10

15

20

25

30

Hearing aid and nmethod of utilizing gain limtation in
a hearing aid BACKGROUND OF THE | NVENTION 1. Field of
wo b@7iopssesit i on The present invention rel ates tBCTEPR20061050433
aids and to methods of utiliging gainlimtation in
hearing aids. The invention, nore particularly rel ates
to hearing aids incorporating nultiple m crophones
that are adapted to interpolate a maximumgain limt
i n dependency of the mixing ratio of the m crophone
signals and, still nore particularly, relates to
hearing aids further incorporating feedback
canpiehtinyiaid ah rRéGRM émn&@»?gam BrhitbHER G 2 rﬂ#@ur{g%;d
acoustic feedback, and respective nethods thereof.
Descri ption of the rel ated art is a wdely knomn
problemin hearing aid design to adj ust the maxi num
possi bl e amount of gain with which an acoustic input
signal may be HMCKEREHINI Qfr dHECRVENEEAN ng | oss
conpensation signal w thout the appearance of
artifacts caused by acoustic feedback or other
acoustic disturbances. This is in particular a problem
1 Engﬂeﬁgin ai.ds that incorporate nultiple mcrophone
{elth e TeO%avi ng a mi crophone providing a feedback
path. Therefore, a gain safety margin is regularly

required in order to avoid that the feedback | oop.
The ppyeseRinEyertinn Kjalegetc bearétdapidsi @yd derBethedngf utilizing gain-

llmHQﬁiéhs'irf ﬁgaw a%n%bﬂﬁvéﬁhﬂd%or%ff% B/g%eg'téqe%ﬁﬁﬁ aids

hearing aid with digital, electronic conpensation
Incpmoramﬁluitmler @wb@moawrth@thar@cﬂﬁ@pt@etg latem@@resmammum gain
e u r
inf o eogTh. 6 DY aFEPAAOEE L BHERDSRL HHRE apg, s more
pan‘tmotarlg,armatles tbdmr'mgamda fmdmt |am>errat|Ag fadaipaakveancellation in

ilter o rates to m,n ze the el ati op bet
orde heredfiE G hete i o FrokPie, Fedbaok arthas et mpthods
thedr@ofgi ve a neasure of the attenuation in the acoustic
f eedback path by deriving gain and possibly al so phase
characteristics froma feedback cancellation filter.

2. Description of the related art

It is a widely known problem in hearing aid design to 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 to avoid that the feedback loop approaches the boarder of stability

generating undesired and annoying sounds.

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

acoustic feedback which comprises a compensation circuit. The circuit monitors the
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WO A- 02/ 25996 di scl oses a hearing aid with an adaptive

filter for suppression of acoustic feedback. The
waodapodsses filter may be used as an i ndependentPCT/EP2006/060433

measuring systemto estinmate,the acoustic feedback

signal w thout distortion of°the processed acoustic

i nput signal. Wth reference to Fig. 1 it is explained

in sone detail how an estimate of gain in the acoustic

lodegdinaanid pegutatemyhdeecdaigait aaglificihien @bcthé’ipﬁh@nl@oé daf is less

subJ ect t cousti c. feedback ro agati ng t hroug
S BUGCIT A TSR der PEEEGO B LADBIoratiop between

inplieardesithadfrémathal heatiRh %id aRERASK b81 3Ra! tol Gve a measure of the
transmtted to the signal processor 4 as input signal

atignuaifqneln the @@éggti%@eﬂha%@atb|bgrf%ﬂnvmo@%@§@ﬂ ppssibly also phase
ChBFREGREES frBHH)fged%b&E‘ééno%ll%ﬁoﬁ fighsmtted to the

recel ver for conversion to an acoustic output
signal. An adaptlve filter 7 operates to mnimze

r I f d
WEERETAR56 Sliftie e FrdlEy A Rib o7 ety 1 SIHRERion of
acoeﬁt@rfeedbasdq ]grl’nalhadé)ptlvalmdglcmsﬁjéeg&ﬁ{(d §s @aﬁlﬁd@iB@d@ﬂt measuring
esti mat of the acouystjc fee ck signpal ..
sySiRl et thio Brodhie ferdtiigh g RO oo al theyrocessed
ac88sticTab @ Hfnd)aivithi refdrbifcd Berifacly ipakplafid iReoptd é‘étﬁﬁr’ﬂow an
The adaptive filter operates to minimze the so-called

esnatsr olgaim i the@cpustiadreaghsnale mavaeedetsymingdt Fae migigphone
1 Eh& kst BB ustid § btaEI‘? pr tﬁ? QﬂrgJugﬁafeéabe?ck path 2 from the

subtractor 11. 1In ese pr unents
redeiver Hierin @ddit'@inn’f@dthhcdﬁstrhéw@étthlSnf@ydb@Ckusledalt is transmitted to
a e
the ?Bﬁélgﬂaggeés%?a 695{‘? P?%nél'&%%ﬁeg r?%sgg@ ih t*gé %ﬁwtapgrotcggsor 4
theepalceas @b Utpeogigmad \6 tsat@samlma@dn tIiéSreﬁJé%SBSfoBZonversmn to an

ac%u@;ls’(?éﬁ?%%}gl\évalz %gdb tlv%ﬁlﬂ %l a9 gte qg)r/rag'ﬁﬁ'ﬁg cross correlatlon
betMeienhifputda tUzeary RMSchead BONH adids(ﬁjtp&esswsimaugew@érre@%s the

maxgai n val ues can be determ ned in mJItl-mcro hone
ref@&?@@%n%QW)&) 9D saBeenty qiensraier e psipeie 8 o the acoustic

feddPHPES ﬁéfeg@aaﬁ'ﬁﬁé%fft% tr%n@f“e"?"fur\’!ﬁoﬁ'o@tﬂié ﬁ‘lﬁ‘ertéﬂ@estlmatﬁ of gain

m Ccropnon i rectional processi ng, wherei n eac
in tiedeepivriepaih paalbe ebtaingdpéhe @depiver Bléafinpekates to minimize the

so-%%fl;%bregﬁfye glgnge{ (5) 5 WwHigfe ?sséérﬂagaﬂeﬂ b6§/ Qjﬂtl%%hé) % estimate 8 from

the input signal 5a in a subtractor 11.

In these prior art documents, it is further explained how these data may be used to
determine loop gain and then set an upper limit on the applicable gain that may be

used in each of multiple 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 discloses, however, how maxgain values can be

determined in multi-microphone systems.
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I ndependent |y conpensati ng each m crophone signa

before directional processing requires extensive
w@eocesssisig and carries a risk that an inperf eRCT/EP2006/060433

conpensation of the feedback,signals will result in a

resi dual feedback signal conponent, which may

interfere with the function of the directiona

controller. Thus, there is a need for inproved hearing

aids as well as inproved techniques for utilizing

ain-limtation in nulti-mcrophone hearing aids. o
W&‘Jﬁ)’l\%@ﬁ%ﬁg HREOFEIENAFARCK cOMPpenpaliasy W@%O'bﬁjhééfm@)ﬁ'd with
twoN@idb AR GRbERIMal ‘Brcme@é’lh eAgAdiA ré%cﬂ'rﬁ%r@d?] ne signal is

met hods of processing signals froma plurality
ingerRanggniin éasdbacla camaensajedibéfaralproapssimgpara dmﬂtnanart ¢omntroller.

lnH%%Hd%ﬂﬁ)QcBﬁﬂHb%aﬁ[ﬁg%a%harﬂ%{c%h%ﬁgfs? f}al g%foﬁfg%lrggt'ici% ISFocessmg

account I'cu
repmnmeﬂtenmveeptoaeesmg qmdonarms a riske amatreg mpérfect compensation of

0 atin ‘ e mcro nes, .in ut t ransducers
tnf FERoBRk SonAR T e i A SOB! RETRask A6 comBaRers Bieh may
mtdkfé@hltl@ﬂ&ifuﬁbt@tﬂﬁ@f&h@@lré@tml todtsolt.th gain limtation
capability. It is a further object of the present

i nvention to provide a correspondi ng net hod, for
Th%oﬁr%?@ is"g neéd 'fdm%r@\)e@rﬁga%nf; ra‘PdQ gé'l/vfell %EQmW&fe@QBW@eS for

in a hearin i mproved gain |limtation.
utifzing g IMrJWt%&Oﬂdlbp@&& -migrophenephearigtaidhivent i on to
provide a hearing aid incorporating nmultiple
m cr ophones, input transducers or input sensors wth
processi ng neans that conbi nes directional processing

capability wth nd gain
limtation capabi f}?\?ﬂﬂg& @F%M%ﬁf@ obj ect of the
presentlnventlon to provide a correspondlng nethod
for processin ut signals frommulti
It I H}%ﬁfﬁaﬁa@@ ojest Wééﬁﬁn@eagr& NYPPEPN AQrR50Y eg%ﬁqﬁmg aids and

méth&dd 3 ipPdbesking! Sigh Rk fﬂi?ﬁt$9fur9lhy efitmRfogHRePif L Mearing aid
invention to provide a hearing aid incorporating

taking in mréCWﬁbﬂ@pméﬁweq Rt emﬁaﬁsaﬂﬁcéwb@ﬁkﬁ’ ﬁfothe prior art into
ors producing input signals, wherein the input
signals are processed in a directional controller and

It is in particular an object of the present invention to provide a hearing aid
incorporating multiple microphones, input transducers or input sensors with
processing means that combines directional processing capability with gain
limitation capability. It is a further object of the present invention to provide a
corresponding method, for processing of input signals from multiple microphones in

a hearing aid, with improved gain limitation.

It is still another object of the present invention to 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. It is a further object of the present
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wher ei n feedback conpensation and gain [imtation are
perfornmed w thout adversely affecting the function of
wao b@7ddasest i onal controller. It is al so an objBCI/ERf006/060433
the invention to provide a hfarl ng aid wherein overall
gain limtation may be perforned by a processing neans
of the hearing aid and where the total system
conplexity - evaluated e.g. as a processor |oad or
mmttlendoqnbvudeIeSc@mEmhdthmbN‘loHOWr peEsustHN8F hBuBsignals from
rst _aspect of resent invention, there is
mwk'B'\G/’lra'Q PRORBS "ﬁg ing 2iAapith K8Praved pain imitatiephone f or
converting sound into a first audio signal, a second
m crophone for converting sound into a second audi o

It 4s gyril anetheecehiestart phecessent imentionf tr mowﬁenangeam@ aid
di C
A Sy TEhIP S ERACnBY B Bt cB° 6 A sbfipds producing
inp signafso whesein iee inpyt sighals sre acamessed inf @emmmasc@nmner and
ri filLrst m.crophgne_an econd acoust i

wiBe b Ll b ke BB X o Celt Jil' ey GihoRgTormed without

adpeserssficcgngreanfantion ¢iithe @gsttighasedrdraipat i al  si gnal by
appl ying a gain not exceeding a resulting nmaxi mnum gain
limt to forma hearing | oss conpensation signal,

It WhAs&IaR & @ctr&StHétlh\F&wtlﬁﬁﬁbrﬁ%m@é"aﬂhéé é{)aidswﬁ&re WV 80erall gain
fromthe first and second acoustic nal s

limifaton maynds Pagoieed by aawr@cgsrs"aﬂmwmtqféh%@aa@rng fisk and where
the Ry a/éierr‘sg cgmﬁleﬂﬁ?r ! %éd%?%s?gge"ég?é%b%br%g@@ng%{% &bunt - is

an acoustic out pu arirng ard
compatitivelyidwie t he resulting maxinmumgain linmt for the

overall systemby interpolating the first and second

acoustic feedback signals in dependency of the m xing
Accatdiny tof a filst aspgxttof dhel peesehfimakbstionAteereds peovidedha hearing aid

nofBane el mitophde B GRRuPribR SO AN 115 BVGB Satalipgecond
miGSENSHd forlcondhBRk s6LEM flto bbe2BRY AT APRANGRSHBAA #06kssing

wherein the resulting maximumgain [imt
meaRg dppeP AP BNt mnﬁrﬁh@n%ﬁﬁeamovam@so ﬁ'@f‘é‘r?ﬁ%’é@ng o a mixing

ratf:c‘f"%‘(f1 fwrﬁigpéﬁ'ﬁ 0§|§h£]9 etsf?mtah Th&Ai 8 Lnathifef gr ﬁlr'sf‘gacoustlc
aspect the esent invention,” there i1s
feqdbaok céghah eméexinanthe first mlcrophone and a second acoustic feedback
signal entering the second microphone, processing means for processing said
spatial signal by applying a gain not exceeding a resulting maximum gain limit to
form a hearing loss compensation signal, wherein the resulting maximum gain limit
is derived from the first and second acoustic feedback signals and the mixing ratio,
and an output transducer for converting the hearing loss compensation signal into

an acoustic output.

The provided hearing aid enables to determine the resulting maximum gain limit for
the overall system by interpolating 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
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aid which conprises a first m crophone for converting
sound into a first audio signal, a second m crophone
WO 2007/02880%rti ng sound into a second audi o si gnBECT/EP2006/060433
estimati ng nmeans for esti matgng a first acoustic
f eedback signal entering the“first m crophone to
generate a first estimated feedback signal and for
estimating a second acoustic feedback signal entering
braheh sa&mommemnﬁ riapheselting earieius egfac”m ampr\éi nﬁétddraé@chom the
f eedbac nal , conmbi nfng means tor conbining t
MAKGAID VEluES 18rginad ipiearh orenah; 3ogprding %*ﬁ?éﬂ'xmééaﬁﬁhck
signal and the second audio signal wth the second
esti mat ed feedback signal to formfirst and second
Agcosdibadk aclotpenasinand o ths Qre§egh@h/entm1‘o¢le@siiag>rm@ﬂta hearing
k e
ail Whl&%g?ﬁ&] 4 fit %IJF%[&IT&\%‘#O?S soq}?\%ﬁnﬁgg %fgst, aydia signal,

conpensat e ud 0 Sl S acco
a secdrol miciopieane fog cbossesrtmg;rspemd; Mtomﬂss&@dazhudky stympl yastighating

R 7 PP E el Rl TorthebR foe) RYETG B ficrophone

tofgeomattda@ first eétinaadd S@@dﬁa@k%ﬁgndﬁ&hadorf eshamy $s88@dSacoustic
he m xing.rati o, and an out put transducer for

fe%@iﬁf Y9 A ingethe: wonésrglcmm@%atge@ﬁ@@ FhBECqn§t estimated

fe@dbef&%{dl CodtbiRing - mé—é}% foF %hr@ﬁﬁhd“ﬁ%r f’lrgga@dlg sf’g‘ﬁ%p‘gﬁﬁ the first

DFOVIde di recti onal processi n of the I np ut™ au
esgmgﬁ%d 856698%élgaah@ﬁdwthﬁgseﬁ@adsaud@ge@hélrwm tthe secatigaedtimated

feé’cﬁzﬂgﬁﬁn% %:lg{bczt?}cul géte%Ac{ eaﬁrqeda?‘?%&\% kNS REQESES %gglﬁ) signal,

nmeans t 0sS conpensati

pretagpsug rhgarpfur wompirang dweufirst and Bmonduﬁegmm ddrmpdnsated audio
t he co

BB g R S b IR R o

apphireed baini ot exeyedieg appbuléey haixdhumeRst lirhwowhéreiH the resultlng
i -directional and one hav

R4 ATY R AP, AL BF M 50 ecor QRGP Toedback Sgnal

an€li th@Chix@iflratiy, OFRF BhnGut P’ﬁﬁﬂ%nsama%r 185 UbhidHing the hearing loss
directional characteristic is obtained by mxing the

compsNeritapLtioRal gHalas Foogstia eipelach of the preferably
fixed directional sensors - one fixed sensor
preferably being ommi directional - in the desired

Thei ioviged ahdasingTaid enabilesyta @t@\mmyebt@r@émmsamg bfythe input

. ' ir i 0 t adaptive
au@?%@r}%l% é&eﬁﬂerﬁ%ﬁé{ﬁg’gt % W s ge her wﬁp“eyedggck ll%pensatlon and
gain limitation by the processing means which calculates the hearing loss
compensation signal by applying a resuiting maximum gain limit depending on the

mixing ratio applied by the combining means.

According to an embodiment, feedback cancellation may be applied to at least two
input sensors, one having an omni-directional and one having a bi-directional
characteristic according to directional processing means. The resulting directional
characteristic is obtained 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
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techni ques. According to a further aspect of the

present invention, there is provided a nethod of
wEe@cesssisg signals froma first and a second PCT/EP2006/060433

m crophone in a hearing aid,.wherein the method

conpri ses the steps of convé?fing i nput signals from

the first and the second m crophones into a first and

a second audi o signal, conbining the first and the
adeptond daectionabi govitrollee capglying t&daptite Xiskghal aldvel t Minimization

forma spatial signal, estimating a first acoustic
te¢RNigHRSck si gnal entering the first microphone and a

second acoustic feedback signal entering the second

m cr ophone, processing the spatial signal by applying
Acgopinghtona furthes espie e @f Zhenpresemininyetition| there istprovidedraamethod of

: _ ion s _. - s ‘

profsiiathionie rEATRITAILY sBLARPno U A R 4T herein

thenomaiked cofmpasémttie stegaalf coanertinhénputxdigrals &birotheafirdt and the
npensat i on

ting the hearing l.oss co signal. ipto,
oG0P eI Ree st e SeriPnOeais sio88h FodCRtR feayt and
the lsatohdeadttarsigral aicdsrdiriy 36 eamimiaing Parioh@dJorae GOsBaMd signal,
go &heﬂpr.e ent mvgntl on provide the ability to
esUnelh A5 13Fos8iudeedhrek atignat erieringaithe (iRt Migiephone and a
sebERT hBSLSHE Ge8lbaR% SSiGHBI EMYerMPIng secBhd 2R¥dPhYRE, processing the
i nstance. Wi ch neans that according to an enbodi ment
spafial tgignah rays aprlying\a geinonot exceaeding agnaxiohuins galyl mitdo form a
: : : . . o it " '
o Rie | BeRSald] SoRETERIEHE phim S derivpg from
thentingt agd sacdrsl detustie feadbank atgnalsyand e rdixirigngtiopanditomerting

neieiG 6880 e SRBEL T Bb RERR SRt am and a
conput er program product as recited in clains 2 1 and

22. Further specifi,c variations of the_invention are
It (&Y PREXPa S Relr & PEYVRIIOGR ek dBahearing s, cylemsaansb meshods

acéMdingtheaiheagresem inl Bt Brfite tHaV 8BililyOR WitohddES8 Bdjust the
more apparent fromthe follow ng detailed description
amoyREedl 93N dhatj thaberdnd gid or syséeradeanpaply ingt any given instance.
Which means that according to an embodiment of the present invention the hearing
aid is able to adjust the possible maximum gain limit from the currently calculated
acoustic feedback signals and the mixing ratio between them at any time during

operation of the hearing aid.

The invention, according to further aspects, provides a computer program and a

computer program product as recited in claims 21 and 22.

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

claims.

Other aspects and advantages of the present invention 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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drawi ngs which illustrate, by way of exanple, the

princi ples of the invention. BRIEF DESCRI PTI ON OF THE
WORANINEE The i nvention will be readily under SPODEP1996/060433

the follow ng detail ed desc&kption in conjunction with

t he acconpanyi ng draw ngs, wherein like reference

nunmeral s designate |like structural elenents, and in

which: Fig. 1 is a schematic bl ock diagram of a

hearing aid according to the prior art. Fig. 2 is a

schemati c bl ock diagram of a hearing aid according to

a first enbodi nent of the present invention. Fig. 3 is

a schematic b fE8BRATIRIN BFAIE iDHARINGaccor di ng

to a second enbodi ment of the present invention. Fig.

4 is a schematic block diagramof a directiona

der . ol dj e Lne of the present. . .

iR T Rlia wERECFEITE Aol BB oo el £ e pton i
ccm%Lgnﬁbn owittbithe raccontpaalingr dreedmysqi wigerein ﬁhe emdigdlmmgmerals

of the.present jnvention. Fig,.6 is a schematic oc
de&fgé‘g?}ea“&o%r%“rﬁgﬁpe@ apgiin @P'Cgécor ding to an

enbodi ment of the present invention. Fig. 7 is a flow

di agram of a nmethod accordi ng to an_ enbodi nent of the
Figr bsdh@ SChBRL'S Slechiiearammsf @%@@Qﬂ@ﬂ'(bﬂp@dlw@ the prior art.

I NVENTI ON When describing the invention according to

enbodi nents thereof, terms will be used which are
Figiekcri Ise@ aghemaaticotock| dipatans erfsarkearing gieneeedrdiogt teea first

di r ect LaRBhinely P rEEshinalofi ¢rophones my be used

as i nput sensors. It 1'Ss" comonly” known how a

di rectional sensor characteristic (a directiona

Figg.}é: tr \%gps?g Sﬁ)ghgr%\%gg eolc%c%ﬂ igg%a%gﬁ%/aoﬁggr?rlaqn{an_ aggoerd%ldtt%ug second
non- di ebbdiart bf teqirepdran®gentibrough a gai n- and/ or

phase- adj ust ment processor/circuit. Maxgain or maxi num
gain limt: the upper limt on which gain it is

Fi@ssi blse en@RBRMY block diagram of a directional controller according to an

embodiment of the present invention.

Fig. 5 is a schematic block diagram of a signal combiner controller 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 to an embodiment of the present

invention.
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wi t hout the occurrence of feedback resonance. Sone

safety margin (e.g. 12 dB) may be subtracted fromthe
w@adocidssoed [imit. | x| dB this mat hemati cal opeP@El/BP2006060433

shorthand for conversion to %ogarl thmc values, i.e.

| x] dB= 20l og| x| . I nterpol ati in the context of this

docunent, the term"Interpolation” is used in the

sense of "wei ghed conbi nation”, which nmay be generic

to other i nDETAIEBRDESTRIPTIOROMIHE INUENBOAC
meani ng of the term should be deducted fromthe
description in this docunent. Reference is now nmade to

WheS- de%cntymg Qhe SH@é’Pﬁloﬁ MHIW t@'éﬂnl%@m@ﬁ@ogﬁ élﬂ trish&ill be

first enbodi ment of the present Invention
US@dﬁﬁb‘F%a'teonﬁ@flb@@rBﬁéOl@WSestl mate of the gain in the

acoustic feedback path. The hearing aid conprises two

m crophones 1, 20 as input sensors each produci ng an
Inmﬂcﬁe@selisgﬁrageﬁerafzéitlvmicﬁrtecﬁomltarmrﬂitetcﬁdnalOnis'rcgmahes may be

s BE TR ooy o B iR ORI o PR Seioson shprgoteristi
(a Siirgotdreal %lcrﬁﬁhaﬁ@%aﬂi bg geher@tdd By @@mmilmg)tﬁeooutﬁﬂﬂbﬁtwo — or
earin

ati al a n processi n means to form a
mcrrgss %’Bﬁb%'?ﬁ&& %nﬂ §i gerarirgst &%@{ JHBICEIpAONGS fRPgaRR gafﬁeand/or
phasé\raumgtm@aq;rséw@ené.aéunon signal is then transnitted
as processor output signal 6 to the receiver or output

transducer 3 forconversion to an acoustic out put
APy mil B4R Biheh RS OCHSRYLE S8R aony
witlogt thehoersrebce 20 . fe&dlvackarehomdrmeo Soome sbiednotgrgianie.g. 12 dB)

adaptive filter .7, 27 e s to mnimze
Rl F s PGB R capect i ve fnput si gnal

5a, 25a (usually referenced as U) and processor out put
ey TS ePtoRHal G Hoa ToaPang o BT ae (aEBaa T velues.
ef,@ﬁgcbggllé E(l,gnal By anal ysis of the transfer functl on

each ? e filters 7, 27 an estimate of the gain in
each f eedback path 2, 22 can be obtained. The adaptive

ILRES. i) thd T ; « e
IS0, fnE oA B BT, 48 6 SRERSE 251260 n e
sengeeob Sreigped c8mb@tion”, which may be generic to other mterpretatlons of

the word. The exact meaning of the term should be deducted from the description in

this document.

Reference is now made to Fig. 2, which shows a hearing aid 200 according to 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 signal and processing means to form a hearing loss compensation
signal from the spatial signal. The hearing loss compensation signal is then

transmitted as processor output signal 6 to the receiver or output transducer 3 for
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fromthe input signal 5a in a subtractor 11, 3 1. The

anount of acoustic feedback nay be estimated by
waledogvEsomt i on of a paranmeter like the rati o bRCTERIN6/060433

the i nput and out put signal ﬁf the respective filter

7, 27. The way of inplenmenting such filters will be

known to the person skilled in the art, e.g. fromthe

di scl osure in WO- A- 02/ 25996. The estinmated acoustic

cdreertiit ko Singagdusstiarcutpdesigglovindestduatié hﬁt;ﬁjt%’i?«!}al _produces a
ssor for calculation of the maxi mumgain Timt

TepdRIGHgPae2 A& Hgeaat MoTappNG Brapphtafeihe micantongs 1, 20. For
e RORRG S MShd BARHCHVNEN JRL SFIIAC iRt t?h%?%;?%rggsneﬁ)g?ﬁig@ize cross-

signal Into account. According to an e
cog ni betwegn the respestive diduésignal Bg, pbavusledy asferenced as U)

' t . t ' te.th
el blogE s SR it E SR ferBP0 s ol SR IRR S . ancl
gefnerates rancestphateel, 12&of tiod atbestrefeedbacic sigati. By eralpsislof the
ot et ordeeae NAE B 2b A0 sotowDgT Mo & himeag deedback
paaraneten 8 opRatedoTheheiaptadtiitare 7 147 5&rath to2hinimize the so-

fu(?m'tted to the controller 14 (illustrated bg dot t ed
caflehggon §ignghy0, Fé8avliph iheenwrakad /Ry sukiraativg dhe eshimate 8, 28

f loi l; | ;

FONE B GHR SR St TP TSR S feccna

Myt be estimate by deigsnination obyp revameterilikadhd Fytio Metween the input
r j S, | ' C . . )

or QRSSO PEASBalig 8k8r°%: Pracsr oL bk ABfing pup o

will deaktjorgt & theo pasbneskilkeddinathe esrt)| ¢.gnffomathiendistigsiine in WO-A-

|40t —JThe resultin imumagain Jimt, is derjved .
02(3eb, e eelate 108 TRkPALS Bt dechr i dasorBt sina
prédessogfor ahicalzappl dfele byaxirnemdgdie GiiitaRingthe GeixFigN@tio applied

ans to produce the current spatial signal with the ,
bygE% Oedliiel REQGESHAP TeeRNSatbeR PErquUeing: the Sugieghspatial signal into
ackéartant to realize that according to the enbodi nent

as shown in Fig. 2, no subtraction of the estinated

f eedback signal is done in respect of the input

AR B S bt 5 08, B BGESS eyl B B oo
furﬁianc%thlraéingu.trmanssézrghad_ap&d_ R’8 esfimihe tié | atmnsalion 27 the first
oo Ao hEc 208 e TR S RRRbog o B B Socona acousic
feedback path to the second microphone 20. The controller is adapted to estimate
the attenuation by determining a parameter of each of the adaptive filters 7, 27
submitted to the controller 14 (illustrated 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.
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According to an enbodi nent, the input sensors 1, 20

may be either two omi directional mcrophones or two
waleoogoedseal m crophones. The out put signal s fPOIEP1NE6/060433

sensors are transferred to Hﬂg si gnal processor 4

wherein these signals are conbined to generate a

spatially filtered signal. This conbination is

typically done according to the well-known "delay and

It BUISG Bepdrtdrechnediiie thyt ddeerding ectheostabofime@BEaSisRBwn in Fig. 2,

f the si naI rocessor 4 . A general
nogRURFACHON il (6 FHBRBH TP eARAG:SIBIY BNt Epspest of the input
gﬁfé)?é i5a d5 fo kié kighbl %rc(ce%s&r i, ﬁ”hlse%CQn eiFhBHFtaﬁt' Q&@éntéé@ of the

is multiplied wth a conplex nunber (ci

emb@l@saitsfwwrymfﬁm t2singe Hlegpidput(sigyyes Ba2§ of t@’eg@ﬁ@rbt@dare not
feﬁﬁté e@rga(; g)'f%% ﬁr&q' {wé ﬂqcr%bg&‘?és { régmgtstnf 8?fpr&?[rgTsducer 3.

Icrents are select
a belng of size 1 and sone approprlate angl e. The

conpi nat i on QGess be ontrol i the nu
AR faisy s PBRS T une: €RpF SSoidacti vEm) br gt wd omni-
dirksbigomal hh@bpﬁéh@kﬂrﬂtvb\tﬁrecwnm alicrophomss. Teefoutgmr Gigniats from the
an out put-mpi m zat| on techni que. According to .
SeRPHYS dfie HENERHIEy [ g ars SR R GeSSH r £ VPYRN thesier signals are
cofbHicRMo GéhersiaPd 'sM@treazﬁﬂt'e?éq §|Phéle'ThVé¥' édm@ﬁaﬁﬁrp)é' t?ﬁi@ally done
ich wl by e

the coefticients be cal cul at ed T
acg@ém, @ tb@ﬁ@?'bkn%t eefpy eany syptracthgclgﬂl@mey the directional
1AL Z thad o4 AR
P e O e sl 3 ool e SRTEG "Eription of the
cotmbatioefpfoasisemiaildbet he filter are sel ected according
to an input to the adjustable control system e.g. by
the user turning a control -wheel etc.Each adaptive
pltet.é 27 c.qgnerates an estimate of the acoustic 1
eedack! signa?l that enters the respective sensor (1)
branch 5, 25. Cal cul ations, based on either the filter
coefficients or the input-output ratio of the signals
i.e8eadh ind8t signah@f iU} Brmultiphed withsa porapiedenuanbeesti, ra) end the

oS S ek OGS Bl o
theagher. disighiiy Othehed fifidragviabd seldtReead ¢, c.]=[1, a], a being of size 1

and some appropriate angle.

The combination process may be controlled either manually (adjustably) or
automatically (adaptively). It is known that an adaptive control 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 filter are selected
according to an input to the adjustable control system, e.g. by the user turning a

control-wheel etc.
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rati o of feedback signal (X-i, X2) to the out put
signal fromthe hearing aid (Y0O) represent the gain
W@ e@viessos at t enuation) in each acoustic feedbaP&I/pr1iohe/060433
a set of maxgains may be calcul ated according to: (2)
In order to sinplify this é\)gl'uati on, the cal cul ation
may be repl aced by: According to an enbodi nent, a
heari ng aid having band split architecture with /

Edohestizpney fllb&”ﬂfW'%%n@ﬁéié's ah ré‘sﬁm‘éﬁa‘ &%hé‘bb@u"btﬁ%e&?ack sngnal that
repl aced b ower evaluation in each band: [na

engerp rihe rﬁ%@@C@&@ ﬁ2n§0r:brraﬂcfdéc R8I Fglaulesionsshaseidnen ﬁﬁls(egaﬁha filter
cobﬁ:c@ﬂ?éjbgttféﬁ n%ﬁpﬁbﬁgﬁ’f B‘Iafhet Q@weé;ig%u ot 'Zggl&tﬁgq'mg%k gan thus

signal 1I'n e output o conb t he rectron
pr @V'dﬁ@@s@&ﬁl@&t@a}ﬁéhwttbnwtonm arichUeedback patb 2, 22+ ¥owing this

k f
e s FERORE nil B REho @ ooidithes i Hilowano (Sigce the
ratdmrasblfe@dbacans@ﬁalcad1pudz)attcedh@&ultmx gaha Araohei hi@rtng aa (Y,)
e present invent t he heari

re@@ﬁ%‘?dtl @ngz?’rgr éatp?faﬁtt@%aqﬂr@r'Brﬁ?&he%Cou?ﬂ%éeeqbﬁéEgpath a set of

mé@%mstmﬁﬁbé%aléﬁtdtcfd hesfiliagho:si gnal X(J*>) woul d be
cal cul ated according to: x{j w =cxx J . + J<, + C X

J >+ (6) The coefficient set c-i, ..., Cnis also

ned, accar g to how the signals are conbined
[ E@ﬂgdlr_iﬁl%:’v Tproces& ng neans in order to 9
nerhye’ t hé( ctional or spatially filtered signal. (2)

Accord| ng to an enbodi nent, in order to reduce the
artefacts that occur when gai nval ues close to the

In B'Ri)ég% Q’mﬁ%ﬂﬁgl é\ﬁaqj%éﬁ (ﬁj‘i%{ W%rlg}l' Be Gé\fﬁgtéd ti) Cel y

util S are nore
to occur in sone frequency bands than ot hers,

- .

According to an embodiment, a hearing aid having band split architecture with i
frequency bands is used, this calculation may be replaced by signal-power

da] (4)

In deciding the resulting maxgain it should be considered that the resulting

X, (jo)

_|ale)
,YO(jw)| dB

¥ (jo)|

evaluation in each band:

Xl

oil | 45

_ (X2
[Youl

[max gain,;, max gain,, | = [—

feedback signal in the output of a combiner as the directional processing means
will be:

U= ci(Us+ Xq) — c(Ua+Xy), having a feedback component of X= ¢1X1 — c2Xa.
Accordingly, the maxgain as seen on the output of the combiner can be calculated

as:
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according to an enbodi nent, the safety margi n depends
on frequency. Thus: Typical values for MIB are in the
WO 2000098308 0 dB to 12 dB. Wil e this expressi onPCHEPRING/@0433
demandi ng to evaluate in reall -tinme, sone
sinplification my be obt ai'ngd by assum ng t hat
according to an enbodinent the two estimates (X-i, X2)
are identical. This could be a fairly good estinmate
for closely | ocated m crophones and/or for relatively
| ow frequency bands. O her ways of reducing the system

|.oad ?@z‘f'@g}j—be%m@ antj_on#tclb@(jrz)mmyw)f or real-tine

—theymaxgai m- egti maye gnd, yhus, operate at
a sl ower spee ,O@ ‘5 500 'ns in(gértal s!Natural ly, such(5)
nmeasures nmay be applied to all enbodi nents of the
i nventi onAccording to an enbodi nent, in situations

Aoshetimg itd anserdbddimenhef thebprezehe invertéayrias  heahiagy ditheomprises
esti mates of the feedback signals may not be correct .

merRethaB dwei MiFrerhanes. Haugathe resvitingtassustisufegabachsionall « (/o)

,of the derived maxi num gain

wqﬂ?&rjnbél}}?lscﬁ%géoggécr?}(@w? ie next update. According to

anot her enbodi ment, during power-up of the hearing
aid, a conservative maximumgain Iimt value could be

x(Eontad nedojandy Useld £.or(;6)he. hearing | oss conpensation (6)
signal calculation until the maxgain estimtion system
is fully operative. According to still another

nbodi ment , . the maxi.oumgain limt is derived from.
TS TRRITER oty 1 Arnes e B carepriry ol i b8 Bionals are
combiiizal sy ther divestionalicerodessimg nidant iim@rddr 6 ajethehumtathédirectional
ai d@nq_ the current mxing ratio. The first and second
or el ifiteredeignilk signals then only need to be
estimated ones, e.g. as part of a feedback test

regularly carried out during a fitting session or in )
Acperidingoio reembpdimankriniondesrto aeduce thra@riefadte hat Resermghen gain-

rati ol e i f . L :
vl e R PR B e PR G L i . Since

highfeedbaBkNEvel8BYe RROrE AKIY BYBE&Ir YN S8MBUtRMienbpbhR@s than others,
reference signal Y, the signal processor output signal

aceoriing th@npfelpdimenbihn srfetyanalisht Aepensistndi e Chnthuss
illustrated in Fig. 2, the filter input signal 9

o X (jo)-c, X, (jo)
Y, (jo)

x(jo)

Yo(j) dB

max gain = — —M g (jo) =~ - —Mp(jo) (1)

Typical values for M, are in the range of 0 dB to 12 dB.

While this expression is quite demanding to evaluate in real-time, some
simplification may be obtained by assuming that according to an embodiment the
two estimates (Xy, Xp) are identical. This could be a fairly good estimate 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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is derived fromthe processor output signal 6 through

delay in a delay unit 12. The whol e architecture nmay
wheoortoedshyy or partially band-split, i.e. one OPCT/AR2006/060433

adaptive filters 7, 27 or tq% si gnal processor 4, or

both, may operate in several'“frequency bands. It is

knovvn to the skilled person howthis is to be

achi eved. Reference is now nade to Fig. 3, which shows

a hearing aid 300 according to a second enbodi nent of

the present invention. It conprises a mcrophone array
Acgording rfoj apuemppdistentoin Fitgationsaiwhess ghas qinrtetrmsed;r by other

t d

e Bt 4B sl R P e SebuRR B S AL T T BB, the
upsliatimgilos t130 Tagxg@0v7 bstanalteesdauttabedwaﬂteddahat khes bgﬂn@:htsvalue of the

3 330b. The, f edbac sation signals 307a,
d%&%,mW%rH %‘%"@Eﬁﬁ%ﬁ lﬂﬂng]? pa?tﬁnal, are

transferred fromthe outputs 338a, 338b of the

f eedback si gr@l es |mator 306, to the conpensati on
Accaising 91@R0theL 0BMBRAIMEAL; HNINIpPeWEEYBr OBOBe TRaring aid, a

coﬁééﬁé’tﬁ%oﬁ%xﬁﬁﬁﬂYgégzlnﬁ@WuéQ:%utd"’%emn%fr@zﬂhﬁ ea%dsgg@d for the
308b, each m crophone being connected to the I nput

heaﬁféﬁs@ﬁ&pﬂtmﬂé@w signalnsisiation LS hieTRXgAIBOSEMABIOSStem is

fu,@ %t processor conbi nes the two acoustic input
[ n s fromthe m crophones 308a, 308b forming a

spati al si gnal 328 according to a mxing ratio. The

filrst t 11 of the put processor .3 3.'5 ,
Acgyitle, REGRY ordint, dpbediBealoite, e daig it & derived from
valpes@éﬂ@ﬁrsB@ﬂd tseedvRiThtdustig fédubasRaignals sériral orizd&during fitting

rocessor 304 _out put signal as

th |
of el FierMico 0l BodiBR cienn TR BRaIA101 TnE STpbang SopRRS acousti

feédbﬁb'ﬁ sRhalsh@eAWnithedd & 5E Es8mMatPored 4.9 éi‘%al‘trb@létfeedback
315 of the feedback si gnal estimator 306. The feedback

tess repwarlvesTiohodl d g 3 Bitieg wessipeed b‘a@l@r%@ﬁﬂﬁéﬁiﬁ%% intervalls.
Thé! &ﬂﬁérﬁ bbdy A6 ;s 58%{()%6 dﬁf‘ecfﬁﬂ%cplﬂtowttﬁe Sg'éﬁesntgéé%tional

i nput” processor ontrol I npu
cha@m@nemc amd deeeddivactio an gmbbdigsnt, masbe chhiuvasly congmadd.
processor receives the estimted feedback signals
330a, 330b fromthe feedback signal estimator 306 and
Astthe mference rsgriab M, huheugbnaiopmeﬁédnmaaﬁt igaan maayrtbmtused.

AC$Q§8|8g %%rng aep&g&rgﬂﬂ g%ﬁag té?%&:gﬂ ig B9?||tgr input S|gnaI9

is derived from the processor output signal 6 through delay in a delay unit 12.

The whole architecture may be wholly or partially band-split, i.e. one of the 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

25

30

appl ying a gain that does not exceed a maxi mum gain

limt derived fromthe mxing ratio 333 and the
wesdoroessesl f eedback signals 330a, 330b. Fig. 3P@l/EP2006/060433

shows the acoustic feedback paths X 1, X2 that exi st

bet ween the output transducer 305 and each of the

m cr ophones 308a, 308b. The out put transducer is

preferably an ordinary typq4hearing aid receiver.

According to an enbodi nent,'”the i nput transducers

308a, 308b, are omi di r ect i onal m crophones. I n other

I RBAL §|Igﬁ9[§e’38% ad7zp, Ofmhﬁdhe b CEQRNaRRs fé@d?back signal, are
Calternative irectional m crophones, which are

traxnlstaredwfrbndﬁ@ dutputse3ifia rmbo@fetharfeee}baqlq sigrabestinaler 306 to the

ool Bl e LA B Be A TR B VR, N el Bone aray
3ob'0<¥zﬁﬂgﬁse§ﬂﬁb$ hﬂ&bbﬁené@%oggstsas@f edH RcBPhené iwhg wBnnected to

i cr ophones 1n terns of the added conpl exity of the
thei input tprpcassatethrooghnal vekpenlive eddnadtional309a, 309b. The input

propesschrronaansBghe b hePusty Tyl ohgE drarfl b} BllrbrhtRes 3082,
30'88%%919% @Por i |*3Q805cdda@mpubta mb@ngradtp Thei firet oiput 311 of

I s adapted ding the fu audi bl e frequency
the prmtrmncesmoas @éwémnnaamistortb\e inadt 314 @hthe maie signg processor

h
S L o S, By 8y 00 v
SIS et rrseieson e okl iy e o
transglisen SBBcaRdfo 308 MaKL 3t i fig e iasbaAcRvaapRbRetHfp! 306. The
fe&ﬁ?at&( %gﬁgldeﬁﬁnﬁoﬁ BngrECQiQBQ féé(%ﬁcke&gnbé’néﬂéd S|gnals 316a, 316b

system ference I's now nade
fronittehsstawb otfpets Bpka, M&hceé&\ermawtapmoeswmﬁﬂamume control lnputs

o150l 5 AT b el BB eceives

thE8HRRted PRINACRBigrizAs 330h, BBES drath ties fdagdbalck signal estimator 306
controllers receives acoustic i n%ut signhal s 309a, 309b

antlr the txing; r@tiopiherah SoBRectUBB33Akewr thenypud pacessor 303. The
ne ST edfiRAESY 14 18 coRcA IR ReRtictel il 228 by
apbfy@f%]b\@atmtl@ataidmnmtmedsa rrtawntngmg Immddem&rd from the mixing
ratig @@gta%gﬁe a@,&?{t}%&ﬁ) Eé’é‘ﬁt@%ﬁ%gﬁbgg 3%‘85,%0105.319.9. %f fso shows the
acoustic feedback paths X1, X2 that exist between the output transducer 305 and
each of the microphones 308a, 308b. The output transducer is preferably an

ordinary type hearing aid receiver.

According to an embodiment, the input transducers 308a, 308b, are omni-
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 microphone 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 complexity of
the circuitry needed to ihclude 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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fixed directional characteristic. After processing in

these directional controllers the signals may be
wai7eedsesl to | ow frequency boost in the anpl i PCEEB2006/060433

(LFB). Further details will be described below wth

reference to Fig. 6. The srdﬁals t hus generated are

then conbi ned i n conbi ni ng neans i npl enent ed by

respecti ve adders 323a, 323b with correspondi ng

mesTelel I 0; :
RS0l oy s PEUE 0Bl andAfie | 2E b o080 BilfiRo the
fulBeU@b@rfeecf\J@ncﬁepeqier tdc eevagsk harslsdar mdwdbatkrosegmag .dn such

ct t d f the. ou of
o YR 26 B G RRAHEE) oo 7 Bl B a0
accorrdﬁr@smml&ki) m@/medbmbrmw&ﬁmt‘welg &lngﬂl@ie&ty‘rf@f/ tlﬁ directional
oy R B Ao TBAS RN, PalL s, IBs SEHRERS 1o ne
infeR@Ehanky 6eHRISPAEE sHglBAId Bdifiaond3d Qe ATLRI-BBSEsystem.
avai l abl e for use as control input(s) to the feedback

signal estimator(s) and for processing in a signal

R&%b@%’n&@ﬁwad@QQ%é VE wWHEH Sl <Ethe 396Ut prGRIsE ¥ 03 for two input

contr ol hi's conbiher 335, such that cost - funct
chanpgls tthd.ﬂ M@dmﬂectpoabcordfollterswaut Bufz igingorel d33 acc@dmg to an

engg(?'?iiirﬂgrﬁe& thg\?%ﬁeﬁ)fﬁt\/re A.%c%h&.tﬁgg@?iﬂggtlgﬁgﬁc nttr]?Jﬁers receives

aptive coh er a erm nes Fect rona
acoh@tmaopeirsklgmals 30Dat B@eots fram thie micgrlond2 0By, adkisAdcogding to

m.xi ng ratiobet the two feedb ensa
anc o EnlitieRt gBLasRt Phfie Pat FHBAIE Y A S SHBCtRL Sonolers
indadsikrivatigl indls froetiveahiRosHopiel dugslite sdigitigingland3Bert matching
the mai n signal processor. 304 to cal culate to maxi num

by gamicrpphgie Makding sysemefFagb of e diregtiopakpepieliers generates a
le@d’@’%&ﬁfnaﬁgﬁar%%%%ﬁé Wtéropr%‘es%mgom fResé dlr%cmoh!iollers the

detail in Fig. directional controllers
Slgm}szmaVebedétngget@d tp dO‘e(dFﬁOé*@éCY beestaincietamalifiesn (irB). Further

de&ﬂmllpﬁé dég’%lb%f t{eh&h (Nlt‘?ﬁ%f%?gﬁde 5. F‘?g'[}‘té)m signals wll
gener a

onal aracteristic according to the
mxing ratio in which they are corrbl ned. The adaptive
contr 24dna c adapt s eco i nation rati
THERGTAR LR Gnar B, Al RS o T CaRBaLegant ThbRmented
bycfm’pbﬂ&tel @ddenst prBasi3goel thlhaéormsnbmjmgsfdehback compensating
envi ronnment al noi sglpr ecei ved Bg(yt he hearin

sighalsy éﬁ%n%%%{\%?ﬁr Be*foeﬁab‘?@) ment, the fee%back compensating

signals 307a, 307b are further processed estimated feedback signals which are
subtracted by the adders from the outputs of the directional controllers 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 estimator(s) and for processing in a signal
combiner 335. Adaptive controller 324 adaptively controls this combiner 335, such
that a cost-function, e.g. the signal power of the output 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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first one of the directional controllers Dirl , Dr2

is adapted to produce a bi directional characteristic
wokiozeIssosecond one produces an omni - di rect i onBECT/EP2006/060433

characteristic. This arrangenent avoids incorporating

the conplex and time-varyi nig”conponent of an

adaptively controlled, equalized directional

controller into the part of the feedback path t hat

beﬂ@@&?tﬂeotm}befeg%éd%cﬁﬁpéﬁéawbeg?ﬁﬁg@%@5 SIER gut to the comblner

esti mator, and thereby eases function requirements
Thecadjngted daidingciation is Henoalso Isupplies esisighalhdad t@ftheFmgeln signal

orfhesthi SBa e EGLLAClo SRRKROK 515, BAF T5E HBEReL dikigd B e

rocessin oosters
sigrtanoradmer 835 ecccfrdmghatah enamuitmeat is showntin Hetatl lireFig. 5.

desired adaptive directional property is achieved in a
subsequent stage by a weighted m xing of the outputs

Thefdigeusena copfrofats Disly igngre ddeigey tbRehrREaRKANE cOMbInation in
of the directional controller is pl aced out si de of

t he
copwiner oB3P hef fIBaiAbrESReFMen QLiP U e SigaalS mittle PaspratRea directional
chéﬁa%fg?@% é’c%bkdmé Qb - tHennﬁxM@rr'aﬂB'lﬁnwﬁfchttH 8FDQAhHYEY. The

nore than two directional Controllers Dr Dr2 may
adpptivgt idonireld 32Fodynainisally reslapisgibe ernInaian 33 \9f| thepgignal

cof e 25 59 00 pARyReco ORARNAY S QS Miprge e
enmgdgnn:zzztﬁl nt}clb:e? v?clc?émdo!?{w&te ﬁe;rtngodudSmn:unmr;])lbogaab/stemﬂﬁtraf@rably,
ﬁrs?oo'fq’]é)?sﬁh?ua'tr?%\’?nﬂf tCRnW\f?r |¢'§€’t Pgﬁa'ls @@1%?2‘?& eg bdieYa bi-

dirab®iral actsrattaristicc wihiri m zestonleiohedgréducet hiaa arei-directional
readllﬁ avai lable in the prior art, and areconsi dered
chaiscier®iewn to the skilled person. However, since the
use of nore than two directional controllers requires
generation of nore than two feedbackconpensati ng
Thisi graiigement aiveidg irensperaling the eerpalgx o ddimme-yaiying: CCt%Onent of
0 I 5 IEN f
an ﬁ&gﬁt\)eﬁ);aéoggﬁgg(fh E&%@ed @lr%tlgnal con@ﬂle‘?mgc?etggrf)aerg of the
feembdek cpfatro;ﬁm‘tateemle totwfeeﬁtlmeteddb)r ot famdhbck isggmal egtirpator, and

N L L W S e G P
enROim@st of Fig. 4, fixed dlrectlonal controllers are arranged first in the
processing chain, then low-frequency boosters, and then adders for feedback
compensation, while the desired adaptive directional property is achieved in a
subsequent stage by a weighted mixing 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 to be estimated by the feedback estimator.

In a variation of this embodiment, more than two directional controllers Dir1, Dir2
may be utilized. For this, the signal combiner 335 will be modified to combine a
corresponding number of input signals. Accordingly, the adaptive controller 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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to exhibit an ommi-directional characteristic (Dr2).

By subtracting an adaptively attenuated signal -
wa@leo7vessof rom t he anplified output signal of tPET/BRIO6IOK0433

adder 337b according to the controlled anplifier 336 -

fromthe bi-directional si g'n%ﬂ‘ 316a in the first adder

337a, an adaptively controlled spatial signal 328 with

the desired directional characteristic will be

c&%‘o@ré@%eﬂ%@%' B8ahé %lkfélgg ?‘élr%péc Q(N?é% bs% e Js%uéf *more than

he conbiner i's capab |ve putt ng
tv\@paill‘eatlorsilgn@ttrcziletﬁ)rrdqnlgest cgemevatibe roangmraafthan two feedback-

co%ﬁe‘?%%’tn?@ %r?ang' { ' V' { §%§@t Brets err§d qt Iha%rﬂgdg“ﬂﬁc;i M}% f?tr&\ctlonal

c&ttrelledsn |l ed person, that t he b| di recti onal
characteristic used in this enbodinent, is to be
generated by subtracting the back-m crophone signal

Infrigns t &e eﬁfbb@iﬁm@ht%f%@%aﬁ'cﬁﬂ@mer@@fs%d In "t‘ﬁ’i@’ preferred,
made to Fig whi ch shows details of the input

ma%@éwatm tb$ firsledispationpheignak Bd6m is mssurgedto. exhiljt a bi-
dn@ecﬁ&%’%h‘éﬁ%’téﬂs% ﬂn%g«g’@g@%ec%gggjlrg @5@%%5 ik 1286 umed

b, matching c ntroII
tOc@ﬁtlblblaheqb@nElilreEtlona clrarattedsiiti (Bic2). (Btalsubtumtmgl beradaptively

cl rcui
=GR S Bl i o Bué Sl el oB e seranpacer
33ﬂbmo®4ﬂg&to tﬁélbntrfﬂlmsamﬁﬁﬂﬁn 36 —t—h&)rﬁllthieebit-cﬂlmwbnal signal 316a
in gt?g(nhr{f?l | r_s % tp%,l“rltt %daqagtlgésl nc%lgﬁe %{ﬁ t}%?,s ggﬁg %I\Pt?l thlevd%sired
dtr@bﬁ@@ldﬁatfé/ctéﬁstl@btivﬂll B@doﬁtﬂlhbﬂeécc@%ttée@mwblﬁ 12 (see below).
appropri ate processing of the signals output by the

Thysy @@tc‘r%nerc'érﬁapabte seff(e§té\eehap§t9utttng a gpatiad signpl agrevding to
a W@ie%ﬁ@é 'ob@ﬁ'eétﬁ)ng éHslltl\)ﬂ H?ﬁtsf ?@gﬁ@c&s‘tzﬂﬁﬁ(ﬁd' 5{% found in
Si S rom i xed directio sors
Wer ?/Q§|59§6are conbl ned by t he conbi ner 335 generating
an output signal 328 (U ) . In a preferred enbodi nent
the directional characteristic DIMis a bi-directional
It wildreacthdoussta the siillddepdrbant, thét Perld-directional characteristic used in

SRS NN T (VAT RUECUT L o

frofd the front-microphone signal.

Reference is now made to Fig. 6, which shows details of the input processor 303 of
the embodiment shown in Fig. 4. Fig. 6 shows the microphones 308a, 308b,
matching amplifier 319b, matching controller 325, and directional controllers Dir1,
Dir2. The directional controllers each includes a set of first adding circuit 339a,
339b, phase delay device 340a, 340b, and second adding means 341a, 341b.
Thus, each of the directional controllers outputs a signal according to a respective
fixed sensitivity pattern, and adaptation of directivity is obtained further downstream
by appropriate processing of the signals output by the directional controllers (see

also Fig. 4).
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Accordingly, in this enbodi mrent the conbination is

done by conbining a version of the one signal U i in
wop@7bsssorch 316a with a scal ed version of the PCTIEP2006/060433

signal W2 in the other branch 16b according to: U =

(1-a)Uu" i - aUu 2, (a bei'ﬁé'a scalar in the range O

. . 1), wherein the required delay having been

achieved in the directional sensors (DM, Dir2). In

It %P'ngwn'e tdé%cﬁﬁecd'”irjr' 'd@ﬂall fﬂ'\é‘ féédt%'&?“(# %ﬁwsﬁ%@b@ﬁé@%%a

I f accord to an e odi rent no
31@bnfp@n§be |ft>,<ﬁdwhr§ctamﬂ! isegsonshidirt,eRid tare gofmbdirdisialok the combiner

nbi 335 | d be:
S35 ISP e 328 0% o) () havi ng
f eedback conmponent of X= (1 a)Xi - ax2. Accordingly,
In Cadrpr%%rrggl %raggg@gs%ééﬁe |5ec o#qtlrg taé%gtﬁgisr}e Ogblj(sjng\r,@i?dg rSe{:tional
characté?)s)ucx\kthl\e[ thé( oﬂ Dlrﬂ\@ an'bmél-difd dtiondVeMaracteistié. inthls situation
hi s expreSS|on however, is costly

it '?@rfg@ﬁﬁ@lﬂiaé th%%?fﬂ‘i"ﬁ'@tst[%a@ thé @ ghal s are conpl etel y
uncorrel ated, a safe estimte may be cal cul at ed
as:i.e. an |nterpol ation of the maxgains in each

Adgpegiingly, in this ieenbnsiiraeriphe coudinrgtion is dose bicegbiningua version of

th@gpggid?ﬁpb Wﬂ 094% Br%ngf?%tl BQW{WA ¥caled version of the other signal U",
in the other branch 16b according to: U'= (1-a)U"y - aU”, (a being a scalar in the
range O .. 1), wherein the required delay having been achieved in the directional

sensors (Dir1, Dir2).

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:
Uspatiar= (1-0)(Us+ Xq) — a(U2+X3), (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:

—a)X, (ja))—aXz (ja))

ey _ My (jo) = - : Yo (je) e Moy (o)

Y (jo) 4B

max gain = —

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

completely uncorrelated, a safe estimate may be calculated as:



preferred, this would be: max gaini ) \Y , ) Taking

into consideration that feedback cancellation is done
wasgoorjodsseg rated in Figs. 3 and 4, the spatial | BCT/EP2006/060433

filtered output signal from t?he conbi ner 335, wll be:

Uz (1o (U XD - o (Li9s x2) (12) wth U,

Ul- X 1, X1 being the estinmated feedback signal in the

first branch of mcrophone 308a and U 2 = U2-X2, X2

bei ng t he esE( th fee black Si [ in th nd
nhaznelinf=m nex3 —Eom %ﬁﬂl . ect of

feedback canteli@lizon i éan | erda@)e—ygi ﬁoéfggr (10)

margi n on the order of 20 dB. Accordingly, the rraxgai n

safety margin (MIB ) nay be set at e.g. - 8 dB (-20 dB

0 f on account of the
lesgnzf%%tgﬁnofﬁg@nﬁ?ghﬁhéﬂpe egrgﬁgcn ous enbodi nent),

such that naxi mum aval | able gain is set 8 dB hi gher

t han i ati on, based on al c

5 Ing IR pENG S BlTo T pLBbIT 1§ GRp cebesbent iy Bartouiany

praferrgdnthmewbmldrbed |n the first enbodi nent, since the

assunpti on above of uncorrel ated signals may provide

an estimate which isconservatively |Iow, the safety

margin - in tgis seco enbocbﬁgﬁ - may be set at a

n@gga' elv;@IJ,L le-g ) tha = -23 dB,
Furt , 'sinc (acous ||)fo|fe%b|a’@k Rar e d@lccur in the (11)

| ower frequency bands, the naxgain estl mati on may be
omtted for those bands according to an enbodi nent.

o ToREGTA BBk R LA SIRRS A o RO e i

anfidg tthpﬁblaUyeﬂlaered roemmsrgdabfyommm coinbidet BeHakill be:
m cr ophones, thus, the conbining factor a will no
Ionger be a scal ar but a conpl ex nunber. Accordingly,

I i R (1)

15 with U\=U,-X,, X, being the estimated feedback signal in the first branch of
microphone 308a and U’, = U,-X3z, 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
20  the order of 20 dB. Accordingly, the maxgain safety margin (M ,) may be set at

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

25
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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This enbodiment is quite Iike the first enbodi nent,

wWith the exception that the feedback estinates are
waairogssted from the signal processor input. |PCT/BPE06/060433

respect, the system operates)like that of the second

enbodi ment and, consequent|y,” the safety margin (MB )

is to be determ ned according to the description for

t hat enbodi nent. Reference is now nade to Fig. 7 ,

cowhenvlatnﬂm)imv ahé IseWty:i heggiam-ah tiissetbed ermoaniid—tRa@Be set
present invention which does not

of
at@rPa98§)V€f e%lH%’a%Q t%ﬁ@e?ll‘cé‘ttﬁéthkn -436B. 710, the
m crophone i nput signals are converted into separate
audi o signals by the input transducers. The audi o

Fusthgn adisceameotdienfeedbik etelyNosdue fin 188 l@w@rorreql,ﬁ@wcsﬁbaﬂqu the
ratjo to forma spatial signal having

m%ﬁgﬁ&%t%!mdﬂ%% ¢ caviteg o6 fhow@afhdﬁuaﬁgondmt@arsembod'ment
adj usted according to user settings or adaptively
controlled by an adaptive filter. In step 730,

Acgergling oca fihied saiedimnetaefdhe mresemignieméion nihet input sensors Dir,

OV TGP [EER S BELLTR ol SO TSRO, v

thes jagivaining afagtoti numllgalon ldrigert be sa dsa:ralaredgi ra sdogp:plé%lﬁwumber
| { t { {

okl 8 SRS o8 2, UG0S RS- BABFL 295 may oo

evalubiedtacsogirg] toof the heari ng aid. The spatial signal
is then processed in step 750 by applying a gain which
is adjusted to not exceedi ng the naxi me gain limt to
forma heari Ss conp t|o In step 760,

mﬁb@g@g’ntngiﬁgéﬁjcormenﬁéﬁj ?}ﬁ(:lﬁ’?'y e(fj@ﬂ i nto
t he“acoust i ¢ biehm si gnal redehi ng lpe ear?®
user. In this enbodi nent no estimation of the feedback
path is perfornmed. Rather, characteristics of each
feedback path are calculated fromthe estimated

acousti c feedback signals. According to a particul ar
Thigrgypbiedieent is lquitedikenthei firat efanHenéréthcﬂhepaxdwtlms that the

d. t
feegfgl{ra‘cfkI %&[rhé}gs tach? st)ttréétQ% &r?fn fhle argeﬂ %'{)E InRat ggﬁ@}ﬁ 6ﬁepect,
theT$ystaral apesates uklaethaabf: mease@br@t émbodiniemn amide cohssyuesay the

to derive a ain value which is stored as default
safgly g@ﬁgg@rg/\gtgr{axg l?)e etermined according to the description for that

embodiment.

Reference is now made to Fig. 7, which shows a flow diagram of a method
according to an embodiment of the present invention 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 settings or
adaptively controlled by an adaptive filter. In step 730, acoustic feedback signals
entering the input transducers are estimated for each microphone branch. Bases on
the mixing ration and the acoustic feedback signals, a maximum gain limit is

derived in step 740 which should prevent or at least reduce disturbing sounds due
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maximumgain limt in the hearing aid. Consequently,

during normal operation of the hearing aid, changes in
W bh@7/028808 he | nput - sensor signals i s conbi ned, PET/BP20bg060433

changi ng the directional chgqqcteristic, t he

correspondi ng, changed, maxgai n val ue can be

cal cul ated, according to step 740, by using these

stored nmaxgai n val ues. All appropriate conbinati ons of

to faeatisticefeediesakr frdre dhabovigstierautp @t dighat ongiedies&mhgasid. The spatial
bel on&i ng to the jnvent i@n@{ I%ven I f they have not been
h

sighigh 5 H&n progessad Wesfep o/ PelYing A &aTbwhickcisdivgigd to not

extBe ARG AH FRIAUR gdiRGinr @SBRh 4 R¥SMd RRs dRHINRSfon signal. In
descri bed herein may be inpl enented on signal

stefr Bk d4Re Rgaring/iose sopppsaiion sigtal isheonyarted idadre agnustic output

sig(?tagrealcﬂingitﬁé‘lea%ﬂtﬂélus@[oce.ssorS’ _anal ogue/ di gi tal
signal processing systens including field programmabl e

gate arrays (FPGA), standard processors, or

308 BRHO 0 e oL PR bl
chargtesistiod ef ebﬁ? geéde@k epath @iré FalouRgED fent trey estirhiiedgitoustic
u

some, parts ¢ b | enrent ed i n of her s -.al|
fe DBk S Ao ACKITA NG Br BBHICUA ST RENG DhsesiaRioRnar the
fedtDack PRtRCBOdSHANuriry SEbRbhgRtFe Abalifte alRf RS@R particular user,
i nvention may be inplenented in any sultabl e di

ital
e.gidap pneredkiitting Spssiem Tfme/ah@mfn@eaciad@{latﬁéta%t@@yaﬂon are
i : - b . ; h iol i .
s Pt ey bR B i S R P LS
maximemtdaim limmiiyn tleshedsiagiaigp| Gmseteentiyn darieg npumad operation of the

. Cni ' ;
R S T e T
changihg évd diseotivaal eravactenstienthe sorespdndiag, emdragidmeTexgaih value
oot gl BETal A s TR S BB BB gl vavos
present invention and hosts the conputer program
executi ng nethods according to the present inventiaon.

All gpperRiiay combHIRIPRR Of drleEr maserioed 56%{19@( tpb@grasiiered as
ool HURYAMEATIHR EPA Robbouges,id bas b i
combbatianf| ash nenory, or any other suitable storage
medi um is provided for

According to embodiments of the present invention, hearings described 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 implemented in a single digital component even though some parts 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 a
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storing the conputer program according to the present

i nvention. According to a further enbodi nent, the
w@e@gogasygode may be stored in a menory of a dPQI/ER2006/060433

heari ng device or a conput e_r%zn_em)ry and executed by

the hearing aid device itself or a processing unit

like a CPU thereof or by any other suitable processor

or a conputer executing a method according to the

f|tuir&agsC$esk3&ﬂ1 e Meashdse e ordientor aher prdi@nt Oint/é}ﬁlo‘hp%é)a' also be
n so the terns spatially filtered signal and
'?QE%@ PR ihR compHiar Hﬁ%@r@"bma'u@@cﬁww@bw RIRDEM gpde executing

métfhﬁ)% ak8orditg t%@?@odiﬂﬂéﬁt@tde%ﬁbeﬁt ﬂ"’aecherﬁ?)é R/%r-gﬁ\?lgonment

i nterchangeably if not explicitly ot erw se St
is hesesh rerareanesiroant of dhe coreeenti Inyealigrarcentprises ttheemote server

h
AL B SEE 8 SRLATSEELD, e BB e s
the heameiiter iprogrhouledebigtingp peatiesds taocdrdivge te khé | mdsént inkention.
i nvention

AZDHNE B et SR imeRl o hhPu B P Gie Prodsiel dkfra computer

readabieispirage nisuunrgesr @mdmmd lafﬂcfp@tﬂdms alneRioRy bk, SCOPEROM,
gf t he present invention be made without departing

Mot @ H@SE gnement 1Xr @it Oﬂbﬁﬁoﬁwtﬁelepﬁtegam MRkt ISoprovided for
stérﬁ'ﬁ;' tHe %n@uler%ﬁ@@aﬁhé’é&‘?&n&'ﬂgtHé‘%ngérﬁqﬁ\}e?ﬂén CLAI M5

is clainmed 1. A hearing ald, conprising: a
fII‘St mcrophone for converting sound into a first

AcHHify & 9'?9111 rﬁt?&dmgnfntﬁé QJQ?QT% cfo%re @gg%%rét&%% iR WP Smory

“Rto & second 10 signal roce
of ﬁe@g@lﬂ@arm@mbmnem asmrdplﬂter stenzovy asmdleckesetedrtw mmchecanng aid

; ol
ooTHETBE Hif ol HES 2 o B SRSl e
pr(arecsusrt iar feedhqukersiegpaltirgntermothodaiadedidir®t to the described

E ghone and a second acoustic feedback signal
sai d second m crophone;

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 to 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 from
such principles. 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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processi ng neans for processing said spatial signal by

applying a gain not exceeding a resulting maxi nrum gain
wo 097094808 f or m a hearing | oss conpensati on si gP&i/EP2006/060433
wherein said resulting maxigymagain [imt is derived
fromsaid first and second acoustic feedback signals
and said mxing ratio; and an output transducer for
converting said hearing | oss conpensation signal into
an acoustic output. 2 . The hearing aid according to
claim1, wherein said estinz@%gr means conprises for
each of said first and sef& i crophone branch an
adaptive filter each being adapted to generate said
respectjve acoustic feedback signal by mnimzing

lai ati on bet ween said hearing | oss

conpensation signal and said respective audio signal.
3 . The hearing aid according to claim1 or 2, wherein
1. sSAihgadrg pidacomprisiegns is further adapted to estinate a

' ' : d maxipumgain.limt from
L EAAb Lol 1o sof RS SN PR e BlEdBe ondlel | ana
aafemblrm_rmtoe@pﬁiqmg fmemwiestiln_fgw_rduhgﬁnt_&@%ﬁo@d?b@ddﬁiingﬂ;d sai d
[ ting maxi.mumgai n, limt by interpo]ating sai ,
RPNl nerobBENd R GANINGnPEId TSt g Frid Sergnd audio
sighHacordingtdg ntiging Iratidiolfofth alspatish@g@din said
rocessing neans |s further adapted to calculating a
‘?Sé’glﬁt'ﬁg W%&E??W?@@d@ﬁ@k agpetigl f%@bqqmséﬁfmb |ea_ta'r ing said first
mié@bﬂor?étéﬁ'ﬁat§ds@<569163tég%%§tﬁ;e‘*@§&$‘acﬂ LikHaP @ﬁt@ﬂﬁg' ?th Qecond
sald mxing ratio, an y determ ni ng sai d resul ting
migraRh@Afh gain limt fromthe ratio of said resulting
' b ' t.Q. saj.d. hear i | 0ss,. . .
ngﬁ%%ﬁnd a I%ﬁqsﬁgﬁgﬁb@%ﬂ{g ‘F%QS %égt}%?n%}ég%]gb%ca@g}yﬂ?q@ ggin not
exadeding 4 resulieg enaxiswind gaimo d@é stonfprmea rtearrisg adegptcethpedsation

siof) SHIGHF 291 dak sk AU bR LA R "hd Wt anc
sedoPir9e8tid fRedblck $igsals bhaGalBsixiAgMa8ai shd i m t;

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

W

acoustic output.

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 hearing 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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Xi representing said estimate of the first acoustic
feedback signal; X2 representing said estimte of the
waeewmohgssexoust i ¢ feedback signal; G, C2 repreBENEPIVY6/060433
coefficients according to S%I d mxing ratio in a
resulting acoustic feedback SI ‘gnal : X=ci Xi - C2X2; Yo
representing said hearing | oss conpensation signal; M
representing a safety margin in [dB]. 6 . The hearing
ausd‘uaberoadiamgd tto denee ahid FEfSuﬂTn@Cmdklﬁﬂm@'g%'irﬂﬁmlth inf&bolating
n‘@ s? angaSt one additional m crophone for
PAY SeERRIMAXIM §akdlviti onal audi o signal, and
each with a feedback path for which said estimtion
nmeans is adapted to estinmate an additional acoustic
f eedback signal entering said additional mcr ophone

4.7‘!‘3@?\%%%% 28LS By f@)néllaanHOSf?S'V\gw%S&gas%ﬁd Ié)i?cga%% ng Seans is

orm3sald spatl si gnal 0
furtiedi adiaptesl toaﬂ:ﬂimdatmgga absmﬁtm:g) ndoulictfesabatknsigmal dyr natelrpolatmg

n I S adapted to derive sa
sa s B RO PR Yt SEPHORar s idss (s end by
defeemd‘hwg:lsaﬂi gesltirarc ceekimgmt gamalihitMirgmnehe @i of Gaidl R8sulting
ring,ai d according to one of clains, 1 and 3 to 6,
ac 'Pé? bagk§! Qﬁﬁﬁ? §8PTNY loas compepgationsiotalom val ues
of said first and second acoustic feedback signals
derived once during fitting of said hearing aid and
sai d current mxing ratio. 8. A hearing aid
c r r n r ny.ert
‘Plﬁ@ He%'frlﬂgsaleaé%&?hgg' o ‘afé'}g Ee(é@ﬁd&ﬁﬁ ééaﬁ%pé}rggesss?r@%eans is
c@ﬂ*ﬂpéed Im@elgdahe$ald1tasu&mgemammuaughm bgiagpyfing the formula:
estimating nmeans for estimating a first acoustic
feedback signal entering said first mcrophone to
generate a fifsf| estimated feedb S ~and for
IMRX (gt Fg- a} ond- Mgy *ee 2y Jw?EenHMng]a))

sai d second Ai’C ct'édphone to generate a ééa’c)ond gtimate
f eedback signal;

with:  maxgain representing the resulting maximum gain limit;

X4 representing said estimate of the first acoustic feedback signal;

Xz representing said estimate of the second acoustic feedback signal;

c1, C2 representing coefficients according to said mixing ratio in a resulting
acoustic feedback signal: X=c1X1 — cX5;

Yo 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 spatial signal also based on said additional audio signal according to
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conbi ni ng nmeans for conbining said first audio signa
wth said first estinmated feedback signal and said
W@ emoneBsekidi 0 signal with said second esti nat eRICT/EP2006/060433
feedback signal to formfirgt and second feedback
conpensat ed audi o signal; 5Cessing means for
conbining said first and second f eedback conpensat ed
audi o signals according to a mxing ratio to forma
h [ S 0 n [ I a
nef e GRS TPACSTY AR SadNe, meanfhe, didifed @2kBrve said
smﬂlmm@lgam WQItraim fmrmsgwi additiorial ac@aﬂt@ﬁe&@ﬁdﬁmﬂaéac@bdmg
J§&dﬂﬂ% §%&ﬁﬁd esti mated feedback signals and said
al and an out put transducer for converting
sald hearlng | oss conpensation signal into an acoustic
output.9. The hearing aid according to claimS8,
further conprising: an adaptive directional controller

7. T Uhe GRBEIRPhId N@oFA FtERCESGAIRE TTBANS tHY, Mkt 58I maximum
said mxing ratio in order to row de sp ati al

aBipt Hokt d% d@f'V%%lf@”hé@NeﬁgOfl %ﬁ;@ Eﬁnﬁ’é‘hﬁ?‘?'@fh agpystig feedback
Coﬁpglgedé?@éﬂ 'Jh@e%ﬁm?cfﬁﬁﬁgdbf‘galﬁ%efa'nﬁb Bid Al shid EUFréHleﬁnxmg

rising: first directiional procesSing neans
ctatioi ning the first and the second audi o signal to
forma first spatial signal; second directiona
processi ng neans for conbining the first and the
second audi o signal to forma second spatial signal;

%? i.n sajd combi ning neans is adapted for comnbining
8. SAINFA NG &9 PRI 'si gnal with said first estimated

f gephagikrophenaforandveding seesd o afiadtiaaldicssignal] Wit h
sai d second esti mat ed feedback signal to%CI ormfjrst
a%ﬁan%%@ﬁah@%@ﬁaewed%%m'@@ %g%&‘m 'yAgNat and

S @5 EmBHiRS ARS8 JorBSHIRati rﬁ&éqwt%ufs% fCIBRER| |slw1a5 8htéring said

first and second feedb conmpensat ed spatial signals
first onitrophoraitel gheerietey firgsestiomipe frasbrek sgn@hgpd for estimating a

second acoustic feedback signal entering said second microphone to generate a
second estimated feedback signal;

combining 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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11. The hearing aid according to claim210, wherein
said first directional processing neans forns said

wo poogoossprat i al signal having a fixed bi-directPCEP2006/060433

9.

characteristic, and wherein,gai d second directional
processi ng neans forns said second spatial signal

having a fixed omi-directional characteristic. 12.

The hearing aid according to claim10 or 11, wherein
saiTtiepreadeg sidarcreding to slaaslapluetet corapliging:at e sai d

resul ting maxi nrum gai n by applying the fornul a:wth:
rraf?ﬂa"f’qf”ﬁ?%ﬁr(ﬁ%eg?‘ﬁ?ri‘%gcqr}t}@y'?reggl %/qmg’”i?ﬂxﬁ@iﬁnﬁ”@ﬁ?%‘mg means by
Xi atigfies eatd Meixngl ftiesh Bl ©f pkdigad ishatial28@Msthich of sai
fee bac'ﬁg;si gnal ; 22_ representi ngpsai d eEt i'er]mt eébg% 'ctﬁhé) said
sebBAMNGIOsE soMpenEdiphadai gnal ; a being a scalar in

the range O, ..., 1 according to said mxing ratio in

a resulting acoustic feedback signal: X=(1-a)X -
01X2; Yo representing said hearing | oss conpensation

105, SR8 headripill oSt Bfnta REPTLARE s Pe@ieg means

11.

12.

f ofirst dinetionahgrosessing meahs &rcdopestning tiew fliso afd grbedond@udio
ban.d-s,gl it au?.i ? Si ‘gqr]al. S gf a plurality of frequency
band83R P ThE NS IP% §'8hring aid is adapted to

f usddep diFeetiens rabsbsha AreaRb ifbr doAbMIrY Hdafirst hRd 8¢ Becond

of said frequency bands independently. 14. The hearing

ai BUgie sonal gor acgegphs sBatialsignalin sai d processi ng
veRTEES SRELA R L B Sog268 F Sk B AT oot
r epigedlemth srjd tfiingd estimatad fegdhack signalgaridnsdid setonddpatial signal

r Nt J [ [ f. first.acoustic

F cop SER PRSP ERH AR 9 0 g B AT bhdong fepgoack

s ataingartsatet gpadibl sipealsewcdnd acousti c feedback signal

in_f band i; .a begi lar .int 0,

"6 SRS 8 B TP 47 2095 econs
feedback compensated spatial signals to form said hearing loss compensation

signal.

The hearing aid according 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-directional characteristic.

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\ (jo)
Yy(jw)

X(jw)

Yy (Jj)

X,(jo)
Yy (jow)

max gain = — +a

z—l(l—a)

dB dB
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resulting acoustic feedback signal : X =(1- a)Xi, - 0

X 2,; Y representing said hearing | oss conpensation
waegnadssih frequency band i ; MBI represent i NBCHEP2006/060433

safety margin in [dB] in fr_@ggency band i .15. A

met hod of processing signalS froma first and a second

m crophone in a hearing aid, conprising: converting

i nput signals fromthe first and the second

M cwiphon@gaimtepresehting theareduhing ecpiduaughio ligitgnal ;

conpining said first. and f%l df.second_a di o signal

accHt BRREEEINg saldgstigaie ol Bediskasonstic Eedbaet Signglnal :

est KiRdpragerling ish Rt esiaiis bf thefRReRdeKosd @Bk RIdAY

said first mcrophone and a second acoustic feedback
si gadleitheestaly Walhe wweerd mi dr aptesdieg torsmidgsixing ratio in a

sai i ' by appl w.r gai n, not exceeding a
rraxri%rs’nﬁj'r?ﬁﬂ g?huﬂcﬁg?é?%&fsﬁfﬁl'a?kﬂgfﬁa?(h§Of S conpensation
si gvigtepradepting BamlaichrifgldgsBngRindatibmignas deri ved
fromsaid first and second acoustic feedback signals
and said mxing ratio; and converting said hearing
| oss conpensation signal into an acoustic output. 16.
The method according to claim15, wherein said nmethod

13 sThaheadng aid pgaardigg te@ners the psededingeelringy faithert epraprising
paﬁl‘érﬁglrﬁﬁaﬁésﬂ* cohtEHifkE Eaif HB g&obg%ugkeﬁgﬁgli to band-split
storing characteristics of said first and sedond
acaudio isignbtscefeapkralingoffrequensaibdnde and mdneagid shid hesring aid is

a ' Nt ace_of sai aring aid. 17. The :
mePiB e d PR ol Bl Ao 24 efete di et saie
t hieequierioy Gandslaplebogdealyd m xing ratio in order to
provi de adaptation of said hearing | oss conpensation
signal either automatically by mnimzing said
acoustic output or according to a user adjustnent. 18.
The net hod according to one of clainms 15 to 17,

14 wnEheeingagng @lqlma)@pgﬁgimggg} glaim 13, wherein said processing means is

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

ke

,Xlt',
IY()[. + a

N

—_MdBi

dB

max gain, ~ —‘(1 ~-a)

with: maxgain representing the resulting maximum gain limit;

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

Xoi 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 : Xi=(1-0)Xy; — aXy;;

Yoi representing said hearing loss compensation signal in frequency

band i;

Mggi representing a safety margin in [dB] in frequency band i.



limt is derived by applying the formula: X(j w) \X\

{j )-c2x2(jw) nex gain = -y, {jco) - dBj w - Y, ) -
WORB7/0988081B J(jiww ) dBwith: naxgain represent PCYEBHNEI060433

maxi mumgain limt; X repr%%entl ng said estimte of

the first acoustic feedback signal; X2 representing

said estimte of the second acoustic feedback signal;

ci, C2 representing coefficients according to said

151 W ngtiiad bb proteasingsigridingoacauwbi and ecdbarld BideFHone in a
o0 representing said hearing | oss

coﬁﬁ@ﬂ%%?'igzﬁo@%ﬂag M representing a safety nmargin in
[ dBEenvERtingTiRgunBighas frRRE Pledirfitidthe ¥ cOhd fidbPRores lhgb a first

18, wherein said sngnals fromsaid first and a seco
ma@ldc?pﬁﬁﬁﬁ’é‘deﬁ‘v@'qfﬁlg'ﬂ fed into band-split signals and

' nd@&ﬁ@lﬂﬁ@t&lh d, AfsPGRa %Qﬂ é&oﬂbfefu%fcfgigpglraec%gﬁgﬁq g?%gw%ﬁihg ratio

accor |ng to one
whe farmma spatial n@mahum gain limt is derived by the

oL SRS Pipor R KEbLDE EoARY LA P RRHS B bEPEPE8 rono and
f @egbioand asogstial feeMrsﬁhrrwem@naglsdndm@cbng miglobBonénd
determ ni.n qg/alnllmt fromthe ration of

o HOPRRINE P3G SREbLT PO ECHALRS & SPIRING! GXGeANg 5 maximum

heard neit tOI6rne aMMRNngtibsNcompBRatioR slgnaft WREMRIH §&id maximum
program conpri si ng executabl e program code whi ch, when

eBatUIBY iHAcHvebL IR &aid fiesteRnst sas0Rd raoNBir feclypak stgnels and
0R8iqGhixfHgdals; dmy to 20.

converting said hearing loss compensation signal into an acoustic output.

16. The method according to claim 15, wherein said method is part of a fitting
routine of said hearing aid to a particular user, further comprising the step of
storing characteristics of said first and second acoustic feedback signal in said

hearing aid by using a programming interface 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:

C}Xl (j[())"CzXz(ja))
Yo (jw)

X(jo)

()| g

M ,(jo)

max gain = — M, (jo)=-

dB
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22. A conputer program product, containing executable
program code whi ch, when executed on a conputer,
wex®ci9ssss a net hod according to one of clai ns RGI/EP208€060433

-29 -

with: maxgain representing said maximum gain limit;

X1 representing said estimate of the first acoustic feedback signal;

Xz representing said estimate of the second acoustic feedback signal;

C1, Cz representing coefficients according to said mixing ratio in a resulting
acoustic feedback signal: X=c1X1 — c2X5;

Yo representing said hearing loss compensation signal;

M representing a safety margin in [dB].

19. The method according to one of claims 15 to 18, wherein said signals from
said first and a second microphone are filtered into band-split signals 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 steps of:
calculating a resulting acoustic feedback signal by interpolating said
estimated acoustic feedback signals according to said mixing ratio; and
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 executable 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 executed on a computer, executes a method according to one of claims

15 to 20.



