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WO 2006/063624 PCT/EP2004/053547 1 Hearing aid with feedback

model gain estimation 5 Field of the invention The invention relates to the

field of hearing aids. More specifically, the invention 1c relates to a
vwheanegaidavith an adaptive filter for suppression of acoustigdeadantssss7

having means for adjusting the signal path gain, in particular, by means of

time varying feed back model gain estimation. The invention also relates

to a method of adjusting the signal path gain and to an electronic circuit

for a hearing aid. The in- vention further relates to a hearing aid having

means for measuring the spectral 15 gain in an adaptive feedback

suppression filter, to a method of measuring the spectral gain in the

adaptive feedback suppression filter, and to an electronic circuit for such

a hearing aidtHirefinedsiivitrfezoibacsicdebdiirnlestmetian all hearing

instruments when sounds leak from the vent or seal between the ear

mould and the ear canal. In most cases, acoustic feedback is not audible.

But when in-situ gain of the hearing aid is sufficiently high, or when a
Fidéd ad tthanveptional size vent is used, the output of the hearing aid gener

25 ated within the ear canal can exceed the attenuation offered by the ear

mould/shell. The output of the hearing aid then becomes unstable and the
Theribwsntionlimiatasdasthetéettbafibbstomeidaudittes eppdifitatyfothe dhvention
relHRAIRG MHUSHNG HAISAET2 A QNLREyE BfZraRY é?ﬁé?e@@%ﬁhgf %%gﬁlgtic feedback

around, such audible acoustic feedback is an annoyance and even an
haying, Seass encagivstina doausigar et sap jroearicéasihy anaanitef time
vatyiegiindbatabiefy GeinsstinibR0PROBIE AP ILE PRAAM A3 Fiethod of

adjusting the signal path gain and to an electronic circuit for a hearing aid. The in-
yemion further relates to a hearing aid having means for measuring the spectral
gain in an adaptive feedback suppression filter, to a method of measuring the

spectral gain in the adaptive feedback suppression fliter, and to an electronic circuit

for such a hearing aid.

Relaied prior art

Acoustic feedback occurs in all hearing instruments when sounds leak from the
vent or seal between the ear mould and the ear canal. In most cases, acoustic
feedback is not audible. But when in-situ gain of the hearing aid is sufficiently high,
or when a larger than optimal size vent is used, the output of the hearing aid gener-
ated within the ear canal can exceed the attenuation offered by the ear mouid/shel..
The output of the hearing aid then becomes unstable and the once-inaudibie
acoustic feedback becomes audible, e.g. in the form of ringing, whistling noise or
howiing. For many users and the people around, such audible acoustic feedback is
an annoyance and even an embarrassment. Feedback also distorts signal proc-
essing and limits the gain available for the user.
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2 Fig. 4'shows a simple block diagram of a hearing aid comprising an

input trans- ducer or microphone 2 transforming an acoustic input signal

into an electrical input signal, a signal processor 3 amplifying the input
waignad/easdzgenerating an electrical output signal and an outpui/kensegest: 7

or receiver 4 for transforming the eléctrical 5 output signal into an acoustic

output signal. The acoustic feedback path of the hearing aid is depicted

broken arrows whereby the attenuation factor is denoted by p. If, in a
Fig. & PR RTEE . FIRSEIR SR PTG SEGATB Biaco AT, et trans-

ducmwdrbyrﬁphonwdlmgrﬁmﬁ@n@amomeﬁsitennymfsty@mmr@waéiécmcal input
caiver f the roc nuati S or exgceeds 1

Stgna&f é@ous SOébaC 31 attJ%rs (0} gu ress su ﬁi?f?lr ggﬁ %’1 el ecmcal

Outpﬁe&e@m@k #rig welmmttanaﬂm @ fRckiver oh fadpantilenfilteg ith¢helectrical

out R AIFNAIhi0 SRAMRINSALS MRk0e adhaghoUEBRRYSERISck path of the

schematically illustrated in Fig. 5. The output signal from signal %éocessor

hearng aid) i JePisied BYTIRk A vh VRN i fiigieatieadadiy is denoted
by BpIQGess=pipUtSigaabacasallinetobieram filiersesifisiepisdOhe gain de-
¢ %eéle(éﬁ &Ie dback ¢ ncellatloréﬁ% nal 103. The filter coefficients
O &Yde HE SBNTELBEwR 8’fﬁt’ePfcﬁH%Pﬁ’lE’%ﬁea%%%%ﬁé’%fél%fhe
procissoitite sededtasricathengicsgphmse of kedeedbatkanickl|aitomnstig- faabisack
btracted from the microphone input signal to produce the processor

ot . : o . :
Input 20 signal. The adaptive filter continuously monitors the processor
output signal as well as the processor input signal, seeking to adapt the

To surgsraegfatﬂhqﬂe&em%é&aééﬁ :ﬁ%WEWRHEWrPfH%’&%ﬁ LARCRIREAR adap-

" gf%{a that will minimise the cross-correlation between th e§rocessor |nput
ve

L beruneprbscaih to pirggRate Adfidie depdiraghit Budh@olydem is

schealmtuaza/ filtestrates th&“@ﬂ&p%@@m&iet@glﬁﬁﬁfbﬁé g@ﬁfdpﬂib&g& 3is fed to
a ve er mimics the feedbac
an agé?)%({a% ﬁfggﬁ&% eg?gp ;'I¥Froﬁ1r%%€fs St To. mpro 51 Oﬁean%ug i&nai ac-

cordlmﬂtmm@tnai §$§U§9@ffp?|@;ﬁéﬁgm|@ﬁmﬂmﬁr@ﬁeﬂ@@@hmﬂmﬁsﬂgcagoahé%.
The MR SUREERE. include delay capabilities by which the filter can mimic the
acoustic delay from the receiver fo the microphone. The feedback cancellation sig-
nal is subtracted from the'microphone input signal to produce the processor input
sighal. The adaptive filter continuousty monitors the processor output signal as well
as the processor input signal, sesking to adapt the internal filter coefficients so as to
continuously produce a cancellation signal that will minimise the cross-correlation
between the processor input signal and the processor output signal. A filter control
unit 6 controls the adaptive filter, e.g. the adaptation rate or speed of the adaptive
filtering. Hereby the adaptive filter mimics the feedback path, i.e. it estimates the
transfer function from output to input of the hearing aid, including the acoustic
propagation path from the output transducer to the input transducer.

Audible feedback is a sign of instability of the hearing instrument éystem. in Cook,
F.; Ludwigsen, C.; and Kaulberg, T.: "Understanding feedback and digital feedback
canceliation strategies”, The Hearing Review, February 2002; Vol. 9, No 2, pages
36, 38 - 41, 48 and 49, there are suggested two possible solutions to regain stabil-
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Audible feedback is a sign of instability of the hearing instrument system.
In Cook, 30 F.; Ludwigsen, C.; and Kauiberg, T.: "Understanding
feedback and digital feedback cancellation strategies”, The Hearing
witeniewsFsebruary 2002; Vol. 9, No 2, pages 36, 38 - 41, 48paneeéotheissr
are suggested two possible solution to regain stabil WO 2006/063624
PCT/EP2004/053547 3 ity. One solution is to control the signal feeding
..., back to the microphon control-,ling the leakage factor.a. The other is
R e R PR P el (TRLE Taang eerBUiRRoBg ool
lingdtia deakaigdrigsiotiCulaha gheslntcindihes daiard g bibidse Miogt instament.
hearing aids are adapted for greater gain in the high frequencies, where
the hearing deficiency tends to be more profound. Unfortunately, the
Magpming feedback putaainsegkniiaedteis kadisulion arahigmrsyliepeickearing
aidﬁ?&:ﬂo’ﬂt |mf@r}% @f@@sﬁ?@@&%ﬁe@%ﬁ@féﬁtéﬂ@&l@ if?ﬁ?%ﬂt%i%etq&.luencies,
ighest in the higher. frequency range. One common method to control
W R B A R G T B R, PRI e WGl B rpica!
feethmasepothiarscconrites leaspaiariltaiimgatvigeVvieequsinias tieshighdow fre-

quém@nﬁ;/er.%m,sat%qlé&’ SPRRIBMRe WA ;@a@ggﬁfgg;ﬁg%ggﬁ%%tﬁequemy

intelligibility may suffer as a consequence.

range fApmeEPmE R iarpebiphigeiba sk iRdetersr s hishdssawesasain

of te heaRg iR ahalLipuhdeysts chadhat &aah epnsitalldbahisriiyPeRRtbver,
ba;}}‘eedb?ck will be effective, at é” input levels, This means that

1o
ol i Lo8 TENSE JIeH eD o RSB St OTRBE SRS N ¥R SRRTRZCh.

SpasncbninteSiptdidy mligifftitpatatbimpedlenets may be affected. Feedback
may necessitate lowering the gain over a wide frequency range, even
thou_tgh the feedback signal 20 may originate in a narrow frequency band

An gagitpnaheeblarmysie BspRginafeetianint disearhagnoRidsilscthet these

deviowepFaoigaithi sarbelgeipdanaianpiie@iRNEY danas: E'%W%Er@ﬂ'aim that is
" approach to

imP%%&ﬁ%ﬁﬁfé%%@ﬁeﬁg@ﬁ %‘%’ %%gv%?ﬁge;ﬁ]dﬁpcﬂ? Iréve s. This means that soft
sounds, as well as medium-level sounds will be affected to the same extent.
Speech intelligibility at all input levels may be affected. Feedback may necessitate
lowering the gain over a wide frequency range, even though the feedback signal

may originate in a narrow frequency band only.

in case of a more sophisticated hearing aid, it may be possible to iower the gain in
a selected narrow frequency range. However, an assumption behind the "narrow-
band gain reduction” approach to feedback management is that there is only one
fixed feedback frequency. In reality, such an assumption is seldom true. Typically,
there is more than one frequency at which instability occurs. Suppressing one fre-
quency may create feedback at another frequency, as it is described, e.g. in Ag-
new, J.: "Acoustic feedback and other audible artefacts in hearing aids”, Trends in

Amplification, 1998; 1 (2): pages 45 - 82.

A non-linear or a compression hearing aid is capable of providing less gain at
higher input levels. In case of a feedback tone, the compression feature kicks in to
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25 fixed feedback frequency. In reality, such an assumption is seldom

true. Typically, there is more than one frequency at which instability

occurs. Suppressing one fre- quency may create feedback at another
wibanjoendg24as it is described, e.g. in Ag- new, J.: "Acoustic feetlzackoansbss7

other audible artefacts in hearing aids", Trends in Amplification, 1996; 1

(2): pages 45 - 82. 30 A non-linear or a compression hearing aid is

apable of providing less gain at higher input leyels. In case of a
co e P SR LA BN KT IO MRSl Gisigmoved by
theRGMFPRBO4/053547 4 control the level of the signal, however the

feedback tone will not be removed by the compressor. Generally, the
feedback path is not stationary; it is dynamically modified by the 5 state of

Cenesai¥allite) fradhagirhatt feaptrsiabprRadudhty, duaanieiiin ayodifias doy-the

staidGNAHEBLSARGCAdAMSRIRRWEN theditterrs heamparelidinde sHag shaditur-
. in the clinic and has attempted to set safe gain limits, In, WO 94105604, a
ing {oXiial SHNGRh BRI PEREA B o DER N FaFSlEbi s e, the

clinis distlusediféheteebinephidicopaprigesta digital compensation circuit
comprising a noise generator for the insertion of noise, and an adjustable,
‘?éil(gital filter, which is adapted to the feedback signal. The adaptation ‘
In WiKe4/RRE04siAaadbe aistivvitei digltalr rlasnaic enpeasagrrcirsufcoustic
feeduEbRIiCHMMISSSHA Tiehtalirmat ahisbrmeribera tagyleareainaidtion circuit
reaujates the hearing ajd ?fﬂﬁpgication via %?Rt,al 15 symmin ugt%ilt, Si% .
COmMREPMR OB '5RITOTERLIHER RRINSEIPK TR uBRE B B0AEANS; Aigital
filteoefficte i sntegbiedda fhiy dcfiltitraah digoratin b a shyl spiaiieningikele gave using &
ficatian in.h o iffor o Citis ot .
co e R SR o W rur
whigly i Hineosfi st RsERASIRG MerETeaid arpiiiophessitm Fiigital
sumdihg circuit, so that the loop gain is less than a constant K. This is done by
evaluating the coefiicients in the adaptive filter and continuously computing the am-

plification in the adaptive filier at different frequencies.

Howaver, it s not possible to directly measure or monitor the loop gain in a hearing
aid by means of a feedback suppression filter. The feedback suppressicn filter can
only be used for an estimate of the acousiic feedback gain. In an ideal situation,
wherein the feedback suppression filter removes 100 % of the feedback component
in the input signal, the comresponding allowable processor gain will be infinite. In &
non-ideal situation, there will always be some amount of residual feedback. This
residual feedback is determining the actual allowable processor gain. There are,
e.g. in WO 02/25996, proposais on how to determine this residual feedback and
thereby the allowable processor gain. However, such methods for determining al-
lowable processor gain are expensive in hardware and it is also necessary to have
access to the current coefficients of the feedback suppression filter.
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only be used for an estimate of the acoustic feedback gain. In an ideal
situation, wherein the feedback suppression filter removes 100 % of the
feedback component in the input signal, the corresponding allowable
processor gain will'be infinite. In a non-ideal situation, there will always be
some amount of residual feedback. This 25 residual feedback is
determining the actual allowable processor gain. There are, e.g.in WO
02/25996, proposals on how to determine this residual feedback and
Summarae) the iventisn processor gain. However, such methods for
determining al- lowable processor gain are expensive in hardware and it is
also necessary to have access to the current coefficients of the feedback

On tighresersy e £X8MBlRARARP YMREHVBRY ST R RbAERGIbIR aYstem and,
in paf@mpeLmbainents/maY- Qddemt Sirptig sYpisrnwish 81 Badigilateed-

a hearing aid with an adaptive filter for suppression of acoustic feed- s

backnaek, ArBeARRHBAYHIFN RS dREHRREIBRGENS BIOpAG: alit sesnedied, and, in

partic8Medisdp ANGH N MRrHeuUnvEC Hrenae anAdapHtheYSIRRIGNdIRWEl devent

which allow to prevent feedback howling without monitoring the Ioogggain

feedbagk MM PENALE BRI IR B LRIPHFE FeBUB AR Y di&hFoe M-
cientilignnkodepmaierasaprdimaipsrearioveaitame the foregoing and other

problems by provid- ing a hearing aid and a method of adjusting the signal
path gain of a hearing aid. Methods, apparatuses, systems and articles of

Exaniphd e ek te OB RO E RIS IR cPredIImgnshel egien|sr SRINS by provid-
consistent with the example embodiments deter 15 mine the gain in the

Ing 2 NERING RILAPIR RPPRSSIAMMBINGIRT RWBHRFEL FRI a8 RPARB R
"model gain") and use this model gain to derive an upper processor or
signal path gain limit. Preferably, the model gain js continuousl
MethaSierARREEATSr3e IS EEPe AT ARS8 SR RHIRGHIRg Kecipeuter program
prod ¢ raRM MBI Wdings spasalttit sathetimeiamiow endotitents deter-
mined’?hsér%da#}rci)getshseora%%lgtil\?eﬂ}geh aé{ICri](g &gb?gstg%%afﬁ{g:? (\%?gx%ngopv\goggséiso re-
ferred to as the "model gain”) and use this model gain to derive an upper processor

or signal path gain limit.

Preferably, the model gain is continuously determined in order to cope with differ-
ent fluctuating acoustic environmental surroundings and at the same fime to aliow
maximum desired processor gain in the hearing aid, so that a time varying proces-

sor gain constraint imposed is safe without being overly restrictive.

in accordance with a first aspect of the present invention, there is provided a hear-
ing aid comprising: an input fransducer transforming an acoustic input signal into
an electrical input signal; a processor generating an electrical output signal by am-
plifying said electrical input signal according {o a processor gain; an output frans-
ducer transforming said electrical output signal into an acoustic output signal; an
adaptive feedback suppression filter generating a feedback cancellation signal; a

model gain estimator determining a model gain estimate of the adaptive feedback



10

15

20

25

30

sor gain constraint imposed is safe without being overly restrictive. In

accordance with a first aspect of the present invention, there is provided a

hear- 25 ing aid comprising: an input transducer transforming an acoustic

input signal into an electrical input signal; a processor generating an

electrical output signal by am- plifyifg said electrical input signal according

to a processor gain; an output trans- ducer transforming said electrical

output signal into an acoustic output signal; an adaptive feedback
adap$iyppiesdhachilsmpsaesndtefeaapamkiicanadeaibinsiysaneeiatinoddgnal; a

mod%aé'éﬁsggﬂ@ﬁ%&e@@mﬂgr%@%%%&ﬁ?%ﬂé thepdapit &ivedfeecli(back

back -5a- adaptive feedback suppression filter generating a feedbac
suppeesrienaliter AgegenaTing gaineREMETHF EERIfiRTAgER IR Igapharacter-

ised APIRICAI e adlaptivedendlanokirupasessinn e aal 458R R BRoviding

upper limit of said processor gain; character- ised in that said model gain
a codsahpaiGMaiRIdag iaativaa posribleomiseeiupiaaai &g soptel

parameter indicating a possible misadjustment of the model. In

accordance with a second aspect of the present invention, there is .
in amﬁaé%wﬂféﬂ&?@@%@j%@ﬁ@ttﬁ’é ﬁrgrﬁnﬁﬁﬁﬂtgawaffaﬂaéaﬁr@ igigprovided a
methSMPrSRIAMIAHE USSEHTAHOBNIATRLARGUSHE LRMHBRIIRG! BHOinput

an electrical input signal, a 10 processor generating an electrical output
transgigpal HRaspIRing saidemEhednpifusidgnghanivitasalesigaal prrHigdanal. a
proc@EKhARANERPH AR ARG SR Sle G HIaAl MRS IBRAIEE! input

an acoustic output signal, comprising the steps of: generat- ing a feedback

sighalamide Raie s grALPE| aaciRlaphidef BHBE RN SSIcHaNEPHrDg said elec-
tricallBUMNING 81960 gaiB&siknate RhiheReptvs RS K BRISS B Yenerat-

_ filter by 15 evaluating said feedback cancellation signal; generating an

ing & fgsaiomalk eraaRlIRIRTBIghRhYAT RPSRI M iRRIBARK SiRmESpfiter; de-

termﬂYﬁé}léﬁ%@@@gifﬁ%ﬂﬁ%@@? ficdladiospsignaband saidlgpracal ke by
[

S ﬁ1g_nal; characterised by the further step of: providing a control parameter

evalyalina SRidSpRdRAM FABSE/IRIAAIRh SRRGIRINDAR APRSTHRERAIY Sig-
nal pRIFRIRes: ebihensaseiinvestivntthap is SVauided™ of said feedback can-

cellation signal and said electrical output signal; characterised by the further step

of: providing a control parameter indicating a possible misadjustment of the model.

In accordance with a third aspect of the present invention, there is provided a
computer program comprising program code for performing a method of the sec-

ond aspect.

in accordance with a fourth aspect of the present invention, there is provided an
electronic circuit for a hearing aid comprising: a processor circuit generating an
electrical output signal by amplifying an electrical input signal submitted by an in-
put transducer of said hearing aid with a processor gain; an adaptive feedback
suppression filter circuit generating a feedback canceliation signal to be sub-
tracted from said electrical input signal before said electrical input signal is pro-

vided o said processor circuit; a model gain estimation circuit determining a
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computer program comprising program code for performing a method of
the sec- and aspect. In accordance with a fourth aspect of the present
invention, there is provided an 25 electronic circuit for a hearing aid
comprising: a processor circuit generating an electrical output signal by
amplifying an electrical input signat &&bmitted by an in- put transducer of
said hearing aid with a processor gain; an adaptive feedback suppression
filter circuit generating a feedback cancellation signal to be sub- tracted
of therdapiye eadbalch surRiResipefdfesanckieetriatling Ay ARETS IfFd 39 said
proc¥idRd I RRidRIncasSRIGI FHih & raadehRRiB eSlim ALUSR-EIIRHt JRIEIMIRINGes a

a -5b-of the adaptive feedback suppression filter and generating an upper
modghfvatusiianphirdssupyislindcRaracieaseaiartat ssicaidue iy apssible misad-
justn?e?ﬁm?tﬂﬁé‘ Skt includes a model evaluation block providing a control

paramter indicating a possible misad- justment of the model. 5 Also

disclosed is a hearing aid comprises an input transducer for transforming

Also ¥l A6QLANS IBMESIRALIIR G SIREE G| P SIShRY ARIORSEaREPEmIng an
generating an electrical outputgagnal by amplifying the electric input

acousiimanadtsians) bla gro@leciiseldnul s eimurareRrER fépr generating an
electViBASEIPIRG iheglorEeR ImARyusioBrRldpe %&&@@%ﬂ&%&a&% $9BProces-
C

an adaptive feedback suppression filter for generating a feedba

sor &%iﬁcamﬁ&tpﬁbﬁarﬁé&@gfﬁ@é@aﬂﬁfar@ma%bez@@@i@%é@mput signal into an
acouBfict Fep2A040RI040 BaabSIgNAONHIRING:ARFEes I AtaeRt ai8Aarating a

from the difference between the feed- back cancellation signal and the

feedpacksancpiRiidigtgnalrrAh s Rlpsiicalirtbiior generating an upper
processor gain limit by determining the gain in the adaptive feedback
suppression filter.
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s According to an embodiment of the present invention, the determination
of the gain in the adaptive feedback suppression filter (the model gain) is
carried out by com- paring the level of the electrical output signal to the
wevehehihedfeedback cancella- tion signal. The level of eachpefithes@isnszs47
signals is, e.g., estimated as a normewithin a 10 selected window. The

derived level difference between the electrical output signal and the
cancellation signal is then u as an estimate for the model

feedback ed |
PUt S YU H0 e G AL IR R S7 SREE e GRS AFRoRPBy 4R 1 Teec-
bagstarateligtitre siguaistiodddziektdeah iapdi rog it tamnagteresféngimtastimator

IJ“!%QE ini ' id. r, if the step size and length of the ..

oo R B -8 R R o B Tearotve

feegitapkesisipresaonfiligtich the adaptive feedback suppression filter can
match the acoustic feedback, i.e., it can be estimated that the acoustic

feedback compensation leaves a residual feedback relative to the feed 20
ACHIERGARANATBRSIERER PhER iPrasT HeuaifiatedfodptatTIPationdRphe gain
in thaiagupivee patldesasbresdid ateiise sHOMEJRIR oSSR DAL MEcom-

ived from

8. afe argin, which, added, to the gaip limit de
P e T o R e Sr B o o B deaeap et
tionjpignalcdbrlinyelordseshifdiresatsignal istasgntéstiontiod, ahe uper within a

selélﬁ%‘éﬁﬁﬁ%él@j”I'ltiu@iﬁg?ﬁbég‘%r@ép_@f@é?ﬁ@%W@X@ét&ﬂc‘%@%&f Siigna!

the adaptive feedback suppression filter, the feedback cancellation signa
anc; PiecSRRt FRNGRIARCEFEIRG! s dRrunes) 8mBBaRRERAE de the model
gaimrebes| theantjs:y, crindinit r?fgﬂ'@ pritegaINS Qfd&@nﬂ?%t%%?qhaféfy eﬁtimating
e with.r ctive time varying, up;:, er gain limits. .
the B e R B R B B g ipens
aid.acoustic feedback gains in the adaptive feedback suppression filter. Spec-
tral gains are necessary when the signal paths of the respective signals in

Hovggser, if the step size and length of the adaptive feedback suppression filter is
known, it is possible to estimate the precision within which the adapfive feedback
suppression filter can match the acoustic feedback, i.e., it can be estimated that the
acoustic feedback compensation leaves 2z residual feedback relative to the fesd-
back cancellation signal. Thus, it can be estimated how much the loop gain proba-
bly will be reduced. From this estimate It is possible to derive an offset, i.e. a safety
margin, which, added to the gain limit derived from the acoustic feedback gain,
yields an appropriate upper processor gain limit. According to an embodiment of the
present invention, the upper processor gain limit may therefore be determined by
the precision of the adaptive feedback suppression filter, the feedback cancellation

signal and the safety margin.

According to a preferred embodiment of the present invention, spectral signal path
gains of the processor are adjusted in accordance with respective time varying up-
per gain limits. These spectral upper gain limits are obtained by measuring the
spectral acoustic feedback gains in the adaptive feedback suppression filter. Spec-
tral gains are necessary when the signal paths of the respective signals in the
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-7- hearing aid are split into two or more frequency bands. For example,
the electrical input signal is split into different frequency bands before
being inputted to the proc- essor, implying that the processor has to
estimate two or more spectral gains ac- cording to the frequency bands of
the electrical input signal. In that cage it is also 5 necessary to differentiate
the model gain estimate into an equal number of fre- quency bands in

heariigefitozterisitippengaintimits ofrenodnitediemsy. mmmaﬂyetb%ctrical
oSG R e BN ARt (2B SE EE, LRHHES 9ghe proc-
essoﬁhemptgﬂr@ phasitrle {orcadsidatetine ispestmimeouuw@fexedbameaml Wilins ac-
y the. 10 dwid th .
cord{ity 118 SASTTIE) BARKof FF SIRE S SRACb LU g ahEirol i 2150
necdé@eysttmam‘féreaxamplheemmmhmts etb@ruamenrgalrahmwsadefmder of fre-
th del de- t ti h eb
USRI it g T HEPES SALb L TkeaRb Pt BRI L ALY Nor
maiiyaf the adaptivedc adbaskesigapregsion filten Btf Datiday it singathdrfiter signal filter
oank RN IRGeDBIGy B & SO o B R BHINE LetapUae. Tt is there-
fore fpedbibik svppkessate filler spedicaiomtiogstiicaiprefpaed gaibodiiiengiactly the

whic or |s receded hy the input signal fllterb nk splitting the
521 R S RS 08 i PR ) B oSl ek

or FEStiratot mmmebpee&atmﬂhalemaﬂMEgasnmmﬂa- tion in these
frequency bands. For that purpose, the feedback cancellation signal and
the electrical output signal are fed into their respective filter banks of the

In emudﬂbzagmmﬁmaldheprmﬂ@aﬁsmfiim’thsfit&eribadkf!isra signatveetgain de-

which.a leve measur naf|I lack of.the
e L e g A R e e RELOIOuA R R e the

outptakadunifank arahafitattbe wigdel) wfdtfmmﬂap’sﬂmé&aedﬁvadchsﬂpqmmn filter
but r‘?gtngﬁsu%?r%”%ﬁg f-ﬁ ersgoe%'g] e?rtl?ss ﬁ\r‘é:nqgg\!v%sseqt is therefore possible to esti-
mate the upper gain limit independently of the chosen embodiment of the adaptive

feedback suppression filter.

According to a preferred embodiment in which the processor is preceded by the

input signal filter bank splitting the electrical input signal into two or more frequency
bands, the model gain esfimator performs spectral equivalent model gain estima-
tion in these frequency bands. For that purpose, the feedback cancellation signal
and the electrical output signal are fed into their respective filter banks of the model
gain estimator. The output of each filter bank is a signal vector from which a level
measure is taken. In a fiter gain estimator block of the model gain estimator a ratio
is defermined between these level measures taken before and after the model, and
a gain estimate in each frequency band is obtained. These estimates are now used

as spectral upper gain iimits in the processor.
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as spectral upper gain limits in the processor. WO 2006/063624
PCT/EP2004/053547 8 According to a preferred embodiment, the level
measure is taken by calculating a weighted average of the absolute value
waf Baclhasigmal in the signal vector over a certain time windos agE&R /053547
called norm. 5 According to another#preferred embodiment, the level
measure is taken by calcu- lating a simple average of the absolute value

I h .
SR8 SR STRAIEBAC 38 IR Kyl W

weighipthavsrane atfsfmt@bmm:éeova@gwae@mésgawura@@ tsjomdirseotdepver a
cetihRaag HisloleasiBestmauingawis exponential.  According to still

another embodiment, the level measure is taken by computing an energy
measure, i.e. calculating an average of the squared values of each signal

Acmrﬁmgstgrmime@opmferracﬁeﬁﬁiﬂdimiﬂﬁi@w?vddhﬁfea‘iﬁjtéw&nmyn?ﬁp%tcu-
rec 5 [ Oor result of.adjus Spectral
ol 3 o R i S il b i oL g over

K §ain of
a C@ﬁtﬁ*ﬁaﬁé@lg &;,lﬂ%ﬁém\m@@abﬂ@feﬁt&egwm@dm In case the

adaptive feedback suppression filter (also referred to as the model) pro 20
duces a feedback cancellation signal that corresponds to or is at least

ACHEURGrRNIbGT SR TRk KigrayetResnidbrRisalicerghl cirpesiapal is

caleuidttneigediratsrasnponest giidieifleciicahiapyisionat witbBadagaced,
thereby increasing the sta- bility margins in all frequency bands. As a
result, larger processor gains are possi- ble. At the same time, the model
Acopathnsstinsité ennthse eothedinosetatalave! This@5 enisaiaksthay uppesuting an

en@@iﬁdﬁ%&iﬁ@ﬂ pedsesianipcivavandl is B?é%'&%ﬁgd”f# %%eoftggéﬁ Wi i

some amounts, depending on the acCuracy of the model. However

he SOnBlHETD oM %E%’ﬁ?ﬁé?‘ﬂﬁﬁ@ﬁﬁ%ﬁﬂ?%%éﬁiﬁéﬂﬁé%r@@@ is rectan-
guiacdmem}emnaty because gains close to the upper limit can result in

unpleasant audible effects.
The result of adjusting the spectral signal path gain or gains by means of time
varying feedback model gain estimates is to increase the stability of the heaﬁng aid,
In case the adaptive feedback suppression filter (also referred to as the model) pro-
duces a feedback cancellation signal that corresponds to or is at least close fo the
acoustic feedback signal, the model has converged correctly and the feedback
component of the electrical input signal wili be reduced, thereby increasing the sta-
bility margins in all frequency bands. As a resul, larger processor gains are possi-
bie. At the same time, the model gain estimates will become more accurate. This
means, that upper gain limits can be less reétrictéve, and it is possible io increase
these with some amounts, depending on the accuracy of the model. Howeaver, it is
advisable to select the upper gain somewhat lower than reguired to achieve stabil-
ity, because gains close io the upper limit can result in unpleasant audible effacts.

According to a preferred embodiment, the modei gain estimator comprises a model
evaluation biock to measure the accuracy of the model. Measuring the accuracy of
the mode! is necessary because if the mode! is misadjusted the estimated model
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comprises a model evaluation block to measure the accuracy of the
model. Measuring the accuracy of the model is necessary because if the
model is misadjusted the estimated model -9- gains will be unreliable. If
the model is misadjusted, relevant ffecautions can be taken. The model
evaluation block does this by delivering respective control pa- rameters to

gainghifiltes aaire@atisatonihnEhmoastlral pakadpistednayidverebyreoatitbribecan be
filter gain estimatoy, e.g. freeze the gajn .estimates in.a certain time periqd

takopy, £ ROHR GYR IR 10EoRarts IHe Y N THELERER VB, Gontrol pa-

ramaRay haveddter parseginaten Twgtrerbeaangraste Acosdingd@bn control
bodiment of the present invention, the accuracy of the maodel i .

the (BB CaRbaFiR S5 DA LIcRRiEar RSty g e Period or

makdegehgain lithitormpenzation withelr niafauf Vbeutegdbarkcengrolfedy have been

electrical input signal. The feedback controlled electrical input signal is the
mea%%@éi&‘gﬁﬂﬁm'ggﬂ?ﬁ 1}?85{ WRidlF-the feedback cancellation signal is

subtracted. If the norm of the electrical input signal without feedback
smaller than the norm, of the ack controlle

cqmpensation i feed .
Ao B A AT R TN SRSl MESE I ac e eSGUIEY il 4o model is
measteasesytheonopariobthe gput sifntle tdentodel inpaiskidied) misaciisteddback

and, as a result of this, t ain estimation block is frozen, blocked, or
com s AR A e e R A R S e SR el e ot The
feedirzhavnivdibe diectinical input signall isthhth etarnicat tne déadipaekfrom which

ontrolled electrical input signal is disclosed in ,co-pendin tent o
the B R AR R SRR 1 G BRI S Riectrigal input
sighamiitichonefaedbabler quovidesativet e dsof aitbu Stireg: theespeatrabighendbedback
th gain ar.gajns by, means. of time varying fegedback model gain ,
contfie e R A B aNR s AR LIREE I SORRASY actuaty in-
creasasdie ingrtheseeirgh 25 gaial othgamsde ithreradaplivelfeadzalksted and, as a
resul%ucﬁpc elgs%%ré fg':}‘éef:[i estimation block is frozen, blocked, or other precautions are
taken. A model evaluation device which compares the norm of the electrical input
signal with the norm of the feedback controlled electrical input signal is disclosed in

co-pending patent application PCT/EPQ3/08301, filed on 21 August 2003.

The example embodiments further provide a method of adjusting the spectrat sig-

nal path gain or gains by means of time varying feedback model gain estimates.

The exampie embodimenis further provide a method of measuring the speciral

gain or gains in the adaptive feedback suppression fiiter.
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Brief descriptions of the drawings 5 The present invention and further
features and advantages thereof will be more readily apparent from the
following detailed description of particular embodiments of the invention
with reference to the drawings, in whith: 1o Fig. 1 depicts a block diagram
of a hearing aid according to a first embodiment of the present invention;
Fig. 2 depicts a block diagram of a hearing aid according to a second
embodi- ment of the present invention; 15 Fig. 3 depicts a block diagram

Furthgra aiiiansai] BGimRe e &SRiRg Sieeh- BRI ARE R ¥sent
invention; Fig. 4 depicts a block diagram illustrating the acoustic feedback

__path of a hear-,20 ing aid; Fig. 5 depicts a block diagram showing a prior

Briefdeseripionsial (g ARG a flow chart illustrating a method according

an embodiment of 25 the present invention; and Fig. 7 depicts a flow

chart illustrating a method according another embodiment  of the present
The BTSRRI (DR JH0A% TR S80ANSS oYM IATBE LR B e RBrmore

readBf Risierat emphodinesisliag lishas ablosksisgranpattliist embodiments

embodiment of a hearing aid according to the present invention. 5
of the invention with re erencge to tge gravp:%gs, }n V\J%lcﬁ:

Fig. 1 depicts a block diagram of a hearing aid according to a first embodiment

of the present invention;

Fig. 2 depicts a block diagram of a hearing aid according to a second embodi-

ment of the present invention;

Fig. 3 depicts a block diagram of a model gain estimator according an em-

bodiment of the present invention;

Fig. 4 depicts a block diagram illustrating the acoustic feedback path of a hear-
ing aid;

Fig. 5 depicts a block diagram showing a prior art hearing aid;

Fig. 6 depicts a flow chart illustrating a method according an embodiment of

the present invention; and

Fig. 7 depicts a flow chart illustrating a method according another embodiment

of the present invention.
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The signal path of the hearing aid 900 comprises an input transducer or
micro- phone 10 transforming an acoustic input signal into an electrical
input signal 15 by, e.g., converting the sound signal to an analogue
walestimakeignal, an A/D-converter (not shown) for samplingeafig:ghigilisiag
the analogue electrical signal into atdigital 10 electrical signal, and an
input signal filter bank (not shown in Fig. 1) for splitting the input signal
Deth'FQc?dE% I Rfoff M?@é@ﬁg&ﬁ e ignal path further comprises a
“Efm%rgémmgﬁmn&%e‘g’electrical output signal 35 and an
output transducer (loud speaker, receiver) 30 for transforming the
Fig S1e6HINA QUBMLISIGRRINOAT ﬁﬁa%‘w&m@h@@ﬂ@-hzaﬁﬁ‘mﬁf'géeﬁ%ang o
characteristic of the processor 20 15 may be non-linear, e.g- it may show

the PEeRBRL&RYSH MM kracteristics as it is well-known in the art, providing more

gain at low signal levels. In Fig. 2, a block diagram of a second
entign Is shown.

[ t of a hearing aid ing to the present in )
The & oA R B aEs P L B aome o, lero-
phorwrtﬂéftr@mﬁpm@mﬁpusmnmsgimég@ml platiriTHidrelatsigakl 15 by,
e.g.py&w&a&a@qhéssaanarﬁgg?bwﬁm%@ Sdeg gth@w% %%ﬁ??verter

and then_from the outp ock to the output transducer-30. outpu

(noti3BeKm), R FRmRIEY 206 ApltisiRg Biecanelraiepbiesisical simabiniw digital
elecatal siignalitantisigriabwiighan akestbarsiestiendwnad antve fesdgsitking the

. ion.filter to.distinguish 25 bet input signal, output signal and
o L STy BRI o8 Gttt edecees 2
procrssgsk iSipaeneEAinT RN aplfipddeltetidehbotpptiskigahB35Hur tre output

s g e
o Ot ) 1 NG RS bl

nto A aaPLS. osiRvBioss! T emRlcAbRRTSameisipia Sigina ampessor 20
mayibelndedinnaadapiationzslghothvasistisigranhadagivanlgita fltehmiChnown

It B S S A e zoomosanar 12

In Fig. 2, a block diagram of a second embodiment of a hearing aid according to the
present invention is shown. The hearing aid 200 is almost the same as the one
shown in Fig. 1 but further comprises an output block 32 in the signal path. The
electrical output signal 35 generated by processor 20 is fed to the output block 32
and then from the output block fo the output transducer 30. The output block 32
introduces a delay to the electrical output signal and so to the acoustic output signai

which makes it easier for the adaptive feedback suppression filter to distinguish
between input signal, output signal and feedback signal of the hearing aid and, with

that, to estimate the acoustic feedback signal FBa.

The undelayed electrical output signal 35 for the output transducer 30 (in Fig. 1) or
the output block 32 (in Fig. 2) is also fed to the adaptive feedback suppression filter
(modal) 40 and the model gain estimator 60. The former monitors the output signal
and includes an adaptation aigorithm adjusting an adaptive digital filter such that it
simuiates the acoustic feedback path and thereby produces an attenuated and de-
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laved version of the output signal, The filter output FBc constitutes an

estimate of the acoustic feedback signal FBA. The filter output FBc can

be used as a feedback cancellation signal 45, in the way that it is
wanbmtiethio an inverting input of a sum- ming circuit 50. TheEEHP R s3547

circuit 50 produces the feedback cotitrolled electrical 5 input signal 25 as

the sum of the electrical input signal 15 and the inverted feed- back

cancellation signal 45. The feedback controlled electrical input signal 25 is

layererearipipicdieomiae signato wiffet Sigrat hBcorantditdeman estimate of
them!@%ﬁdya@@élq{%?m T AROARIiARSrRARER DS (¥ed 1R Wdsehback
ou

to which the electric tput signal 35 and the feedback cancellation
canggfiationsignekiBnifdhe wakdiedh P UiRadtro dEaigainRd R &
mirROciteisr BN % dhegating éhwmﬁdqi»rwﬁmmstﬂmfeassddb cerivelian electrical

I|m|t 5 WhICh mi te cesso cording t
mp&p g'agbment t%e a agt?\?ee fgea nc(%é o ppres qgni% zﬁ?& Eeasrr;svegceg foed-
baeadmm@lai@msfmlvﬂﬁw Ahefepdbechteanitliesh @e@t.rwab%nﬂﬁalm@al 25 is

the A SHIGIRRI 1@ NElsHR Dy slorgsinsigganory (not shown) of the hearing

aid and are loaded into the adaptive feedback suppression filter every
time the hearing aid is switched on. With these filter coefficients, the

Acoaediptve digitahilltegiiaahleftargenaretdarn initied 28 fgtan cwmtalt‘caoswhh:rmro-
as ultf ba kcan tio nal 4 on
i I GHRRIAS CRANKCSHNS SEArSLRitn BB R BERAaA el

45 mm@mmﬁmﬂk antbffsetsignalsdivaiectishipanoe staibacRIrdetamines
the @&9%0{%@ iRdBeIMeHSl siRas ReFRIMEIR QN BseH Bl aRAPaEKahich is

gain. This feedback margin represents the gain below the level where

S“'bﬁﬁmé‘*é’é%%ﬁﬁ%g%S curs. For example, a feedback margin of 6 dB is
selected which means that the up- per processor galn limit is set 6 dB

AccRR WASIE Byl fenbick seeitn NS e, VRS WIFIRS s an

adapt SUppressio |ts 24 aptive

&daMWéetﬁmlgalcfiﬁﬁatwimﬁe eastistienedtpadistapesat dm@ it ri@st@éﬁff cients
are SlRREs LA 3R AR FeedbaskaNcallioRSIERA! ushe e haded into
the adaptive feedback suppression filter every time the hearing aid is switchad on.
With these filier coefficients, the adaptive digital filter is able to generate an initial
filter output FB¢ which can be used as default feedback cancellation signal 45, De-
pending on the precision within which the adaptive digital filter can maich the
acoustic feedback signal FBa, an offset as a so called safety or feedback margin is
introduced to the model gain as the estimate of the acoustic feedback gain. This
feedback margin represents the gain below the level where audible fesdback oc-
curs. For example, a feedback margin of 6 dB is selected which means that the up-
per processor gain fimit is set 6 dB below where audible feedback occurs, After the
hearing aid is switched on, the adaptive feedback suppression filter staris with its
adaptive modelling to match the acoustic feedback by evaluating the filter coefii-
cients so that an adapted feedback canceliation signal is generated.

The function of the adaptive feedback suppression filter is now further explained
with reference to the flow chart as described in Fig. 8. First, the feedback cancella-
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30 The function of the adaptive feedback suppression filter is now further
explained with reference to the flow chart as described in Fig. 6. First, the
feedback cancella WO 2006/063624 PCT/EP2004/053547 13 tion signal
wibhimgenerated in operation 610 to reduce the acoustic feegiogekeobiiiessss7
hearing aid by using the feedback dancellation signal as an error signal to
reduce the feedback controlled electrical input signal 25. As part of its
adaptive modelling, the adaptive feedback suppression filter 40 yields a

tioneanah 4Rl ARRPIAEH HSEASHONET @ deffrisive torcaamiaticirenhaskaiche
heaﬁ@@calchabs)wg@ahérfé&@ﬁf@é:@@a%éﬂﬁi@n%&h@ @%téﬁft'zﬁ%ﬁ a8 !reduce

e A Al o B Ao
the rusgsive febtimidyelphtbssioofiltic meﬁbWamthmhegamménled'betmg its
fiit&%@%&gg}ﬂs:%“ »@b iedt%%efgaasgc f.ﬁer %I]e mo éé'f“i%“@ e ‘i&&?‘éb@ this

he "adaptiv suppression gam estimation Is

gainjisreatsratmedREimpaRl aainestmaiecamne ingagavetdatbatihe processor or

signSlRIRIASSION teTanieRdr-iaa Blespiisad R WROSIoRARD RRATBEAWRIM esti-
of the ada 8ptlve f%(ladback sugg}tgssmn filter which is the feedback

AR AR MABH SRR RIS LRI GERYBHAL TSRS i BeRTAS Ydin

estimator 60. The model gain and if necessary plus the feedback margin

TSI SSRE PRSLREREE N ) S0Be BER, oo

ada@@{éy@ﬁﬁﬂh@@ism@gntﬁ@ﬁhﬁn@@r@%&mﬁmﬁba@gﬁaaw% Sarcom-
parifd (52FpRNR ﬁmgﬂﬁwaagpms feadich gakuBplessasiapitue J@ﬁ&b@%e elec-

e R P B P B o
whlag\eaetrwIgeadimtémeatedla&mmiguhﬂ%oﬁmwtsmmlr:m:@Ummlbaltmlmmdei
gannoééﬂﬁﬁ%mﬁﬁqwglﬂ%&& @ate I'@%'@X%%Q@E&&Qetﬁ%aﬁ%@&l%?'aég is

cg;aln In the processorin a sent fe compensation
used to derive the upper processor gain lmil. The adapiive feedback suppression
filter 40 is also capable of selecting and introducing suitable delays to the signals,

e.g. the inputted electrical output signal 35 as part of its adaptive modelling.

The model gain in the adaptive feedback suppression filter Is generally negstive, as
referred to a logarithmic expression, since the feedback signal reaching the micro-
phone is generally an attenuated version of the output signal. The numerical value
of this gain, equivalent to FB,, effectively signifies the maximum allowable gain in

the processor in a state absent feedback compensation.

From this estimated gain limit a deduction has to be made. As signal distortion wili
be audible aven atf loop gains somewhat below 1, a deduction must be made o en-
sure that the maximum allowable processor gain stays below the stability limit by a
margin. This safety or feedback margin will be set according to testing. In one test
setup, a margin setting of 6 dB has been found suitable to avoid any audible signal
distortion. Thus, in this example, the maximum aliowable gain without feedback

compensation becomes FB, - 6 dB,
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25 From this estimated gain limit a deduction has to be made. As signal
distortion will be audible even at loop gains somewhat below 1, a
deduction must be made to en- sure that the maximum allowable
warapessnsgain stays below the stability limit by a margin. Thisrgafeiy:@s3s47

feedback margin will be set accordiiy to testing. In one test 30 setup, a
margin setting of 6 dB has been found suitable to avoid any audible signal
distortion. Thus, in this example, the maximum allowable gain without
feedback compensation becomes FBA - 6 d6. WO 2066/063624

in tirecavETR 200 40B3bedeed hacks epprassionitgtivetbarisaslpsuiept essioation

of tt}ﬁ@%@&%%%ﬁ&@! fﬁ.ﬁ’&&i&‘H'@ii%e&BE{ﬁ% iRRdback:tanmter fu %%%’&%axé'ﬁu im-

eedback will be cancelled, feedback will im- pose no constraints on
POSE INRIE!HIBER 8831 E AHO WA th BTRRASEPD GicRNA o esisd wratvislas efor-
mati@u{rgﬁbtfﬁe;ﬁbfaakéﬁmﬂ?jﬁéﬂB&!kﬂﬁ‘!ﬁf?f?f‘ral‘&i@e mﬁlﬁﬁfli@' ﬁ@;ﬁﬁe fmgaét%f ' case,
the adaptive, fe ression filter produces a less-than-perfec
noweel Bisn 1R Ve%%%i%g%aﬁg%qrﬁﬁ%‘?f@r%ﬁ o RO a% JERRHan-perfect
simiigdigincaidimBidedi=BA tramfed Liretichintae willdve Ehoswidoab fepiitkesk up
-and amplified by the processor, and there will be an upper limit to the
processor gain in order to avoid instability, i.e. to avoid a loop gain

FBr &&Badnie. In particular, the step size and length of the adaptive feed-
back suppression filter has an effect on the precision within which the

ic 15 feedback b tched py the feedback llati
o S S SRS ATES o v
will bessBsging thmitcivclhef ammsdﬁgg&bmquethmwheﬂamem idotonation a
loop YA e Redbackiransien dHnre B R osided by lg}?gmoéjfellhg%daptive feed-

back suppression filter has an effect on the precision within which the acoustic
feedback can be matched by the feedback canceliation signal.

The maximum allowable processor gain will be estimated by assessing the level of
residual feedback, based on the cument information about the feedback transfar

function provided by the model.

As the filter e.g. processes a finite time window of signal, if does not take into ac-
count the entire signal. In one exemplary iest sefup, level estimates based on a
time window of 1 millisecond (ms) were found to include 80 % of the energy of the
feedback signal. When basing the feedback compensation on such time windows, it
can be expected that the compensation leaves a residual feedback at a magnitude
of 25% of the feedback cancellation signal.

As FBr = FBa - FBe and with the filier output signal having a ieve! of 80 % of that of
the acoustic feedback signal according to this exemplary test setup, FBe = 0.8 FB,,

the residual feedback is:

FBr = FBA—~ 0.8 FBy = 0.2 FB,.
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As the filter e.g. processes a finite time window of signal, it does not take
into ac- count the entire signal. In one exemplary test setup, level
estimates based on a time window of 1 millisecond {ms} were found to
winchwdedB6290 of the energy of the feedback signal. When basmgta /053547
feedback compensation on such tim& windows, it 25 can be expected that
the compensation leaves a residual feedback at a magnitude of 25% of
the feedback cancellation signal. As FBR = FBA - FBc and with the filter
output signal having a level of 80 % of that of the acoustic feedback

As Fignakacconsing dodthis sxanelydesisetup, FBc = 0.8 FBA, 30 the
residual feedback is; FBR = FBA - 0.8 FBA = 0.2 FBA. WO 2006/063624

PCT/EP2064/053547 15 As FBA = FBR + FBc, the residual feedback is:

FBrFRRA 0% FBR:Y; ERTihasd thus: 5 FBR= 0,25 x FBc. In this example,
the adaptive feedback suppression filter then raises the limit to maximum

allowable gain by a factor of 10 FBeJFBR = 4, equivalent to 12 dB. Thus

FBrthe, A%axinfism allowable processor or signal path gain becomes
-20log(FBc) - 6 dB + 12 dB = -2010g(FBc)+ 6 dB. 15 As the filter is digital
and settings incremental, allowance must particu%arly e made fort

! he .
In B XaRPIbe (heoARARIVES TEADA FHPRESHIRG Mg AeddaikRy fay Imit to

maxiAtier Aenthisaitinosaadaassressing the resulting potential error is
considered to lie within the capabilities of those skilled in the relevant art.

FBo/FBr = 4,

equivalent to 12 dB. Thus the maximum allowable processor or signal path gain
becomes -20log(FBg) - 8 dB + 12 dB = -20log(FBc)+ 6 dB.

As the filter is digital and settings incremental, aliowance must particularly be made
for the step size, i.e. the finite resolution of the adaptive filter. Accounting for incre-
mental settings and assessing the resulting potential error is considered to lie within

the capabilities of those skilled in the relevant art.

According to an embodiment of the present invention, the upper processor gain limit
may therefore be determined by the precision of the adaptive feedback suppression
filter, the feedback cancellation signal and the safety margin. The person skilied in
the art will then evaluate residual feedback FBr from the feedback cancellation sig-
nal and the filter precision. The level of the residdai feedback and the safety margin

are then be used to derive the upper processor gain fimit.

An embodiment of the model gain estimator 60 is shown in detail in Fig. 3 and will
now be described. It is assumed that the processor is preceded by an input signal
filter bank splitting the feedback controlied electrical input signal 25 into a plurality
of frequency bands. This input signai filter bank (not shown in Fig. 1 and 2} is, ac-
cording to an embodiment of the present invention, an FFT-circuit or a known filter
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20 According to an embodiment of the present invention, the upper
processor gain limit may therefore be determined by the precision of the
adaptive feedback suppression filter, the feedback cancellation signal and
wihemafesmargin. The person skilled in the art will then evalgatertesididsats7
feedback FBR from the feedback caficellation sig 25 nal and the filter

precision. The level of the residual feedback and the safety margin are
An embodiment of

hen be used tg derjve, the, upper processor gain limit.
nanl S BT e e e B B e SR erlvs e r o s The
samgeEEribeitk uttiorafbemben kiaayhespusedsas o pt aigi dilbgr danp2t Sigplitting

the SfbBlIRIPANSRILY {eleerbas 'ﬁQQt?Pé%Qe%"%‘Ff%'ébﬁéé“Wﬁﬁc?kgi@%%ﬁ 'R to
a plurality of frequency bands. This input signal filter bank (not shown in
the mgdel gRin pRliRE GRint i athenitdisieRalst iRciraRuverRRNEod tarthe
modléFﬁaﬁfrC‘]e_bétimafg)krww&ﬂilfaﬁfdﬂ%%ﬂe@ﬁﬁéaf}éﬁ@ &Ea?&@%ﬂ/%%?hé@ame
ank which_splits the electrical input signal into respective frequenc
e BT e A Ve AT SRR AL o et U e
filter bank 270 splitting the electrical input signal 15 into respective

An J{ﬁ&%@ggm@ WhHgMiseR f&%&%&@ﬁi&éﬁ?&?'ﬁﬁﬁﬁﬂ?ﬂ%@z& WSauce

_the input signals to the processor and to the 5 m ain estimator are
3'9f'@bﬁ?ﬁ?ﬂs&@g@eéﬁ%%f@ewwagfayt@m&h?@@emgéhﬁﬁee%%aﬂ!ccﬁameﬂa-
tion Eﬁﬁ&i%{itréggéﬁi\é@@fg fﬁ@ﬁ%@@%ﬂé%@@@lﬁ_ Q%Hﬁ rﬂﬁ’g%@wzag@ectors

t signal filter nd a compensation signal filter ban
215, D 8 R TG 1% SPASLe b USRSl NS R drgare
subrféibeibdclanandpliblciBltivnasigrahds! orspé Qe lgnihtthenespeaptiveation level
mealGIEATY BANAS235¢ RINANRAOTR A LerfR Al RANRIANLQ MO8, e ve

gain estimator, in which these signal vectors are” submitted to an output
MeaREPRaasafemEne dNElin Ry aiRs /s upRpiessaYcaTeRding a norm of the
signdNeastyeNIaat Cipsulved Q. saspaeivehsdAnesNending é@%ﬁ@é’@ﬁ!ﬁﬁ@éﬁ be-

.of level es 235, 245. The leyel sures are generate ) )
low fgo%%r&ﬁc%%ialz ljrn% Egvt%!emeasures %% ’BSQ are subm eg o a %lte\{' gain esti-

mator biock 250 for calculating a vector of ratios between these level measures.

The vector of ratios is then assumed to represent a gain estimate in each frequency
band. The model gain estimator uses these estimates to derive upper gain limits 55,
258, which are submitied by the gain estimation block 250 to processor 20 (ref. Fig.

1),

The model gain estimator 80 further comprises mode! evaiuation block 260 for
measuring the accuracy of the model. The model evaluation block 260 receives a
vector of electrical input signals 275 from the input signal filter bank 270 and a
vector of feedback cancellation signals from the compensation signai filter bank 220
and generates control parameter 265 to control the filier gain estimator block 250.
To generate control parameter 265, the model evaluation block 260 generates and
compares a norm of the electrical input signal without feedback compensation o a
norm of the feedback controlied eiectrical input signal. If the norm of the feedback
confrolled electrical input signal exceeds the norm of the electrical input signal with-
out feedback compensation, the model! is most likely misadjusted and the control
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15 signal vectors 215, 225 over a predetermined time window as will be

described be- low in more detail. The level measures 235, 245 are

submitted to a filter gain esti- mator block 250 for calculating a vector of

watosbetreen these level measures. The vector of ratios isdiTarr2004/653547
assumed to represent a gain estimate in each frequency band. The

model gain estimator uses these estimates to derive upper gain limits 55,

20 255, which are submitted by the gain estimation block 250 to processor
parare(ast 26%) ingjcatre idake ivafiititor Be RADYS AeRIFIRIES AfSaRIaY also
be aevaJlﬂaiiaﬂ %ﬁﬁ?g@%&%e’m rmWe%ﬁFéHf a'@bgﬁanlepm@dgb%a;@ gtﬁﬁﬁlbe

evaluatigon bloc recejves a vector of electrical input signals
1o SRR e 1RGSR RS o A S AR B R o eeaope ©
let thignals fiotstiie hordferrsatiienrsigied | diter dsink2@0icatdgeantaeset of de-

control para t e fil j i KAns
famig‘é%%?a “e%%ﬁ%%%‘ga%hég?@?%, %%er?‘f% dgﬁg\]/'a ua%%l%l§£26o ﬁiﬂng the
heariggmeidtes and compares a norm of the electrical input signal without

feedback compensation to a 30 norm of the feedback controlled electrical
_input signal. If the norm of the feedback coptrolled electrical input signal
The JURGHRIE B0 R (BBIB IR LAY, TS OXRIp Rkl reterence to
Fig. GoApendatmperdiomptial sorstdiftels i dgasted teddedzacitroahuéljation

siongP2E/083%24 PEHIEERO0ISIRAT, 3¢ BRUoyBpiesRERyateny @k e

er action. The contro garam ter 265 may also be a'vector of control

sampgdiliafdiarkfas aarieoerignsmato ofelecripressnld HeCRE R P 2

 leveliaezedheisyarrstipatinmhionaseasigiaiamseins of time, or it could be to let

the gain limits derived from the model gain estimator leak towards a set of
de | fault values. Appropriate default values may, e.g., be measured when
Accdittiing thear earbng aieknT,hee fumeBoavefdbe niddelajzinlatetivaduorabeash signal -

in afyé}'%ﬁr@%ggggmtg%g&%%@ 16V frdalbShd MARSIRLIAME Mandignak rec-

vec of the feedback cancellation _
tangular. In a computational low-cost embodiment, the average is calcuiated by a

first order low pass filter, i.e., the time window is exponential.

According to another embodiment, direct energy computation is used to generate
the level measure. The ievel measure is faken by computing an energy measure
which is achieved by calculating an average of the squared values of each signal in
the signal vectors 215, 225 over a certain time window, where the time window
again can be either rectangular or modelled by a first order low pass filter.

The model gain estimate is then generated by determining a ratio between the level
measures 235, 245 of said electrical output signal and of the feedback canceliation
signal in operation 730. Since the ratio is determined for each freguency band, a
vector of gain estimates in respective frequency bands is obtained. These esti-
mates are then used to derive upper spectral processor gain limits in the signal

path.
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20

to signal 45 and the electrical output signal 35 are generated by preferably
using the same filter bank as used in the signal path of the processor. In
operation 720, a level measure is generated from these signal vectors.
WACosdirsgo an embodiment, a simple average of the absoletavahsesaksss7
each signal 15 in a certain time fratie is taken as the level measure and

the time window is rec- tangular. In a computational low-cost embodiment,
the.average i I Iateﬁ a first order low pa séil er, i.e., the time
Ao R S SR 0 AT A R R eanclireigp oo
eraldompaigation is used to generate 20 the level measure. The level measure
is taken by computing an energy measure which is achieved by

calculating an average of the squared values of each signal in the signal

vectafs 215, 225 over a certain time window, where the time window
agdi &ﬁkbékéit er rectangular or modelled by a first order low pass filter.

25 Thé&*model gain estimate is then generated by determining a ratio

wheRSUEER 18 levelsrasuies 235, 295.phsaidiglegtiedl aUPH-SINAl % pe

of the feedback cancellation signal in operation 730. Since the ratio Is

caleylenifedopicsgeteraviafey rankites bstiprrgsmatamansnber p is the
powessiTekvadieduRiReY i ds is pirtainied chinseiesit Bedes aebendised and

v SRR PRI AL I s s SOl WO

norm signals are calculated according to the gen- eral formula: T FF = (

=Y =15 wherein xk is the k-th sample (k =1, ... L) of the
ﬁ%‘&r&%ﬁéﬁ%@ﬁ@?ﬁ@ to be

wherein A is a constant 0 < A <1.

It should be acknowledged here that according to further embodiments, the present
invention may also be implemented as a computer program or an electronic circuit.
The computer program then comprises computer program code which when exe-
cuted on a digital signal processor or any other suitable prograrnmable hearing aid
system petforms a method of adjusting the signal path gain of a hearing aid device
according to any cne of the embodiments described herein. The electronic circuit
may be realised as an application specific integrated circult which then may be im-
plemented in a hearing aid system fo empioy a hearing aid according to any of the

embodimeants described hergin.



calculated, Fk represents a window or filter function and natural number p
is the power of the norm. According to a particular embodiment of this
formula p =1 and the filter function Fk is defined by the following
recursive formula: 10 N(k)=X1 xkl+(1-¥®N(k-1), wherein 7v is a constant 6
< X 51. It should be acknowledged here that according to further
embodiments, the present 15 invention may also be implemented as a
computer program or an electronic circuit. The computer program then
comprises computer program code which when exe- cuted on a digital
signal processor or any other suitablg,9rogrammable hearing aid system
performs a method of adjusting the signal path gain of a hearing aid
device according to any one of the embodiments described herein. The
eledtioricrgedic@®miainge realised as an application specific integrated
CUCHBYHSRINSE MANES 1l P S MRIIRG N B HEAHR R SYSIRIBIRAl
employ a hearing aid according to any of the embodiments described
HBPEH P9 Claims: 1. A hearing aid comprising: an input transducer
teapisfcrsstgyancasuste b potis nal it an | ey tacalifiips b sig sEsaical
RLRceSREIIsne!, qu AN [ tég‘szg tput signal by amplifying said
e@ctric%?‘ra}nput s%ngl acc?())r(%ng té%épr’ocessor %ain; an output transducer
tRANRYETHS hgnsairatdaaneiroinp seiieries! Ay REbBSNE! BRI 3rpvalic
angdapiivaifeedback suppression filter generating a feedback
cancellation_sigpal;, a model gain.estimator determini modekt in _. _
e R s D T R A B o
up padishgetsf el piayctsisongéing, a chedaceaiiseatimatmef the adaptive
feedback suppression fitter and generating an upper limit of said processor gain,
characterised in that

said model gain estimator includes a model evaluation block providing a control

parameter indicating a possible misadjustment of the modal.

2. The hearing aid according fo claim 1, further comprising an output block
delaying the electrical output signal fed te said output fransducer.

3.The hearing aid according to claim 1 or 2 further comprising an input signal filter
bank spiitting the electrica! input signal into frequency bands, wherein said model
gain estimator determines said model gain estimate for each of said frequency
bands and generates spectra! upper gain limits of said processor gain in said

frequency bands.

AMENDED SHEET



said model gain estimator includes a model evaluation block providing a
control parameter indicating a possible misadjustment of the model. 2.
The hearing aid according to claim 1, further comprising an output block
delaying the electrical output signal feg to said output transducer. 3.The
hearing aid according to claim 1 or 2 further comprising an input signal
filter bank splitting the electrica! input signal into frequency bands,
wherein said model gain estimator determines said model gain estimate
forream@frs@wcfr@mmag tban@soanigentrate siepestraimippengamndingts
of sa SQr gain.in sald fr SHEET -20-
LN e R NE O T e R b
é%?%?@@ﬁﬁﬁit@? ﬁﬁﬁﬁ'd@%%ﬂ@afﬁé&%%ﬁgiﬁr@é&ww%m of Sald

fieghicRl QUHILBINSL NS FGORBRAASAIO M SHN akiliteshaBle 088 IEE 2
seé’)r‘?ftral sr%nal vector. Ofé aid feedback cancellation signal and wherein

Mo Sﬁirséé‘i‘.ﬁ%%? \éecﬁ%r%tes a level measure of said signal

vectors. 5. The hearing aid according to claim 4 wherein said model gain

Gsﬁ'ﬂéaﬁ@'émﬂlé(i@écéo%tﬁbQé'&ﬁﬂ'ﬂ\ﬁ%&ﬁ%@@ﬂ&d@@%ﬁ%@%ﬂ includes

estimate by determining a ratio between said level measures of said

BIEFGINRITRLRS 9aarRITB? Sa1d Rl Al esHaaifelgRaINB o Avatio
he@riry adkdeceor dingsoretaiiedio ek stiriaintpatcsigred elngaoh sestifeatirack
ggﬂggr%%'@rps %Q t level measurement block and an compensator level
measuremen ck generating said level measures of said electrical
output signal and of said feedback cancellation signal, respectively, by

6omw5miagmm@fdmngiwadmemrﬁsWr@@mmméngdmim;mator
W. 7. T arln%ald accord clacm 6 wherein al norm is the
c an o t ei\ﬁel Sasprem Al an compens e\fe measurement
Solate vat e srgna Said ime window & rectan
biock generatmg sa:d level measures of said electrical ouiput srgnal and of said
feedback cancellation signal, respectively, by computing a norm of the signal vectors

over a predetermined time window.

7. The hearing aid according o claim 6 wherein said norm is the absolute

value of the signal, and said time window is rectangular.

8 .The hearing aid according fo claim 8 wherein said norm is the absoluie value
of the signal, and said time window is modelied by a first order tow pass filter.

8. The hearing aid according to claim 6 wherein said norm is the squared value of

the signal, and said time window is rectanguiar.
10. The hearing aid according to claim 6 wherein said norm is the squared

value of the sighal, and said time window is modelied by a first order low pass
filter.

AMENDED SHEET



8 The hearing aid according to claim 6 wherein said norm is the absolute
value of the signal, and said time window is modelled by a first order tow
pass filter. 9. The hearing aid according to claim 6 wherein said norm is
the squared value of the signal, and said time window is rectangular. 10.
The hearing aid according to claim 6 wherein said norm is the squared
value of the signal, and said time window is modelled by a first order low
pass filter. AMENDED SHEET _21 11. The hearing aid according to
one of claims 1 to 10 wherein said model evaluation block is adapted for

1 topARRENY Rt ACEPEHNY &eRfcl GIRpUE dighdOwiisatTeatiiaskie! evaluation
biseRNB Bt By ARG af Raid edRaskaeBtQNpd: @igelIGAtHBI eedback

signal to. determine a possible misadjustment of the model. 12. The
R U MR ARTLS SR APEREAR: T90 DI ERE L B HG R gL
defetimmineon fressible sHibdiusdeeghip! tetimede!or stalls generating said upper
limit of said processor gain if said control parameter indicates
misadjustment of the model. 13. The hearing aid according to one of
121 dheFa8 e ARG PR g ARTiRl e B dnih by RS AR -maes §ain
esstiatatebealks taidhrtsial geiroé siefatit vadtm’s ifesaicthibantratipansen étet of

sémdif?s&%ég&i%aaﬁ@;g%g%M%ﬁ&%@k&ﬁmﬁg@gm@ézg{-@sqménpgfﬁlﬂsﬁigagﬂ

path gain of comprising an Iinput transducer transforming an
acoustic input signal into an electrical input signal, a processor generating

1aNelectkeahgUiRItRighally rmmiytigcaaitselectical ivpetepignal gaih limits
o S O B S Bl v
saitbpRNP! (rerrinaipigRtiediap askaivdiatenion Bigraeesi.an adaptive

feedback suppression filter; determining a model gain estimate of the
12%‘%2\{( o]c %gggj%léttsnu Qgg%g& f;'alatﬁg gain of a hearing aid comprising an input
transducer transforming an acoustic input signal into an electrical input signal, a
processor genarating an electrical output signal by amplifying said electrical input
signal with said signai path gain, and an output transducer transforming said electrical
output signal into an acoustic output signal, comprising the steps of:
generating a feedback cancellation signal by an adapiive feedback
suppression filter;
determining a model gain estimate of the adaptive feedback suppression filter
by evaluating said feedback cancellation signal;
generafing an upper limit of said signal path gain by said modsl gain estimate upon
evaluation of said feedback cancellation signal and said electrical output signal;
characterised by the further step of:

providing a conirol parameter indicating a possible misadjustment of the model,

AMENDED SHEET



by evaluating said feedback cancellation signal; generating an upper limit
of said signal path gain by said model gain estimate upon evaluation of
said feedback cancellation signal and said electrical output signal;
characterised by the further step of: providing a control parameter
indicating a possible misadjustment @ the model. AMENDED SHEET
-22- 15. The method according to claim 14 wherein said model gain is
determined by continuously estimating the gain in an adaptive feedback
suppression filter generating said feedback cancellation signal. 16. The
1 %fh@d@%t&@é@qﬁarwsﬁe SrEmineIgsin =R MNseLBRIp RSHRERENGE hy
cfineplidingdhe slagtmeatpu sigaskbate featieneysbapdssdetanaining
oSk madelgaln selimale foy sach.of said frequency bands; and
generafing spectral upper gain limits of said signal path gain in said
frequency bands. 17. The method according to one of claims 14 to 16
1dUTRE QRN ISHRe- M SEEBS0: JaREYaling $BeGHR SIBRMHEEE0IS Qi sadchr

lectrical output signal and of said_feedback llation signal; and
SrYBi g 21658 e SHE b LRSS RATUEERTS. 15. The method

dateoviving teitiaivdel Bavhestmataitbneacs| gjainieStmetads kpmsiaed by

g&%{wg&a@g@g@%ﬁﬁmm& @Sﬁépﬁ%ﬁw‘ga‘%ﬁiﬂ elegtrical oytput

signal and of s ack cancellation signal. 19. The method
rding to one of claims 17 or 18 wherein said level measures are
generated by applying an average of the absolute value calculation to the

r i | T i lai !
SRS 20 T TR RS
oFMeAHRCOPRERISh&anal SNRFPeQbraaid electrical output signal and of said

feedback canceliation signal; and

generating a level measure of said signal vectors.

18. The method according to claim 17 wherein said model gain estimate is generated
by determining a ratio between said level measures of said electrical output signal

and of said feedback cancellation signal.
19. The method according to one of claims 17 or 18 wherein said level measures are
generated by applying an average of the absolute value caiculation to the spectral

signal vectors,

20. The method according to one of claims 17 or 18 wherein said level measures are

calcuiated by first order low pass filtering of said spectral signal vectors.

AMENDED SHEET



AMENDED SHEET -23- 21. The method according to one of claims 17 or
18 wherein said level measures are generated by applying a direct
energy computation to the spectra! signal vectors. 22. The method
according to one of claims 14 to 21 fiyther comprising the step of
comparing a norm of said electrical input signal without feedback
compensation with the norm of said feedback controlled electrical input
signal to determine a possible misadjustment of the model. 23. The

2methe thaaest dinghiaie® ehelaiarikds 01722 g theecompiisisgdhasion e
freezi tth%l generfi\tion of saiq mogel ggm e%itmgtoﬁpdlso%s&aalpg tQF

a@eeﬁ%?a TR (o] lsagrﬁil'rrﬁl 0 nsea%'&gn I’Ipakt gain it SAid co’nt%ﬂ

veelameter indicates misadjustment of the model. 24. The method
according to claim 14 or 22 wherein the gain limits derived from said
maqdel gain estimator leak towards a set o{?gjg ult values if said ¢ontrol

[ ¢ f
2 P B PR RO RS RIS R G BFUA 1Gder B FRERBIBA'E StoP o
canganiiggtocmebs sl TitabiAs wigealiwitheut rsetbgatnctimiveisatiod

w99l Rath,oriLls detssmuinedwing oumedigahyalusphthe Jegdbarks

cancellation signal, the {Jremsmn of the adaptive feedback suppression
PRREENE 8RR HIRS S8 9& computer program comprising program
code for performing a method according to any one of claims 14 to 25.

ode for performing & method according to any one of laims 14 to 25
2 o el e Ry e o

fréigrin shpwaterrhoreel RARIMPASSQaEP MR HEhpntdiaalitg generation of
SBIQERBPingalT AM EMRIERLBHEBRT said control parameter indicates

misadjustment of the model.

24. The method according to claim 14 or 22 wherein the gain limits derived from
said mode! gain estimator leak towards a set of default values if said contro!

parameter indicates misadjustment of the model.

25 The method according to one of claims 14 to 23, wherein the upper gain limit of
said signal path gain is determined by the numerical value of the feedback
cancellation signal, the precision of the adaptive feedback suppression filter and a

safety margin.

28. A computer program comprising program code for performing a method

according to any one of claims 14 to 25.

27. An electronic circuit for a hearing aid comprising:
a processor circuit generating an electrical output signal by ampiifying an electrical
input signal submitted by an input transducer of said hearing aid with a processor

gain;

AMENDED SHEET



_24  an adaptive feedback suppression filter circuit generating a
feedback cancellation signal to be subtracted from said electrical input
signal before said electrical input signal is provided to said processor
circuit; a model gain estimation circuit determining a model gain estimate
of the adaptive feedback suppressidt filter and generating an upper limit
of said processor gain; characterised in that said model gain estimation
circuit includes a model evaluation block providing a control paramter

andieaitng sepasstneupisasiustmentatiiegnosiatingMENBERISIERETation
signal {o be subtracted from said electrical input signal before said electrical input
signal is provided to said processor circuit;

a modei gain estimation circuit determining a model gain estimate of the adaptive
feedback suppression fiter and generating an upper limit of said processor gain;
characterised in that

said model gain estimation circuit includes a mode! evaluation block providing a

control paramier indicaiing a possibie misadjustment of the model.
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