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HEARI NG Al D COVPRI SI NG ADAPTI VE FEEDBACK SUPPRESSI ON
SYSTEM Field of the Invention The invention relates to
woOhersiwed7d of hearing aids. The invention, noreCT/EP2004/002135

specifically, relates to a hgaring aid having an

adaptive filter for generating a feedback cancell ation

signal, to a nethod of reducing acoustic feedback of a

hearing aid and to a hearing aid circuit. Related

Prior Art Acoustic feedback occurs in all hearing
HEARWGWI@?@WPR%!m;&gﬁﬁpyﬁfém@&d}@sYﬁ:‘lﬁREés?éfNs STEM

bet ween t he ear e ear canal in nmost case

acoustic feedback is not audible. But when in-situ

gain of the hearing aid is sufficiently high or when a

| arger than optimal size vent is used, the output of
Fieldtdtah& ®afdrmignail d gener ated within the ear canal can

exceed the attenuation offered by the ear noul d/ shell.

The out put of the hearing aid then becones unstable

The RYENHAE rEREE W R o For el gy £67 ierdfBhn upren gpecifcall,
relatewios hebfing BN Having ah adubtivedite fagRinasatirgHs fe@dBA& Bancella-
acoustlc feedback I's an annoy ance and even an

tion gigpal tass mathod of radesing crourtiafeedpackseflr amearing At and to a
verge of howing, i.e. show sub-oscillatory
hearf\ggaé@hrﬁﬁ‘i?my corrupt the frequency characteristic and
may exhibit intermttent whistling. Acoustic feedback

RIA'S 'nrp r ticular an inportant problemin CC
—e—a%éeén@—e@@mthe Canal ) hearing aids with a vent
openi ng since the vent opening and the short distance

bet ween the output and the input transducers of the
Acoustiarfeedbadkdotesrd inoalh heavingtinsthuraentsnwbént seinaso stk rom the

eedb ath.fromthe output transducer to the in
vent of Seah o LPES foe e Ry 2Bty ek 1 Qg Cases, acoustio
feedisavkrie| it i@ible. Bhewhba Wsitlrighin &f ﬁw‘éoﬁﬁarﬁ) o hiPkesifietly high
di agram of a hearing aid conprising an in ut trans
or mem:@iar@er Hadr eipioalesize ve@hgmem tﬁ@ aHpalceluibeihearningiaid gener-
I s essor o
ated mh&rt@ES% tna'l 8?1“ Fk?%%ﬁ Iﬁéegtﬁlﬁrijt{ﬁtlggi 5%2?& g&&ﬁg ear modfd/shell.
The ganmtabﬁ thee mearlng aid then becomes unstable and the once-inaudible

acoustic feedback becomes audible, i.e. in the form of a whistling or howling noise.

. For many users and people around, such audible acoustic feedback is an annoy-

ance and even an embarrassment. In addition, hearing instruments that are at the
verge of howling, i.e. show sub-oscillatory feedback, may corrupt the frequency
characteristic and may exhibit intermittent whistling. Acoustic feedback is in par-
ticular an important problem in CIC (Complete In the Canal) hearing aids with a
vent opening since the vent opening and the short distance between the output and
the input transducers of the hearing aid lead to a low attenuation of the acoustic
feedback path from the output transducer to the input transducer, and the short de-

lay time maintains correlation in the signal.
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processor output signal and finally an output
transducer or receiver 4 for transform ng the
W@R@SM3®0 out put signal into an acoustic out peCT/EF{0e4/002135
acoustic feedback path of the hearing aid is depicted
by broken arrows, whereby the attenuation vec tor is
Fig. destutvesl abginiple Iblock dlagramrafaa ihebring uEd comprigiey ahhlaput trans-

oo 4B b S R oot i

a sigHehRO8YsoP GorpiRsEbi 8TuR I iHeSInfle Sl ai“a’c%e“era’““g a

procesmtvsmut@dt fségraih s ﬂmallysawewutpkhtmnsdmnetrher sadeives 4 for trans-
ncljude an adap.tiyve r in the, heari aid to,.

formirgi it s Suthur FantlibBlan FrblSInSMAE TR Beolsti feedback

pathtdfﬂ‘ﬁé ¢2atifg did @ééﬁbtédUWbr&dénfér%W@U\R/ﬁéﬁeHyOtherﬂétnugflon vec-
hearin i ncl udi ng the acoustic propagation

tor lqodenoimolw %hb‘ tuapertain fagueney rangs; lee ipnediact of the gain G (in-
cer The i tive filte

d
cludiREistaihation Bty wiOBRBSRE ANt recaneTs gt The praggssor 3

and thé atsdriRAlongs stdlt@s@téﬂ@tamnéldcbaém fectibBEk @%&@:@ from
t he i nput transducer signal to conpensate for the

acousti c feedback. A hearing aid of th| s kind is

d 5996 ich d to
To sipdies8ichafilisrmd isPdneis o e ripv i e 4950 Biflide n adap-
tive fﬂﬂ#ﬂh'tﬁ@ Héa'nhgral@ﬁ’@b@ﬁﬁ)‘én‘sﬁté NS f@éﬂﬂéﬂka%@rbcfarpﬁ% filter es-
he |ntput S| Sone signals representing e

- 9.
tlma@pefé\@h ansfan mrmtlondv@ve@utpm to yipyit aifhei heariiggaidf including the

acouff ybads LS rafibe UiRet s R bt il Thari@ficer. e

inputcol thel &idptivefiiltemMssegimcted moﬂh%&ﬁ.ﬂﬁu’@@f heaeitingy ait#idCthe out-
will distort the signals, and such distortion is of

put signalsef theiadapide flfthe isePeblgacted drerp nih@eingiih d@nsgeesrosignal to
com@%?é\z}tké Y& tﬁ | dBiStid %égﬁaw ﬂ?@éhﬂ@ af gﬁh’@ﬁﬁd‘???@%%ﬁ?e.g. in

en a eS|red convergente rate
WO 0@/25&% Mt hvmcmjdenumbahgaeenclnse@dneaewmlstbycreference In such a

o g e o SHBBIER S Bt e
SomE&d1Fhls YBPIEEAlinG @.9. SR cAbrafdasik H&Néﬁérdlé@é‘%lgnals with signifi-

suppressi on systemis schematically lustrated in
cantFaaujo rretatoroutipis the gadaptiveofifiari @malnq@rbﬁ:@élgmedsto adapt too

qwclgly ince” %‘fﬁo&al%‘?%lo}re\a%lok%goﬁw I&Qalgqg&tes%ﬁtmg speech or music will

distort the signals, and such distortion is of course undesired. Therefore, the con-
vergence rate of adaptive filters in known hearing aids is a compromise between a

desired high convergence rate that is able to cope with sudden changes in the

~acoustic environment and a desired low convergence rate that ensures that signals

representing speech and music remain undistorted.

Such an adaptive feedback suppression system is schematically illustrated in Fig.
2. The output signal from signal processor 3 (reference signal) is fed to an adaptive
estimation filter 5. A filter control unit 6 controls the adaptive filter, e.g. the conver-

gence rate or speed of the adaptive filtering and the relevant filter coefficients. The
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estimation filter 5. Afilter control unit 6 controls

the adaptive filter, e.g. the conver gence rate or
wGep@sawio t he adaptive filtering and the rel evBeil/EP2004/002135

filter coefficients. Theadaptive filter constantly

nonitors the feedback path providing an estinmate of

adaptive ﬂlmctimstarﬁliygnahito@ameoh‘eedbam patispravidieg am estimate of the
f eedback canc (J(I at j at e

cocbis ook Saneal g S0l e BN AR goner
ated WA stﬂﬁepggggrgcg tAS XghggEStH SHaAb HeaRfa ! B brlP® aduce, or in

acous ptive feedbaCk estimation

the |<ﬂedaltcrasednelmmyaterratm;stm feediback. i npul se response (FIR)
filter, a warped filter such as a warped FIR filter or
a warped infinite inpulse response (HR) filter etc.

As a%a%]\s/% g%égéalcﬂdéﬁﬁnéﬂ‘ i¢h fARSCHhOeRaY BrilbRid fihife IHBuY® response

_ . An overview of adaptive filtering is
(FIR) mtemawarmaobflltmsucm ashe W@ﬁptedo% fﬂterma waped infinite impulse

resnERAE LR i LRE R D44 561k el 5 570 2500
A1. reasons, it rray be deS| rabl e to equalize, or in the

i deal case towhiten, the signals input to the adaptive
feedback estimation filter. The advantages of signal

An ol et SRR S fahotndte IO the BERpG0k 6F Philiop A.
RegéleedhdaptiastiRrfitering .in ¥ynbkpiotgssihg ansii gmédol”] published in 1995.

equi val ent to orthogonalization or decorrel ation of
the FIR fil ter nodes corresponding to the

For ?r i rcﬁ' Wﬁfrgag)‘bé QEsitdlfe "t@%ﬁhﬁﬂi‘ee o?'ug e dé%l icAge tow-

ns orms toad onal matrix having identical
hitergithg signalsinpubtic the adamuvaéeedimd(aaahlmm@nmlter The advantages of

consequence Th t at
sond P GHESIER e Tuea ShoSueibief i b PR SGbre L)
type%ﬁg&utﬂﬁﬂ@ Utfizéd oryaegbackestif@inat i on is gen erally

faster as the performance is simlar to that of an RLS

(Recursive Least Squares) algorithm because there is

t -
o BfetEET 4l g T T SRAGREFOA AL asorra Yoo v
f||terﬂ"&idesxcor$e@)od\d&@3'(mihenmitbuxrrellaﬂorambttukd'mr therreﬁmace signal be-

ing tﬁéé&%ﬁ%@ Zé%qgggpgﬂﬁpﬁr%bgﬂnegﬂégé@ lgl?ﬁgso%arf%fements IT¥1|s has

certain useful consequences: The adaptation occurs at the same rate for all filter
coefficients because the variance of each node is the same. The adaptation is gen-
erally faster as the performance is similar to that of an RLS (Recursive Least
Squares) algorithm because there is no useful information in the second-order de-
rivative of the underlying cost function as the autocorrelation matrix is a diagonal
matrix. In addition, in some circumstances the adaptation error is also more evenly

distributed over the frequency spectrum.

A further problem associated with adaptive feedback suppression in hearing aids is
the following: For the same user, the acoustic feedback in hearing aids varies over

time depending on yawning, chewing, talking, cerumen, etc. However, certain char-
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A further problem associated with adaptive feedback
suppression in hearing aids is the follow ng: For the
waa0m8/0user , the acoustic feedback in hearing aP@BEP2004/002135
varies over time depending on yawni ng, chew ng,
tal ki ng, cerunen, etc. However, certain
acterigtibaraai be irégarded mnvabld in Ergestdﬁlﬂahmsv aMost ncrtamysacoustlc feed-

situations. Mst notably, acoust e back,is fa
, back iselgk sveakar for Sigquppries helpww 1 1 é%FEZ 5&9*1&( frequencies.

| Moreotveghﬁ‘ﬁ Oﬁrro%f’éfﬁ 'fgédqd@rlgoé{% finfite§ a?g{‘?e%i%gb}_g é&ﬁ/@b%‘kHz as

requenci es abov as nost
most !c‘ie@rﬁmgl@lcar@bel\&;rslpredtscqahtﬂémmmdl ahdve &mﬁr&qabn@}e Addigonally,
reqyenc itiopal ers hav.e
most waaiAi IRy S oaLeY heaTGdeseas Bejouiit fegubtias e it iber fre-
quenc& %ng\éepr‘?\)ésr tHORear ﬁ%‘%;d 5a® ’!é%é it bl UsH Qvér?ESﬁ))tlﬁ some
W (or even zer I n some frequency ranges naki n
frequertuysanigesguaking mﬁgéseqmygabgé%tles&sa@@ag& rﬁeqdhﬁy prob-

oo, BB A L AR PR SR L LR LBk Yoot

somelﬁé\ﬁgﬁﬁqﬁ\é‘ﬁfz@ fldt@enay eahdetowhbas tHeesdroaiing aﬁUSthér&Ir’ny particu-
however, conflicts with the desire to

larly veaju dihis: énwremmnfmtawhathmﬁwﬁ ’f@@%ﬁé&%@ PhegCRIte a signal
os g3 ABald STBLE'S ABRETHL b iy W Gblnco b

tweerﬁr@@[b@h@ge@u@l&%ltlbﬁcbrdﬁhlthﬁg @im)\ndlngra desine@aﬂeaabrremtlonmr or-
he adaptive filter in

thogonpliFalion af e AdkppiNe s GRS AGTBH APetEqaBPTaREle |fregpency
weigh Iﬂgg%f eggé'é tf\)%”f?l’.t’érnlﬂpgf ﬁ@gﬁ%ﬂ? rﬁﬁ\tllﬂgtfrécﬁléﬁ@éﬁ nbPFelevant for

ression Invention It is
feedbbbhsappmssamlobject of the present invention to
provi de a hearing aid having a feedback cancell ation
systemw th i nproved feedback- cancell ation and
SumnisiRirahs pvditieRerties. It is a further object of the
invention to provide a nethod of reducing acoustic
feedbﬁfk of a hearing aid having inproved feedback-
cancel | at i rtie: heGt oS
It is tié%rﬁ &eﬁ‘ﬁg g?éjlqgé)&e%é |r8\ébnrg{o9§|8 nﬁrb@l%e. d Iﬁ%aﬂhb%ﬁ& Ha¥ing a

feedbbbﬁ%&ﬁdéﬁtld‘rpéydtémnﬁﬂ@ i‘mprtagedr‘fee@lﬁaﬁkt- loanceliaiton aricb adaptation
el ectrical input signal, a subtraction node

. properties. It is a further object of the invention fo provide a method of reducing

acoustic feedback of a hearing aid having improved feedback- cancellation and ad-

aptation properties.

The object is achieved by a hearing aid comprising an input transducer
for transforming an acoustic input into an electrical input signal, a subtraction node
for subtracting a feedback cancellation signal from the electrical input signal thereby
generating a processor input signal, a signal processor for deriving a processor
output signal from the processor input signal, an output transducer for deriving an
acoustic output from the processor output signal, a pair of equalization filters having
a frequency selection unit for respectively selecting from the processor input and

output signals a plurality of frequency band signals and a frequency equalization
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for subtracting a feedback cancell ation signal from
the electrical input signal thereby generating a
w@r@sAs®or | nput signal, a signal processor f oPCT/EP2004/002135
deriving a processor outputssignal fromthe processor
i nput signal, an output transducer for deriving an
unit f@@(ﬁntmfuencpletqluatlzmgcthetslemmwﬁeqaemcwbalmdjtslgna@;ain,d an adaptive

fecdaRic eBlimRUGRI 116 JoT FESpERY ViaTy NS es 9o R nogliation signal
from?ﬁ@%%ﬁ%ﬁ’ie ang&%%aﬁgﬁ gfﬁgagl gnals a plurality of

requency a frequency
equal i zati onunit for frequency equaI|Z|ng t he sel ected

f d l's f eedback .
The ggiAGAIENTRETNG o7 Fatected Jecbiansy BBKY afREnEDiS signals, of the
adap‘ﬁ%%%@ééi@%sﬁh&ﬂéh fiflepraIbihe éfﬁ‘éaheﬁ@sﬂ eﬁﬁﬁl@ﬁé@ﬁﬁyaﬂtﬁ@l@correla-

ignals. The equalization filtering of selected
tion fof dheeﬁgyabandbosﬁ ftamlem)bmarsngfﬁi@\sarttffor Heedbiaglt ioaacellation,

eedback estimatipn filter | o
whetgR =P B FEHEY Gemeriet Mt aro IV idThgiey pgg domored
This re@temcy iRasand eheramiifdrar adfsdiiere kpead oe tatdediback cancel-
whereas other, irrelevant frequency ranges, e.g. |ower

lation 61&‘%#@6110 es are ignored. This results in a faster and
nore uni form adaptati on speed of the feedback
cancel l ati on system According to one enbodi nent of

t he imafcftﬁdir@nto e paitrodtrﬁerﬁtr ef) tren nwetjoa) ithatpaim of frequency
filters includes a fjrst, aaptlve ual j zati on

equaligatien ditaes W'Lﬁiﬁpatfﬁrﬁe afppiNfeRaya @é‘ﬂ‘aﬂlf@ﬁf |08H‘R5ﬁ‘.fr19 an adap-
tive ir%éu@ﬂé}pté ﬂ%ﬁl%aﬁdr?%ﬁnﬁ)\‘ UER f @gﬁéﬁz“r‘ﬁb the selected

uency signal s based on"a ¢ ntr nal™ and a
freqmmynbandrslgdadpt bagedquala zantiransighak andl ah@edqndngoﬂf@aptlve

{ LI f the f L
caucfg8on bt B RBhb Shdeah i ablfton BLAR B APAe quar-
zatioh @t ENGEr $hé PrbdesBor PRI HGeH YRsfeidhRet sighaif @ the processor
(error signal) may be adaptively equalized and the

inpubsigmal dpynalsignalkquay ibseadaitively erEakzare apguthiel oler ovignal  is
r control si gnal
equ%’%ﬁﬁﬁ[ﬁﬁigehe %}ﬁ%ﬁeq@%ﬁ%’%ﬂ& ‘?I%ﬁggﬁl[ét y of frequency band
signals of the adaptive equalization fil ter The
control signal be, an exter nal
Prefe@j%t%\spmw &@nﬁet sigha| ﬁ@@m{%ﬂh%.g@wgf)? ﬁiéaﬂv Brireauency
bandBigh4fd of the adaptive equalization filter. The control signal may be an exter-
nal signal such as an adjustable value, or an internal signal derived from an aver-

aged absolute value of one of the frequency band signals of the adaptive equaliza-

tion filter (e.g the one with the lowest averaged sound pressure signal).

The first equalization filter may comprise a plurality of band-pass filters serving as
frequency selection unit, a plurality of absolute average calculation units for calcu-
lating averaged absolute values of the plurality of frequency band signals and a plu-
rality of gain regulation units deriving a plurality of gain factor signals dependent on
a difference between the control signal and averaged absolute values of the re-

spective gain adjusted frequency band signals.
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aged absol ute val ue of one of the frequency band

signals of the adaptive equalization filter (e.g the
wo@n@smpdono t he | owest averaged sound pressure SPQITEP004/002135

The first equalization filter may conprise a plurality

of band-pass filters serving as frequency sel ection

unit, a plurality of absolute average cal cul ation

unists..for cal.cu.l atjng averaged absol ute val ues of the
The BHbEY S el Al Hai 0SS PERLY GREISSaRcA #Rlibap! Fuliers for
[gpiyth o) ' b | A @l £ i .
e o el enal L apnale i P i rabipr Mol dipgrating the
gairy geiusted diegivency andveigngle Thebsultiptiersvaayese ebnhdeted eefore or

' ' j usted f band, signal s. Th
behRESte o et tRbiPers BB opLie Gain,><brs P bandpass fi-
tersptan &g b)djt@tedﬂdiﬁdcﬂk.i Al §eéé1@tén§édohbyﬂnﬁﬁip‘|ieﬁ fbF %%g"ﬁ}équency
and signals with the gain factor signal "generatin
ba”gH@aﬁabeh PERNided ceonnaciR® heiweem the iahaalute Everage calculation unit

t i gl . C ected befare or behind e _
and%%r%@bo’%@iﬁ }19 aﬁ 'Ba@@gfézrfquqe ,erg(rael{% QaFPW“%I{aBNrf@?,t gain ad-
justment.he bandpass fil ters can be adjusted directly. A

separate, second nultiplier for every frequency band

may be provided, connected between the absol ute

aver agecsii i | [«R T lation unit.

Thi s AcPaRRteH Btne endt b PRe it it TP et rethod of
redyaing aentsticheedbdck of ahearihyrditeonpsisheta sighel PFRER8br for proc-

Jnvention provides a, nethod of reducing acoustic
ess'b@@d@@&ﬁs o by aﬁnﬁbggﬁw@@ﬁm@ PRRUSHCsINgHbANd a feedback can-

cellaoPCSIGRAN, drel gBReGtiRe ~ S| o
deri vgd from %n acolugt i gﬂ?%ggetspgﬁ@%g S#dergég’g%gkh%gﬁdd comprising

the lgpp &ff iseipddingrisom thadrgesssoatinmy andpowtpat signafsus pllirality of fre-
quei B3 S8 e e AT Blidg. 5 o ERGrareTiency bar signals,
and pHaptély vieol/iny £ fepadaey caabdidtiodnsal den%%BﬁMalézr?g frequency

b igual ' zing the selected frequency band signals,
anG§'¥heiSvel y deriving a feedback cancell ation signal
fromthe equalized frequency band signals. The
invention, in a further aspect, provides a conputer
The prusgtiom pr adudthemaspexnti prevides & kempulst. program product as recited

in claim 20.

The invention, in yet another aspect, provides a hearing aid circuit as recited in

claim 21.

Further specific variations of the invention are defined by the further dependent

claims.
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The invention, in yet another aspect, provides a
hearing aid circuit as recited in claim2 1. Further
W@ p@siopdeco vari ati ons of the invention are defi PEEP3004/002135

the further dependent claink.Brief Description of the

Drawi ngs The present invention and further features
BriefDdseadbvtion aefifhe Dizaviegd Wi [ | be nore readily apparent

fromthe foll owi ng detail ed description of particular

enbodi nents thereof with reference to the drawings, in
The\’}?}‘e‘éant Fﬁ\ﬂynh@)n' andt f&%%‘é‘ttﬁe@'%aaw}ﬂé thereof will be more

[ustrating the acoustic feedback path hearin

readaiydappargnt froivs thee Followlinglidetailed derpniption af marhnulair embodiments

erlSEURPr 0 B RREH Wgheegoack cancel ot on

illustrating an embodi nent of a hearing aid according
to the present invention 4 is a block diagra

Fig. dhowi rsga §cherratlcdm@@dlﬁgmmol?usératlagém W@ugtmjﬁﬁadback path of a
tion b @ﬁé ﬂgcordlng to the present invention; Fig. 5
is a & gram showi ng a second enbodi nent of an
adaptive equalization filter according to the present
i nvention; Fig. 6 i.s a block diagram show n third

Fig. @nbodisnarklogk daagraaaﬁhwwgeaﬁ!qrz%ﬁ thleaﬁngualg e_havmg an adaptive
accor vention; Fig. 7 is a block
di agrgér#m]natg\%ér?la%e our%tée'ﬂbodl ment of an adaptive
equali zation filter according to the present

Fig.éhboa e enemati oGk ro B a0 Pt of a Nearing aid
accor Qb@@roﬁr\fg {OGapeseinlavei i on; Fig. 9 is a block

di agram showl ng a si xt h enbodi ment of an adaptive
equaliza tion filter according to the present

Fig ' %gg}gﬂ%:@ %Tn gﬁawhﬁ(}@‘@Pgﬁgﬁ%ggﬁ“ﬂ%ﬁfﬂw 5F5h %tdiaﬂgvg%qualiza—

tion filter according to the present invention;

Fig. 5 is a block diagram showing a second embodiment of an adaptive equali-

zation filter according to the present invention;

Fig. 6 is a block diagram showing a third embodiment of an adaptive equaliza-

tion filter according to the present invention;

Fig. 7 is a block diagram showing a fourth embodiment of an adaptive equali-

zation filter according to the present invention;

Fig. 8 is a block diagram showing a fifth embodiment of an adaptive equaliza-

tion filter according to the present invention;

Fig. 9 is a block diagram showing a sixth embodiment of an adaptive equaliza-

tion filter according to the present invention; and
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pressi on according to the present invention. Detail ed

Description of Preferred Enbodi nents Fig. 3 shows a
whb@skdiragr am of an enbodi ment of a heari ng aPdI/EP2004/002135

according to the present i%vention. An acoustic input

Is transformed by m crophone 2 into an electrical

i nput si gnal fromwhich the feedback cancell ation

si gnal % is subtracted at summi ng node 8 re sultjng
Fig. 10 erisa flewgehart diusiratingiagrembodimeniaf as,mﬁmd @afe@yback sup-

processor. i nput ai d processor or
con”pr%r§§8\° ngﬁibﬁﬁs.’i@é gﬁésgﬁpﬁ%gf‘géﬁpr ocessor out put
signal or reference signal u(n). An output transducer
(1 oudspeaker, receiver) 4 is provided for transformng
the processor output signal into an acoustic output.
Detafi18 SRl kb U iFBrRA BfiBhimibhs of compressor 3 may
Rt hear providrng nore garn at | ow signal |evels
and may show conpression characteristics as it is

wel | -known in the art, Reference signal u
Fig. é%osm@. bleck diagraiof @am%ﬁm@a of A heatmibaticaidifhg to the
tail later. Error signal e(n) is input to
pres#aﬂt @Qgﬁcgﬁequal ization filter 7b, the equalization
properties of which are inherited fromthe first,

A RS Yot SRR S 5 B 2 W ol o

which! fhef fe%cﬂi%k c?drﬁtellﬂ%h fsﬁﬁw‘l @ rﬁ7)0i§t silitradiéd a6 summing node 8 re-
controlling the adapta tion of adapti ve feedback

sultieg i reaitdrosignall e@). Whichcisdndury stlbmiipcaps draersspe input signal to
the l?%n%?rgci ge tgchggi)?g?%)h\@e%ﬂ# é@éﬂa@@g: Bﬁ{gﬁiﬁéﬁ%ﬁésor out-
put Sghaisdrrendrehas isigraal age). A@mtﬂpluﬁtcartétdelceq(lallmszmiaken receiver) 4 is

frliter ap Iledto reference SI naI % The adaptiv
PFOVf(h%HBHCﬂEa%ﬁPUﬁﬁgl procegsorsoyt E”i Blgn Gn&ﬁpr%@%ﬁppt@pm The
ampﬂﬁdgﬁtio‘?{ Shadae Jr%%etcﬁ Egbrabnﬂ'léipﬁé 'n%hslm‘éfar %Fov;dmg more gain

|onagor| stlngadlglta filter sucCh
at lotmagnat leselmdrat mytmmvacmsteses|cfre@mracuerlsmmaaﬁds gell-known in

tho B RelSrate FR0BNMEN R dnedraetuRba BRLS s el grer 72

desérﬂ'ﬁecﬁﬁ\t Hredd@f thterf EROPARINAP R ﬂg} isTigut td filquency equalization
coefficients of adaptive filter are adapted by

filter 7b, the equalization properties of which are inherited from the first, adaptive

frequency equalization filter 7a. Frequency equalized reference signal and fre-
quency equalized error signal are then fed to control unit 6 controlling the adapta-

tion of adaptive feedback estimation filter 5.

According to an alternative embodiment, the adaptive equalization is performed on
the error signal e(n), and the respective gain adjustment factors are copied to the

equalization filter applied to reference signal u(n).

The adaptive feedback estimation filter 5 including control unit 6 monitors the feed-
back path and consists of an adaptation algorithm adjusting a digital filter such that

it simulates the acoustic feedback path and so provides an estimate of the acoustic
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control unit 6. One basic concept of the present
invention is the frequency equalization or, in the
WO dealv@ase, the whitening of the feedback caneel/ER1000002135
filter input signals. Equa?iza tion or decorrelation
shoul d here be interpreted as the process of naking
feediiduk wi @del te pentrateféédidakrcaricetiatidresignabs ) mpdeting the actual

conpl ete decorrelati f a si | i I f d
acousto JesopadioRait T e aceRickts Rt dapiie Tuish 4 Bl pdanted by
contrh?bﬁﬁﬁt he sanme anplitude for all frequencies bel ow the

qui'st frequency. Adaptive whitening filters are
wel | -known fromthe literature, e.g. Wdrow and

o BB Bl B e e g o
idealt&fd, $HEWHIRIR BPfe fél—fé\%aﬁkgﬂé!nﬁeﬂ’éimnnmiérﬂﬁpmaéigﬁiﬁlsaEqualiza—
i

certain frequencies, the adaptive cancellation I ter
tion v décamalatiomishdulconeretheinterpretedaas theuraeess aemaking the signal

he acqustic feedback th f hes e : :
spock iy BR4EL PR VRGP AL Pl Bleih RBLAABIERER siopl g usualy
refertéd B8 X RARESIHg d BBis! thiahdhé Reyrfal epuetnay tsRes ttheimame am-
~nmore evenly distributed adaptation results can be, =
plitude for abdredquencies below MHeNyaLi frestusney s Adepiive ahiening filters
viepl [ [ ‘ I gat o § .R AP
are vigERodo iR e R RG 8 VIRl Pl S8 TRUAHI DRI Proc-
essirfyt, a986ci ated effect is that a faster adaptation is
possi bl e using an equalized signal for adaptive
feedback cancellation because the eigenval ue spread of
C | . i .
1 tnd ek Flng OF 2 Baft ApRbn! i SfpaeachSr, 4PHK hference signal, has
highWhildreiriatiggoealube apeeftammirdqiiendes f theerdaptivg scangsilation filter will

undefamiR ey i Bt Sanie, Relieo gttt BRubUER, st for these
frequ;%?%ygc‘r%rﬂggﬁehﬁc\lvfiﬂjéfdr- othbF RetuaheiBs a4 ipedr it isitd baexpected. By

' filter to orthogonalize an input signal.
equalizing the Fertibagy soeeliiundapRrrevevaniy ditripited;adapiption fesults can

be a&%@%gjg %:eio@'g&{ @ﬂ]iﬁjzc‘a(ifoﬂt 510E8YS WAl cddsh QUERY fiStribi¥el) estima-

tion error and a more uniform adaptation time constant over the frequency spec-

trum. An associated effect is that a faster adaptation is possible using an equalized
signal for adaptive feedback cancellation because the eigenvalue spread of the ref-

erence signal is reduced (see Haykin, “Adaptive Filter Theory”, Prentice Hall, 2002).

Whitening can be performed in different ways. Which method is to be preferred de-
pends on objectives such as the desired accuracy and the computational burden.

The methods include

I Direct adaptation of a linear FIR or IIR filter to orthogonalize an input sig-
nal. This is similar to an adaptive linear prediction.
ii. Calculation of a Discrete Fourier Transformation (DFT) and equalization of

each frequency bin to the same magnitude followed by an inverse DFT.
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each frequency bin to the sanme magni tude foll owed by
an inverse DFT.iii. Afilter bank of band pass filters
war@sagkspd at i on of each band | evel to flat tenPtCh&P2004/002135
spectrum i.e. to the sandolevel if all bands have the
same band wi dth. Subsequently the frequency band
iii. Si 9pilferdmiesdieshd pagefiltbRead aabpefidnsofaith. band level to flat-
Al t houg{]Qt he enbodi nents described in the follow ng
enptesy theespeeirymi i.e) to theesampdeveldf ﬁHd@ﬂ%waes@ebiame band-

e il ibsRGERR AR oafed lE pRRECERhaRERIS BT get the

fr eadgBRxed\sigailk i ng. This nmeans that for the
adaptation process for feedback canceling, only those
frequen cies should be taken into account for which

aineh FESHEAIEIRL BEESA  HBARAFi mbicShinct(, the ctrer
meth&@s rhagdhache atieel inaddoondarecef withy e presesh gpplication.
sel ected where the cancellation nust fit the acoustic

feedback path particularly well. By omtting

The %é@&‘r’frﬂ)%' ﬁg&i&d@f’t of thEZprebent §ﬁ§ﬂi’8@t|8n |btfré<{i1elﬁ@§SNélbﬁtmg This

ive cancellation f
meara thatriar yhé adgptaélonowrs)ceas forefeledhatk @quefﬁlmg oahythose frequen-

cies Mgutée Ezldy into S' n&ﬂ'@ 1BF W l%ﬂge é#@%b&&cey ofPhcdustE f0&back is

Ilkelyeﬁ!dé| hB2hb QRoridTe LBHIEST aBbuB e aes addfétﬁﬂnemkHbaFids feedback
the present invention can exploit the advanta es of

canc@l&aﬁpmoacfémtsenq’yr ERfigen dsy s\ﬁlﬁqte@ﬁwlh@rea craeeiatiop must fit the

acou\éﬁ%g {i?%ﬁ( %’thg R)\?mwgh Execﬂ'afttl ﬁﬂbﬁ@é@below1 kHz, for

exanfi@pitald possibleuto &Illgwatheaadapﬁwd Iaanodallz&nonhhlt&i tmnhyake arbitrary
rel evant frequency bands can ?@Hiel ected, for

largeceriiees Inthe pYsiteaEsar: gangp vt eempéo'a%n%& ngQB stability

| ugbysi f the frequency selection is made
or ns? n@é%haand ﬁjﬁet equal i zation is then perfornmed

subsequently on the basis of the se |lected
oy oSO eoToan GBI At 80 oy bance
the p‘f‘@géﬁi fn%gnﬁﬁﬁbé%é;ﬁtlﬁa ‘gf‘eﬁ?cli\{/éer}tégéﬁ oﬁb@ﬁ’s toncepie sieadquraty whit-
ening and frequency weighting. On the one hand, a fast and uniform adaptation is
possible with the decorrelated adaptation input signal and on the other hand only
relevant frequency bands can be selected for feedback cancellation processing.
Both concepts can be applied simultaneously if the frequency selection is made
first, and the equalization is then performed subsequently on the basis of the se-

lected frequencies.

If both concepts are addressed independenty, this generally leads to a solution with
undesired characteristics. In such a design, described in S. Haykin, “Adaptive Filter
Theory”, Prentice Hall, 2002, an adaptive whitening filter e.g. based on a linear pre-
dictor model is first applied to the signal and subsequently the whitened signal is

high-pass or band-pass filtered to emphasize the desired frequency range. The
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Theory", Prentice Hall, 2002, an adaptive whitening
filter e.g. based on a linear pre dictor nodel is
wo poostoappl i ed to the signal and subsequent|y PEEEP2004/002135
whi t ened signal is high-pdsgs or band-pass filtered to
enphasi ze the desired frequency range. Thedrawback of
drawb&c¢isobihRy @8plodch it iRt “Undesised effquieney wangoremp (these that will
'&Wose that will be filtered out in the succeedin %
be filgregheutnly the sucpeeding upigbting diiedhifiienen the adpptation of the
[ [ C
Whltemgﬁe%%.%ilﬁ: ﬁ{ . ﬁlgngt 'g;?né |Stp%%8§g§8@ 6f5wf|ﬁc§ptﬁ% dignal energy is

mostyotreiehtratexd adlow drequeaciesthe esualiging dilier iadiaptation wilirpay little
adaptation wl | % little attei',ﬂ“oalp,gr the variation
attenfign tqnéwesﬁraﬁfﬂwrbw@rswgum gretthediieh pargngerands-
contrast thereto it is an inportant advantage of the
present invention that it is possible to quickly
In cohtrast éreretoe itsisean rimpoitant deamtggefmfe’&h\eeme,%en’an‘g/entjon that it is

poss?)%tcp thel Szllggt‘etgstﬂgf (% ency rtﬁe]gugh S%e U%Plgf gtﬁqlﬁe] or any other
selec‘t&?ﬁébju@ﬁc ¥ dd@%@hdéhtﬁﬁbf PR 15ASRSLRIhGY ddinke R of ek signal.

of the expecta on of the 'squared prediction error
gi ven [ n Ljung: "System I dentification-Theory for the

From 8 el B i o o TP ol 0ptation o

the sfqhxéréd @f@ilcﬂﬁnté}mragﬁ&@h dhilgongd g@ystémmdmmbm -Fheory for the
east nean square error algorithmin the op

User d%rgnth:e,ﬁaa fi9Bdn itfip mg@@tq dapye ithe Wfﬂugﬁcg of dlf?grent spectral
distrib&lidtd B¢ te ! Qf@%I R0 Pﬁ’été té’c forf I%\?qo?ltﬂﬁlabagé‘@rcgy feast mean

concentr at éd error zation process wor
squaveektros blyoeitthin s theexpmnlo;aprcmsge Fal aaivers freqUam@erange in which

in the cost nctjon, The opposite
a relR R IBC ISPROFLeh P FiaRgLe T B onsrai e, The ermor minimi-
zatioRPBGSds Wk vsfeh%n%d&t?ﬁé fr@ﬂ@él%/y k%q@ﬂ%@ Mdsad fffge W@ght in the

mnimzation error despite that th
cost fwtsione liher omosﬂ@nh@wem is $hﬁc@8@cfﬂ§rfd$wrt0& feges “Where a

resent | nvention t he si I
smalr SRS ParpR T e et gl (At S RRAR o Sror may
well b&eARAdespraanht tHd mahet éwona@aamgmﬁcm error
m nim zation process wll cause an evenly distributed

estimation error over the selected frequency range

_ s 0 ]
sined WEoRIAL S Mo H0eal RLRIALIe ARePEpaian Koguatzed n 2 s
lecteddmiftidney fremdba@lhichisarelevant for feedback cancellation) the adaptation
error minimization process will cause an evenly distributed estimation error over the

selected frequency range thus avoiding undesired signal distortions.

A particular embodiment of the method of suppressing acoustic feedback in a

hearing aid is schematically illustrated in Fig. 10.

In method step S1 a processor input signal is derived from the acoustic input by the
input transducer (microphone) and a feedback cancellation signal, which is sub-

tracted from the microphone output signal. The hearing aid processor or compres-
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hearing aid is schematically illustrated in Fig. 10.
In nethod step S 1 a processor input signal is derived
WO p@si09dse0 acousti ¢ i nput by the input transducBCT/EP2004/002135
(m crophone) and a feedback2cancel l ation signal, which
is sub tracted fromthe m crophone ouLput signal . The
sor ltiestt igepierdtds PIOSEISSE Ut rRBIAYESER Sb s i
, ubsggg'ent rrgt hod step S2 the pr?&ssq%o%% ESJFS)H;%M s-lgnal,
Wh""ahlscwei“sfe@h@wtheetﬁqwa’h@ stereSdea plunalityt epfréguency band signals

[ ignal.s,rel eyant for the .
relo Pt B, 1o (AR MR 10T B B G0 i 1P prosiibsepfput signa
and ithe proségoaloutpdt siomal e seRetedfrbytiestyd Bahd sTgﬂ@a s are then in

frequency band signals are then in netho

meﬂi&%fet@igsm tyglWrequrnpnequalized ax deseribagealoverand submitted

14t ed: Lo ti - C .
T e o
signakincmkthad ste ps$@mahichris reebhadtest fomShe Nﬁbr@?hd)@ output signal in

suptrac, 1ed fromthe m crophone output signal in nmethod
met%chﬁteg é According to a preferred enbodi ment, the

frequency equalization gain factors are adaptively

calcul ated for the reference signal and, in order not
Accarding & arprefereed iegntidiment theefine quiaydedualization gain factors are

adagfifdR) b2BLLRY Tl b8 1okt aSig Hoc? Iﬁg?cl;ﬁq( it 16 distort the signa,
are thdnpioplédto thas eqilislizadibh fitel fd?rthfé_%lﬁfdcri%@f(ﬁrdc@s%?@ipﬁgasignal).

subse quent feedback canceling filter ‘W be obta
As mgntionesiakavey acsimiler 2dagtation reée Eorealtfitari epeflicientsrintthe subse-

' ioer i I rped FIR .or

auor 8BS el s MChe chifle L af S REd EbbySo o rerer
encebsigdal whentther febdback east@id fiitér isSoPPES| Rh@dLFIRWG ¥ similar

he spectrum thereby altering the weighting of the
struc:%r&d accuracy. If, for exanple, a stop-band filter is

used for frequency selection it will have the effect

that the feed back cancell ation adaptati on can
By sglestingcertainofrequency bads of ther eferenchesighalit Bassksible to modify

i t fecting. t cost, function. |pstead of
the s, 4R BY. A nenGer il kg PR madi ecidie, for example,
a stopriskeid RIesTHs Cideelfap freBa8RcP ScREHAR IBRRAMLY & tﬂﬁF@féo?Eﬁgt the feed-
the adaptive equalization with respect to the
back cancellation adaptation can generate arbitrary large errors in the stop band

without affecting the cost function.

Instead of adaptively equalizing the reference signal it may under some circum-
stances be advantageous to perform the adaptive equalization with respect to the
error signal, since the shape of the error spectrum has some influence on the
weighting of the cancellation filter coefficient adaptation as this is performed in
closed-loop. Additionally, the error spectrum plays a role because a recursive algo-

rithm is used for filter adaptation.

In the following particular embodiments of the adaptive frequency estimation filter

7a are explained in detail with reference to Figs. 4 to 9.
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error signal, since the shape of the error spectrum
has sone influence on the weighting of the
waansebdead i on filter coefficient adaptati on asPChEB200£002135
performed in closed-loop. Miditionally, the error
spectrum plays a rol e because a recursive algo rithm
is used for filter adaptation. In the follow ng
articul a odi ments of the adaptive frequency _
The B&ihodimeahor ?’%%{iuaﬁéa%%f"&%dapw&ﬁ ImFigetlasomprises a plurality of
band-B5§<$ FltE iogs... N&i di . of the.
an eg-uﬁi za't%i ?)ﬁ’ 5 :O? t'ef 48@39'29'5585@“@%9#”@9%%#? \g}gghamay, as has
beerptiiscassed/ beforéasylit flees prddekser snpgiuisigddlj(error signb®orf thie proces-

sor ibu{isGBal BerespBoe s frite"B el pf Fiegueney de signals. An
approBhater nihBEAbY bahd38s RiEESRPe ﬁ;{/?é‘% g 8P3b fitters may, be util-

_ (reference signal), into a plura of frequency ba
ized.sTheapess-handpfreqpencies artentpeefesdblipaseleptst sticht #rat, frequency
r_ex e g or 12 filters may be util. ized. The _

rangpS T ARG, fatlbRer canGelBtpiepls RBlepa Aud, TS, Moauencies
are drhittedf Ireaddinion, FeqERRy rehGyY8May BE rERRYBAGK which the occurrence

cancel | ation are selected and irrel evant frequencies
of fegdbagltris valbkely singgdin these freeuenrsiey theuggss ofwyobessor 3 is very
low. F €emoved in which the occurrence of feedback is

“unlikely since in these frequencies the gain of

processor 3 is very |low. For every frequency band

Si %?I a gai n regulation unit 14i, 14 14n and an ab
For sy feaseBrR Pand1gnal & 08R (raulation uni Jdi, 14j, .., 140 and an ab-

r calk j | A on it ont r o :
sol M RAGSE el (oK ) 2 ¥90\5e SHEEGD. 0B heetin
unitss¢gmpéreaadcatdrdl sigreal g@i2nwith cther gaingadiustddil frdqlienéyndand signal

and 4875 BB, BP RS ORI P BRI oRin of dhg roBectivekeduency

bandc&iyadl. ate apsAbEOhié@gsalaieuBkigAAlnits 1 %€ 195,9.., A 2dn BRRLIate an
o r quadratic norm signal averaged over a

absopite valug signel likender aolinesdnpt guadmtie roren asignadfaveraged over a

oo QRIS AL hap st S0 B e Bl A% st
of theor morma(tiee Hhear meres)l Oltigertvbrrng iyl & (6% guadratic norm), are also

&g@nﬁiﬁ ations. For an expl anation of sone of these
poss It egtEeeRtose raMpEatins + Hor Bt £xmantiea: o some of these

normSaRéiRAtice May RS to RBBEEMathematics Handbook” by Lennart Raade
and Bertil Westergren, Studentlitteratur, Lund, Sweden, second edition, 1990, p.
335. The averaged absolute value signals are multiplied by multipliers 16i, 16j, ...,
16n with the gain factor defined by gain factor signal 101 and then input to the gain
regulation units 14i, 14j, ..., 14n. The output signals of the band pass filters are mul-
tiplied by multipliers 15i, 15j, ..., 15n with the same gain factor defined by gain factor
signal 101 providing the output signals of the respective filter branches. The gain
adjusted frequency band signals of all selected frequency ranges are then added to

form the output signal submitted to the adaptive feedback estimation filter.



10

15

20

25

30

and Bertil Wstergren, Studentlitteratur, Lund,
Sweden, second edition, 1990, p. 335. The averaged
w@bwmeslogdero val ue signals are nmultiplied by nul t PEI/ER2084/002135

16i, 16j, ..., 16n with the gain factor defined by
gain factor signal 101 and then input to the gain

In Fid. Q!Qlihé“cbﬁﬂo“ﬁghél fop coritfdlhnq the pM@htchbfegéibltl’@ghlatlon units 144,
signals of the band pass filters are nul plied by

14, .ouf4n s areextersal sigrl, like e.g. @erememaltsﬁte%b@ \@&tage \value. The

oo AT BF B SRR FoBRbpe Bl L e o

ceptidtihtasting®i effnbl ¢0Renewt BArEktSirE) @l@@fbmlderﬁrebleﬁ:cbmdthe aver-
frequency ranges are then added to form the out put

aged ghgalite yalua eft@te elgh ferféecw@ﬁqu é@aakﬁe Thesteaugnanband de-
fmlngtthI t\%flué B ?ﬁtroldsl Ad19 O‘Qoﬂbf/\fékleﬁ' ég%ﬁgﬁ%g%ké%mce the

ura a| n régulatron uni
sxgnallmvel i this qulmnwl ranggsatvesl aka leagis fcaﬂhe)o‘rmumicy equalization
sel ect able v ge val ue. The enbodi nent shown in Fig.

of all gtheyfresIeHRY ap the enmbodiment of Fig. 4 with the ex
ception that control signal 102 is not an external
signal but derived fromthe averaged absol ute val ue of

The reasonfort sing tverqrrmltmetmmﬂl silgnarel 16ihe 16ndg@yecy filbemlranch is

he val.ue of ntrol owe
that %339?'8 rﬁgu@'%d{@ﬁ sel nﬁrﬁceﬁ?cg@gst?ygﬂ'ﬁ gllg'&/é%/& Rhcahon in-
stantl?"(‘ﬁ cf)hﬁﬁﬁet%ct}‘lere?ﬁlﬁl&jlﬁ%fnwéf By Das 0§ previdingea faster gain ad-
_ uency equalization of all other frequency bands
Justmenta recastwg ingube ragidedocaroputagonat soquiTementaaf ameopsH multi-
-16n in every filter branch is that the gain
regulation units 14i - 14n are effected by the gain
mul tiplication in stantly (in contrast to the
enbodi nents of Figs. 6 to 9) providin

Furthgy grokedigiants &f tbat%%w@.fﬁﬁquya&aég“%% %E?T %ﬁ%ﬂ shown in
Figs. r(ﬁ_%ng')e"ﬁQfeaﬁfoff\#siﬁgg&gg rﬂHlltlb%lergl fdi'ev r&”fF [ency. band only one

i ments of ptive frequency & I zalion
multiplidrt 51 -ase ishdiiped.in Ehigscondigaration, thaﬁf@@@ obthejsmui@pllcatlon is

delayﬁ:\g0 By | tl ls{;g@gtes a(/%\[?ﬁ%:/%earléflfl{lqrggﬁﬂ&y ?ﬁt nqzs} é/sucfp ing in a slower

gain Fét?lflé’%ﬂ ahiRn ripblReorfeestipat sighl anéﬂnD'th@@hthm%nt of Fig. 6
ayed by the absol ute average cal culation units

utilizes angxteragiucantiolsighak1@2 wihie agumermggmftr@loﬁgaﬂldﬁ &alcuiated in
the ehbgjly rgleR{oftlﬂS. putput signal. Again, the enbodinent of

plier.

Still further embodiments of the adaptive equalization filter are shown in Figs. 8 and
9. In these embodiments the multipliers are placed before the band-pass filters.
This results in an even longer delay between the time of the gain regulation until the
effect is seen by the gain regulation unit. The advantage, however, of the arrange-
ments of Figs. 8 and 9 is that the multiplier can have a larger quantization as the
bigger gain steps will be filtered out by the band-pass filters. Again, an external
control signal is utilized with the embodiment of Fig. 8 and an internal control signal

with the embodiment of Fig. 9.
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utilizes an external control signal 102 while an
internal control signal is calculated in the
wentwsapssent of Fig. 7. Still further enbodi menpcT/@pP20041@02135
adaptive equalization filtl&r are shown in Figs. 8 and
9. In these enbodinents the nultipliers are placed

In pripefpds ehd heultisieds providing! thergain Eaijustn@ﬂlb;smultlpﬂmaaaa rwith the
| onger, del ay between the tinme of the gain.re
gain {aeton signgd C@nf%tsomse@%ﬁnb\yhewemg}ae rfeg%@ﬁ"z% %ﬂaﬁfﬁﬂﬁh before

[
the béﬂg-r{%%é‘m %ﬁte{ Qé lft%f‘o%g L gg\g']ﬁ&?ripgietreﬁ i9%he filters.
guanti zati on as the blgger gain steps will be filtered

t by the banpd- pa ter an _ext.erna
1t shQuRtRAcPYIOShhaTe: thebecharrr B Be aBsRHBE tion ptpr types
and ﬁ]feﬂgfrhsaf&é %’(’dtaﬁﬁ\r/@'eqﬁﬁ dh% ﬁ?ﬂe@‘nﬂ?'mm/tﬂb EhplepRpHIBIYse shown
n principle [1ers providing the
in theg amboaidpenlsrté rigshy tomf. tThﬂSEUaeﬂ@dS\ml@lhdﬁhéS Qasrbqeablfr@ntloned

et B13bt 8o SLARASEEANINS ko KMFEGBHREE4 oyt sone

or enﬁ’ﬂB?m@Qﬁ&rﬁzté F@urlél‘r trariGHeion) equakicr then fdildwed by inverse
ers. 1t should be acknow edged here that according

discrete Fowerigiteansfarmaiipant i on ot her types and net hods for
adaptive equalization filtering may b e enpl oyed, as
those shown in the enbodi ments of Figs. 4 to 9. These
met hods i ncl ude, as has been nentioned before, direct
adaptation of a linear FIR or HR filter to
ort hogonal i ze the i nput signal or enploying discrete
Fourier transformation, equalization, then followed by
i nverse discrete Fourier transformation.Clains 1. A
hearing aid conprising: an input transducer (2) for
transform ng an acoustic input into an electri ca
i nput signal, a subtraction node for subtracting a
f eedback cancell ation signal fromthe electrical input
signal thereby generating a processor input signal, a
signal processor (3) for deriving a processor output
signal fromthe processor input signal,
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an out put transducer (4) for deriving an acoustic

output fromthe proces sor output signal, a pair of
weomalopewad i on filters (7a, 7b) conprising: - aPCT/EP2004/002135

frequency selection unit (106, 10j, ..., 10n) for

respectively selecting fromthe processor input and

output signals a plurality of frequency band signals,

- a frequency equalization unit (14i, 14j, ..., 14n)
for frequency equali zation for the selected band
signal, an adaptive feedbagk. estimation filter (5, 6)
for adaptively deriving a ack cancell ation signa

fromthe equalized frequency band signals. 2. The
heari ng ?; d . of ¢claiml, wherein a first, adaptive

equal i ZAtesHng;alq EPMPisNdeonpri ses an adapti ve

F oy aR i RIAldRELt O) tPirhndthhirg ot Boadstic e Bier ] electri-

adaptivel'y frequency equal'Tzing
cal inpwicsighglnal s based on a control signal (102), and

second n%rtw-afja tive ualization filter (7b) utilizes
the efuaMa4 '?'gr?oﬁireog’grstqbg§cﬁ$9 theedbpsk caggaliation isignal from
the dlettrieal i ' [P StirH | gein in
© Charient fnpat sigial TR o piiodssBt Foot sHAGHy
equal @ Agnaleprpresss(@) foutiptvingi g pabcessor dwpues@I from the

i L; filter (7b) is connected to equalize the
p“"’g%@ééé@{ré@ﬂﬁ'Ut signal .4. The hearing aid of claim 2,

wher ear outpuit enkiusdr (ﬂ?h"&'de’rﬁf‘iﬂ@ﬁnfaicb&@ﬁc 64Ut From the proces-
%ﬁnneqted to equalize the processor input srgnal and
SOr QUIRULRIGRRId equal i zation filter (7b) is connected to

equal : ' t osignal .. 5. The hearing

ad i PEoF BaBEREREA el 0P, 2B BRbrieBH: r o1 o gnan

(102) = faequertoyrssddctionniniol10si wal.; 16n) reebisadividy selecting
frodl of claim.2, 3 OCL 4, wherejn the control signal _
rom%g PROSEFRQT RY anGbAYiRNT sigaalsqe Blusiby plifreqvenayeband signals,

one of . baf; ' Saqd. T i 0 i ,

of one tgpﬁ%(lﬁ%i 2 tc':'ggwn\/\gg?g?}rl]'??ﬁjé'f’l r@?)h‘%?[f}e&e%cg' equali-
zatie farithasielneted band signal,

an adaptive feedback estimation filter (5, 6) for adaptively deriving a

feedback cancellation signal from the equalized frequency band signals.

2. The hearing aid of claim 1, wherein a first, adaptive equalization filter
(7a) comprises an adaptive frequency equalization unit (12i ~ 12n, 14i - 14n) for
adaptively frequency equalizing the selected frequency band signals based on a
control signal (102), and

second non-adaptive equalization filter (7b) utilizes the equalization
properties of the first equalization filter (7a).

3. The hearing aid of claim 2, wherein in the first equalization filter (7a)is
connected to equalize the processor output signal and the second equalization filter

(7b) is connected to equalize the processor input signal.
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filter (7a) conprises a plurality of band-pass filters

(10i, 10j, ..., 10n) serving as fre quency sel ection
wairios/09@7pl ural ity of absol ute average cal cul aP€DREP2004/002135
units ( 1 2i, 12j, ..., 12n) for calculating an

aver aged absol ute value of the plurality of frequency

band Lﬁl'ﬂ{eahéarﬂ@aﬂ dfl i 2 tWhé?ferrgiﬂ'tﬁerfi?ﬁlécﬂldllﬁé‘tldﬂ‘ﬂﬁér (7a) is
(141, 14j, .. 14n) derrvrng a plurality of gain

connegtachto gq@aimesthemceswp@pma@najrar@ thief $anopdorqualization filter

(7o) eSS SN2 8 et Ml S8afao) uet oo

frequency band signal. 8. The hearing aid of claim?7,
wherein_ the first equalrzatron filter (7a) conprises
pl ur &¥-i the bearing eichpf eleim 21 5i or 4,5vherein the saptrelggignal (102) is

an egt% r'ra){i'q?ﬂtrbpgl gg, n adj usted frequency band signal s by
nu t| plricati g

n-of the frequency band signals with the
cor respondi ng gar n factor signals (101). 9. The
hearrn gof cl wherein the pluralit

matt 118 Bofind ahhoh e Bt havsiBib g sebismdisnal (102) is
deriv@ﬁr\‘g?rﬁaa?r?a\fér%@? $b58 é])%lﬁ% %’F elilﬁ B?ﬁﬁesfreﬁlééwac{y dﬁazid srpnals.

I'zation ter ear| cfarm
8, wherein the pl uralrty of multipliers are connected

ot ondd. Tk RESHRS BRF P 6RE ab AAMS 2 oo Whetedn e it pgualization
filter Th8) G@ﬁbhé‘é’s a'ﬂu@ﬂrtyﬁéﬁbéﬁoe ad¥@iteds n10iheof i, rS’FOn) servrng as fre-

equal i zation filter (7a) conprrsesaplurar
quensyceaiectian unip| a elugality gif absejute averagemglcwamrwné@r (12i, 12j, ...

ton 5 SR, AP 20 UGB R M SR Adflancy band

signalgidrgl 4 blirality4of Qdiﬁ)regdlatroﬂ'bﬁrt@@&trl ngj, al, M 4f) deiwirgf a plurality
clains 7 to 11, wherein the absglute aver age
of g%arfegroaﬁww ¢t dapgndepppon a differgpeg b@ﬁr%@rr #he cgntrol signal

(102?%@@ A atv@ O%écf%&?\ee dgglﬂ &'ﬂen@sgecﬂ\% gén"?%rﬂ%dofrequency

uci ng ack of a ring
bandasrgnglnal processor (3) for processing a processor
i nput signal derived from an
8. The hearing aid of claim 7, wherein the first equalization filter (7a)
comprises a plurality of multipliers (15i, 15j, ..., 15n) for deriving the gain adjusted
frequency band signals by multiplication of the frequency band signals with the cor-
responding gain factor signals (101).

9. The hearing aid of claim 8, wherein the plurality of multipliers are con-
nected behind the corresponding band-pass filters in the signal paths in a first

equalization filter (7a).

10. The hearing aid of claim 8, wherein the plurality of multipliers are
connected before the corresponding band-pass filters in the signal paths in a first

equalization filter (7a).
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acoustic input and a feedback cancellation signal, and

generating a processor out put signal, the nethod
w@ompideTng the steps of: selecting fromthe pPOLEBR04/002135

i nput and output signals aiplurality of fre quency

band signals, frequency equalizing the sel ected

frequency band signals, and adaptively deriving a

f eedback cancell ation signal fromthe equalized
f r eddenidie baadng isighaf slaim4 9, wherein He ficst emmhaati@; filter (7a)

comor {5 ek S8 nAGTEERRIGESHEL BB Gk Bwocn o

absoldt@%ﬁr@@@iﬁﬁulﬁldnpuﬁltés(tméﬂ12}”0' e had r’cﬁetdfti?respondlng gain
freq uencx@band S|gnals of the processor input signal

regulatjpn unjtg(hdy, 1 Ak --eddali zat i on properties used for the
processor input signal. 15. The nethod of claim 13,
wherein the step of frequency equalization includes
adaptd. igleyheariral éaidiofg)rfer@‘ tlahasen ty 1ba%e$élgrthb58b$blute aver—

t he processor i gnal and equal i zi_ng
age Calsslé'aﬁeﬂwﬂﬁa(ﬂ]a' 3?@ ma @rgfcalﬁel%e 20B9HB O iR ﬂ@ﬂuer\@mand sig-
nals. Utilizing the equalization properties used for the
processor output signal. 16. The nethod of claim14 o
r 15, wherein the step of adaptive fre quency

oo 13 ZEinsifod S Tduii datw5is Festibadity Berting i gpaprising
a mgn*éy p?@&@@idr ) FoF sHINE Prosbsunr! input fblg’rfhlaé(@i\%leﬁom an

absol ute val ue of the gain adjusted frequency band
acousti¢ grutandig feeghackmaneellation |S@@nﬁl,16nd @eaesitingaa processor out-

t I i zed for adaptive
put sicf L ARk PRH fim B LRe S8 PYA met hod of ol ai m 16,
wherselattingcipmir e srogegtor detput ethd batpLlasigivalerapratality of fre-
absol ute val ue of one of the frequency band signals Is

quencybandAenaler adaptive frequency equalization. 19. The
met
cal Ig&%at%ﬁg eg‘\‘}g?rlz} gie %‘%e(;%&? %Fgeb&faéégc% d?'[ahs o a| n
ad] usibptvély ederdviny b featibsicda alasceltatjom sigmgpl from the equalized

frequency band signals.

14. The method of claim 13, vwherein the step of frequency equalization
includes adaptively equalizing the frequency band signals of the processor output
signal and equalizing the frequency band signals of the processor input signal util-

izing the equalization properties used for the processor input signal.

15. The method of claim 13, wherein the step of frequency equalization
includes adaptively equalizing the freque ncy band signals of the processor output
signal and equalizing the frequency band signals of the processor output signal

utilizing the equalization properties used for the processor output signal.

16. The method of claim 14 or 15, wherein the step of adaptive fre-

quency equalization comprises the step of controlling the gain factor of the plurality
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cal cul ation of norns of the frequency band signals.
20. A conputer program product conprising program code
wo evospeqsfor m i ng, when run on a conputer, the PEL/EPI04/002135
according to one of clains123 to 19. 2 1. A hearing
aid circuit conprising: a signal processor (3) for

of fréfusRyamd ﬁgﬁél@‘%ﬁ&?&ﬁpém@é cdhfifidh cagtrol\eghdl WA 8 averaged
acoustic input and a feedback cancellation signal, and
absojuigaralie atithe gainadpstast frequenay kanghsignals. pair  of
equal i zation filters (7a, 7b) conprising: - a
frequency selection unit (10i, 105, ..., 10n) for

r espeft.iTid melRIESt tiamn fi6oWhbhen hasessal contrsltsigid is utilized
out put signals a plurality of frequency band signal s,

for adaptiye Egadensy eayaizatieni on unit (14i, 14j, ..., 14n)
for frequency equali zation for the sel ected band
signal, an adaptive feedback estimation filter (5, 6)
for at&plhe/mlethatieof claing 16, Whedaalcoténot sighat dernivesi fyomml an av-

fr th lized f b [ | s.
eragedoargsolueteev%uae 1) gne oq‘ %%J rgazengynga% %lré%afs is utilized for adaptive

frequency equalization.

19. The method of claim 16 or 18, wherein the step of calculating aver-
ages of absolute values of the gain adjusted frequency band signals comprising

calculation of norms of the frequency band signals.

20. A computer program product comprising program code for perform-

ing, when run on a computer, the method according to one of claims 13 to 19.

- 21. A hearing aid circuit comprising:

a signal processor (3) for processing a processor input signal derived
from an acoustic input and a feedback cancellation signal, and generating a proc-
essor output signal,

a pair of equalization filters (7a, 7b) comprising:

- a frequency selection unit (10i, 10j, ..., 10n) for respectively selecting
from the processor input and output signals a plurality of frequency band signals,
E a frequency equalization unit (14i, 14j, ..., 14n) for frequency equali-
zation for the selected band signal,
an adaptive feedback estimation filter (5, 6) for adaptively deriving a

feedback canceliation signal from the equalized frequency band signals.



