | 1 on na i's”a diagram
sngridl ysbeeddondot genere&m@f an dlaumd: mtanfsmai,oan Imftpuhtt teansducer for

5is, a art.illustrating a net
trangiirm0) (e SUARTITR) PHIPUACHALEI intp Sl AROUSHE Utput, an adaptive
eéﬂﬁ%&[bﬂgf.ﬁérdf@rcgehafdmgt 9 %d%ab@démt.ow‘ sldn@l, PEESEIYt one first

i nvention I's a block diagram
adaptive nagoisgard §ker f@r nacapt band-fileringram inpuit Sidnabetthe signal

according to the prior art; Fig. 7 illustrates a
set of adaptive narrow band filters accordi ng to an
enbodi nent of the present invention; Fig. 8

“illustrates a set of adaptive narrowband filters
according to a further enbodi nent of the present
i nventi on;



WD 2007/ 1014778PCT/ EP2006/ 060576 Fig. 9is a
bl ock diagramillustrating the gradient cal cul ation
according to an enbodi nent of the present invention;
5Fig. 10 is a block diagramillustrating the tree
structure for gradient calculation according to a
further enbodi nent of the pgesent invention; Fig. 11
is a diagramillustrating the sensitivity of two
types of gradient filters; and 10Fig. 12 is a diagram
processior,ugitleast o séeorsbadativel narras-biahdditer fort mrow band-filtering a
refererggrpggil egr{eg:érlgelastp%%%mg to ar’;,rgfat g%i%% 8P @I o Of re%{’ﬂﬁ{ﬁilgg filter, and
an adﬂjp@&&ﬁm REcRaiS@r 69 JdhtiRgV g ﬁlféra‘éééﬁlb}é%té i ot @Fe adaptive
15 feedback suppression to which the present

estlmaélpm fiilkext bagedran the gupt@ut gipnals of tradirst gndl sespnd Barrow-band
filters, :%Dlieﬁljéﬁhg{ﬁggyae{ %t %%gpééc%%ﬁ Q&bﬂtﬂ@uﬁ?ﬁé\ﬁ%%ﬂﬁcﬁ{er% conflgured to

ranstormng an ‘acous

derivedtse6iitpue ignah fieim 2 gmhenta)fsthgrmltp@lr ggaalsof ther at least one first
anplifier 3 generating an anplified electrical output

”a”owspgﬁ%lf"t‘é'hd an out put transducer 20 (| oudspeaker,
receiver) 4 for transformng the electrical output
signal into an acoustic output. The anplification
Toharsact ardstact cost fuhetien (mgl MEAOCERBO® eﬁon)alynirtimization process
] evel

o the 30 5B TR 8 ST 308 i 2, PR e lioBoson. o
input iGPAMbfi tﬁetehﬁp%é es%ﬁé‘tﬁmeﬁifé‘rtMUQlabls@Lﬁémlter@dg\mlh c@bles of the
reference si is fed to an adaptive filter

adaptivey ﬁB[f@Mh@ﬁd ﬁ@erﬁébsﬁﬁe it isded tafae Gbapeoniral ginin The narrowband
filteredzﬂ‘%%tr?ﬁh @Luglorlé tdﬂ v%daquolllf?t 5 n§{ idi éjr#tg k’%@ac% péac[?htog othe filter

Si nul a t he acou
' coefficlb"rmsv ioflithg faadl%dkl aﬁirﬁam‘:n flher ef thus hagolvematab fikere@haror signal
ad Etlve estl t| on fil % %enerat es an out put
outputdydhaat 'ﬁ{:rl%r% F'PQ H&H from i nput signal
d(n) at summ ng node 7. In 30 the ideal case the
feedback of feedback path 13 in Fig. 1 is therefore
Prefemkﬂpi then ap teast sserfirstadaptiviegrea rombaedrftbter singrthe at least one

WO 2007/ 1 79PCT/ EP2006/
second GIppite 0a1 D CATI 1H TN Pt L B8 IBeo Rkfianal, €9
the sighial eABrdla¥ B%igiaPtiorMe The minimization may be performed by a least

mean square type or similar algorithm.

Alternatively it is possible instead of minim_izing 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.



coefficients bl(n) through bk(n). A power-nornalized

adaptive filter update for a sanple n of the digital

el ectrical signal can then be expressed as-follows:

5bk( n+1) =bk(n)+2e(n)u(n-k) (1) (n) wherein v

controls the rate of adaptation and cs2d(n) is the

average power in the feedbaCk path signal u(n). If

the input of the adaptive filter is a pure (sine)

TRO@dh ﬁv@%ﬂﬁiaﬁ%nfﬁféﬂ%bréﬁv%b@&é%l"!e%)é‘t"trﬁ@én square (LMS)

m ni-m he error signal e(h) by adjusting 10t
aigorlthmtf@‘rfeedbadik sdactionbi (n) t hrough bk(n) so that the

out put signal s(n) has the same anplitude and phase

as the input and will consequently cancel it at

BRETEJHPERAE nfechanism TadeRhgedliy danckesidiabh ecrebs esdrrelation

of cancel ling narrow band conponents of non-feedback
procesﬁlpgt ofs ity dlasrove-bped KfifteRad terrars sighak méiR- Biendariow-bard filtered

s,notch filters 8, 9 15 for narrow band

refere%%%ts Ag the error signal e(n) as well as the

processor output signal or reference signal u(n) The

adaptive narrow band filters 8, 9 operate
%ﬁGaPi"iﬁ nagRwrand fiitprsepne &éfmﬁtﬁ@ﬁw Pluryltytq{@daptwe notch

OV
iters Wt Blp BASHTNEA TRy SRHELM A LG Ao e puralty
of notetmfitelisrreavie, diffaent acveptiopcedtef frequéndies 8(n)Both filters
may consi st of a cascade of filters connected in
series to each other and 20 having different
TREAPId ¥RoCHBEIBEA raeﬁié?r’iﬁd 8F addpfveli rdtliciy R hcdiisticRedback
first narrowband filter, i.e. narrowband filtered
of a hearing aigi gomprisingrgn mtﬂw@squfdpr gegwag asf elpﬁt;:cal input signal

rom FERERBBER Rl RNl WS Ehsol 5 oRLERY B GsbhbPEaBu sona
and arreatpnitsmsduesior eldnisfigniiig tHd tleetricabeditbut sightibintd an acoustic
adaptive error estimtion filter 5 Ad

outpuiminthEngtaed copwrsshihessieps f geperating: 2 g@é@gq ?%Sﬁimﬁﬁan signal,
den-v-ur? d%aleﬁ'e?félgﬁalzgggguﬁgé#%g the fe&ft%fc?(r @Qﬂu’?ﬁaﬁ&’? Sl%rlfg from the

aptive r ow 9 are I nplenent
elec.tricblgnnpat sngmad;hwérrd)wmaﬂ]d—ﬁlmrlnmthdﬂermr algmhéranﬁuaa’efanance signal
corresé_gﬁémgoﬁggll LS ﬁép@geg7@put signal, and adapting feedback

estimation filter coefficients based on 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.

There is also disclosed 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 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 filier, 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



in frequency domain z, whereinr is the pole radius
of the notch filter, coo the center frequency in
radians, and fs the sanpling frequency. r preferably
assunes val ues between 0,5 and 1 and in particular
between 0,95 and 1. A schenatic illustration of the
transfer function of a notch filter is illustrated in

ivers Sl i kSRR SELAFR RS P JEBEPT e gonioured
to mirfae #aingheskarpdessetlngsiofol | ows 10 x(n)= e(n)- 2. r

e(n)- x(nr2 x(n - 2)1 ef (n) = x(n)+ 2. c(n)  x(n -

1) + x(n - 2) Notch filter (3) wherein x(n) is

: :
F"’H? tﬂg a{ﬂgrtallﬁ)( %yﬁ%\gf){«ﬁgﬂﬁrdet Ft ?n?ﬁg d[h?{ ﬁgﬁg |IE%}e?ét?glr)fﬁltenng the
error mgmdﬂ drivefor ¢ ppaality oMmrr@mnbamm)" iiters fomeing dbptsegend fllter set for

flfterlngotbstrgfqerg gg gs?géwq(jé}peo{sesrﬂ)%% \(q.] §E?Leé:{ ﬁ?sthfgl]nfzﬁcin is m|X|m|zed thus

improW&§ r}}-,g( &yedfiMarrow VS Sidhdli suiprsdidbmeshé h@a#@ﬂadd%t function
speed of the center freq uenct% the notch and p(n)
p=e

makes saghposwewhendafiteraaiwere gi( féeq@l(rﬁnqg&ov‘ml(mezogyrow -band

ftterszo ~ Wherein a is a forgetting factor of the power
‘normal i sation and Vc(n) is the gradient of the notch

filter. This gradient can be calculated in different

ways as is explained in the follo¥vi Hg . i

In order to reduce the calculation costs of thé gradient calculation a free

structure of the first set of narrow-band filters may be used. In this case the number

of narrow-band filters is preferably 2" (N=2,3,4,5...).

Another possibility to reduce the computation costs of the gradient calculation is
to perform these independently for every filter but at the same time using a shared

error function for all filters of the set of narrow-band filters.

There is also disclosed 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 subfracting 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 adépting 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.



25(1) True gradient algorithm The true gradient of a
direct formlIl notch filter is calculated as foll ows:
g(n)=(1-r) x(n-1)-r. c(n) g(n-1)42 g(n-2)
30vic(n)=g(n)-r g(n-2)(6) WO
2007110147711PCT/ EP2006/ 060%76 wher ei n g(n) is the

- status of the gradient calculation. The true gradient
provi des a high signal sensitivity in the vicinity of
Fitharespieeificiuagiations wf tengxdrplebsrabsdimentsrpes desariteg below.
hi gh conputational cost. 5(2)Pseudo gradi ent
al gorithm Anot her way to cal cul ate an update net hod

Bnefqgafﬁﬂ%nb?ﬂkﬁﬁﬁﬁﬁﬂ%%ified pseudo gradi ent nethod.
'S gor | 'S derived fromthe assunption that
the first line of (3) can be ignored or regarded as
re-filtering.of t second line, i and hengce.
Hecpisisebbinveitih andouEPat fegras s Plypipgh® §uct8BF &l become
more f ﬁéddﬂ\t(lﬁ ‘apW¥Brdrt) Frd- thé 7XolbBegi desailelie dedaliption of particular
conput ati onal cost conpared with the true gradi ent
embogipansel of thednvention witk defsseciagthedirawingss in which:
~characterized by its larger sensitivity to spectra
energies in the periphery of- the notch center
Fig el acchanthticebioek idisgrasl Ausivatinet® aensstici feethatlopath of a
. the spectral envelope in the vicinity of the notch
hearing &8uency. This is illustrated by the graph of

Fig. 2 is a block diagram showing a prior art hearing aid;

Fig. 3 is a block diagram showing a hearing aid to which the present application

may be applied;
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 presenf 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;



10

15

20

25

30

20 Fig. 11 showing the sensitivity of the true
gradi ent and the pseudo gradi ent dependent on a
wo SloaNeRkd 1 nput frequency a8 a given sel ect edpipipihosnsests
center frequency of 8000 Hz, notch w dth of 500 Hz
and notch radius r = 0,995. The pseudo gradient is
advant ageous havi ng a narrow band signal conponent in
h eri : -entq N0,
P 8Sch S 0ek Xirah RS iR harEBicrE NeRiyation pocording to an
embodimertd ¥ oy podsdrtienventioow band signal conponent, it is
nore advantageous to use the true gradient as it is
nor e accurate inits frequency estimate since it is
[
g0 1) Can iR Hadient HARFERNY b RPSRAAIRL K grodient paloulation
accordlpgésaﬂumh&vembadnnanbm‘rtbemasgntademon s suggested
whi ch nonitors sone sort of nean pseudo gradient. If
this is above a specified threshold the nmean pseudo
F ig,f‘&ljlse@@é%aﬁi lllhi;t?@tﬁ'ng A@ sensitivity of two types of gradient filters; and
007/ 10147712PCT/ EP2006/ 060576 1 nstead of the true
gradient algorithm which in turn is utilized bel ow

F @\hh’& #h%gfﬁtb?%& nflﬁﬁtgétﬁg;e@ %ﬁg&ﬂg ﬁmgg ﬁﬁ%&ﬁér"&r‘%d%ﬁ flters.

exponential decaying tinme window. 5mn)= m(n-1)

—el(n) ‘VPc(n% p_ps(n) Imn)l1> ?(8) wherein A
Detaile i of prefe mdxsmhomneat& or of the exponenti al
decaying time w ndow of the nonitored mean pseudo
gradient drive m(n) and f3 10 specifies the
Fug g tﬁh@gdenﬁtnumlaﬂou@gm@i d heaniree aidichayirg aarddapsive filter for
ize That is if Imn)1l > 13 then the pseudo
feedba‘ﬂ? %&?F%Fﬁﬁs'sf‘ te y¥Hen Hhe piese gf BRRlratian Ry E? @&Bgﬁ‘gy
update cal cul ation of fornmula (4) and otherw se the
true gradient given in fornmula (6) is utilized. Al so,
Themjgmdsmibtdf\tlee glead'ng @i chanpeises apanpuisisanssiicen of kcrophone
tin or Iculatl n.defi.ne 15 b
2 transiBgnich R Soonehs AU Ay 6y TG g Sigalng SH4) gFobSssor or

amphﬂef@ gSASRitRgSart Bmpﬂﬁﬂéé@létﬂﬁéaioéutbgi BigBEREME BN output transducer
al gorithns di scussed above, i.e. the better

(loudspeaiari recaiver) ¢f for ansiwmirg ;jmale@tﬁcahputw signet intp @n acoustic

output. TR SApPAL R SRERcRAIENTTHE <A 5 oBEL e i b (i inear

providingl R Riairt be f@w toigrid) eeals et magzrrﬂw 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 B 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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20f requency c(n). According to the present
i nvention the cal culation of the narrow band filtered
wo h@haiARce signal uf(n) is Meeded to performﬁngmoﬁmﬁos-m
cal cul ation of the gradi ent Vbk(n) of the notc
filtered error signal et( nz vvlthrespect to

is not frepiristect def & | Kitatidnitg (mpulser sReperEsolfIR) fé#ert h@vmg adaptive

coorcBRP 115 SIS EP A TR aka" A 1 Do fr o

sampld i of the digi{éloeléctriZa!ls;gnal, carffhen\@ expressed as follows:

2007/ 10147713PCT/ EP2006/ 060576 In nethod step Si an

el ectrical input signal d(n) is derived fromthe
acoustic inpyt of mcrophone 2. In subsequent nethod
bign-ely= BﬂnﬁZeg—njlegn)aJ(né@n) is derived at summi ng node (1)
7 by subt r a€ g feedback estimation signal s(n) from

i nput signal d(n). Error signal e(n) is then fed to
signal processor 3 producing output signal u(n) in

wherein v controls the rate of adaptation and ¢%(n) is the average power in the

- feedback path signal u(n). If the input of the adaptive filter is & pure (sine) tone the

adaptive feedback canceliation system minimizes the error signal e(n) by adjusting
the filter coefficients by(n) through by(n) so that the output signal s(n) has the same
amplitude and phase as the input and will consequently cancel it at summing node 7.

To avoid this undesirable effect of cancelling narrow band components of non-
feedback input signals it is known to use narrow-band filters such as notch filters 8, 9
for narrow-band filtering the error signal e(n) as well as the processor output signal or
reference signal u(n). The adaptive narrow-band filters 8, 9 operate with mutuaily
identical filter coefficients, i.e. the filter coefficients of narrow-band filter 8 are copied
fo narrow-band filter 9. In a variant of this embodiment, they are copied from 9 to 8.
Both filters may consist of a cascade of filiers connected in series to each other and
having different adaptive center frequencies. The output signal of the first narrow-
band filter, i.e. narrow-band filtered error signal efn) 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 eqn)

and ugn).

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

filters, having the fransfer function

_ -1 -2
H(z)= 1 2003(600/1’75)27 +z . 2)

1-2rcos{o, /f )z +1r’z
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5 step S5 which is then transforned into the acoustic
output by receiver 4 in nethod step S9. Wth

wo b#iBngls7t east one narrow badfl filter 8 a narr g Rpiids/o60576
filtered signal ef(n) of their error signal is
calculated in nethod step S4. I n subsequent step
in Fr@qﬁamsbﬂpm@@bgndvfferem &% the gelg ragipmpf dhe mt%h @H@@ oo the

center el firobrel ! PR, AT Boab sl Pty cgosumes

valuescbefv@éeiﬁ @8 sarfdouneingdnirBsarticular betwsdre[,85 drie 1. A schematic
edback estinmation filter paraneters of adaptive

'"USVGEQFB hte bangfer fusction of @ naiah fiker isdbsiraed teigcfoss
correlation of narrowband filtered signals 15ef(n)
and uf(n). Adaptive estimation filter 5 then derives
Irf petipsied netatlumadiemncsngrm sartipling indextrnde sbigh fHeer 8 for error
%ch is fed to r}fq%ﬁtlve I nput of sunm ng node 7.

signal CRA 45 SXRreRS f‘? performed by adaptive
estlrratlon filter 5 in method step S8 is preferably
perfornmed such that a cost function of the

x(39< Q) bang. ) ke ed) 292 8fhor gnal ef(n) is
gﬁg{l})g;)zcg&ag% mxg.?t gn tlgzgl}ra totehilter gnal (3)

Most commonly the

mean square error (MSE) function is mnimzed
resulting in the widely known | east nean square (LMS)

wﬁé@ﬁﬂi kir)Ts aNoduitwt BRyMGI froht Bierify withaust theqi®e drvand edn) is

timzed to _cancel narrow band signal 25 conponents.
the resu iaf gagdjtianal flierng sdtiotpenzeronpail, whererostn) fisitfee REapibfe notch

vt FISRIE LA Ry ol SRkt ™

Instead of m nimzing the output of the narrow band
filter it is alternatively 30 possible to maxim ze

c(hhlqa)%)out“ of e npyg frhetl cal resonator with (4)

con e radius. After maxim zing the
resonator out put a notch may be constructed fromthe
whenein sadetefrminesr theAupdatehspaib vhithe ceatgydréquancy of the notch
resonator energy J can be derived as

and p( '53? P??H@Ver']’qv%#‘%géﬁtf%lmnwcw E1' 2006/ 060576
p(n)= ot - p(n-1)+ Ve()? | (5)

wherein « Is a forgetting factor of the power normalisation and Ve(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 Il notch filter is calculated as follows:

g(m)=(1-r) - x(n~1)-r - &{n) - g(n-1)-r* - g(n-2)
Vie(n)=g(n)-r - g(n-2) (8)
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E[ x2(n)]=MSE a/ - = EP. x(n) (Adjust c in the

gradients direction as to increase J)(10) The
wo SRFAesPeNndi ng gradient is then expressed as pEL&PYHIS060576
5 Vnc(n) 1

(2)

(3)

wherein g(n) is the status of the gradient calculation. The true gradient
provides a high signal sensitivity in the vicinity of the center frequency

¢(n) but bears a comparatively high computational cost.
Pseudo gradient algorithm

Another way to calculate an update method of ¢(n) is the simplified
pseudo gradient method. This algorithm is derived from the assumption
that the first line of (3) can be ignored or regarded as pre-filtering of the
second line in (3) and hence the so-called pseudo gradient is calculated

as follows:
VPe(n)=x(n-1) (7)

Besides the lower computational cost compared with the true gradient
method, the simplified pseudo gradient is characterized by its larger
sensifivity to spectral energies in the periphery of the noich center
frequency and hence its relative less sensitivity to the spectral envelope
in the vicinity of the notch frequency. This is iliustrated 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.

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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_z-1raX(z)” 1+c r z-1 r2 Z -2/ 10 =
Z-1 signal domain
WO 2007/101477 12 PCT/EP2006/060576

instead of the true gradient aigorithm, which in turn is utilized below the
threshold. A preferred embodiment is given below, which monitors the

pseudo gradient with an exponential decaying time window:

m(n)= A - m(n-1) - "‘n - &n) - VPe(n)

ps

Im(n)> 7 (8)

wherein  determines the forgetting factor of the exponential decaying
time window of the monitored mean pseudo gradient drive m(n) and 3
specifies the threshold value above which the pseudo gradient is
utilized. That is if [m(n)| > p then the pseudo gradient of formula (7) is
used in the frequency update calcuiation of formula (4) and otherwise
the true gradient given in formula (6) is utilized. Also, the respective
gradients have to be inserted in the weighting factor calcuiation defined
by (5). This combined filter or "pseudo to true gradient filter" (6)
combines the advantages 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 Ve(n) of
the notch filtered error signal ef{n) with respect to the filter coefficients by(n) through
bi(n) of the adaptive feedback estimation filter 5 as is defined by the following

formuia:

M ji@-z 42z }
vbk(n)=2{U(z)[.r_I el (©)
Fll+re,-z +1°-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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( E(z)- r z (11) (frequency) representation of the
notch input back into tinme-domain signal. In tine

wo HoAthgpt 1S represented agsfol | ows: (1+ C pET/ER2006/060576
+r2 z' wherein E(z) is the Z-domain and Z-1 the

I nverse-z-transformation dependent on index n

Iy (mathotingtep $1 an(elpctrigahinpll 2ignag! gin)1is dﬁft}l@ﬂ)ffom the acoustic
input ogﬂglc‘éaglligcgqeok rg\l\?s %%qnqqtgge ﬁaﬁ%t% I£LrbS sURLPEH)NE Yerived at
summing node 7 by subtracting feedback estimation signal s(n) from input signal
d(n). Error signal e(n) is then fed to signal processor 3 prbducing output signal u{n) in

step S5 which is then transformed into the acoustic output by receiver 4 in method

step SS.

With the at least one narrow-band filter 8 a narrow-band filtered. signal efn) of
their error signal is calculated in method step S4. In subsequent step S6 the narrow-
band filtered signal ugn) of reference signal u(n) is calculated in the at least one
narrow-band filter 9 utilizing the narrow-band filter coefficients found in S4.

In step S7 the feedback estimation filter parameters of adaptive estimation
filter 5 are adapted based on the cross comelation of narrow-band filtered signals

er(n) and ud{n). Adaptive estimation filter 5 then derives feedback estimation signal

. s(n) in method step S8 which is fed to the negative input of summing node 7.

The adaptation algorithm performed by adaptive estimation filter 5 in method
step S8 is preferably performed such that a cost function of the narrow-band filtered
error signal e{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 foliows:



10

15

20

25

function p(n) and the frequency update c(n+l) are
given as follows: 20 p(n)=a p(n-1)+ Vnc(n)?2 W
wo MBAaN7( 13)  c(n+1) =c(n)H4x(n) p(n) PSi/RP1006/060576
to the sinplified pseudo gradient discussed above a
__.sinplified pseudo gradient algorithmcan be
J=ExdBHsMSfted if one constrains the notch's zeroes to

a refil Ee{"é Sthe input of the adaptive notch. The
EC—:EF!}I@{%)% - |} gojustm ihshé gradientsaliteation gsrefirareaske tp (10)
The corresponding gradient is then expressed as follows:

- Ox(m)

V™c(n} =

I

E .

=7 [G_X(z)-] = 71 6( TR -22)
oc aoc

_ 7 [E(z)- —r-z” J (11)

(+c-rz'+r°-27)

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(n=x(n) - r - ¢(n) - g(n-1)-r* - g(n-2)
V'c(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)+ V7 o(n)?

c(n+1)=c(n)+ ——— - x(n) - V™e(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=Efedn)?]
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as "pseudo nmexres gradient": J=E[ef(n)2] WO
2007/ 10147715PCT/ EP2006/ 060576 -E 2 . ef (n)5ef(n)
wo MR9Eé)7 oef (n)  Pseudo mak’res _  Pseudo MBpC¥/BB2006/060576

Maxr esgrochent | nputZeroprs filtera ,,i+r.cz-1+1"2
-2) E(%)-( Sl+ c 11 +1-z-2)
e . (n
g:E 2-e.(n) L
ac : &: Pseudo max res
oe {n
mec(n): f( )
Pseudo max res
( Matresimdient N
1
Input Zeroprefilter a( J
oF Pl — . P R
7| %) — 2 B (e 4170y e P
ac Pseudpmax res ac
=2 EB(2)-(te-z7 +1-27%) rez
. (A+r-c-z7 +r*-27%)
( I+c-z7' +1-272 pezt
=77 E(z) .
L @ l1+r-c-z7 +r%- 27 1+r-c-z'1+r2-z“"2]
s pseudotnax re)\sfmdieng‘iker
- - \
=7 E (2)- Tz - 14
+(2) l+r-cozi+rtz? | (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 sensiivity plot as a dead zone just around the notch freduency (compare
Fig. 12). The dead zone is inversely proportional to the radius coefficient re;. The

pseudo maxres gradient filter is expressed as follows:

jr— — - . —— — 2 . —
glm=e () =1, -clm) g —1) =15 - gln-2) pseudo maxres gradient filter (15)
VPe(n)=-r, -g(n-1)

If rez — 1 then the pseudo maxres gradient VP ¢{n) becomes identical with the
pseudo gradient of equation (7). However, setting ry; equal to 1 is not a numerically

sound choice.
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=Z-1 E(z) (l+c z-1 +1. z-2) (1 +r-cZ-|_Fr2.z-2'2)
pseudonmax resgradientfilter -rz =Z-1 E1(z) The main

Woiﬂof,,fltﬁ&@pce bet ween t he pse]lﬁdo maxres al gori t b RPfho6/060576
t he normal pseudo gradient al gorlthm di scussed before

$ule 35, e BBREC ek Colp Al B Jigeidtiigitnm may

be emﬁi@?e@em’ﬁ@rﬂtwgdﬁigbnm i§ I GSHARRE Ya eesidbi 10 triePhRidieid filter is
dead zone just around the notch frequency (conpare

ObSGFVGF‘ﬂ gxpresped b dheéellpwinaEomyulagver sel y proportional to
the radius coefficient rdz. The pseudo naxres
gradient filter is expressed as follows:

=ef 1 d, 2 - 2) 15 d
gm)= %gﬁ) § g?%?g’nfbﬁ t(g‘r{?z 1%; VrEm:(n) 9([1rd )g(np:c’%J °

V™e(n) £ ~rgzgn-=4)1 then the pseudo maxres gradl ent VPm c(n)

_ ent s o gradi ent of
g(n)_(?:a t on"? - b@b\%@ﬂ&, @ng rdzgequal to 1 is not
V& ¢(n)a gmyer geHz/) sound ch0| ce.
pm)y=a-p(n-1)+Vc(n)

£ x(n)- V™"c(n)
n)

(16)

e(n+)=c(n)+

The sensitivities of the maxres gradient, the pseudo maxres gradient and the
true maxres gradient are depicted in Fig. 12. The dead zone of the latter two 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 funciion as for
example the signai energy of the output signai. As mentioned, alternatively, a signal

energy of a hypothetical resonator can be maximized.

It is known to use a cascade of adapiive narrow-band filters connecied in
series as shown in Fig. 6. Error signal e(n)} is fed 1o adaptive notch filter 1 having a
center frequency 1. The narrow-band filter output signal en(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 1o 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 generétion of audible artefacts of the

feedback cancellation system.
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WO 2007/ 10147716PCT/ EP2006/ 060576 Simlar as in
t he above descri bed cases a true maxres gradient

WO ﬁiog@dlh’ﬁ-}ﬂm may be enpl oyed.%ahen this al gori tpvisacos060576
derived, a pseudo to true gradient filter is observed

£5 BYERE il BiaEId 8LArBL 085 ARV ko6 clnd B and aspect

a set & Qdaﬁtl\(elnafrbw\ﬁhnd? fifters coBhBiteddim seAds doAfi ?(lféd’ %D.lch that a
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single 2%4@?@(1) cestc(%pgzu;&( %) gl%rrpmﬁze{c( n)Ar%,(@gtlrpLz;gjlon (mmm'nzﬁjion or
mammﬁgtr]:?ﬁ téc\ébl‘ddﬁé ha§ gﬁﬁ?ﬁﬁfzﬁgn %%seég rl’;&%ﬁ W ?}%glggziter of the set

rue maxres

of narr@kﬁ{bameﬁttera dware dﬂtheTbﬁedBMesgnﬁ alf otnee rlca¢h ﬁfteﬁs\/\ﬂf he cost
dient filters can be readily recognized in

functlorbpg[weqﬁom the outpyt sighehPhihe |q$t fiker @l theesal f qq@@tive narrow-
band ﬁﬂ@fs"tué Vr% NBLEP YDA thfdrk t rsfgf(’:eh 'oggﬁﬁiéﬂoﬁu 'pﬂSce%@aQE' 16 shown

hfi ter I'S conflgure m ni'm ze

schemajicaby ircbgt 7f unction as for exanpl e the signal energy
of the output signal. As nentioned, alternatively, a
signal energy of a hypothetical resonator can be

WEP? itisZR8tholtthe effechvéheé@ ok B FBwMSEh i ﬁé}%‘r‘gaeﬁn ‘He greatly

adaptive narrowband filters connected I n series
improvesh awparticulzErdor r@plcﬁyrﬁucﬂ.@t!ggemgrwa) is fed to adaptlve

notch filter 1 having a center frequency 11. The

narrow band filter output signal ell(n) is then fed

orsa ®rastant ia b@eﬁﬁh%\ﬁh |therfitderharrangerf&Rt ShoWh SRUEREY? is the

12 and so forth as eight or 20 ten or nore
increasg ot thei poust nelfy m@th@nﬁt@@bdopafat!m:h.r@quﬁgdafor the gradient

ctouafi A58 5B BORES A EFL 7 Foflibn.cos

roughlylﬁrép@mnalnmﬁeéﬁc@aﬁelbmﬁe niihitger ics fiteethledhtigasing heavily if a
sufficient algorithmin the case of a static signal

large nurRkRysinarEw-bANd diteE@ncherniar eagenaed is uiitzrd
sinusoid is renoved fromthe signal. Wen the signal
spectrumis fluctuating, however, this nmethod proves
In ordier to solve this problem an arrangement as shown in Fig. 8 is proposed

wherein a single shared cost function derived from the oufput of the last stage
narrow-band fiiter is used as in the arrangement shown in Fig. 7, but the gradient
calculations are performed independently for each filter stage. This shared error
methodoiogy works well as long as the center frequencies of the respective notch
filters are sufficiently spaced from each other. For this reason it is preferabie 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
caiculation of a set of narrow-band filters using a shared cost function is iflustrated 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 filiers 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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25 i nadequate. Now the first notch may junp from one
sinusoid to another not taking into account that one

wo Rb7/ifig7) ater notch stages i¥ay al ready have ap@pkeshoddsosr
this other sinusoid frequency. This |leads to the
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his problemthe Br esent invention provides according
calcuiam@smﬁ@r dsrect agdapeve grotaladtars esn gdplam fit2ears gradlent

catculafti B b B RRASTLT 7220 an opt i m zati on

(mnimzation or maxim zation) according to thi s cost

functl on nmakes each narrowband filter of the se '
Ibra hengesvinwaher fafl RaFewRANck THErS W repHEsd @@W@y@ P further

ecucf| bt SHGIARLES bl 1, sl FaEE el fgorans o

one aspécladfphevpresent dnvdrdiom, fa | tres stistdredfdratie rarmw-band filter
filters for the o t|mza I on _process ,as,i §.shown
arrangegmﬁapr%\aw@ aﬁﬁcﬁﬁa‘aﬂ?a' 8RR % Bk i BuiS FFe, noten fiers
are :liuﬁfﬁté&tdsvgﬁl%aﬁ'é Esé@é’o ‘P@rtﬁ%"‘@%’@htfédrfvﬁféiaﬂ ffi@fs B8 circles and
ove In particular for rapidly
the octbyoms mebt!jEZQI paalido grad:ent Graicyatim dillesppwaiidhng again - are

ccaverb Lt SRS TR R ek oo e m o

(3). required for the gradient 15 calculation with the
i ncrease of the nunber of notch filters. The
cal culation cost is roughl y proportional to the

3B By ERF il SRR R B f, e two
stages &PMEId E)%ﬁweﬁélsmj):tme oftHid.i @ edovihg sommrhat ensrel sffective than
this | em an arrangenment as shown

the comﬂeisdge@jst@@ctm rlelﬂwsaegh%ﬁjm t@ﬁdﬁ@aoe%@@ bregwe?n de number of
calculat?:ﬁrs' é’rfdjth %Qreofoéﬁé?ﬂ&eqotéﬁﬁ!tér%% g -nar r ow band
IS use I'n the arrangenment sho in Fig. 7,
but the gradi ent cal cul ati ons are perfornmed
i ndepe ntly for each filter stage. This shared
M=kdﬂq§%ﬁ$ %@fhodology works well as long as the center (17
frequencies of the respective notch filters are
sufficiently spaced fromeach other. For this reason
wiheréis nsbnsefrm atinbet of filkersZhd kearid ki are unplamgatasion agpendent
necti.on

constaniz. dor mpleriaaine 4 (48 St gputal e ERhE GhTIER N shoua

be an ,r}f@grqﬁj\,@retglg_erﬁﬁaﬁgqérﬁ lph or true maxres al gorithm
expl ai ned before. Another possibility to reduce the

conput ational costs of the gradient 30 calculation

L T R L

maxres @éﬁ@dﬂ%‘g&)ﬂhﬁh ¢s6e Oamﬂe?;mm:f:hr tehgiresohah dacht and caery filter
to some extent be re-used for the gradient

stage isdaplaacas Bissveny lapeofdlfEtersi | ters since the gradi ent
calculation result is order invariant, i.e. the
conmputation result of a cascade of Iinear filters is
Ifi thée peaddmtmakresher ar ttee robxtdsegrmadiettt ealsulation algorithms are
Furthernore, if the notch filt

e . .
utilized, the implementation is very effective as t ese%wo gradient algorithms can be
caiculated 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



18 Nivo 2007/101477PCT/ EP2006/ 060576 i nplenmented in
a direct formll realization a part of the gradi ent

wo SibAMaat i on can be extract¥® fromthe notch pit/epiossnsosTs
t henselves. In the exanple of Fig. 8 the nunber of

plots of Eigud 2d Thitoim 8150 is50 Ml ok naish Glieth IR Be rispugo masres
gradlen%gﬂgrls lgﬁ@h@ IL{{) U AMaphve notch fllleﬁ' Oaj\‘g 6%?)9@% tfmarl Autput of

r'7 oW ters 1s required,
the setrcfchstth diftees. i€ dng wisatdortal true oradient filker iseexdendedy to this filter
or this purpose,. accqrdi to e. aspect of..the
result "gPeETé*ﬁt e ratieh At i fBR0ioT, EliPie notches. The
; ! GRAE hcrl lydgtb=Ry with the number
computggﬁrg%c%%ﬁy I%ﬂttgﬁé\/\%@?@ﬁi g. %Crblé%@% Ewgqfi gu?e, not ch
of notch fiteérsrappliéd. are il lustrated as squares, pseudo to
true gradient conversion filters as circles and the
oct ogons synbol i ze pseudo gradi ent cal cul ation
filters, which - again - are equivalent to the
calculation of the notch filter's internal state x(n)
given in formula (3)- 15l n the enbodi nent shown in
Fig. 9, however, the tree structure is after two
stages replaced by the end structure of Fig. 9
provi ng sonewhat nore effective than the conplete
tree structure. In this realization the relationship
"between the nunber of cal cul ati ons and the nunber of
effective notch filters is given by: 20
Meki NI og2( N) +82N( 17) wherein N is the nunber of
filters and 81 and 82 are inplenentati on dependent
constants. For inplementing a tree structure,
natural ly, the nunmber of filters N should be an
i nteger power of 2, that is 22, 23, 24, 25 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.
301 f the pseudo naxres or a true nmaxres gradi ent
calculation algorithns are utilized, the
i mpl ementation is very effective as these two
gradi ent algorithns can be cal cul ated fromthe out put
of the entire series of notch filters, that is the
notch filtered signal can be used as the input of the
gradi ent calculation filter. The consequence of this
effective inplenentation is the central "dead zones"
reflected in the sensitivity
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This is also true for multiple notch filters, where
the pseudo maxres gradi ent pplters belonging to each
adaptive notch filter are applied to the final output
of the set of notch filters. If the pseudo to true
Claimg adient filter is extended to this filter result the
true maxres gradient algorithmis obtained for
mul ti ple notches. The 5 conputational cost of both
1.t Res@artlPabidormsridingr eases only linearly with the
nunber of notch filters applled 20 d ai ns 1. A
héar inpyt dicnsdueer fori deriving am glactiical nsput signbifrom an acoustic
deriving an electrical input signal froman acoustic
S5input, a signal processor for generating an electric

outswghamr@rb@dsor for g?eneréfhgwh Rldcttic 30Ut eRynaf,or
transformn ectrical output Sl naI into an

adBusuipst d[ﬂrtﬁﬁuceérfoédéﬁﬂﬁquém@@tﬁh@aﬁl%ﬁlﬁa|I‘Plé,ipuf @ignal into an

fRNGHRLLNg 2 f eedback estimation signal, 10at | east
acouon t?rét adaptive narrow band filter for

nanrad&phw ésﬁr’rnkatien ifilttgr for gemevdting @ feddbailck tdstingtion alignal,

or ast one secon i ve narrow hand )
F Al feaet oo st ﬁ@@\p%aawwt@n%ﬁ‘?eg ftPéP@Ff@HtQa%qi gﬁ%wmg an input

S|gnaF8ftrh% gﬁlg q?g?é&ozim i nput signal of the adaptive

at Ieast one second adaptive narrow-band filter for narrow-band-filtering a

input

reference signal corresponding to an input signal of the adaptive estimation filter,

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
filters,

wherein the filters of the first and second adaptive narrow-band filters are each
configured as a cascade of filter stages, and each configured to minimize a single
shared cost function, and wherein the cost function derived from an output signal of
the last filter stage is fed back to all filter stages of the cascade of filter stages such

that each of the filter stages is aware of the effectiveness of all the others.

2. The hearing aid according to claim 1, wherein the cascade of filter stages
within the second adaptive narrow-band filter are copies of the cascade of filter

stages within the first adaptive narrow-band filter .
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predege{gape

an adaptation nmechani smfor updating the filter
coefficients of the adaptive 15estimation filter
based on the output signal s2of the first and second
narrow band filters, wherein the filters of
the first and second adaptive narrowband filters are
3. edde hoamntggw@@caorcan@atecdaencﬁ wheredn theddtes, stageis of the first

acapfif RofiG o4t Tiarabeh e beu bl dteBiFAEp g Bhbevss,

an output signal of 20the last filter stage is fed
back to all filter stages of the cascade of filte

4. stlagdeasingnaid acoeding tefclaime  wheeain dhey geadipat ealﬁwétlons of the
pluraﬁ& oihﬁltcﬁf E tebvgpgfeﬁﬁ?t 811 lthé I%%f%@eéoeaé)tlve gnowrb%n f lter are

I ng a| accor o cla wher e Chsca

perfonﬁetﬂurhde;renslbaﬂﬁefaatﬂnometrhe second adaptive
narrow band filter are copies of the cascade of
filter 25stages within the first adaptive narrow band

5 f rI'Haq‘feannﬁjai(%l %ccgrtﬁn S Cldh ?'\ﬁh e ﬂ%t %{Pit}ff/ée 8bBbifd adaptive

wherein t ter stages of 't |rst a
narronabarmibempefointen Gieulation ehst cgrabined| gradimnt, amgerdair'n a narrow-

a tree struc ., 4..The hear ada
band cgiaEnsuaalcblated b thratrdar eIt AORSIAgPRL RIS is below a
pred@intihad | fhyesHold I Valgs, éﬁ@%%r@édéf‘%aﬁdrﬁﬁaﬁntt B€calculated if the
second adaptive narrowband filter are perforned

center equengy nadagptatiordate of Hae. ad&ptl\rehearrewbaig:l diltgr is above the

ccar dgéﬁlresﬁol?j VaalaréZ wherein the first or the second

6. The hearing aid according to any one of the claims 1 to 5, wherein the
adaptive estimation filter employs a least mean square (LMS) algorithm for feedback

reduction.

7. The hearing aid according to any one of the claims 1 to 6, wherein the
adaptation mechanism performs a cross correlation processing of the outputs er (n)
of the filter stages of the first adaptive narrow-band filter and the outputs uf (n) of the

stages of the second adaptive narrow-band filter .

8. The hearing aid according to any one of the claims 1 to 7, wherein the filter
stages within the first and the second adaptive narrow-band filters comprise notch

filters having an adaptive center frequency ¢(n) with frequency width .
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narrow band filter perfornms a calculation of a

conbi ned gradient, wherein a narrow 10 band gradi ent
is calculated if the center2frequency adaptation rate
is below a predeterm ned threshold val ue, - and a
broader band gradient is calculated if the center

9. fﬁem@ﬂw ald adeptively redusing arh@cad%tm ifeedbankr oh-ddrearing aid

filte oethe ermn { shol d. val
comp%rlsxlrﬁgearp1 ér!ﬂ Er&ngdacear rd%nw&gtqp §%§; rica m&utts!gé]a!:frgmn acoustic
mputlat ﬁgﬁal pRsveekor fhe gadertting ea® Hiédméadlosutbut s&Jnal and an output
%’i a |l east nean square (LMS) algorithmfor

tranSfik:!I dransgpratingihe electyicalrgetpy é[gr\%."ypda@(%;@pam% gutput, the
meth[)@g@%r@fh #k %%glgsg#al m 1 to 6, wherein the 20

ani sm perforns a cross correl ation

pgenemnggaf@fedbbek@stamt:enefgr(an) of the fllter st ages
of the first adaptive narrow band filter and

odepying am erra) S'Sf‘al Ry sebigelingpine frgdaacy ﬁﬁt"ﬁaﬁ%@ Signal from the

| rrﬁﬁh (filter. 8. The hearing aid according
eectrrhaéll of the claine 1 to 7, wherein the filter

Zﬁaﬂbwg:mmmﬁlténrrg tHesefror signahdnd raerefemmé sigaglt corezsponding fo
rise not ers havin

a fedifagk, SR RRline IR USGBALY & UrA9Not FUGL SHEgEIav T different

adapﬁve C&%egfre&_]é%lggd of adaptively reducing an acoustic
f eedback of a hedring aid conprising an input

tadaswlg:éeedhackdesilmahgn diiteg | casfiidients baged oni Yrealnarrow-band-
ust I.C ffé}lf% a signal processor for
al

, froma
f|Iteregeq{éqr£qcﬁr§ %rﬁngﬁ&q out put signal and an out put

tm@ﬁéihlctﬁé riaPfovi- baﬁéffﬂ’t'éﬁhggjsﬁrig?aedlﬁt@hfy éﬁHlf@%rﬁLﬁdaptlve center
ignal into an acoustic out the 5 net hod

frequemm i .negfwm@dsw%pg afas pﬁf Itwgsf@gﬁéeabddnmlmlzmg a single

sharE AT P11, et A BRI SR, kg e cost

functieh efgrivedatornrgvougp@nsignal of the last filter stage |s fed back to all filter
narrow band-filteri ng the error signal and

stagep & éhe raecadepidiites staaamBird hg qashddhe Sllansiages is aware of the
eﬁeCtﬁ%hngBLQPtHé‘Bﬁ{efr?' gnal in a pl urality of filter
stages

aving diff'erent adaptive center frequencies,

10. The method according to claim 9, wherein the narrow-band filtered reference

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

11.  The method according to claim 10, wherein the gradient calculation is

performed employing a least a partial tree structure of filter stages.

12. The method according to claim 10 or claim 11, wherein the gradient
calculations of different adaptive narrow-band filter stages are performed

independently of each other.
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adapting feedback estimation filter coefficients
based on the narrow bandfiltered error and reference
signals, wherein the narrowgpand filtering using a
plurality of different adaptive center 15 frequencies
is perforned using a cascade of filter stages, and

13. niThennethog accirdighdostiained, edereiium combmddgradient calculation is

different adaptive center frequenciges .wherein th '
perfolBet. MRToR TPy EENE: BrACITo bt SRCUGIGAS Tof GaRler frequency
adapla@ioh FdtbI R belgS ipted@riRfed tre8hbidl VhAR' apbageBrddider band
the cascade of filter stages such the each of the
gradiént iseralatlaigdsf the eenrter frefiueney etinpiationgatss ef e adaptive narrow-
he others. 20 10. The nethaod, according to claim?9,
ba"dfﬁ'ﬂ%? Bi ?rbqvﬁethﬁff?%%eggmdﬁﬁﬁsg}oﬁv?é']eer ence signal is
derived froma gradient of the narrowband filtered

error signal. 11. The nethod accor di ng to claim10
14. whbeenethodeacgerding e asyiang af thenclaine 8 jer i3 mharein the feedback

et 3 8P o 3l LBl Ay SHLME U B
claim il, wherein t he gradi ent cal cul ati ons of

different adaptive narrow band filfer stages are

15.  pdhednaibediargepnddaany ite ehie geires 9 tosld, whereiprpe feedback
. » .y r‘ . .
cstm il PESANELNR 48 SR Suuthg it ooRUbA R brocessing o tre
narrowasaradfilbered egrondiigaval with thel rarrew-bdnd ffilteresl cdartemce signal.
frequency adaptation rate is bel ow a predeterm ned

threshol d val ue and a broader band gradient is

16. Ché tHaéﬁh%e éécofr&iﬁgqsra ohé YAURE airdaP t@ iSO NHeAER BE narrow-
the a f he

aptive narrow 5Pand filter 1s above
band (filtedey és perfeimed myshalict filteirsidavingdan Adaptive leedter frequency c(n)
: faccordi ng %lo any one of the clains 9 to 13, wherein
with {%lepgga‘ﬂg K- estimation signal is generated using a
| east nmean square (LMS) algorithm 10 15. The net hod
according to any one of the clainms 9 to 14, wherein
17. tAec¢r@@uf§tcRro®samna@m@nsng| pergrapercefiei ientreriareing the method

accorti@Hp bR 830 487 or "o anal W th the o
narrow band filtered reference signal. 16. The

nmet hod accor di n_? to any one of the clains 9 to 15,
18.  whBekegiranie cirelit tifa heyiieyaid garapisiRd’i s per f or ned by

Q%tn%ianél' ﬂ)lio%§sé}af6rrkqoegs§ﬁ§‘p§r{ CRe 5 Shphitt SGHEMB¥%rived from an
acoustic input and generating an electrical output signal,
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,
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with frequency width r. 17. A conputer program

conprising programcode for perform ng the nethod

according to any one of thepglains 9 to 16. 20 18.

An el ectronic circuit for a hearing aid conprising:

a signal processor for processing an electrical input
siagnadaptatiov ede chramisranfoacmasting thedilter b feartsadt tige adaptive

_an electrical, output sigpal, an tive estimtion.
estimPRpR er drasgeh B gt Sieiict o6 iRt ABH g Narmow-band
fiters29at | east one first adaptive narrow band filter for

narrowband-filtering an input signal of the signa
pheesindhe first and aecorghedaplive Baicowdandalitdre éare each configured
nar r oy b filter for narrowband-filtering a.
as a PR BE M tiapSor i egenGRHISTRtLie B2 pgyingle shared cost
functioRe vadaein ¥R es&i firictien dérviedr from24n output sifhal of the last filter
adapt ati on nechani sm for updating the filter

stagecisdeflibacknpsalbfiltemyages of the caseadenel Bierfstrges sbak digat each of

the i oot e AP SHeRtyere i B *Cecone

adaptive narrow band filters are each configured 5 as
a cascade of filter stages, and each configured to

m nimze a single shared cost function, wherein the
cost function derived froman output signal of the
last filter stage is fed back to all filter stages of
the cascade of filter stages such that each of the
filter stages is aware of the effectiveness of al

the others. 10



