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WD 2007/ 098808 PCTI EP2006/ 060433 -1 Hearing aid and
met hod of utilizing gain limtation in a hearing aid
5 BACKGROUND OF THE I NVENTION 1. Field of the
woN@bisgs 10 The present invention relates g4 hsakhiddss
aids and to nethods of utilizing gain- limtationin
hearing aids. The invention,” nore particularly
relates to hearing aids incorporating mul tiple
m crophones that are adapted to interpolate a nmaxi mum
gain limt in dependency of the mxing ratio of the
m cr ophone signals and, still nore 15 particul arly,
relates to hearing aids further incorporating
f eeHeaeig Gt a8d hiithedof li’tilizﬂfgj?ilntiiﬁufaﬁdﬁ ¢# a hearing aid
di sturbances due to acoustic edback, and respective
nmet hods thereof. 20 2. Description of the rel ated
art It is a widely known problemin hearing aid

design to adj ust i i bl nmount of gain
with which an §@é@@&§h%§€ﬁ\égNWbe anpl i fied
to produce a hearing |oss conpensation signal
wit hout the appearance of artifacts caused by 25
acousti c feedback or other acoustic disturbances.
1 Tiield of eiimvepdiori i cul ar a problemin hearing aids that
i ncorporate nmultiple m crophone branches each having
a mcrophone providing a feedback path. Therefore, a
Tg@ipneﬁaf atvgniivar gilaies ¢ hegrirgaridy andefguinethdds of ardiling Hein-
e b 0 [ h
[nﬁ?zﬁfc r&)'ﬁ?grl@jglgénﬁt?ea n%tloﬁhgweog? fﬂgﬁ%@ﬁﬁ %8§/?%§earlng aids
insongaiing SOItWIB- mmWGMamrsddesmé tcaintmmlataga exdmuint dain
; i G 0 ic
Itrﬂi’éﬁ% dggéﬁ(nd\%c%{%{ fg\:% n@‘ﬁ‘?‘ge'@ﬁ&a%ﬂ”e chicﬁrthong%%lﬁ?k an(d sch maore
parfiewarivt refetek ttoreatihe aie fRMIOS/ 108880 8irRCIEEER2BO0GMOERIAS in

or'g%% ho%%gg?'d%hﬂ'ﬂgnd' E%ﬂ] ?theasﬁohgt?c E-%eﬁécﬂgaﬁﬂi qespectwe methods

ion SO t 00p garn
thereof.

2. Description of the related art

It is a widely known problem in hearing aid design fo adjust the maximum possible
amount of gain with which an acoustic input signal may be amplified to produce a
hearing loss compensation signal without the appearance of artifacts caused by
acoustic feedback or other acoustic disturbances. This is in particular a problem in
hearing aids that incorporate multiple microphone branches each having a
microphone providing a feedback path. Therefore, a gain safety margin is regularly
required in order o avoid that the feedback loop approaches the boarder of stability

generating undesired and annoying sounds.

WO-A-94/09604 discioses a hearing aid with digital, electronic compensation for

acoustic feedback which comprises a compensation circuit. The circuit monitors the
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than a constant K. An adaptive filter operates to

mnimze the correlation between input and out put

fromthe hearing aid and may be used to give a
“ﬂE@ﬁM%% gf the attenuation in the aCOUSt'Q«ﬁ%@%ﬁM&hus

pa y deriving gain and possibly al so phase

characteristics froma feethack cancel |l ation fllter

WO A- 02/ 25996 di scl oses a hearing aid with an

adaptive filter for suppression of acoustic

Idop ald redifatd MRt iekPng lald SfpliRMtidRSsHE8HtHB o6 gain is less
I n ependent nmeasuri ng SySt emto eStl nat e

t he
thaton Serstant de diprdaptygyfiiar orpiatrse einEis: ﬂ\%wrraiaﬁ% getween

r&iu@ﬁﬁ@%@@uﬂﬁorﬁ%é‘%é g ae%d%h@ﬂ@é useW Hg.&@&%@d&% $the
ItIS expl ai ne in sone detail how an

a@%’i“i%’ﬁ? i B ag‘avfﬁlc feedbrek pRibt eEviPg gabh R R?é?‘ﬁ'yr?éﬁi’ Msse
cHaraelentike romA R ebbadkaRReNBtiorlfilles. SUbj ect to acoustic

f eedback propagating through feedback path 2 fromthe
receiver 3. In addition to the desired signal, this

vieedbaekogs gsidsess héa’tlﬁ@rﬂuﬂ tw@tfl droaddphiee ltedTad suppression of
processor 4 Af ter ocessin

5.
B FertipCioy e BB eaE avcbesFascisn Bl PORERe s maRsing
sﬁstéﬁm tb lé@iirﬁé\fb theeHodustid fﬁ@db&ﬁ@hg&%l’ w%c{u@ ausmmnarf f3hedProbssed
acou lve il
st Rt pignels MRS e o i Figod 10F SRTIBHSY lsaiictal gy an
eéﬁnét@&’lﬂ ahihyn thefbestiedebdbackpath I’mbydiﬁ quiérmfinddu Sh@higrophone

d
108 bkRhin Sorists, Beaph osaGdiRufieten HepRld g, 2 o the

ré@&backn sddiffival to By desieddy sigsalofhist leediiach sifner isf teemstited to
n.the f

[t {
Lo s & mE 9 5. Abn o eAe pL e Har S PO 4
tina ﬂntomaéser bbl@ut signat & kerhnemittzd teitignedceil®r § E)r asniverhiondo an
SB5TE2L0 BonBe  BR I SR o pbl o
batviesddopurBat(ssually réferehesd det) expbuputed(vboalytréfeged ttagathe
b 5 j
rtgfa yensgeﬁlfgs F . ,? agﬁ cpﬁgéqursgqi){q gghﬁgt% %‘?'ﬁ@ 5'@ § qu QBQ &lcoustic 7
fessibelch sigaaicBy ofialyaid of thé draesfat iuactwd of tméqﬂtﬁney elstamate of gain

|rﬁo‘¥6{1§egfg?+é%cﬁg%§wg(§a% kE%ogt'ai%f%h O'Eﬁ{ t%g»\ﬁ(/é {'.i'lﬁ—;gi %ﬁ]‘é}‘a’tes fo mmlmlze the

mm'*edemwgm 30 (o0 ‘@"@phmrat@obmfttMitngamet%@@gte 8 from
jﬂbgtcs%népﬁe?mdé éﬂg%&%?‘ﬂ however, how nmaxgai n val ues
S RPESIge

ermned 1n rrultl-mcrophone systens. 3

in these prior art documents, it is further explained how these data may be used fo

~ determine loop gain and then set an upper limit on the applicable gain that may be

used in each of multipie evaluated frequency bands.

Also, US 6498858 B2 discloses how feedback cancellation may be applied to a

system with two omni-directional microphones.

Neither of these publications discioses, however, how maxgain values can be

determined in multi-microphone systems.



WO A- 99/ 26453 di scl osed a feedback conpensation

systemfor a hearing aid wwth two m crophones and

di rectional processing, wherein each m crophone

signal is independently feedback conpensated before

processing in a directional controller.

| ndependent |y conpensati ng3each m crophone signa

bef are djrecti onal ocessi ng .requires extensive
Wongz?g’é?%?% &lsslﬁae%%ﬁqeﬁé%ciéompgﬁsafl%ﬁy%@m f9rehgapag aid with two
mickPIBRRS &hil OWirelidnbe poeQeRackwhbgnal etV [icrbGiRibt siddal
) 1gﬁresidual féed%ack %ignalgcdﬁponent,?mhiéﬁ'ﬂgﬁ' slghal s
indgppndentle r isedbapl reopmensatpdc belore ofocessingdin ac direstighal controller.

oSSR e A8 B oS PR

requyes rexiensive ptocessingrandidatiiesnd cislogiore imperfécngomapetsation of the

reoqRal R S S Ao Bl SRR Bt Bh P erer

withethp fubicéibn bithotiirédtohgRbafeikeri N a hearing aid taking in
particul ar the nentioned requirenents and drawbacks
of the prior art into account. Exanple enbodi nents
ThuSBdheRf AVh Bed rhieRkirbed@halidan&ias RONALT BRI iMtolddP k&hniques for
_mcrophones, input transducers or input sensors Wt h
utiliging gawdimigativn ammutthaicreRhobr hemingiaidsct | onal
processing capability with gain limtation
capability. Exanple enbodi ments may provide a
correspondi ng netHddMARY (if BEEBNTHYN of | nput signal s
frommultiple mcrophones in a hearing aid, with
i mproved gain limtation. Exanple enbodi nents may
ExafipRMintledand@amhy grodidd HeMe0r £10¢ aid Metheasl dfipRdc@ssing signals from
1 cr ophones, _input transducers or input sensors wth
a PhrEE el myciorberss tMap BewpEnad takpgcdn ggicular the mentioned

requtcRRAS 2h BraGBRARIJr klehrith bR 8 GeRARK conpensati on and
gain limtation capabilities. 4 Exanple enbodi nents
may provi de a correspondi ng nmet hod, for processing of
1npu i r -l )Rl j {Ci ' ari
ey AL o AUy T RRORRT, L AP
inpue nroddivent or impyt perseisdwith precassing madatls itha ocopdiddsi digectional

mul.ti ple.m crophanes,. .input,transducers . or. i nput .
prodgiiis oMy B TiiatioL PN PRABF G TnepREn PRy provide
a coBlegidAl mgai@hod) TQCEE&REnE Bf tupdi §igedld 5@ m@aPk heikicBhones in a

and wherei n feedback conpensation and gain
heaqnggid. gyittolnpaeved gaps BRI t hout adversely affecting

the function of the directional controller.

Example embodiments may provide a hearing aid incorporating multiple microphones,
input transducers or input sensors with processing means that combines directional

processing capability with feedback compensation and gain limitation capabilities.



Exanpl e enbodi nents may provide a hearing aid wherein

overall gain limtation may be perforned by a

processi ng neans of the hearing aid and where the

total system conplexity - evaluated e.g. as a

processor | oad or gate count - is conparatively |ow.

According to a first aspectt of the present invention,

there js provided a hearing aid, conprising: a.first
Exap{cr GRPRSHETD Ma oRFO¥IUE i h GOESBA M i [ Strogtitipe of nput
signgls $8 muRipRERRAHhoRdsGh QRBATE 4@ WikAmpRIvel BSin3RMBHon.

into a second audi o signal, directional processing

nmeans for conmbining the first and said second audio

Con : : A i ti fo .
ExafpBACRGEANTAD thonf, TRtk A8 O Bl S Bl fones
inpua trensiicas beagbaskses gralucing ntrert isiggals,hehdrén glte input signals are

m cr.ophon nd secqnd acoustic feedback signal .
procfispl R Eanal RFIRT PIOHEHER FRIERE aTHRRke g, cein
limifkios %S ipagoseddd withaidti alvetenafteddiig ah | fimdtign sofgtheNdif@tional

exceeding a resulting maximumgain limt to forma
confllFi ng | oss conpensation signal, wherein the

resulting maximumgain limt is derived fromthe

first and second acoustic feedback signals and the

Exapiiplei ampodimgngs may proyfeguoguing eidarieaie eyerglb gaig difvietion pygy be

hear | [ -S| L, i
pertydfed B0 Shost e pRATERIAL' Bk NP apd plhe sotal, sytem
comiplaity rgvaigicdagdsagpro@sshe tiedmr gate cheit Fas compangively low.
maxi mumgain limt for the overall system by
interpolating the first and second acoustic feedback
AccBidipates a i fistdgpendangy peésehhRiveitionn thefels prodided Ehearing aid,
i nput audi o signals. According ta an enbodjnent of
compRging; & Sgh MiFTRRME; &, CONKtRE s dNtos ﬁ@aﬁ@l? gignal, a second
micRPARIL tbrt QnIEHRE Mol ifto MBXERND MAlUSghAr dfrB&ional processing
acoustic feedback signal in each mcrophone 5 branch
meaap orvohmbiing thp Sirst @ad baid aegondiridiomegdliaacarding to p gixing ratio to

i nt er pal . QM- i e ' i .
for 3 o0 PR L ELOMA Bl O il € T BLGIL T80 signa
entering dhd first inéerogimpe ahd ofsetdnd gopwsie itedbankemgriab entettitethe second
.1s Erovided.a hearbng aid .congris%g%: allfirsg;{Ii i not
MiCEAPE P REWESH s MEBRVET PIORGSL8TAY PRYE) Sipngh MsePelyjge g sain no
exc&IdpTad resaltis @ e@Rthuili @fophane fhos ademnes lokNgorhungtion signal,
into a second audi o sjapajb ;sting%in nmeans for i
whegglp ithrafepigng maringym gaigUEpit & ALBanioR Gedhs) and eemdpgoustic
feedbB8k fibka3{ arfdlihd APHRNERib CarQSR VB trihstihded for cBR¥ek MR BE hearing
feedback signal and for estimating a second acoustic
lossfaoppbasielion sigira inte At 8¢quRldc outPE. second mi cr ophone to
generate a second estimated feedback signal,

conbi ning neans for conbining the first audi o signa
In emiatiplet érebddimatts,abe ipratidd feedpaok emblpnab dadninkahe resulting

maximum gain limit for the overall system by inierpolating the first and second acoustic
feedback signals in dependency of the mixing ratio of the input audio signals. According
to an embodiment of the present invention, the processing means is adapted to determine

a maxgain value for the acoustic feedback signal in each microphone



second audio signal with the second estinmated
feedback signal to formfirst and second feedback
conpensat ed audi o signal, processing nmeans for
conmbining the first and second feedback conpensated
audi o signals according to a mxing ratio to forma
hearing | oss conpensationssignal by applying a gain

not exceedi a resulting maxinumagain limt, .
brangh apd i¥hepae ﬂ%efgmlv%@aﬂa&%ﬁw 3%% Ripfirmoisied fram g graxeain
valub$ 8Rrnhifed ihleadh RRELhSLEADG g @S tHeMikRY rafgedback signal s

and the mxing ratio, and an out put transducer for

converting the hearing |oss conpensation signal into
. u i odi t . . .
AcoBRRRUE Brthe MR of 0 (ERPh T HloE o i hopring oid
comprieiogss ifing) nofrophenel flop sonvaidigososing mead o oyt sudgo signal, a second
) coggin%ng neans toaq@h%r wi th feedback conpe sation P
miCRRAONA IR FINPHRE | GHID P he SHro0d eI § oAl FETH{rgmeans for
estirﬁﬂhfgue! RdsescobdtR flbﬁ_ﬁﬁdzmggndl eftsrifohip eilﬁﬁ mibmph@iegg gtnebate a first
.appl yi result maxi rumgain, limt depending on |
estipfgd ¥~?F?%1°§gﬂ% ?%%gﬁﬁﬁlﬁﬂlgk?ygefﬂ%d oRIcCHre &ﬁ%@l entering
the %g&gf ﬁlici‘&)hbﬁe ﬁg%e%@ﬂéﬁ%dd JBMa esfifREFEHbEANES]al, BbIBRiIPBYeans

pplied to least two input sensors, one having
for gembiniig- e rfget aushasigapdvishdhn divstrrgtiaatst -Taedbed pigngl| and the
secchl AAR s%da? Wit tFége%%&j LEndi ﬂa’ept‘f‘a%& 's%ﬂ@ll toRbA $ivst 'l second
means. e resulting directional characteristic.is
feedbbtkadomgetnipyednaudionggrtah @recsssimgioparts fei gmalising thedfirstreed second

ach of th referably fixed _directional, sensors -.

feedSRE s hAEHS SRR st G af g Sina Pyt SO eaying loss
comipBnsatién 6ighAl e thppling M gaihaiot @xcebiidg Ml sbulgng AbkithuiBYaih Simit;

deternin?d by an 6 adaptive directional controller .
Wheéﬁa]b rcl}ﬁ IR %@%1%% PYR grmq isylgrived fromit sih#d second estimated
feedbSMWILAUEMd thMRPIAEHNG, 4n@ aB olitput REIsdASP ﬁﬁtcoﬁferﬁr%qm hearing

present invention, there is provided a nethod o
losssppersstioysignal ire n froyieOPHst and a second

m crophone in a hearing aid, conprising: converting

i nput signals fromthe first and the second
In eraopdp koedimentso the fprovddedahearang sidceomitleaui prosidgndirgctional

conbi nj the first. and.t second audi o .si gnal_.
proGSth A A DA% eR phfe SFEP R NES BAHRR with focdbaci
confpe@atibn afd Fhifiniifa@oR b itheSproacsonng tricant ebibhaakubi@nhd hearing

enterin the first m crophone and a second. acoustic
lossGOBIERRAKOR Pigha| DYSPLRS Y reSHEING dRBHGUM ok g sigeending on the
mixReaBSSipplcd BemiRBhbAIngSh&Ral by applying a gain not

exceeding a maximum gain limt to forma hearing

| oss conpensation signal; wherein the maxi num gain

it i o s tic .
ocplig 1o erkink, b ML BRc Mk BB SORAAP O RS impur
sensors, one having an omni-directional and one having a bi-directional characteristic

according to directional processing means. The resulting directional characteristic is
obtamed by mixing the two output signals from the each of the preferably fixed
directional sensors — one fixed sensor preferably being omni-directional — in the desired

mixing ratio. The mixing ratio may be determined by an



converting the hearing | oss conpensation signal into

an acoustic output. It my be seen as a true

advant age that the hearing aids, systens and net hods

in exanpl e enbodi nents provide the ability to

automatical ly adjust the anpunt of gain that the

hearing aid or systemmy &pply - at any gi ven

an .. .

a0 o el Moo SR L B0 i ion gecpigoes

is able to adjust the possible nBX|nun1gain [imt
Acchrdp iche feilier @Rpdcy of ﬂi&pﬂeﬁh&%@ﬁﬁ@iﬁ&h&e f@gﬂﬁ&ﬁ:& a method of

proc%gsg[@a d%nﬁp(flrohhgrﬁg %Hna%ec%d n% rgPhongr%n t::1 earAr&% S@dx%prlsmg
conyegting vt ﬁ]énalasfﬁ@a:ﬁhe firseped jthe grcond em@rophcmemm @rfirst and a

sec@ﬂmwm&ﬂﬂpe@@bmgug e¥ et &l hePEcOiPAES SRmWNb&Brding to a

i SIS S AT S0 JEL P g g
the fflﬂ?tt ﬁé?roﬂlw&tmd teh pcengl sacppBigi dedbarkc sigmalt entenpreo dhrearsecond
mic B@hd:cbrocéﬁ ahe |SM13 xR0 bl abb By z@@élﬁﬁﬁbﬁ%@ed@ﬂg & Mhaximum

ecut,e

s G B LR GO P o G, SRR Bt i i is
deﬂﬁ@ﬂ/ﬁﬂma@ééirﬁif mxdhf@chbm@us_tlce&bdimcm:gnglswnﬁlth@awng ratio, and

conVeReig: BB RedrRRllods c@mpkhatiof Qb0 Mipan Sluaid &ﬁput

description taken in conjunction with th
acconpanyi ng drawi ngs which illustrate, by way of
It may herpica a5 & tiate prvantigs tess thefhentieg pidsepsitronandatethods in example

emb%@qu&gégAﬁe R&d/ a’gﬁ?ﬁ Q@/ qgt%ﬁéaﬂy’ Zd_]%l thE a%%ip ng\t!hat the

i nvention wl | e, readi

hearLﬂgdaéil St 36986”5?‘&?’ P?BPIP’o‘I "ft&W ROyl &sEnee Y igh arepi th%trﬁcf’?rdmg to
an epehigdumant iob rtheviptelsertt Hevention tpahsaring aidk aanabig o adjer @ possible

mazdnh{ﬁa geﬁsﬁ SN ERp!) ﬁ{éeé@}eﬁﬂ Cé@féhﬁ&@t ﬁ:ohét{éefeéﬂ‘t{akﬂgt sgnaﬂs and the
coempatl

mix e g U 3 PR H P et Of B PR ETbr art

10 Fig. 2 is a schematic block diagram of a hearing

Acc@#d%ga@& v (f*urﬁ&r t&;%_a &erf bedd is &’écﬂﬁn&on&?utér gfa?r?‘ ec@fnprlsmg

. hemat bl
exeABH hiy i <ol T Y SCBERIY & KSESoaFIEHES of method

accarfhipg py s ehtvei metbod aspect. Fig. 4 is a schematic bl ock
di agram of a directional controller according to an

According to a further aspect, there is provided a computer program product, containing
executable program code which, when executed on a computer, executes a method
according to the above method aspect.

Other advantages of the example embodiments will become more apparent from the
following detailed description taken in conjunction with the accompanying drawings
which illustrate, by way of example, the principles of the invention.
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enbodi nent of the present invention. 20 Fig. 5is a
schemati ¢ bl ock di agram of a signal conbiner
control |l er according to an enbodi ment of the present
j . Fig. 6 is a schematic block dia n
“’ldr}éu {;:sgﬁtrol | er according to an enbodi m%}%@[ﬂ]}ﬁ{y%@som
present invention. 25 Fig.-7-is a flow diagramof a
nmet hod according to an enbodi nent of the present
i nvention. 30 WO 2007/098808 PCT/ EP2006/ 060433 -8 -
DETAI LED DESCRI PTI ON OF THE | NVENTI ON When descri bi ng
the invention according to enbodi nents thereof, terns
will be used which are described as follows. 5 Input
sensors: in ggf FOfd
non-di recti onal Efn%cﬁsgiﬁwfgﬁ{%@br EBR%SI\{\QQE% I nput
sensors. It is commnl y known how a directional
THRNAPENtBA A %teerr il 0
be gener ate! ° Ir#oﬁrrﬁe?w%o% §%% %\?’LM 48 ?étg% HeeQC”S wh in
GRBIHBCTON oW thﬁ ra@@@mbafmng( Firaévmg‘ﬁontv@rmedlke dﬁwrence numerals
débi@ﬁﬁ@hiéé‘@t‘r’ucttﬁ}él‘%#&ﬂerﬂs G, wARgl or 10
phase- adj ust ment processor/circuit. Maxgain or
maxi mumgain limt: the upper limt on which gain it
Fiigh 1PORS BdnBmiafc BIBBK Yiagiht (Y hedriRg aRGRIEHARSS tHiRFpri
f%edback resonance. Some saf eei yl ﬁu?r gin ?%g ﬂ%zongé?rt'
may be subtracted fromthe calculated Iimt. 15

FigledB: i hi scHEMAARNBIbEC @‘ag%ﬁr&t the'aﬁngc' hay ta@%:gg ing b a first

conversion to logarithm ¢ val ues, 1.%

201 og! @mbodjmest Bgihﬁtpf%*ﬁ“t inventing. cont ext of this
docunent, the term"Interpolation” is used in the 20
Fse se of whi ch nmay be generic

hed conbi nati on",
T 3ot net & Tergie Pk SHASrm Ol oasede Feorainad 3 Second
meani n@nodinfht behepeder ifvditiodeduct ed from the
description in
Fig. 4 is a .schematic block diagram of a directional controlier according to an

embodiment of the present invention.

Fig. 5 is a schematic biock diagram of a signal combiner controlier according to

an embodiment of the present invention.

Fig. 6 is a schematic block diagram of an input controller according to an

embodiment of the present invention.

Fig. 7 is a flow diagram of a method according o an embodiment of the present

invention.
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this docunent. Reference is now made to Fig. 2, which
shows a hearing aid 200 according to the 25 first
enbodi ment of the present invention which is capable

rmine an estimate of the gain int

V#%@gﬁ%‘g path The hearing aid conprises tV\h}(';;c]"j}ls‘:lp"kﬁ%066‘:“'3
m crophones 1, 20 as input-8ensors each producing an
audi o signal 5, 25 which are transmtted to signal
processor 4. The signal processor 4 conprises

di recti onal I j Fﬁqa - the audio
signal s 5, EE%@%@F%%R aﬁrrc?eﬁ’ﬁ%qggft_: 4(5 to form

a spatial signal and proceSSI ng nmeans to forma

Wﬁ@ﬁ 'dPch!PE@StRQ qm%ﬂé tEl'(:cc,’cfllclirt tg ofdfn%nté Iﬂ%r%&awn%lﬁ will be
signal . eari ng oss co ensa on Si

usedmhtweéemibﬂa%@ﬁm output signal 6 to the

recei ver or output transducer 3 for WD 2007/098808

PCT/ EP2006/ 060433 -9 conversion to an acoustic

loput pensars:gn alenersheithec dirsttiopalowrtnmatdirsttinnal misreheoes may be

Js@@%@"i’lﬁ}ﬁ ?rszl bsz%'gir%ni l'hdvt 28 %Sn%r cRéraEtlaﬁstic
m cr o each m crophone

ad%rs@tiqmel micrq;éﬂpner) capbeogriesaied by compining the oeitp@é gi two —or
Raerel &ﬁﬁ:%e&%ﬁ?ﬁf@ :‘ic!}ﬁdife%ﬁ&?ﬁ)t r'n?é?oc?hﬁﬁ’éét thid@R & gaid- and/or
25a (usual | ence processor output

@’iag?réﬂluﬁﬁ(elﬁgﬁépﬁﬁofl@fcﬁﬁr ed to as the reference signal
Y), and .generates an estimate 8, 28 of the acoustic

f eedback signal. By analysis of the_ transfer

Wansedn Frinafmemcgin ifat the drpes limit opawvhigh gain it lmpessivle orRpPlY

AfHolt thd &%anertc%e@thas&%ac@%ébnanc@%msastthé@nngdg 12 dB)
The adaptive filters 7, 27 operate to mnimze

8@y beaytagted Moy the CgiadiRteddMit30 (e) which is generated
by subtracting the estimate 8, 28 10 fromthe input
signal 5a in a subtractor 11, 31. The .anount of

heleo i metheseatisalcperaigryis [rEoadnd.fat ERNVBIFIRelodPgRTITiC oRiues.
i@f ppsPaviegRLer |ike the ratio between the input and
output signal of the respective filter 7, 27. The way
-of inplenenting such filters wll be known to the

1ﬁ%ﬁ§ﬁé’tloﬁklh|th@60ﬂtéb(tbh ﬂu@ﬂéc.urrféng thé felr “Intpela it @sueed in the

WO- A- 02/ 25996. The acoustic, fee
SSTgh T e FBPHRB0; QU GoY 8 PGl dbepPisgaetdens of
the ot ITaY leRddt @b aningtoh therteeki Bhuicbe ﬂedUcmdtfroﬁ"raihlemgstriptaon in
H%xingmégtio applied by the directional processing
this4he n producing the current spatial signal into
account .

Reference is how made io Fig. 2, which shows a hearing aid 200 according io the
first embodiment of the present invention which is capable to determine an estimate
of the gain in the acoustic feedback path. The hearing aid comprises two
microphones 1, 20 as input sensors each producing an audio signal 5, 25 which are
transmitted to signal processor 4. The signal processor 4 comprises directional
processing means for combining the audio signals 5, 25 according to a mixing ratio
to form a spatial signa!l and processing means to form a hearing loss compensation
signal from the spatial signal. The hearing loss compensation signal is then

fransmitted as processor output signal 6 to the receiver or output transducer 3 for
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According to an enbodi nent as shown in Fig. 2, a
controller 14 is provided as 20 further estimating
neans and adapted to estimte the attenuation of the

oustic feedback path to the first
ﬁd%%m@t he second acoustic feedback pat hﬁﬁlgﬁl?ﬁg%ﬁ
second mi crophone 20. The cBntroller is adapted to
estimate the attenuation by determ ning a paraneter
of each of the adaptive filters 7, 27 submtted to

ddngeriBR its Gl %ouéﬁc ()b!phf‘%@ﬁét 3‘13{ tﬁ(:ogﬁfct &ﬂpl{tl Q& %?oduces a

6396 Based on th recel ved paraneter
feefthee pribr2. 122 E%@@haw@@phomﬁaia@apm of/mmmnqmnhoeascn 20. For

éa@sqh@msnor@abran\e'ﬂl 6h 4 guJehﬁ S bg? t&p%téso écg *Aﬁqlﬁm' 2N 3hss-

rocessor 4 (illustrate ott’e
‘g’FS 2HY Peyerm At rasretiive l%mg mnabﬁ@c@@s@ﬁuaﬂytrhf@renced as U)

- AN EEEREST duut SRHal B (usuig A& 1Pl h3é' Bfréhcdad X(_F'laf Y), and

which is adjusted to not exceed a resultin

gpapietes ampsumarn &, (28s9fl e rgouslici wadhaghi Sional. By analysis of the

tEHRETeY RAcin dfd=Rh RN Alkdre1?, OF ahrh%trﬂ%gfﬁ'tﬂe agﬂ\(ﬁleHﬁwsfeedback
accor dj tothemX|ngra|oap
gc%d% B‘Pta@sgs.“??g agpplive fi tt@fs [ ?Bme@tq Ieminipize fe so-

@W@i bredr sigraned, 39 ng whit® @géhé:@%d% KBS the estimate 8, 28
chaF acteristic 8808 PCT/ FP20061060433 -10

007/ 0
from the input 5ignah o7 ﬂ%\ﬁtsugsa? ‘¥al 1.28- Jhgtawebpfd@wswe?ﬁ%ack
mﬁﬁieMecﬁ@ &é’t@VM‘iniaﬁantbe} pé}amefé@ likd/Herrafid bOWesHh HeBput
edfe%backs?ﬂ fionelnres pect of the
%"ﬁﬁara @%ﬁ%&f? egespagtiye)ifand., &f-giheway ¢fderlegienting thM iiters
wils barknbWipes tranperddv arlieg® He dhes g. ef?@ﬁd?éf?ﬁblogth}l@}ﬁﬁ WO-A-
0 e filters

UE’Z%E%ga ' nCﬁ?’age%f%ﬁgi%ﬁfsgéq%&ﬁﬁﬁnﬁb%ngn R5afidecrtpdhg signal
mdStesm:j'ddsr(xrﬂimmen hrfrtt)lﬂﬂn'hmrﬁjhe gﬂutllmttaklﬁ@l{‘r@m&ﬁ’fg ratio apphed
Accordi ng to an _enbodinent, the in sen

NP B BrBna irene PR YR e VTR GRate! el into

“dcpaundli rectional m crophones. The out put signals from
the sensors are transferred to the signal processor

4 wherein these signals are 10 conmbined to generate a
Agparding| th yanf embediednts agshbwn TdniF&g Cbﬂi)bch‘rﬁltoilem‘léi $ provided as

Lcall y.. do r - kngwn ".del ay
f%rﬁ’%'r Se%hé%tm%[ %%tagghﬁ%q%g e& sd{nla % eoﬁg?nuatton o? the first
apoustie Jeédbg clhgatis tofthe fﬂestsnngmtaihope ocessasf the decgetacalsiic

f%@géli ;Pétﬁ @m%fsek%gw%%w&gtiﬁ? rf’gé; Eﬁ&?&% &s ucfagtﬁg% (afﬁmate
tmgQ;attwamn by getecatiniig A raransetapbradiuabibe {daplive Rijeramd 27
_s[lllﬂﬁltted to the controller 14 (rllustrated by dotted lines 13, 33). Based on the
received parameter, the controller 14 calculates a maxgain value for each feedback
path which are then submitted to the signal processor 4 (illustrated by dotted line
15). The processing means in the signal processor 4 then processes the spatial
signal by applying a gain which is adjusted to not exceed a resulting maximum gain
limit. The resulting maximum gain limit is derived by interpolation of the maxgain
values according to the mixing ratio applied by the directional processing means to

produce the current spatial signal with the desired directional characteristic.



10

15

20

25

30

spatially filtered signal (Uspanal) is generated by
subtracting one nodified signal from the other.
Usual Iy, the coefficients are selected as [cl,
= ], . a being of size 1 20 and sone
vgozi'm%%ﬁ"gt e angl e. The combi nation process Pr%f{/EPtz)%woGM”
controll ed either manuall y 10adj ustably) or
automatically (adaptively). It is known that an
adaptive control can.be perfornmed wth an
t t:=
IPH d%t? w@br@érﬁ‘t& fe%)d)l;?% gﬁg%gﬁ%gcﬂf@to t'ﬁ‘:é\%g{ Ihiﬁ%g% Q% shown in Fig. 2,
r@omhtr@l:ﬂowgft @m esiimatathfeeracksyignal 4 dond irerespiét] oftbe input
[ f 0 C
sﬁ’d }é fiat eg&gl}e t% ﬁgi E%%blz 4021'%1%&?% Ah W Sﬂdrtanteadvantage of the
q_ﬂl\hsdgmj\ﬁamow lﬁlFﬂﬁ é’aﬁm@ﬁhmtutn@tcslgnaéﬁc&;ﬁéuoﬁ@vetfﬁerar? 27 are not
16 ERLin SERA Rl FbrAthe AEIALAA© 28 kd 6 olfiPtansducer 3.
control system the coefficients of the I'ter are
sel ect ed accord| ng to an input to the adjustable
ARBAR tos%?"teﬁﬂbdl?n&t thy iﬁ u? s'éﬁ@drs Ui A Be Mer two omni-
cont r ol - whe WO 2007/ 098808 PCTI EP2006/ 060433
dlrﬂtloeak:rnlcwagmew tyvp ldtr%qhoval migrogeenes at kesodpit signplgdios the
sRhsdrhearacoistdred’ fedRaglyns Elrdﬁésstohai wheRdie 'tBedehSignals are
respective sensor branch 5, Cal cul ations, baSed
H‘béﬂeﬂ Hegepgrater & spaially disued |5t9Pé‘nfr Bis gombfyation is tYP'Ca”Y done

dcBrding Otat et whRkhSwrPFddIfle afl HiBlractB tedPniod8 by tHeh Birectional
filters, can thus provide an estinate of

t he

RiPIeSFINGt MBANS ©f e@&h%@%dlﬁ@&ﬁssﬁétdﬂ 2, gwra‘Kﬁﬁ%ﬁ”HPf’ﬁ if sthe
conbid=860 alobadd idigd pgxgai n nay be estimated according

to the following. Since the ratio of feedback signal
(Xi, X2) to the output signal fromthe hearing aid

( septyythe gain (rather: attenuation) in
?ﬁﬂana (ﬁg'ﬁl cg¥ édback path, a set of nmaxgains may (1)
be cal cul ated according to: r J';Uwf Y2(i~) 10 °
Yo(l~) 1dB " Yo(J~) | dOL (2) In order to sinplify
itehpacteinpitusgriab i1, mhisoamiﬁmibdtwimm neIppipe numperalced2bgnd the

_ (pé;éil{:g'gergd-s (94%!2( épa%ag s]%enla té(ch( s&%&ﬁr@%n\é%odlﬁéd(sgg%apfmm

od I 'nment heari n
thaethey Usuatly, dpd coefbaierts awcialeatedins [q:1,| cJ=[1, a}, a being of size 1

and some appropriate angle.

The combination process may be conirolled either manually (adjustably) or
automatically (adaptively). It is known that an adaptive conirol can .be performed
with an output-minimization technique. According to embodiment employing an
adaptive directional control system, an adaptive spatial filter will be provided the
coefficients of which will be calculated by the adaptive control system, e.g. by a
LMS signal minimization method. According to an embodiment employing an
adjustable directional control system, the coefficients of the filier are selected
according to an input to the adjustable control system, e.g. by the user turning a

confrol-wheel efc.
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frequency bands is used, this cal culation may be

repl aced by signal -power evaluation in each band: 20
max ain max ain - X2'~ (4) Lgli g 2i - lYal dB Yod
woHBodidsgdgci ding the resulting maxgain it sw,ﬁzg%,mm
considered that the resulting feedback signal

out put of a conbiner as thdldirectional pr OCGSSI ng
means wll be: 25 U= ci(Ul+ Xi) - c2(U2+X2), having

a feedback conponent of X= c1X1l - c2X2. Accordingly,
Habe afBoteaifler ! f

e 2 B o e B ey e
eniess HigxregRgotive seqsofpranchisx 26 wplceialionsi hgsedogn eithed dhe filter
cg@ﬁﬁ%tsdﬁtﬁé}wpuf&ﬁ@&t%{@ of %eaﬁgr?d@@dg R @k ﬁt@r@ . can thus

" present 1 nvention hear i ng ad onpri ses
oY TSP Gh RshEAenCAIRTGN Fa IPehabk PRl T2 Bopeing this

atiennss khs |rrﬁi|51 m %awvbe é@ﬁ:ﬂb@db&cﬁr@h@%a{h@dol% &g the
(jw)+c3X3 " (Ja)

t
fﬁ\*l?eofc{?@é%% %ma' éét >6a *0 the  Oudputsigng) ifamd@feém(ﬁﬂﬁaoald (Yo)
ﬁﬁ@ﬁnﬂ ltlﬁtggéiﬁ (R@vert aﬁe@aﬁml B GHCR acB@dtRI 1BEEhaRY dulie a set of

rection processing nmeans in order to generate the
MF*PRILT MM ca@piageigaﬁcpgr NG5 | t ered signal . According
to an enbodinent, in order to reduce the artefacts

hat occur when gain- 15 values close to the maxgain
igﬁ@@ied_i‘iffs( safety margin (MIB) is utilized.

Si fdlew) | pi’gh feeglhack | evels are nore likely to occur(2)
In some frequency-bands than others, according to an
enbodi nent, the safety margi n depends on frequency

B to%—ﬁp}%{h%BevgngﬂioR((t@ai%IMé)% n%l(kfé r%i?%?%

Typ| cal values for MIB are in the range of 0 dB to 12
j]XI (jo)
% jaJ)[ dB (3)

According to an embodiment, a hearing aid having band split architecture with i

[Xa(jo)
[to{ j)

5

frequency bands is used, this calculation may be replaced by signal-power

evaluation in each band:

) ]

[max gain;, max gaii’lg,-] - [-—| Worllag > [ Tor |4 @

in deciding the resulling maxgain # shouid be considered that the resulting
feedback signal in the output of a combiner as the directional processing means
will be:

U= iU+ Xs) — c2{Us+X3), having a feedback component of X= X — c2Xa
Accordingly, the maxgain as seen on the output of the combiner can be calculated

as:
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Wiile this expression is quite demanding to eval uate
inreal-tinme, sone sinplification may be obtained by
assum ng that according to an enbodi nent the 25 two

‘f‘%"lﬂm (X,, X2) are identical. This coulpc 2806/060433
alr good estimate for closely | ocated m crophones
and/or for relatively | ow-fi2equency bands. O her ways
of reducing the system|oad woul d be to abandon the
request for real-tinme updates of the

maxgai n-esti mate and, thus, operate at a slower

speed, e.g. 500 ns intervals. Naturally, such

measur es. may be(@appl i ed fx,fld)-ceripsg| ments of the
i AP8XE@H! WD | 7Py 09880 i 060433 - 13
According to an en¥8di nent, in situat®fons where it i &)

determ ned, by other nmeasures, that the estimates of

the feedback signal s may not be correct, the
Agsauiingniy a5t embedinanigeli the exesanainventiosulthe bearing| aie gomntises
f e [ |

rhglr%l tﬁéﬁf g“%wuénedgg% e? "Le F]heexfe%%rt' g%gol‘%ccfor |ag@ @mal {je)
wduid becalaunhedlbdverding @ur i ng power -up of the hearl ng
aid, a conservative maxinumgain limt value could
be mai nt ai ned and used for the hearing |oss

0 cylation until the maxgain _
s‘CQ‘F({BEHH OK‘( 2“3’%% sﬁaioyf ully operative. According (6
to still another enbodl ment, the maximumgain limt
I s derived from values of the first and second
Heoersfiicient s dhack Csilty AP JeiRIFINRERGSREERIHariag e signalgare

csafmbﬁyd%yhﬁé\mr@&oﬁhsdpraé&sha Enéatlsl iR Rkddhity lgaﬂerra@tthe d;réraena;
first and second acoustic 15 feedback signals

Frepgtiale diteredsigRalest i mat ed ones, e.g. as part of a
feedback test regularly carri ed out during a fi tti ng
seSS|on or in nore or less regular intervalls.

Faing; to @ emigdimant.dn peden Riesgiare HeasierAcidhat 95HT ‘f’h%‘ gain-
@Me%%mse % 1RGhARBM is apPRIASHAE isatchSmanfh ( AC w @hnﬁgd tince
an enbodi nent, may be continuously conput ed.
ftigre feediaek davels ase grad likgly tohmscsi grmmeﬁram@ewdrandetﬂmmt others,

t
SeBio BaBER 5m%ﬁﬁ o P iR ebh Afency. Thue
i nput si gnal is derived fromthe processor output

signal 6 thr Fdelaylnad ay unit The whol e
ﬁgggb &ppt;ux.é(_% bepmheliky=or %‘v_ﬂ'.l_ﬁ,gﬂ_iﬂg; o
i one of dadaptdlee |Ité’§’ 7 kj b

SI gnal processor 4, or both, may operate in several
frequency
Typical values for M, are in the range of 0 dB to 12 dB.

White this expression is quite demanding fo evaluate in real-time, some
simplification may be obtained by assuming that according to an embodiment the
two estimates (X3, Xz) are identical. This could be a fairly good esiimate for closely
located microphones and/or for relatively low frequency bands. Other ways of

- reducing the system load would be to abandon the request for real-time updates of

the maxgain-estimate and, thus, operate at a slower speed, e.g. 500 ms intervals.

Naturally, such measures may be applied-to all embodiments of the invention.
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- valubP Ut thetirA RHd %@%n%uﬁ@g%ﬁbéﬁl{ ﬁsidn@

bands. It is known to the skilled person howthis is

to be achieved. Reference is now nade to Fig. 3,

whi ch shows a hearing aid 300 according to a second
wWIReH t of the present invention. It co 1?;%%&&

m c?gdgﬁ%’ﬁe array 302, 30 an input processgir;E 5%60433
mai n si gnal processor 304,- 181 out put transducer 305,
and a feedback signal estimator 306 for generation of

f eedback conpensation signals 307a, 307b and

esti mat ed feedback signals 330a, 330b. The feedback

WO 2007/098808 PCT/ EP2006/ 060433 14 conpensation
AsTeidiigs (3 @MasmBodimeniahin clituatiense sithermitited Hetedtinek by other
nda30Rk; 11 Ohe t r f the.; uts 338a, 338

of the { eegg%lc Sa@?%%ar{fetg%tf%%agg Sé%%’ﬁstog\a? hréo'% b odirecs, the
ugdainanefaline anaxoapuestinBit@acod Ob haitet raadith@etirrent value of the
dRFAGERSAMT TRy [ 02 conprises two
m"cr ophone&a%é, ]tglo‘%%?e@ggﬁe ﬁ%’é%%ﬂ%ne bei ng

connected to 5 the input processor through a
AcBSBRG! oY Car@R €Eib 9 B owd N6 1 1P ng ai

pr ocegsor cqﬁﬁ?ngs_ ?ﬂrggﬁhgd%r@gu??wgpﬁnpﬁt H‘ts% é‘ﬁ%ﬁ"@ aid, a
ChRESRYALNG MPxmepheaiedindDgalue @UBhbe oraintaiped pavsed for the
h&artAbsSesnRsealidH dkshal Baidu o L DgaihMirhboR! i
out put 311 of theﬁignnput pr oce@gg{he%%g?@%E’Jﬁ%@i‘t%ﬁtem s
fully opp@tivéiput 312 of the mmin signal processor 304
transmtting the spatial signal 328, while the main

si gnal processor 304 output 10 signal as hearing |oss
AceTEiBASiat §tl rangthas amiprimend, theg mesimue gainplimit ¢ defiwed from

RWerivdPortle duifg fiti
f eedback siﬁ%gal estimator 306. The fe_’egbacﬁ S?'Jéﬁa? ﬁﬁm_g
ob §Rif RREPY A6 apd dBe \ugeRtgBigC fetisothe fesitand sscghdiagoustic
febliback Sd@ds tHehRlY AeedSBARNEstPvHIRY bRes3 £8P as %g%; Qf el dtfack
: a

i nput processor 303 at_the control inputs . .
1934 "AGUBY CRIECF QHUBIING asfiti9atesaion ot BpTe oriRssiegyier intervalls.

ThE OflRtenD MAIRIAG SRttio ' BCROWEST 1ietéhngs Hormiied clkedbardtional
330b fromthe feedback signal estinmator

i gnal.s. 33Qa, : K |
C%%&e%%ﬁaf’ eGP C ARETROCHR Y JREY: B RISV empLiesn -
t he i nput processor 303. The hearing aid

c ensation_.si [, 314 is calculated fromthe
ASHBT TR non 5 15 Siagh RReSSor QP SRR SameK beopsed.
Aeoureiag tcg%muegmu:]bogmhem lahcma% iudeurdg%@m #eg.mﬁelfrmegigfé&trsﬁgnat 9
. ratio and the estinate e ck si.gha Qa
Sk g REPrapeGot it Yeha ST Paklaah 2
pat hs X1; X2 that exist between the output transducer

08b. T

h of t ' h 30 .
Tlgéa ?Bﬁ?%ﬁhﬁtﬁé’c&?&g?y p§ wglpf&[ogfpggirn@gs/ gﬂndggbht,?f.e. one ofqﬁe adaptive
filters 7, 27 or the signal processor 4, or both, may operate in several frequency

bands. It is known to the skilled person how this is to be achieved.

Reference is now made to Fig. 3, which shows a hearing aid 300 according to a
second embodiment of the present invention. It comprises a microphone array 302,
an input processor 303 a main signal processor 304, an output transducer 305, and
a feedback signal estimator 306 for generation of feedback compensation signals
307a, 307b and estimated feedback signals 330a, 330b. The feedback



10

15

20

‘05 -

30

ordinary type hearing aid recei ver. Accor di ng to an

- enbodi nent, the input transducers 308a, 308b, are

omi - '25 directional mcrophones. In other

_“g{%g?%a gts sonme, or al I of t_he m cr ophone CT 06!060433

rvely be directional m crophones,
thus included in the mcrophone array. It |s aI so
wel | known to the skilled person that m crophone
arrays for hearing aids may conprise nore than two
m crophones. However, considering the costs of using
nore than -two m'crophones in terns of the added
} 0 u S
CSQ\gxgbg s ‘i\gt})oﬁ‘»ﬁgﬁegb’?ﬁ %fﬁ%a:éﬁ’g%’éilt fed rf@ %&gfck %@lﬁai are
tmnsiermdlf;om the mntpmteﬁﬁaae%3&ﬂs%the§e)@!baf:h srgneteaﬂrma}tor 306 to the

referred EB‘?@%QE%SHI%‘ ih it na@%s?sa%ol%;; rgﬁcz&gﬁme array

SOQQ:omﬂrEES mmwpﬁones 8084, tsoas eathpiiztioghone disiiglcorgiected to
the full audible fre uencg sﬂt)){ectrum nto3 eveél(?q The inout
thenrifRUY BFOGERSRT HIRLGN i JESEeGtNG . CoRPectian, bygThe inpu

pRobssSL 8Blnes RRE SWB! dcdilstic MRROSigNEY FRATRId &ﬁcr@bhones 308a,
I nput processor 303 according to the inventio

W femyinga SPafdl Giand! PR e tpyp BN AR, Thecimstoutput 311 of
fle Stk BBAR0 RN Eden & 1L B Y7 ¥ th8diRRnal processor
pr 0

accordlnﬁ to the "invention,
30ditransoiitting fbﬁ spaiigl sigpahds. rviile Badnaig sggmgl ﬁtﬂcﬁﬁstaﬁM output

' sfgﬁl% B! h?ﬁ‘ﬁlﬁ 96§D Egnfpéag:ﬂwg?agﬁalt 914Fisgfed4th R QutSSPW% output

I npu ocessor WO | nput
tntamddu:eremﬁ cndalto dbatinmktl %?% thme fefmhack istgnab estimetadi 306. The

ccordin ' .
R et Bl DO ool ol sl 3100, 3100
fioet tevsscond @utsits 818y r&iﬁbsﬂ’ gmimusm@aesmgm &t tha ¢dndrol inputs
LCr on 308 08h. ccor odi
_35:76[:38 ﬁg%@ Peteﬁga%ﬁ Eﬁpa@?ﬂﬁg P I]e {na{n sngﬁ% pr'ocegl‘.or receives
tié eeﬁmhm&beMrg@ﬂaﬁ 8304, rriSObdasmdlm fe\edbgctes;gmmnmator 306
f r m cr.ophone_ out
et B, S0Py S on ik 6 8 RS bl Bagor 05, The
Hg@ﬁnglﬁ@@brﬁéﬂéatmnélg@éﬂ B4s ls%?ﬂejlaﬁedsfrcﬂn e Bpaiid stgnal 328 by
irectional characteristi te r ocess
aBPIING 7 SR tabResPtarcent 2 maxiga gty tbcgqu'aﬁ iogt i mixing
rhfib 138Y efr{oeﬂiée@ﬁh‘nehé@%edﬁackf@gmbﬁﬁé ewob( 3)3 also shows the
Further details will_ be described be|lo

grepgiicipedbaek paigs %l Xﬁwg‘a% @éﬁépg"f%ﬂsth@@ﬁ'@r”&"@ﬂs%@r 305 and
ddRRNof HE InERphAndL0BA! ROSHEIRE biplieWBAdRRer is preferably an

ordinary type hearing aid receiver.

According to an embodiment, the input ftransducers 308a, 308b, are omi-
directional microphones. In other embodiments some, or all, of the microphones
may alternatively be directional microphones, which are thus included in the

‘ microphone array. It is also well known to the skilled person that microephone arrays

for hearing aids may comprise more than two microphones. However, considering
the costs of using more than two microphones in terms of the added complexlty of
the circuifry needed to mclude such additional microphones in the array, the

. embodiment with only two microphones 308a, 308b is presently preferred.

RECTIFIED SHEET (RULE 91)
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20 by respective adders 323a, 323b with correspondi ng

f eedback conpensating signals 307a, 307b. According

to an enbodi nent, the feedback conpensating signals
Jfrn0akddb are furt her processed estimated § (ﬁﬁggag

“@?gnals whi ch are subtracted by the adders from Regass

outputs of the directional-ientrollers Dirt, Dr2.

These correspondi ng feedback conpensati ng signals may

be generated by 25 estimation neans simlar to the

7 | {

RO 4R 90D Huoy oy TR ool {5 2B 9 i he

Tl @Jdﬂﬂej&empy a&hﬂ&ﬁ ufrdntosegerakbancle Mrnmﬂlvmiuqb ptogegsirtgoin stch

{ RehErAbaphe] GRaLO6YL TN B} BBnlots HRLAEH% o
Q@d@rpmvfel the davention,swiereky @on!mmened JF8actiopalith o8 het Hisdctianal

Fn &Bg%% Hain&y. Ritehiival g%m ﬁﬁpgﬁ{ %{Of Lhe %)(#BMQ to the

IS mnimzed.
ﬂ&\&mm @?aymtlilzﬂﬂeawapgle\ben@ &nmtramkilt@thean@hrba@t gystemes
the directional characteristic of the spatial signal
328 by adjusting the m xing ratio WD 2007/ 098808 :
Referengsyie new 0Bwieds Fig. fewhish wWeaws thadnouheropessabdkior two input

FERREN AL 8o SHiredihs dhisiers R, biPW rﬁoPe Lb&il %ees?agﬂ ko an

The adjusted mxing ration is then also suppl
egmbodimens ghihe presest ipyprfios; gash of tbes?c@%mnasmtnoéers receives

&@bé&?é'u%& srgﬁanmgaumm&n Itﬁ%taopmﬁegaeﬁae Bo&s AAeshimg 1o
of the signal conbiner 335 accord ?O to an

aEnBRAdifesit. ProcaIflNncfi the drpuisignals nﬂpg the direglipnal controllers
iskiicRS e ANAY sigRAS Ko tﬁb%t@obﬁmne[bdt&téroﬁgiﬁﬁ? aamﬁetﬁ atching

achi eve that a conbination in mbi ner heir

by 2 Bk 9RNpRE MALFIRY SYSFTRI EaGh 91 the Shentianal canpliescesnsrates a

f&@@ﬂﬁ@dtn@ﬁél&ihbfécﬁ#@ﬁ& i@ ptc;a;egéneg W tﬁé&gdﬁé&bx@al icBrivdlie@hthe
é are conpj ned. The aptive contro

TRAPF FURBSEHL0 (L AN BB N PERfers (B, Further

cﬁatam@aﬁlse pe0deertiddiovd élih fdferdficd @ Mg.@luce a conbi nation
out put signal that mnimzes the environnental noise

recei ved by the hearing aid m crophone system

'{%eﬁ@faﬁﬂh)ds ganerbitddSdre Ahén &f)mblhed GH b@ﬁbihlﬁ@@keans lmpiemented
ntro er

t dt I
o Pop ST oo dBi 2Fe prt AP espah Sad JReptERs ompensating
siynalUBER, B07bNMAceddihg Cibi anambodindgng cther fiesdback cbnpensating

signals 307a, 307b are further processed estimated feedback signals which are
subftracted by the adders from the outputs of the directional controliers Dir1, Dir2.
These corresponding feedback compensating signals may be generated by

estimation means similar to the feedback signal estimator 306 as illustrated in Fig.3.

The feedback compensated signals 316a, 316b are made available for use as
control input(s) to the feedback signal estimaior(s) and for processing in a signal
combiner 335. Adaptive controller 324 adapiively conirols this combiner 335, such
that a cost-function, e.g. the signal power of the ouiput signal 333, is minimized.
When controlling the combiner 335, the adaptive controller also determines the

directional characteristic of the spatial signal 328 by adjusting the mixing ratio
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Thi s arrangenent avoids incorporating the conplex and
ti me-varying conponent of an adaptively controll ed,
equal i zed directional controller into the part of the
“fgﬁgﬁggé path that needs to be estinated by(ﬁ%&(mammms
{%e back signal estimator, and thereby eases t
function requirenments to the_feedback estimator. in
the 20 enbodi nent of Fig. 4, fixed directiona
controllers are arranged first in the processing

b%@n%' ﬂée E &Vgc&rc%%gg?ﬂecb 8 &ﬁélg %??ah a gb ‘n%ﬁptgamg Ebmbiner.

conpen
Tad mdjusies :mxn'go'atim &l them alserduppliesi ax bBipeal &33ita tlee main signal

su t Y, t 0 t

P5 % e\?grﬁgl %ﬁ%tg tg%%mﬂbrgn‘ 8‘}%lgreb “ﬂﬁe&g& ?%%Bga?%tthe
sighalt doenbdhar eas aoctding tmarr ghbadimest ip ts!awmjin detad iirdleig 0.

the part of 25 the feedback path to be estimted by
the feedback estimator. In a variation of this

Thalvbdctimeat confroliers DiranDir2veredilesigreid da achienthabd cemiination in

] 2 4z F IS, L gRak :
cg}g er gr.’{S ggntﬁ&“ Héc'hl/ cﬁq%tg tg?gn%:lg n@fllngggerétb g %ilrechonal
cbanar:‘esﬁmwdccmgdln@rtbe&\e UﬁIX|ﬂ9ptﬁtiOSingWEICB theye @68 diogingd. The

atdgggt'\%d @%"OY S0 B?ﬁ%'&ﬁlﬁeg&fpté’“ trlé &Qnﬂ?r%ttabﬁn r%ﬁo tdy ethe signal

at cont Sl gha conbi ner such
commbinet 385 cosas tapoduoh a cambinafion ouet %'Wd rtfa-?vi ynipigizegethe

e%bﬁ#ﬁﬁén% ndlsk heéé’%éidéﬁ & th'egﬁﬁg# ai@%ﬁ:foﬁh&% @ste‘h@ El’fr@fe%bly,

i S are readi
figat adricalof dhe rdlrebt@nplr pmtmélﬁ'ts Digd D&?elsv@a@tﬁ?ﬂfo@sis%se a bi-
d@’%tﬁﬁglz%géa%%g@ whith7 aCRBSHHETHE WRlduckd own drﬁ\l—'dl?@:.t:onal

ed person. However, since the use of nore
chaxactnsléct i onal contr ol I ers requires generati on of
nore than two feedback- conpensating signals, it is

resently preferred to apply just two di recti onal
Tiraraioenest awpidsingqreprating this Complsyiand imegraryipe canRangnt of

a(ﬁoﬁgéﬂ%l%géénth'ﬁeéh%%hzéd“ diﬂébﬁonaprc@f'l%lfeefjnto tﬁédﬁa@fof the
operati o first directional [

faarhanie @athothak pas, abe PITEAtEa 0 i odbhck SoRal/seliplor, and

thifeby) easébi @ H’r‘z@tlﬁﬁ(}@dﬁﬂeﬁiernﬁﬁttb 031‘\@' fe‘éuw| edtibtdion, Sin the
assunmed to exhibit

grpkadirpentr Pl i {iDﬁfe& d'rBV‘Oé‘EthP%\tE?“ieF?g aaen aéré‘ﬁﬁ?q \ﬁési‘i in the

pPrOceking NeHRAE Chheh ga.anrequéiﬁsfl vsbtedrs, omnd Imenawﬂaré iferd feedback
out put ~si gnal. of the se

GORPEREFION o MNiHe) tg%ﬁeﬁifqdepgggye Qlf(-:-lcggﬂa? Wéope%g:/% dacﬂl%veé) in a
Ribséliuentitbgd 8l asikggiabd Abbey of the outputs of several of such systems.

Hereby the adaptive part of the directional controller is placed outside of the part of
the feedback path io be estimated by the feedback estimator.

in a variation of this embodiment, more than two directional controllers Dirt, Dir2
may be uiilized. For this, the signal combiner 335 will be modified to combine a
corresponding number of input signals. Accordingly, the adaptive controlier 324 will
optimize the vector that controls the signal combiner 335 such that the cost-function
is minimized, contrary to the situation with two directional controllers, where a

scalar is minimized. Methods for this are readily available in the prior art, and are
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in the first adder 337a, an adaptively controlled
spatial signal 328 with the desired directional
characteristic will be obtained according to formula
whi2obARgsoRe! ow) . Thus, the conbiner is capakh@embocnsoass
effectively outputting a spatial signal according to

15 a wide range of directi-otfal sensitivity patterns.
Further description may be found in WO A-02/085066.

It will be obvious to the skilled person, that the
%@ér{eﬁ&%}éll%@b\m cigﬂteaﬁfll en%tr% F%%g\é%rb P%ecth% ise g ore than
twac Iilfﬁ?ﬁflehaiph@m@ﬁsnSg mUIFeQOQénemhohhef fraat tham c tvap estback-

e ce
Sl WERAETR e BT S5t el g attpy S B 8RR
coRBMers.n Fig. 4. Fig. 6 shows the m crophones 308a,
308b, matching anplifier 319b, matching controller
325, and directional controllers Dirt, 25 Dirt. The
laifig & isprembasinent off Ithe: sigaaidenibingr 336 ds ahavet. lofhis,i preferred,

rﬁ&ﬂa‘ BO oférafidH, ttheo’qi%g cfhregt?&%! s@ﬂ%ﬁ?&ega{%ﬂﬁ]\é@% éﬁ‘n%ﬂ Ta bi-

b, and second mean hus,

‘Bﬁec‘t'%@’ lisracieristm D r o dhe ssaond girpriogalsiosatiigb is assumed
18CSAILH &0 ofi-Bird RS CniaMRterklic $8ir e@sgl dub 5@6'99%# 85 Mively

and adaptation of directivity is

aiishraled signal -bydetivpd derm @ﬁ@rmikﬁ@féggﬁpngsmal t0ﬁ§155$€§>na41 gdder

r_Q_I
331?5 %Héoram%@ﬁe@?pgg%g%g?% E%’%gézoots% 2‘854“?' aﬁecn?aeaf%kg%af 3163

'wtfl'q ﬁfﬁz)wd@é 33Ea @ni asiagtivaly erntrolled peatiat signat 828 m&bkthe desired
dH@BMMAP BhAdcisligRakA B’el@ﬁtamealg&ofd}md '?tﬁmfulax¢g (see below).

directional sensors Dirt, Dir2 are conbi ned
ThysbihRSPMbiRSEis farablaof AticciiNely oHpytting .agwatlalssmat cprd"w to -
d Wida raMdf GTdiresticREPQMHRIRL pdtidensdiFuRKLr deB&iption may be found in
V@ﬁ}{ﬁ%ﬁ ¢5t| ¢c Dirt is a bi-directional

1r’a§t|c while that of Dir2 is an
omi -directi onal characteristic. In this situation
lg\jwll b&l c%v%fyggé gidentﬂﬂ@d qtegseqnﬁ?r@ftf e g:p ﬁétﬁ)%gltlcf{@rac]tens{rc used in
thig révhbR@iirem, IsStodlﬁmgebafatéﬁrﬁv BiitGicing/ &eS bak-Bicrophénd Bgnal
fone Si %ng n onel branch 316a with a scal ed
(PaF R Sen plcmcgmoa?ﬁgp signal U2 in the other branch
16b according to: U= (1-a)Ut - aU 2, (a being a

n the e 0 ...1 erein the required
RiSfta0ta ol Fass S 6 wbish Shiw AEtal Piahe PphERBoesSSr 303 o

the embodiment shown in Fig. 4. Fig. 6 shows the microphones 308a, 308b,

matching amplifier 319b, maiching controlter 325, and directional controllers Dir1,
Dir2. The directional controllers each includes a set of first adding circuit 339a,
339, phase delay device 340a, 340b, and second adding means 341a, 341b.
Thus, each of the directional controllers outputs a signal according o a respective
fixed sensitivity pattern, and adaptation of directivity is obtained further downsiream
by appropriate processing of the signals output by the directional controllers (see
also Fig. 4).
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sensors (Dirt, Dir2). 15 In decidingthe resul ting
maxgain it should be considered that if according to
an  enbodi nent no feedback conpensati on was appli ed,

ting feedback signal in the outpu
‘%(2?%5@2%335 woul d be: Uspatiai= (1-a)(U++ %f/ﬁgi{)@ﬁomm

a(U2+X2), (8) 20 having a fgeedback conponent of X=
(1-a)Xi - aX2. Accordingly, the maxgain as seen on
the out put of the conbiner 335 can be calcul ated as:

a J J
tg)%‘g{[rﬁ?%% )g&S(:g%ca &gmm é-fee cg cgmpgsbag?%ﬁlgnats 316a,
Brdhvefvomn thel &(edo&tdcyortam selvsmlrs.u Biré, DB auntogbihdd by tthe combiner
' I§.a Iet 3 ncorrel ated, a safe estimate
%5%}1%8 ity & PUPLEegna 388 0 5007/ 008808
PCTI EP2006/ 060433 -19 max gain --) X(iw)-l a

Igni%(p'rem;&eq %'T?l%g nltlth océ éﬁ?ngfcq%étﬁg )EYOESMWES 8 tél c}frﬁctlonai

an rn erpo airns i
dhazavidristic; wihile thad obRinglissanl anbnivdireslional, chacotEridtindn this sitlaation

CRIPAbAE ol e e RO AALH PPV V) Tvod (aB o

(11) 10 Taking into consideration that feedback

ﬁ&%@i&edlygﬁda@%aéfrﬁb&’cﬁuﬂﬁnﬁﬁe bhURLS tfgﬁohé‘,o &ﬁbmﬁ‘uﬁeaav%ion of

ter e out pu I‘ om
tbewbe ﬁ@naf:i%jn ome brapeh SL@owitﬂt alscaled Ne@)owf the other signal U,

. ( ™ X, ej

A4 AebP g oot =il XeAP PR e o
nahge 6phbhevheosn than tequired ugiaxzn,avm been mghieked isihe rdireelinal
%eg‘gg'g%ﬁ#1’%i’@ﬂal in the second branch of m crophone

in deciding the resulting maxgain it should be considered that if according to an
embodiment no feedback compensation was applied, the resulting feedback signal

in the output of the combiner 335 would be:
Uspatia= (1-a)(Us+ X4) — a{Uz+X), (8)
having a feedback component of X= {(1-a)X; — aXs.

Accordingly, the maxgain as seen on the output of the combiner 335 can be
calculated as:

X(jw)

Y {j@) 4B

_, (1-a)xje)-aX, (jw)l

-M,(jo)= [ Toljo) ldB—MdB(jw) (9)

max gain = —

This expression, however, is cosily to evaluate. Assuming that the signals are

completely uncorrelated, a safe estimate may be calculated as:
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Empirically, the effect of feedback cancellation is

an increase in the gain margin on 20 the order of 20
dB. Accordingly, the maxgain safety margin (Mi8) nay
wWREwdfdesE € 9. -8 dB (-20 dB on account Ofpepmpaoesncnsss
cancellatlon + 12 dB on account of the safety margin
nmentioned in the previous éﬁbodlnent) such that

maxi mum avail able gain is set 8 dB higher than the
maxgai n estimati on based on the cal culation on the

adaptlve fllL% 25 I np respe of t he ;safe mar gi n
eﬁ_bn-L%%- I rgt—ieirbo

assunptlon a L unJ rre?1t§ﬂﬂ@|g %gsr rovi de{10)

an estimate which is WD 20071098808 PCT/EP2006/060433

-20 conservatively low, the safety margin - in this

iseaminterpdtic oTeRY maxddms iR8a&thrangt. @ negative val ue,

e.g. -3 dB, such that M, = -23 dB. Further, since

acoustic feedback rarely occur in the | ower frequency

lbathd sbartdsplit Srensiorg dhdtoriig ARt ArD BriBRYinRSt QRiLH %J ddficuiarly

r&or %unds ordlng to an enbodi nent. According to

2 ﬁ?q %H%B ﬁent of the present invention, the

i nput sensors Dirt, Dir2 as shown in Fig. 4 above

are replaced by onnl-dlrectlonal m cr ophones, thus,

ning |f pct & i IW@,II onger, be a scal ar but
fﬁ%}é% Lf o) a“rf& mamaxgal n as seenq)
on the output of t he conblne % may be eval uat ed
according to: = ci X1(jw) c2X2(Jw) -M CO nmax gain

1011 Y. da - Yo(] as U 13 15 This
TRl Tt Sonsrletet s WPodoab Rencpliatn Yo idnscssnturivates i Fos. 3
ahthd, B ceatidlp fitdrbd butpbisigrize froinabk canbinsraE3e swiibe:
subtracted fromthe signal processor input. In this
respect, the systemoperates |ike that of the second
epbodi - S n the safety margin
(E?”affgn?gﬁgg dg?Zr Lh%gording to the (12)
description for that 20 enbodi nent .

with U'=U-X,, X, being the estimated feedback signal in the first branch of

microphone 308a and U, = U;-Xz, X; being the estimated feedback signal in the

second branch of microphone 308b.

Empirically, the effect of feedback cancellation is an increase in the gain margin on

the order of 20 dB. Accordingly, the maxgain safety margin (M ,,) may be set at

e.g. -8 dB (-20 dB on account of canceliation + 12 dB on account of the safety
margin mentioned in the previous embodiment), such that maximum available gain
is sel 8 dB higher than the maxgain estimation based on the calculation on the

adaptive filters.

in respect of the safety margin mentioned in the first embodiment, since the

assumption above of uncorrelated signals may provide an estimate which is
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Reference is now made to Fig. 7, which shows a flow
di agram of a nethod according to an enbodi nent of
the present invention which does not enploy feedback
vﬁ?%ﬁ%{m’s@) ion. In step 710, the mi crophone i ppMto G06/060433
Ignal’sare converted into 25 separate audio S|gna(
by the input transducers. -1 audi o si gnal s are then
conmbined in step 720 according to a mxing ratio to
forma spatial signal having a directional
coN3ErO8vaR Ik, the sARRE MO fnét‘h!scé 'cénqagrh‘:bctfnﬁgnt——— y be set
according to user settings or aptlve contralied
b Neaatitgaipiueve of +3 #Brsuchﬂh%tﬂé@ 72@d8acoust| c feedback
signals entering the input transducers are estinmated
for each m crophone branch. Bases on 30 the m xing
Fmﬂh‘eorsnmolacmbmcafeedsadkcram,e@baehn She) Mwes, freau&&)yi s, the

riv 740 whi houl d
T8l o=ty e B pHles B PerE e e S Tt wabodiger
2007/ 098808 PCTI EP2006/ 060433 -21 to acoustic
ck f e .aco |c out
AGEIRGE A T e iRH Y v s B i BRE gl Sensars Rirt.
L'QtZ’egB §tsWvnly Figp gl akiong age gplavedbly omrii-girentipnts tntictopitories! thus,
C I t glnllmttofo a hearin
I et S I e Bit, SE ps0b, B ymoer
Acssxlingiyrplen seexgain a3 gearl oh sthe omudputt afdthe rdombiree 335 may be
.G 5 signal reaching the ear of the
é&é@?&lalaﬁcé}ﬁ%g?enbodl ment no estimation of the
feedback path is perfornmed. Rather, characteristics
of each feedaa k. path are cagcul ate fromthe
fc £ A to a
part@ ﬁhb’@tgﬁnt ,ﬁglt he édw)rratl ?Wt%ﬁg]@ (13)
f eedback paths is done during the fitting of the
hearing aid to the particular user, e.g. during a
normal fitting session. The values of the cal cul ated
attenuation are then used to derive a maxgain val ue

s embpdimepy fseauitgslikgetng ittt smbediment vl e exgeptioputhat the

f@étlb@ack e@antate@atet@bhsaea RemAlhg. s:&@ﬂ&%@é@ﬂﬁ Injput. ﬂufhts%spect
eratigon of the hearing aid, changes in the

%;?Y?tﬁ@ RefrieS U S ok ith ot Crakadinend ande cesegyently, the
RN Ghargint (12, §liig 96 tie0 Balerhinal akiingt IoCihet Eﬁcr!ptlon for that
correspondi ng, changed, maxgai n val ue can

egrtiodiment.ed, according to step 740, by using these
stored rraxgai n values. Al appropriate conbinations

of features descri bed above are to be considered as
Red¢rencs mgnow made itoent 7,owhickvahowst a tilowy dibgnae 0bta method

agg&ﬂinﬁx’@l icu? ieHb\édﬁjﬁe%‘trdfblﬁg ﬂr@sérﬁ%&ention which does not employ

feedback cancellation. in step 710, the microphone input signals are converted into

separate audio signals by the input transducers. The audio signals are then
combined in step 720 according to a mixing ratio to form a spatial signal having a
directional characteristic. The mixing ratio is adjusted according to user setiings or
adaptively controlled by an adaptive filter. in step 730, acoustic feedback signals
eniering the input transducers are estimated for each microphone branch. Bases on
the mixing ration and the acoustic feedback signals, a2 maximum gain limit is

derived in step 740 which should prevent or at least reduce disturbing sounds due
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20 conbi nati on. According to enbodi nents of the

present invention, hearings described herein may be

i mpl enment ed on signal processing devices suitable for
wd'RoRkges Such as, e.g., digital signal prm 6)%60433
anal ogue/ di gi t al S|gnal proceSS|ng systens I nclu

field 25 programmabl e gat e?arrays (FP&GA) , standard
processors, or application specific signha

processors (ASSP or ASIC). Qoviously, it is preferred
tb b@dusf:&%edﬂiﬁﬂkﬂ‘r@ﬂ fleSBoudtl dutillt SRR A Ghd Hezﬁm@' aﬂgl'ﬁle spatial

nponent. even_t hough sone parts coul
w%ﬂ e DS TIoR IR I/ ZIL Y SEpYing Robh eridhvie asiisfadeig not
th@%é)ﬂﬁm’m RGintrARS to f&ﬁh@ﬁﬁ’éarﬁ&doé%eéﬁn%%sahon signal. In

cC ing to enbodi nents of the present invention
*‘%WO ethp ﬁ'ﬁ?f@}%ﬁ%%epm%naﬁﬂpnsimaéﬁ|<=@mcﬁr@ﬂt"§p thg gpektic output
sihalaeadhinydns ¥at ¢fithe k&, hearing ai ds, nethods and

devi ces may al so be used by, e.g., the audi ol ogi st in
a WD 2007/ 098808 PCTI EP20061060433 -22 fitting

IS &isis | epibodMRdrin s estirbgtiof agtﬁeOfetebsadRr (S0 n’b paHoRRéd. ORather,
ter

b BiaRn O ot RBre pribgTe P EoaE e T Baied peoist

featibackd siggals OAetthditly e nd paticsier idheddingdrgi the édiindation of the

A B T B o B OB B o

e0p MothE & nﬂ’rhalhftm@eehgﬁﬁu 5thsy&&tlemcad:i@btﬁlbmgtedmtﬁeheanon are
t t sts he co

WP e o BEERE yPR e & BRI E Sheell of eRtteryptive

s Eeual | gang mm irthethearingaili clomententia, duimg mbeﬁalmpe@ltianbf the

uter, rea estor u faor
Balie . cheteed I PR s RSP S TORAT T EBTRER. £F o
cEW[g,mgahé Idasd’uonalmha;actamstuarﬂye orbrl&spomdxmg abbrgesi otaag@n vaiue
r
T e AR R 1o B BB s
to a further enbodi nent, the program code may be
h .
BRI R oOkaldl Hed S50 e (KL Gt o
be@vglo@ id thegh¥endipn aeyendt they inaye nal bedn &)@hdtiscpesqriherﬁ #ofheir
Bhu¥i@ny other suitable 15 processor or a conputer
executi ng a nethod according to the described
enbodi ments. Wien referring to the spatial signal

A%l:ccr@inb R ehBodMesRr i [£r¥sgnit liﬁv@ﬁﬁtﬁ{n, ﬁémg 3B8ibed herein may

be implemented on signal processing devices suitable for the same, such as, e.g.,

digital signal processors, analogue/digital signal processing systems including field
programmable gate arrays (FPGA), standard processors, or application specific
signal processors (ASSP or ASIC). Obviously, it is preferred that the whole system
is impiemented in a single digital component even though some paris could be

implemented in other ways — all known to the skilled person.

Hearing aids, methods and devices according to embodiments of the present
invention may be implemented in any suitable digital signal processing system. The
hearing aids, methods and devices may also be used by, e.g., the audiologist in &
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di rectional signal have been used herein which all
refer to the sane concept and, 20 therefore, may be
used interchangeably if not explicitly otherw se

rein and which is also readily a
‘?‘?12&?%%% person. Having descri bed and lﬁp /ﬁ%{{ﬁogous

the principles of the prese?t-invention in
enbodi nents thereof, it should be apparent to those
skilled in the art that the 25 present invention may
d t d t
?E%dal%lrt sEibg . rwci)érlnh%{f{: ﬁcﬁg&ﬂp“ F\n | ttfmtqe e%%ﬁteiﬂvgnt??% may also be
wiptanended in@reemugetiprograne cgnfepmgoefxecmebip pesgeah code executing
t .
R e e N L
5| ysedu@n @rﬁae@@gnfaﬁa ﬂvm@rersentamven@n V@I@%ﬁ’/@%@@i@ server
E&Tdu?eo 20& Qﬁx%&@s a em%%}\ﬁ\g Wg drSsehil f?l\r 'a?m Hsts
1. A hearing aid, conprising stmcro
b8 nkasUie gP oA axAewing methgﬂs aqmrdmg. ignte; pr&S@”éctomtlon
R%c%Fd?rﬁH“R*ﬁﬁnétﬁér ERBYEMEANY c%%d”u@er' b aﬁa @%G&qu@léd&d?nputer

nal’; directional processing mean
fsea ablg ploeagedneriymi for sezrapies allenry disky as'n@mqv stigke @r(éDﬂgJM

& OV, ™ NhdH ndeRidr, dr0arfyohtibsSiRBld SbradlIN&dium, ss prowded for
estimati ng means for estimating a first acoustic

?t%ré’@kfﬁ%R°’§P@ﬁ%\ﬂ"’°€iﬁ7é?qcﬁ§"®atp(§hﬁf Present inyeatiSphone and a
second acoustic feedback signal entering said second

m crophone; processing neans for processing said

AgsaEdng togt fyier Bpbadipeyt Hg RogaMCasstmay e sietasniangerory

dfesdibitdl ReaiRXddWod @ Sorhputdriméfody G eBIREY by the! RBing aid
%%{npens tion signal; wherein said resulting maxi num

ISR o0 9" P PORERPIDR LY Ui 8 5L 1197807 By Bceer Sultable
mrocusssi @rf gedbragitesiqxaalting and ne#iocd rﬁbadraua%r RE it ekibed

out put transducer for converting said hearing |oss
?&P&é‘ﬂ tion signal into an acoustic output. 20

When referring to the spatial signal also the terms spatially filtered signal . and
directional signal have been used herein which all refer to the same concept and,
therefore, may be used interchangeably if not explicitly otherwise stated herein and
which is also readily apparent fo the skilled person.

Having described and illustrated the principles of the present invention in
embodiments thereof, it should be apparent to those skilled in the art that the
present invention may be modified in arrangement and detail without departing frofn
such principtes. Changes and modifications within the scope of the present
invention may be made without departing from the -spirit thereof, and the present

invention includes all such changes and modifications.
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2. The hearing aid according to claim1, wherein said
estimation neans conprises for each of said first
and second m crophone branch an adaptive filter each

| pted to generate said respective a i
vﬁgéogﬁcgg%?si gnal by 25 nininizing cross-cor rg&g@fzgﬁﬁmmm

bet ween sai d hearing | oss -c8mensati on signal and
said respective audio signal. 3. The hearing aid
according to claim1 or 2, wherein said estimation
means is 30 further adapted to estinmate a respective
first and second maximumgain limt fromsaid first
and second acoustic feed MS§i gnal , and sai d
processi ng neans WO 20071098808 PCT/ EP2006/ 060433
-24 is further adapted to derive said resulting

1 ; :limt by interpolating said first and
second maximumgain limt. 5 4. The hearing aid
ﬁggﬁrdln to claiml or 2, wherein said processing
gar|ng aiq, GPMREYINGdapt ed to cal cul ating a resul ting
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t.o cal cul ate said resulting, maxi num gai n by ap
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nre res nting the res uIt|ng maxi mum gai n
|WH$%SS'“9< TP, 8 HHPFR '"Qa%% SEElFleiEnab bV FRPIYING ¢t gain not

exceeddpi £ ré&alﬁniba'ekxlmugﬂgém st toemrmsslhbamg Rk Ci:ompensatlon
s@ﬁétl L@E%mof it hre cond acoustic fged ack g
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2. The hearing aid according to claim 1, wherein said estimation means comprises
for each of said first and second microphone branch an adaptive filter each
being adapted to generate said respective acoustic feedback signal by
minimizing cross-correlation between said hearing loss compensation signal and
said respective audio signal.

3. The héaring aid according to claim 1 or 2, wherein said estimation means is
further adapted to estimate a respective first and second maximum gain limit

from said first and second acoustic feedback signal, and said processing means
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25 6. The hearing aid according to one of the
preceding clains, further conprising at |east one
addi ti onal m crophone for converting sound into an

addi tional audio signal, and each with a f

PN B8 whi ch said estimation neans is gﬁﬁg@ﬁg%mmws
estimate an additi onal acowsit-i ¢ feedback S|gna
entering said 30 additional mcrophone, wherein said

di rectional processing neans is adapted to formsaid

spat I ddi ti.onal. .audi 0

P8 tller 2egigy 18 o8 Se T PuBohBu P bub By iseopetng
- Zﬁldsﬁﬂstbmhsecmgi maximom gawliieii d processing neans is
adapted to derive said maximumagain l[imt also from
sai d additional acoustic feedback signal accoding to
said mxing ratio. 5 7. The hearing aid according to

6 I X

£ 16 Pramiorlfocprd o ity 2 afeflit 328 SPREHE, mgans i
fydhes adapied i caleuidtingdd sesulting i agnuadts feledbiacie digoalclsy ditarpaiafing
debd i I
aid | oi?lgaié%f g&ﬁ:’x%iﬁe?i%ﬁ%@g@hgggd&g?rﬁ%PQO ééc[ frlﬁm%nrétlo %nd by
deferéiigo peid fresuliingn weaximurg gadu dichiti fiero ti)ef tiatie tof asail gesulting
bR faedBaSES Ja 9@5@ I ound into
a seco%éﬁgudlgﬂ%fgné§ Bzﬁ&S%a ?ﬂ%ﬁﬁéaﬁga?or
estimating a first acoustic feedback signal entering
said first mcrophone to generate a-first estinated
feedback signal and for estimating a second acoustic
¥ edfpdierring githlaceaidiagi lagciaim ¢ yeesid sﬁld:rpmﬂ%ﬁegtroeans is
geR@sRbeEY %atoﬁ@féﬁgu#d REUKAE R FLERAGY appIR
conbliﬁ%ng means for cor;bnlam nb salgd fFaét)g géheformmﬁal
with said first estimated 20 feedback signal and

sai d second di)E signal with s ')9(}2, sti mat ed
%%"\l_ t o- Abr 1 fe) st W'eed@b@ w
@) e si gn4 ;]f p?oce si n¢'fflans ifmor (/@)

fraex gk =si
conmbining said first and second feedback conpensated

conpensat ed

with: maxgain representing the resulting maximum gain limit;

X1 representing said estimate of the first acoustic feedback signal;

Xo representing said estimate of the second acoustic feedback signal;

¢y, C2 representing coefficients according to said mixing rafio in a resulting
acoustic feedback signal: X=c{X; — caXy;

Y, representing said hearing loss compensation signal;

M representing a safety margin in [dB].

6. The hearing aid according to one of the preceding claims, further comprising at
least one additional microphone for converting sound into an additional audio
signal, and each with a feedback path for which said estimation means is
adapted to estimate an additional acoustic feedback signal entering said
additional microphone, wherein said directional processing means is adapted to

form said spatiai signal also based on said additional audio signal according to



10

15

20

25

30

audi o signals according to a mxing ratio to forma
hearing | oss conpensation signal by applying a gain
not exceeding a resulting maximumgain limt; wherein

' esulting maximumgain limt is der] r om
@gﬂlo%mﬁi?spﬁst and second estimated feedback sl%(‘é'ﬁig"lzéﬂﬁgﬁodss
said mxing ratio; and an-g®tput transducer for
converting said hearing | oss conpensation signal into
an acoustic output. 30 WD 2007/098808
PCT/ EP20061060433, -26 9. The hearing ai,d accordin .
{ A ARG, oPer G Seh AEIRERRG. Ma St grrRET 10 Gerhg said
di maxdihLongdin ireinkiso flogr sdidadditunial addubtigiesdbatk signal accoding
prpce%sLn qsans by adjusting said mxing ratio in
or'dé&f ﬂ@x%95 I°de spatial adaptation of said hearing
| oss conpensation signal. 5 10. The hearing aid
according to claim8 or 9, further conprising: first
di rectional processing neans for conmbining the first
7anthet hearing eitirettcanditigdo ose ghalbhintsol ot Briced, whesdin sgud maximum

si gnal.. . co irecti . C ' f

cor S RESR el Liits LSRR ARl ER AR tpeac
f osignats debeddnspaluiing fiding wksaidearieg pidsanddsaid ptirenit mgxing
nmeans is adapted for conmbining said first spatia

signal with said first esti mated feedback signal and
said second spatial signal wth said second

esti mated feedback signal to formfirst and second
feedback 15 conpensated spatial signal; and said

8pr A tesryigrayd nwaprising adapted for conbining said first

an : izal shignal s to
angla3es hoagﬁﬁgeﬁv@rﬁr@%ﬂa%@qfﬁmh&as@l?@

earin 0SS ‘conpensation si 20 11.

- aFheordgniciophore ©r gevsritigrsgunding asesond audReiaselh sai d

;i g%hﬁqiiné i%‘%éénler%ﬂJ eﬁfn%‘%iﬁ&f%! ﬁ}gtd at{)&%_@%bsfefeel{)éﬁ SigHafl ehtefisd said
ﬁr,sg gﬁq@mtmnpgg %@pel%YGI 2 %rs? estlin)ﬁ(a(leted felaedbgékegigtlt;!) na%d for estimating a
second acoustic feedback signal entering said second microphone o generate a
second estimated feedback signal;

cdmbining means for combining said first audio signal with said first estimated
feedback signal and said second audio signal with said second estimated feedback
signal to form first and second feedback compensated audio signal;

processing means for combining said first and second feedback compensated
audio signals according to a mixing ratio to form a hearing loss compensation signal
by applying a gain not exceeding a resulting maximum gain limit; wherein said
resulting maximum gain limit is derived from said first and second estimated
feedback signals and said mixing ratio; and

an output transducer for converting said hearing loss compensation signal into an

acoustic output.
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and wherein said second directional processing neans
forns said second spatial signal having a fixed

omi -directional characteristic. 25 12. The heari ng
aid according to claim10 or 11, wherein saj

vg}g} §$ﬁg nmeans is adapted to calculate é%@mmmwmmus
resul ting maxi num gai n by-appl yi ng the fornul a:

X(Jw) 30 max gai n=-~Yo~Jw)Jd8 -1(1-a) Yo
X1(Iw) (I w) ~+a~Yo~Jw) X2(Jw) I 1l11dB WO 2007/ 098808

CT. HE§QE resentlng t he
gr‘?esﬁﬁgl ngﬁﬁ%@ardrcu%%dbgzg ‘%nt,% u rgg)rrég nting said
est piveadaptye ditegtisrial sontzafieuseri contreling sek progessing X@ans by
rep t f c a
feeg@ E\b %nz@ktﬂ%erégé an‘? ogdc-,gcal gl%vélg %ﬁai 88%5}&8;% of said

heqmaéq;@rcérnngnaa@osaudalm xing ratio in a

resul ti ng acoustic feedback signal: X=(1-(x) Xl - axz;
Yo representing said hearing | oss conpensati on

signal . 13. The hearing aid according to one of the
R eSRIhEGingG lafd A ordiny'th RES, ?%rfuﬁhﬂg: nﬂ)QSlhbl tering
means for converting sal irst ‘and se audi o

si ghal direstienaberiogessig means far epnahigingithe fisst and thaysegdond pudic
of g?ﬁggggﬁyaQﬁgq§mﬂpg,Mgereln said hearing aid is
adapted to further process said band-split audio

Si gﬁ%gogd idHediopal RIpcassing mqeqrggquéﬁ@yblbigadge first and the second

| ndgpge gigmdihyforra shéendTéﬁuQ%ﬁang aid according to

- claim 13, wherein said roceSS|n&Jneans is adapted

to WAPEW SRie CORPINING:BIRDS iy aRAREMIA gambinig %ﬂ!ﬁblﬁjﬁfr@a’ﬂai

t hes@ﬁ’él Wh%aldm &ﬁhﬁted(fée@ack‘ s‘QﬁaILanU Maid ¥28ndNdp4tRI signai
dBi t h: ain recﬁ)éesentl ng the resulting

i ﬁ‘i"ﬁ aﬁwnﬂ.qﬁtmatest.fee B sigasts Fﬂj""sfﬁﬁ"t@“éﬁpm feedpack

t hecémfgeﬁ;a@g@gatdl Sigh@esack signal in frequency band
i ) ) .

said processing means is adapted for combining said first and second
feedback compensated spatial signals to form said hearing loss compensation

signal.

11. The hearing aid accordinAg to claim 10, wherein said first directional processing
means forms said first spatial signal having a fixed bi-directional characteristic,
and wherein said second directional processing means forms said second

spatial signal having a fixed omni-direciional characteristic.

12. The hearing aid according to claim 10 or 11, wherein said processing means

is adapted to calculate said resulting maximum gain by applying the formula:

X{jw)
o(Jjo) dB

Xo{jw)

Yo(j(u)

Xl(j(t))
Yo{je)

+ &

-|(1-a)

max gain = —
aB
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X2j representing said estimte of the second acoustic
feedback signal in 25 frequency band i; a being a
scalar in the range O, ..., 1 according to said
t|o ina resulting acoustic feed

WB@]WT{Q? - aX2;; Yoe repr esenting sai earltﬁ}gagdﬁg'
| oss conpensation signal @’ frequency band i; :
Mle; representing a safety margin in [dB] in

frequency band i, WO 2007/048808 PCTI EP2006/ 060433

- 28 wif: pﬁaf@%ﬁrh%r&@niﬂfg"tﬁ@?ééuﬂﬁ PR gsmm.ta first

and a second m crophone in a %earl n%

conptiTeRTREeNting ﬁ@'é'retsf"l‘i@t% qh e firsf agaustis @?MK signgli r st
an d thgpr‘é%ﬁlﬂg sHESBRERNE thd fcBndaddusid fee g%:gﬁgp ond
audi o signal; 5 conbining said first and said second
audl‘bbg'ﬂgrﬁaﬁc%c'ﬁrtaﬁ ngnaola.- milxaeRgrding fo said gnikieg rratie in a
Spatrk it ASalic BALPRLLAA. -l -BsquoLi ¢ feedback
signal entering sal g st microphone>and a second
acoustrepresendion a@lld T@Bgmmﬂossemremnsgtlcs‘aslmae cond
m cr ophone; processing said spatial signal by
applying a gain not exceeding a maxinmum 10 gain limt
to forma hearing | oss conpensation signal; wherein
1521 FhdRedrify Bid Qé’do?dulwgé W Sné §f e rp'rék%ﬂmtg é?aﬂ?n§ ai'uﬂhér' c.roﬂpnsmg
and_second”acousti c signal s™an sal d
r at ifgring meaeo oy é@ﬁ‘(qii@gssﬁ“ﬁf rﬁte%nd sRgondaedie @ﬁp@dnetatbamrspht
si oo diGidls 8 ? BRAAAH/, éfqreahgrwtbandégn&@hﬁrm ﬁﬁé&?ﬂg adis
according to claim wherein said art
a fadapiedgto fusiher mEocsss e bRBGAPIR gruslicl sighals in Each of said
Parfddqudhd@/ batei8indehbbihddny. conprising the step of
storing characteristics of said first and second
acoustic feedback signal in said hearing aid by
using a programmng interface of said hearing aid. 20

17._The method according to claim 15 or. 16, further
160n]a}ei Beg{inor #id accapingr to-claim 13, wherein said processing means is

adapted to calculate said resulting maximum gain by applying the formula:

max gain, ~ l(l a) ’X“I' +a le.-|l

with: maxgain representing the resulting maximum gain limit;

Xs; representing said estimate of the first acoustic feedback signal in frequency
band i;

Xz representing said estimate of the second acoustic feedback signal in
frequency band i;

o being a scalar in the range 0, ..., 1 according to said mixing ratio in a
resulting acoustic feedback signal ; X;=(7-a.)Xq; — aXo;

Yo representing said hearing loss compensation signa!l in frequency

band i;

Mas; representing a safety margin in [dB] in frequency band i,
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adapting said mxing ratio in order to provide
adapt ation of said hearing | oss conpensation signal
either automatically by mnimzing said acousti c

outﬁut or 25 according to a user adjustnent. The
WA cor ding to one of claims 15 to 17, PW%‘?W““”
" said maxinumgain limt i-28derived by appl ying the

forrrula 30 max gai n=- o(~W~ -MIB(Jw)=-11XI (
-c~~z(fvv) - MIB(Jw) dB dB WD 2007/ 098808
ain representin

o AR ahPeARng Bt b B, £ RBEGR ferobhone in 2

esthemhg awf, corpriding:st acoustic feedback signal; X2

F ecten g BpdfiSnsoho B d o B SER RS P o et

aceod a|sag3rtdmus!m sigmdlxing ratio in a resulting

aco ' I o .
- epramibyic SR RS o) 808 secdfela bl st sordio 1 s reo
M Itei@rregespaitaiglgaaSaf ety margin in [dB] 10 19. The

sai QE%S. gﬁ'ﬁ)‘r’ ﬁ'#s'?gc‘gl&hgEb%dplg%kg%igﬂg%n%ﬁn%gan&%rstwglcrop ane and

m cropnone
ar @ serdndeacedsticrieedtiangk digsgileinterivg gailsecenttmicrophone;

|5 R5AIERS NS85 b B Sl NG GGRY B
19 gaipHignitciorforaachasping inssogaipensationisignial wherdiv edid iyaximum

ga@a is Qferlv E‘SM' Sid 7t J géégnh'égguﬁf‘c%éﬁﬂaﬁk gignals and

Si g y |nterpo ating sail est
ac@ﬁldtmwn@ @Iébmﬁ( Si gnal s accor d| ng to said mxing

rat | Gy @it S HEL RN AR LSl RBBICAR Sl duput

fromthe ration o sal t1ng acoustic
signal to said hearing | oss conpensation signal. 21.
A conputer program conprising executabl e program code

whi ch, when
16. The method according to cfaim 15, wherein said method is part of a fitling

routine of said hearing aid fo a particular user, further comprising the step of
storing characieristics of said first and second acoustic feedback signal in said

h-éar'mg aid by using.a p'rogramﬁ}ing inierface of said hearing aid.

17. The method according to claim 15 or 16, further comprising the step of
adapting said mixing ratio in order to provide adaptation of said hearing loss
compensation signal either automatically by minimizing said acoustic output or

according to a user adjustment.

18. The method according to one of claims 15 to 17, wherein said maximum gain

limit is derived by applying the formula:

X (jw}—c,X,{jw)l

je) ~ M (jo)y=-~ To(je) |5 - M, (jo)

Yo jo) 4B

max gain = —
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25 executed on a conputer, executes a nethod
according to one of clains 15 to 20. 22. A conputer
program product, containing executabl e program code

“y@hg% 880§0 when executed on a conputer, eX 5t B0 i060433
met hod according to one of clains 15 to 20.

with: maxgain representing said maximum gain limit;

X1 representing said estimate of the first acoustic feedback signal;

X2 representing said estimate of the second acoustic feedback signal;

1, ¢z representing coefficients according to said mixing ratio in a resuliing
acoustic feedback signal: X=c1X1 — ¢2Xy;

Y representing said hearing loss compensation signat;

M representing a safety margin'in {dB].

19. The method according to one of claims 15 1o 18, wherein said signals from
said first and a second microphone are filtered info band-split signais and

independently processed in different frequency bands.

20. The method according to one of claims 15 to 19, wherein said maximum gain
limit is derived by the sieps of:
calculating a resuliing acoustic feedback signal by interpolating said
estimated acoustic feedback signals according to said mixing ratio; and 7
determining said maximum gain limit from the ration of said resulting acoustic

feedback signal to said hearing loss compensation signal.

21. A computer program comprising execuiable program code which, when
executed on a computer, executes a method according to one of claims 15 to
20.

22. A computer program product, containing executable program code which,
when execuied on a computer, executes a method according io one of claims
1510 20.



