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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 to relates to a
WREYHAY4% with an adaptive filter for suppression of acoustRAEEBEERSISAT
having means for adjusting the S|gnIaI 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 fee res nd to electronjc circuit for such
a hearing aid. géﬂa?eé] d or%éé‘| %SEE'% e%%&‘cﬁsé&’&%% 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-sjtu gain of the hearing aid is sufficiently high, or when a
Field ddha inyeptional 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

T 0 S e SR M Bl e Beror
relatggylog mmmmmamwmgﬁmmmmm ae@@éﬁc feedback
haviHEUAEaaLB824d B@iﬁ&%@“% %?%?j%%‘fﬁ ?aﬁﬂn ﬂ’p &ﬁgrarb Pml?f time

embarrassment. eedback als orts signal proc o essin

varying defs hpstemedst wﬁmmﬁm@emp@m razem/esaswhod of

adjusting the signal path gain and 1o an electronic circuit for a hearing aid. The in-
vention further relates 1o a hearing aid having means for measuring the speciral
gain In an adaptive fesdback suppression filter, o a method of measuring the
spectral gain in the adaptive feedback suppression filier, and to an electronic circuit

for such a hearing aid.

Related 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 whern in-situ gain of the hearing aid is sufficiently high,
or when a larger than optimal size vent is uséd, the ouiput of the hearing aid gener-
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 once-inaudible
acoustic feedback becomes audible, e.g. in the form of ringing, whistiing noise or
howling. For many users and the people around, such audible acousiic feedback is
an annoyance and even an embarrassment. Feedback ziso 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
waigWaltaid‘generating an electrical output signal and an ouliStR/ESHEREeH”

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

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

k b fod
Fig. ZPAIEE KR BRBCRLBETL b HAREE SARRATHL B ingu Vns
ducensteshisyeRans Rl ing SENBINGNaRi GeepRtic UL SHanRb o ve aleprtrical input
s:gné?%%&ﬁa@%@%&@&%%ﬁﬂ’&%wrs A SQ&?@%@& ?é&?ﬁ&%ﬁ Biectricat

audiblé acoustic feedback' 1 uppress such undesired
outpil signalaRss eRURELWFARSHHESHTD RERIVE Anfaulipralreming ihgnelectrical
autpmeargﬁgataldttp ﬁnna@augﬁ@edofpﬁhleéwaww@mwsmback path of the
schematically illu ed.in F 5 The out ut from Si roce SOr
noar A SRR T ORR g TR M GBI Wi
by B. ﬁfomﬁoemm[ﬁmwamcammdmmwmal fikke tioe efficientsofdhe gain de-

f
note A e B AR or) o the
Procggser ticard aitenustion rﬁucmf@ﬁecrrné%@@mcka@WIaﬁ@n@g-fﬁaﬂ@ck
accusubtracted from the microphone input signal to produce the processor

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

To sipissal slien @@ﬁé@ﬂ@@twm:tq@mmu@er@dww@amak@éi@n adag}-
tve QA ST IBH e ol b TPSEREAE ACh oo Et S o ™ '
schemadiptile fitetratagt th&igdaplionutatet sigpe ol Sgnadapibesas 3 is fed to
an addsiny fﬁ'&%ow*ﬁ& adapiive flsr Bmeé‘és&et??ee%&%ea%u@u% signal ac-

estimates the _transfer function from output to input of the hearing ai
cordingladiig it ﬁ%ﬁ%@ﬁtﬁ‘éﬁ%ﬁhaﬁ'}?&ﬁﬁrﬁr??ﬁﬁ’gﬁ%ﬁﬁﬁﬁ?ﬁﬁéﬁ%é’%%%%

The fingutdtarniclonty.include delay capabliities by which the fiter can mimic the

acousiic delay from the receiver {c the microphone. The feedback cancsliation sig-

nal is subtracted from the microphone input signal fo produce the processor input
signal. The adaptive filter continuously monitors the processor output signal as well
as the processor input signal, seeking to adapt the intemal filler coefficients so as to
continuously produce a canceliation signal that will minimise the cross-corralation
between the processor input signal and the processor output signal. A filter control
unit 6 controls the adaptive filier, e.g. the adaptation rate or speed of the adaptive
filtering. Hereby the adaptive filter mimics the fesdback path, i.e. it estimates the
transfer function from output fo input of the hearing aid, including the acoustic
propagation path from the output transducer 1o the input fransducer,

Audible feedback is a sign of instability of the hearing instrument system. In Cook,
F.; Ludwigsen, C.; and Kaulberg, T.: "Understanding feedback and digital feedback
cancellation strategies”, The Hearing Review, February 2002; Vol. 9, No 2, pages
36, 38 - 41, 48 and 48, there are suggested two possible solutions fo 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 Kaulberg, T.: "Understanding

feedback and digital feedback cancellation strategies”, The Hearing
WREMsNsBabruary 2002; Vol. 9, No 2, pages 36, 38 - 41, 48rariE#Syithiesss4”

are suggested two possible solution? to regain stabil WO 2006/063624

PCT/EP2004/053547 3 ity. One solution is to control the signal feeding

ity. RORK ‘ébibﬁofﬁ"@?&’EBH&M&@E@%!"F&%&%'S%@% facion zg‘g}l?k%g '}?g Eontrol-

to reduce gain G of the hearing’instrument. Managing fee

fmgéﬁ%&%ﬁﬁ@a ﬁaﬁ%@f&j@%@r@ﬂeﬁqﬁ%@a gRiarFPEthrBe Mg Insgament
hearing aids are adapted for greater gain in the high frequencies, where
the hear %eﬂ(:l ncy tends to be more profound. Unfortunately, the

MafiRaig EBHRRk PR CPRHRIARS Tels PRIURHIAIOR REFRIT By liBfereaearing
andmm livedreheprngimds Enerefanms cthéor skadiat dibie feesbaaihisrequencies,

i I
wndgeSt IR GBLRL{RGEAGK 12040 3o, SRRAN MRIBRNHERHE qrpica

feedback is t owert requency gal

feeﬁﬁ@ﬁ%é}@thoﬂevcemr@ﬁ%ﬁ i@ﬁﬁpﬁéewémgammv@e@mm tHeehighdow fre-
quéﬁ@%@ MOYeFREHRR Stie 3SR @Mﬁ@'%%ktm%?%%%esﬂ ﬁequency

uence. An additional problem wit

ffer
S T ST IE A s AT SHTE € (AR (e ShBebfeRRcoain
of tmae sy ai abalbighptitdeuets csddhat copist eonsiiapidbaisrHgPeRRbver,

t nput levels. Thi ns that
o O A g R o Shreach
Spesa irtetipiiiy mryRyERTREREADRPRAYSNSE may be affected. Feedback

may necessitate lowering the gain over a wide frequency range, even

th bac nal 20 m y originate in a narrow frequency band
n sﬁ)ﬁj l %?eé'\mf% gt @&%&h@ dBef s dsitietgt these
deviceeptheigaith:n samelg@acbﬂa!tampiﬁewmys{ﬁﬁgat HQuayebrifiraint that is

:mp?éégba ﬁB&Q&ﬂQ&% RN .53 v%a#t éﬁdrlﬁ'pu? R BRPRACH 10 ns that soft

managem at there’i
sounds, as well as metﬁlum-ieves sounds w;ii be affected 1o the same exient.

Speech inteliigibility 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, if may be possible 10 lower the gain in
a seiected narrow frequency range. However, an assumption behind the "narrow-
band gain reduction” approach 10 feedback management is that there is only one
fixed feedback frequency. In reality, such an assumption is seldom frue. Typically,
there is more than cne frequency at which instability occurs. Suppressing one fre-
auency may create feedback at anocther frequency, as it is described, e.g. in Ag-
new, J.: "Acoustic feedback and other audibie artefacts in hearing aids", Trends in

Amplification, 1996; 1 (2): pages 45 - 82.

A non-iinear 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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true. Typically, there is more than one frequency at which instability

occurs. Suppressing one fre- quency may create feedback at another
Werabfedites24as it is described, e.g. in Ag- new, J.: "Acoustic fEEHHFXEROAMEFS47

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

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

co e Ehe! e oo LR b KT SBJER Shetproves o

the POTAEFEE004/053547 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

GengesHealilt, sRAPRTURER: HaRbSEiRRRYudhiR, 46 b SRPEHfRE ofey

statioMprdatigiers avaruthenghtzedittaohssdeaitigafeddindiestiag ﬁa@énd ur-
in the_clinic.and has attem t el safe aln I|m|t 4/0960

ng Hggpr% SaE?M ith Srt‘eﬁh e ﬁ}%mg §§ﬁ1%ens Btioh for agousﬁ%sgl@fg\edgécﬁ the

clinig aiisthrsedtiahpthddrisgtasaieopapribed!s: digital compensation circuit
comprising a noise generator for the insertion of noise, and an adjustable,

digital filter, which is adapted to the feedback signal. The adaptation ‘
in VRSPS54 20 Sk A U2 FAHERE S SPBRGRIRTc T oo st

feeciuﬁbserzwmmaﬂwtaisarmt anhicbrpesiers tagglenncompantdtion circult
lates the hearin glcatlon V|a a digital 15 s mm|n cwcglit S

u
lg?'{?’?é':iloop gal% %& 85 acons?an? hlsgissadgﬁe by BVAfGAG t gsta!
fi !tecwmemaﬁaMaﬁaWMaah$wnﬁba@¢@QmM|rﬁgkﬂz@ pigpe using a

con’@igi?@xﬁ'%ﬂéﬂﬁh‘?r%d&%%‘é?é&%@hgg{%@?'& GG RRE TAARRYS ol Z%sfé?‘c:muzt

possible to directly mieasure or monitor the loop gain in a hearing

whigly THIRESOHS fRBRISRM 80P SRESERIRSHIRG Wﬁ@ﬁ@@%ﬁéﬂ@lﬁ‘ﬁﬂ?&sﬁ 9 agital

surmBiny circuit, so that the loop gain is less than a constant K. This is done by
evaluating the coefficients in the adaptive filter and continuously computing the am-
plification in the adaptive filter at different frequencies. '

However, it is not possible fo directly measure or monitor the loop gain in a hearing
aid by means of a feedback suppression filler. The feedback suppression filter can
only be used for an estimate of the acoustic feedback gain. in an ideal situation,
wherein the feedback suppression filier removes 100 % of the feedback component
in the input signal, the comresponding allowabie processor gain will be infiniie. In a
non-ideal situation, there will always be some amount of residual feedback. This
residual feedback is determining the actual allowabie processor gain. There are,
e.g. in WO 02/25896, proposals on how {o deilermine this residual feedback and
thereby the allowable processor gain. However, such methods for determining ai-
iowable 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 pon-ideal situation, there will always
be some amount of residual feedbatK. This 25 residual feedback is
determining the actual allowable processor gain. There are, e.g.in WO
S 02125996, Pro osals on how to determine this residual feedback and
Wﬁﬁlﬁ%ﬁm processor gain. However, such methods for
determining al- lowable processor gain are expensive in hardware and it is
alsp necessary to have, access {o the current coefficients of the feedback
On 45 FeEaiBH? e?."%’i‘péeuﬁ{%‘?é’ﬂﬁﬁésiﬁU@HtB‘H’%@nﬁE fgRisystem and,
in paﬂx&ﬁm’h _laetﬁeiam_d ﬂ?ammam(?ddp;whaﬁlwﬁtﬂ_ W?F’eﬁidn_ Eﬁfflé%@@ﬁ@rfeed-
a hearin with an adaptive filter for suppression of acoustic feed- s _
Dok gty SHEL R oA I RLERCIER a1 AHSpias it drgneciod, and, in
particglarediedrenididnaparidalstiveo preldde anddapiietheystammandionetbastevent
which allow to prevent feedback howljng without mgnitoring the lo ain
feeda K RN P eHE oRaHR TiEn S B o A e EHBAB G L or oot
cientdilie thie ddaptiplefeatiatitneotp eassaue fitene 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
Exampénefabtdiendecomp uiee oy hepfodyshgnanel estiignisrobs@rits by provid-
. onsistent with the example empodiments deter 15 mine the gain in the .
G 2 L A5 CUA A Do TSg FTE e A B AALD SE T A MR-
"model gain") and use this model gain to derive an upper processor or

T T R ) T—

-prodeiviamineldairenicovindings conbatitnd seithethmeiaallsy andodivmnis deter-

mine 4R8 SRR AT IR L AL BRI Al P040at Adime MaryIng PrOgeS s re-
ferred to as the "model gain") and use this model gain fo derive an upper processor

or signal path gain imit.

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

80T gain consiraint 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 elecirical input signal according to a processor gain; an output trans-

-ducer transforming said elecirical output signal into an acoustic output signal; an

adaplive fesdback suppression filter generating a feedback cancellation signal; a
model gain estimator determining a model gain estimate of the adaptive feedback
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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- pIifyiﬁ@ said electrical input signal according
to a processor gain; an output trans- ducer transforming said electrical
output sigginal into an acoustic output signal; an adaptive feedback

suPPEEHTIRESEILR MRS JEREFAtIAG 2TcdRPRICNBEieRAIfbROGREPCA 8BIMmcdaracter-

ised GRIAASIENAIP0ARIEBIN Baim Bt el datiesimaieAfd08Ia8aPiBock providing
feedback -5a- su%ﬁressmn filter and generating an upﬁaer limit of said

a COMrRLRERMGAR; BRGNS 288 HPIR AT SadiHRINSYoth B&iMaEsH includes

a model evaluation block providing a control parameter indicating a
possible misadjustment of the model. 5 In accordance with a second

In accepdRneR hilhrRSGRIATLRIRFCHEDR RISYRIIY SHEMbIRFRRiRyided a

methtte si0Ba|RatAgalEosiaMeapat A ROBPESREAThINRIE BaRRSKSAE an input
transforming an acoustic input signal into an electrical input signal, a

transgiRelSUaRSENENh G ArPERHSHEABYEHIOSBh 116y Ak IR dRput signal. a
proc&deel igahinRiin §iaRabMihisal baignglNgHa0BINaffsiRmaUERI EansRdaeinput
. transforming said elec 10 trical qutput signal into an acoustic output

signal ity SaPIREALRAED3S SRY@RePAPHLIRPRHRET BRI AR said elec-

trical BUfADYGNaRIRBINR IRrkaelotporessian fitehigisingrmpisessaedetnerat-
gain estimate of the adaptive feedback SUﬁ?gr?efsion filter by evaluatin

ing as5AcaARb A0 CEHRERGRIATRY MY AT AEARING ARSI RHPBSSRPEI g iRA de-

termP@il gAMb eaihmosielgate estitnateaaptivevadetintiol aagdeesbackiter by
can 15 cellation signal and sajd electrical output signal, characterised bg, ,

evalupia R &@E%‘%‘b&ﬁﬁ&ﬂ&ﬁ%ﬁ@&%ﬂﬁ%@ﬁ%ﬁmﬁrdE@EiBfeS id sig-

nal paisagtiustyesdiel thedepgaln ksaseastanc wihiative asrest dbtback can-

resent invention, there is provided a computer pro%;am com

celaf g SRR RSP AT LML O TPt NGBy e Tirther step

of: providing a control parameter indicaiing a possible misadjustiment 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 ampilifying an electrical input signal submitted by an in-
put transducer of said hearing aid with a processor gain; an adaptive feedback
suppression filier circuit generating a feedback cancellation signal to be sub-
tracted from said electrical input signal before said electrical input signal is pro-

vided to said processor circuit, a model gain estimation circuit determining a
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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 25 put transducer of said hearing aid with a

processor gain; an adaptive feedbatk suppression filter circuit generating

a feedback cancellation signal to be sub- tracted from said electrical input

ignal electrical input signal is vided. to said processor. .
of the AP AR cRHAHON 2 R HRAG 21 bt PRGB! Saie
procdesdb§dm$WMM&hiemM’gea@aﬁogarganp@shmmxsaidcuit includes a
9Cess characterised in th id mod stimation CII‘C. .

oo, SR Ao T O PARIAIOR o HTC G T o e oo P e eac-
3ustn'@twbsf5tble mashel- justment of the model. 5 Also disclosed is a hearing aid

comprises an input transducer for transforming an acoustic input signal

into an electrical input signal, a processor for generating an electrical
Also dtﬁplﬂisségrtal dynampiyaid tergleskr mpmmjgnaammmg)tampmﬁmg an

an an out ut.transducer for trans orm| the electrical t,put Si ?
acous nﬁ)% into an ?ectri l jne RGBS L aling an
g0astic o pu 5|gna Hebl suppress H il

eiectzfnuageﬂmatlm@aaféadbam{si;mgéhatleie@gnahput sighal electridalptt ¥Vidoces-
2006/063624 T/EP2004 05 547 6 _put sing an err r.sign
sor ggénrterateod" % ?P g?ernce Er\}vsélgrgtftneafeed qgéﬁ?%ancef%ﬁo %gar?a{f‘to an
acousin ms:;ahécsrg:m l,n pat a@mivanféadhedbl gampestsiatofiligerderagagarating a
fee dt% I’OCﬁa% a|n ter |n n tPS lgaun in the adaptive
ee ba suppress ccor |ng oan embodiment of the present
invention, the determlnatlon of the gain
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in the adaptive feedback suppression filter (the model gain) is carried out

by com- paring the level of the electrical output signal to the level of the

feedback cancella- tion signal. The level of each of these signals is, e.g.,

wastinsasd2as a norm within a 3o selected window. The deriBSgEIBREI04/653547
difference between the electrical output signal and the feedback

cancellation signal is then used as an estimate for the model gain. Thus,

t it sAgrdedeiermined iy merely extimat :
Pt R e ol S e biﬁriﬁ‘i%ﬂgf‘e%ﬁ%%ﬁﬁ% i fos
baci eansslintonisiom HuWels alateicte PBiicsimeleagthaMpes@abtirstimator
gerﬂ‘&%@ﬁ@c&rﬁﬂgeé‘? IQBHIRS g akN MR ByYSROSSHIGHS ERIBEIS iRehe adaﬁtive

precision within which the adaptive feedback suppression filter can matc
feedhacl BURBERSIILALK i e, it can be estimated that the acoustic feedback

compensation leaves a residual feedback relative to the feed 2o back

cancellation sigpal.. Thus, if can be estimated.how,much the lo ai ,
Ao B R £ e L e 36 Sl T e e oein
in thfesiapivefeatitgcnaugiroasion fdd iheontiod glaiidimis daiied frohbiheom-
parRgOliElRpdpack &%Eﬁidé?@lﬁtaﬁk YHQPHAIRURRE! B 968 S8RLEEHY KB calia-

~According to an.embodiment of the present invention, the upper o
tionsrighadsthyalriteAa) Heasretaisdinfited BDS IR Fret o orithin 2
seldbieadapive.fae@dbaskhappressiafiditesdhafeedbask caserlrtianisignabnal
d the safety margin. According to a preferred embodiment of the
and IR ] SIGHA (B RE: A Fotaigsfa T the mode
gairadjbsmdhia apperd@indmitingspoctivessnrs vdefamninsoypeegaingshiitsting
the 3855QIERESURAHPRSRIAHR HOHS,AH5R8 RINRE AL B WINIJER SRR Abaring
_acoustic feedback gains in the adaptive feedback suppression filter. Spec-
aid. g gains are necessary when the signal paths of the respective signals in
the -7- hearing aid are split into two or more frequency bands, For

Howee)%r% htehgtgé)egggaa!nd fength of the adaptive feedback suppression filier is

known, it is possible fo estimate the precision within which the adaptive feedback

- suppression filter can match the acoustic feedback, i.e., it can be esiimated that the

acoustic feedback compensation leaves a residual feedback relative to the feed-
back cancellation signal. Thus, it can be estimated how much the loop gain proba-
bly wlll be reduced. From this estimate It is possible {o derive an offset, L.e. 2 safety
margin, which, added fo the gain limit derived from the acoustic feedback gain,
vields an appropriate upper processor gain limit. According to an embodiment of the
present invention, the upper processor gain kmit may therefore be détermineﬁ 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 adjusied in accordance with respective time varying up-
per gain limits. These spectral upper gain limits are obtained by measuring the
speciral 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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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 case it is also 5 necessary to differentiate the model gain
estimate into an equal number of fré- quency bands in order to derive
upper gain limits for each frequency band. Nor- mally, the processor is

hearipgeaistiatPsR 8. fiauiwerarenon Beananput s fiter axampiplitheyatrstrical
input %'@?S!%F@' MP{(@?%@#&%M%@&&QH@J VBSHSQCH%?&%O'Se}BS{f JvFﬁﬁ!ﬁéEOfﬁl the proc-

possible to calculate the spectral acoustic feedback gain exact

essor] drealyia® dhaintioen peRsrobesstr pelifeaigriaipathrgresingtismbaaias ac-
cordiﬂgetﬁ%@kfrggﬁgﬂ_éﬁi'E?éﬂ(ﬁngfth%e@ééﬁ'%iri}gptl@@s?é 19{&*}%3585%%% 19 also

example embodiments, the upper gain limit is derived from the model gain

neceskaneiidiiRienialentredomopy gainpesigae inputgelastdshiroumhgr of fre-
quendipBab fehitg4dp ipsitifeedback cancgliation.siganal) @Eé@&&%pﬂgﬁd. Nor-

feedback suppression filter but not by using the filter coefficients .
mallyih1RseIoegsaas therecRIBESBIbIE B e &R Mate-diisuibgeramitnpaiitsignal filter

bank 'BIRBRPIRBIY QLIRS FNOSSNIRBP RS ULER A0ARHNERIEPHRARK 1t is there-
suppression filter. 20 According to a preferred embodiment in which the

fore ppsedisotasqaisetaled e theekipilt Srpisindeaahrap Bainstbicexacdly the
samd HAHRERR] BICRNHPH FBRERTRAHRN Sy RENEStNG, MRHS) 95N SSHDRRL: bank

F%erforrns spectral equivalent model gain estima- tion in these frequency
or Frdapideuit-apthiigiamoted deint it atlot ghdeddvimaipal and the

electrical output signal are fed into their respective filter banks of the
model 2%%ainv estimator. The output of each filter bank is a signal vector
In exaalplovBRIPadBvEN sy HPREREEH fiitfitcfgaree iamtbibvadef grin de-

termifRRR AAIESIMRIAL %@8&5&%@%@%@%@@%85%&% SRsEmd the

taken before and after the model, and a gain estimate in each frequency

ocutpiigadisikiceacehiatieresionak Larbaoadaséiveatesibark sppricgaian filter
but NS ID4hE RIACEHRIT WER2RAOBRER 4RIt/ P ROMMSRR4 Hossible to esti-

mate the upper gain limit independently of the chosen embodiment of the adaptive
feedback suppression filier.

According to a preferred embodiment in which the processor is preceded by the
input signal filter bank splitting the electrical input signal into ftwo or more frequency
bands, the mode!l gain estimator performs speciral 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 respeciive filter banks of the model
gain estimator. The ouiput of each filter bank is a signal vector from which a level
measure is faken. in a fiker gain estimator block of the model gain estimator a ratio
is determined 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 speciral upper gain limits in the processor.
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8 According to a preferred embodiment, the level measure is taken by
calculating a weighted average of the absolute value of each signal in the
signal vector over a certain time window as a so called norm. 5 According
Wib28erdthi2preferred embodiment, the level measure is take RER/EFHE4/£53547
lating a simple average of the absofﬁte value of each signal in the signal
vector over a certain time, i.e., the time window is a rectangular wmdow

AcASaMEIRg doRBRthek canbRsdimgR, the wespafebihe ?sbﬁﬂighe A ﬁfg iBing =

s lo calculated by a first order low pass filter, i.e., the t|

I e e g o L e e AL A A

certaitakiet? yieoropaiingsancAegrgynmeasure, i.e. calculating an average of
the squared values of each signal in the signal vector over a certain time

window, where said window either is rectan- 15 gular or exponential, The
Acgexsiiooixa djustivey tmefeprect reindigiiahgaththeiteseyainshyranisaakef inealcu-

!atn?@’é’@%{ﬁ@%%?gd@%i %’&?.@}ég?féﬁiéa% QNG aihﬁ gxa%@&or over

hearing aid, in case t suppre sion f
a C?ﬁ%ﬂé'ﬂ"% he- EHE%&'@I%Wiﬂ@%%ﬁé‘@?ﬁ‘?ﬁé@ﬁa’ﬂﬁ@ﬁ%elIatlon signal that

corresponds to or is at least close to the acoustic feedback signal, the
odel has copver rrect nd the feedback com onent of the .
AR AP SRR BETLdIE Y SRAEIR) TG SRyt Bigsionl is

calw@tgmbmaaﬁmeqdenmammaa eestiie largewinocesSsongains: i

possi- ble. At the same time, the model gain estimates will become more
accurate. This 25 means, that upper gain limits can be less restrictive, and

Accprging daistill @nptheasemandiseniiths lnehmeastedsgakamyoromeuting an
encAgpuiaay aetheamadelidiny aveivirsyadyigable o palecs thes WReAANal in

e ARSI S s e sl el Wi et

gulan prefepredsetidhodiment, the model gain estimator comprises a model
evaluation block to measure the accuracy of the model. Measuring the

accuracy of
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 hearing 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 eiectrical input signai will be reduced, 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 gain estimates will become more accurate, This
meansg, that upper gain limits can be less reétricﬂve, and R is possible {o increase
these with some amounts, depending on the accuracy of the mode!. However, it is
advisable o select the upper gain somewhat lower than required o achieve stabil-
ity, because gains close to the upper limlt can result in unpleasant audibie effects.

According to a preferred embodiment, the model gain estimator comprises 2 mode!
evaluation block fo measure the accuracy of the model. Measuring the accuracy of
the mode! is necessary because if the model is misadjusted the estimated model
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the model is necessary because if the model is misadjusted the estimated
model -9 gains will be unreliable. If the model is misadjusted, relevant
precautions can be taken. The model evaluation block does this by
delivering respective control pa- rafﬁgters to the filter gain estimator. The
control parameters may thereby control the filter gain estimator, e.g.
freeze the gain estimates in a certain time period or 5 make the gain limits

gains|esil towarakelinbleddidir varee! wrivisasiiisieay wiRepbaicrrigiaiepan be
takenwmfimaeéh%mg&@&ﬁﬁoé@%@@qﬁ%aéyeamé@%im@ﬂrégﬁgetm@wtrm ba-

invention, the accuracy of the model is measured by comparing a norm of

rameigesciaciie iR aain REWEBN FRRISRITAlResApetRE BRI tRersRRONtro!
the fiRbingdpedbararnniEQiiedslociraal F;iﬁlH@&ﬁﬁthQ%%%%&%@' iod or
|

electrical input signal IS the electrical input signal from which the feedback

makectir@pifidimiigranis isvmrdeidielr daigidhvedrate WishicRIGnpuELiGAYE been

measif8ovifeadhask axmpensageds smaller than the norm of the feedback
controlled electrical input signal which means that the subtraction actually

in 15 creases the norm of the input signal, the model is most likely

Accomiﬁ%ddﬁSéﬁdeﬁ%bcﬁﬁnénl&w{%@fd%%éﬁﬁ@@é’hﬁéﬁ%@%’@lﬂ%&séf%@%mes is

blocked, or other precautions are taken. A model evaluation device which

MeasiBRfh PSPPI RIOER cBiclign SIRCHIGAA RRKLIBOREIYEhaie feedback

comp88EREsk catHrallndeleelionl inpuiisianakisrgisalasaddprcaPRMinGignal. The
patent application PCT/EP03/09301, filed on 21 August 2003. 20 The

feedbaciReEPhBERREHIS LRI PGS B HRIE I a8 uSingG Hengdeaa which

the fSigiRliPaBheaiRGsOARREY Beutiatisae e giterbackaedalgal input
estimates. The example embodiments furthergrovide a method o

signafn Wi ereRpRlcPRAMBRSRURN s AR A0aRHNS rEedmask the feedbask
contréyBRressiandiienpll- Sigraeiatationseihe sxample ambedRe Bt @48y in-
creas%ess'gf%) ggr%?slg‘}/\!éhe input signat, the model is most likely misadjusted and, as a
result of this, the gain 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 controlied electrical input signat is disclosed in

co-pending patent application PCT/EPC3/08301, filed on 21 August 2003.

The example embodiments further provide a method of adjusting the spectral sig-
nal path gain or gains by means of time varying feedback model gain estimates.

The example embodiments further provide a method of measuring the spectral

gain or gains in the adaptive feedback supprassion filler.
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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 ngﬁ:]h: 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

Furth@ 34RaHEhaaip Rstimalionaceormingfi A8 Pedimeniidnspigsent

invention; Fig. 4 depicts a block diagram lillustrating the acoustic feedback
path of a hear- 20 ing aid; Fig. 5 depicts a block diagram showing a prior

Brief ﬂgﬁ%ﬂ&%?@ﬁ tﬁ?d@a@ﬂﬂ@s a flow chart illustrating a method according
T 0 € present invention; and Fig. 7 depicts a flow
chart illustrating a method according another embodiment of the present

The jgpég%%?'}m\/ééﬁ’ﬁaﬂoéé%%@&ﬁé?%ré%@agoé%%%én%ég@@tﬂg%eewipﬂ'@nmore

referred embodiments Fig. | shows a block diagram of a first

readibraparsahiisia Headpipaingcastailes tdeawsiphese pf inagitidar smhediments
of the?)fn%h%ﬂ\ﬁﬁﬁ%@?éﬂ@@ ?A%@Q%@'&% QihipRut transducer or micro-

one 10 transforming an acoustic input signal into an electrical input
signal 15 by,

Fig. 1 depicts a biock diagram of a hearing ald 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 & block diagram of a model gain esiimator according an em-

bodiment of the present invention;

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

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

Fig. B 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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e.g., converting the sound signal to an analogue electrical signal, an
AlD-converter (not shown) for sampling and digitising the analogue
electrical signal into a digital 10 electrical signal, and an input signal filter
wiseasks(mssBhown in Fig. 1) for splitting the input signal into @Qitkalilyfssss
frequency bands, The signal path fdither comprises a processor 20 for
generating an amplified electrical output signal 35 and an output

| Detipneduest R RpaiessNsaRdQr transforming the electrical
| output signal 1nto an acoustic output signal. The amplification

characteristic of the processor 20 15 may be non-linear, e.g. it may show

Fig.CDBIFRSSIOPISBRIGRIGHFHCSF a5 fikds ¥rabddImeRt br thenaHrRECHIdIR8 IR to
ain at low signal levels. In Fig. 2, a block diagram of a second
the Rbodiment ot 4 hearing aid according to the present invention is shown.

The hearing aid 200 is almost the same as the one 20 shown in Fig.ll but

f j t i signal path., T.he electrica .
e YiaY FARMLER RO 8 1o o HBRR s ViRt n o>
Pm%f%@f*ﬁ*‘&ﬁ*ﬂﬁa BEBEPEREEKITe theiauRb inta AT elasdnsy. inpat sigpat 15 by,
e.g. oeksAnitrROLSERALIGHRY 19 Hheplaeiica ittt BRALANGHSR /0. BEverter

L acoustic.output signal which makes it easier for the adaptive feedback
(not Sligw sé%ﬁ%mf R GRERS8 BsaPRR RO SipTRLIgiaPatigital
electenlisighasigmel ahtinpiiesigng! Mawnwwgmmeﬁtm@tlﬂth? @sﬂﬁwthe
i 2 S I ctrical output si 5 for the .
ol AT BLIY B o B LS LS sy FomEgees -

oufput transducer 3

ProcRsgdn 2R daphvErting Backspifse sdrsirinat o8P neidey! 45 amtitae output
trangneske GaiR eldBRier Rbbalie forMer BoRiiers-iRg %H’é%‘i’e%@é%%_l Rbut signal

. includes an adaptation algorithm adjusting an adaptive digital filter such
into B BSRAR AR B o, SR ERRER oAy PARPREREl rbRcoRRssor 20
may hamiatieeand.de WEaR OGO GI62H REHICBR44ERREA 24 2 IRYREI-known
; [ 2 | ' t FBc constitutes an estimate

n thécgfsF?h%%%%ﬂﬁgi%%d%%ﬁn%ig&gﬁgég{i%él%?%‘ilter output FBc can be used as

a feedback
In Fig. 2, a biock diagram of a second embodiment of a hearing aid according fo the

present invention is shown. The hearing aid 200 is aimost the same as the one
shown in Fig. 1 but further comprises an output block 32 in the signal path. The
glectrical cutput signal 35 generated by processor 20 is fed to the ouiput biock 32
and then from the output biock to the output transducer 30. The output block 32
introduces a delay to the electrical output signal and so fo the acoustic output signal
which makes it easier for the adgaptive 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 siecirical 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 filler
{model) 40 and the mode! gain estimator 6C. The former monitors the output signal
and includes an adaptation algorithm adjusting an adaptive digital filter such that #
simulates the acoustic feedback path and thereby produces an attenuated and de-
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cancellation signal 45, in the way that it is submitted to an inverting input

of a sum- ming circuit 50. The summing circuit 50 produces the feedback

controlled electrical 5 input signal 25 as the sum of the electrical input
weignaloh$sand the inverted feed- back cancellation signal 45pdhexemdiosade”

controlled electrical input signal 25%8 then submitted to processor 20 as

input signal. According to an embodiment of the invention, a model gain

estimator 60 is pro- 10 vided, to which the electrical output signal 35 and

layeghyessian kibgRémtciosghdhadites QUM itedc saBsitdissrari estimate of

the §E:§L§ﬁ_6l?§é&1@é@lth d@?%ﬁ%’ima‘m@fﬂt@@m@eﬁ_ l.' B@ezﬁai:rf]eiuébﬂ moglebedback
which is then used to derive pper gain limit 55 which is. submitted t

cangeliRteR SRl Al HRING A LIRS TSR S ] & sum-

minguiprasSoNThite sdOisian cadaip Slepdahaddittnevidedneaitaioritotiel akettrical

. tep size, The initial filter cpeffici e, nr. i

npuf B3 25,45 Rulier B e o bl SO0 O RIS oo

backgmresiabiarilaralet) tithetfeerbank Cammlisdielestion’ Do aigna 25 is
therl KGhcRElicis pim dbssadaptiveidigitalidier is able to generate an initial 20

filter output FBc which can be used as default feedback cancellation
signal 45. De- pending on the precision within which the adaptive digital
Accllifingan aatemibedisemistic fee dbaekisignal RBdelapaiifsettinsados BOalie gro-
.. safety or f rgin is. i t 19, |
v e The e Bt R S e B A R Al

45 peloutmétricPasricnibrie reuadte EsielasirGelnalis §0fetermines
the [RES9RGkMREBRIOLGICB S Belecashwhihmeans thdhgamiRer 55 which is

bpr_ocessor gain limit is set 6 dB below where audible feedback occurs.
SUbRIHSh IR PREGRR Y is switched on, the adaptive feedback suppression
filter starts with Its adaptive modelling to match the acoustic feedback by

Accgr\@%a.ttig g fhe ] ?é%%’ﬁﬁﬁ%@%&ﬂ@ %%938%94?5%%%@5?'@?9@ an

signal is génera of the adaptive feedback suppression
adapities digital iliehwith@raradn length and step size. The initial filter coefficients

are preferably siored in memory {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 coefficiants, the adaptive digital fiiter is abie {0 generate an initial
filter output FBe which can be used as default feedback cancellation signal 45, De-
pending on the precision within which the adaptive digital filter can match the
acoustic feedback signal FB,, an offset as a so called safety or feedback margin is
infroduced 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, & feedback margin of 6 dB is selected which means that the up-
per processor gain limit is set 6 dB below where audible fesdback occurs. After the
hearing aid is switched on, the adaptive feedback suppression fiiter staris with s
adaptive modelling to maich the acoustic feedback by evaluating the filter coeffi-
cients so that an adapted feedback cancellation signal is generated.

The function of the adaptive fesdback suppression filler is now further explained
with reference to the flow chart as described in Fig. 6. First, the feedback cancelia-
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with reference to the flow chart as described in Fig. 6. First, the feedback
cancella WO 2006/063624 PCT/EP2004/053547 13 tion signal 45 is
generated in operation 610 to reduce the acoustic feedback of the
WReHAiFB638&by using the feedback cancellation signal as an BODERIgHX 547
reduce the feedback controlled elettrical input signal 25. As part of its

adaptive modelling, the adaptive feedback suppression filter 40 yields a
r coefficients to evaluate the feedback

.__certain gain when adjusting its 5 filt :
tion SIoa) Ao SRIRPRT (P ERTIBHERS o [AHYE daecrHERCeRTARK o the
heagai @stibyatsiapdibdaguipeckninishetiproerpser & Sionabpsifreain iseduce
e i rati taki e.model gain esti- mate as a.,.,
the R B B RS2 AR e A e eBiin,
the asamsivgainashinalaRuinmrasionifbarOcyetitaieustytaistipiting dre agiirsiing its
fitetRSepraptieieaiiaste sHorEesRiaR s -ThaRodR)4al 'PgeéElJ(E?éHBH 820, this

. done lgég(_:rgm- paring the input signal to the adaptive feedbac
gaingls RLEEIIRelER WIRER'iSaH: SEMac ansuRit R RRIITH HidhRePeapaECT OF
signaf ﬂmiﬁl@aﬁtiwﬁmgen&rs&&mﬁﬁsﬁm i_éﬂ&fdm(}iyiﬁhﬁg’ﬂggpﬂ%ei gain esii-
cancellation signal.45. This comparison is dope by the mpdel 15 gain
Mt P R e s A ele LAl B e A A R
is used to derive the upper processor gain limit. The adaptive feedback

The FHEBER SRI0N lliRIAD is %Qﬁﬂ%'ﬁf@%@%@@sﬂﬂgé{mﬂ@g%ezggﬁplﬁ the

delays to the signals, e.g. the inputtéd electrical output signa part
adanip/es 'RAPRGE SHRRIFFRICDGEe MRSIBIRARN aRihCaimalive fectpariby com-
parirsy fisdasignsfges !rnﬁglﬂfmgeébﬁﬁeq@&mi@aaﬁ g@é@"ﬁﬁxbwzlwh IHIERI®s the elec-

L BX iQn, si the ack si reaching the micro- phone is_ .

tioal OB PRl 25 S T AR A hS, AR e e Ra ok R RSl e
whichfithibe) teadegalvesnsela B sigtiectiy e Thisgifiesatimomaxdoombyliheabteie!
gain Gt BICeRI OPRESRIGHLA GiHEARSRREDAGK SRNRENIBLARAAP I is

this estimated gain limit a deduction has to be made. As signal distortion
used jn derive the upper processor gain limit. The adaptive feedback suppression
filter 40 is also capable of selecting and introducing suitable delays to the signals,

e.g. the inputted electrical cutput signal 35 as part of its adaptive modeliing.

The model gain in the adaptive feedback suppression filter is generally negative, as
referred to a logarithmic expression, since the fesedback signal reaching the micro-
phone is generally an aftenuated version of the output signal. The numerical vaiue
of this gain, equivalent to FB,, sffectively signifies the maximum allowable gain in
the processor in a state absent feedback compensation.

From this estimated gain limit a deduction hes to be made. As signal distortion will
be audible eaven at loop gains somewhat below 1, a deduction must be made 1o 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 allowable gain without feedback

compensation becomes FB, - § d8.
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be audible even at loop gains somewhat below 1, a deduction must be
made to en- sure that the maximum allowable processor gain stays below
the stability limit by a margin. This safety or feedback margin will be set

wacmosdiesg2o testing. In one test 30 setup, a margin setting at@rd fvsasos3s47
been found suitable to avoid any audible signal distortion. Thus, in this
example, the maximum allowable gain without feedback compensation
becomes FBA - 6 dB. WO 2006/063624 PCT/EP2004/053547 14 In the
event the adaptive feedback suppression filter produces a perfect

n tr@rﬁumtdhecﬁda@imfﬁﬁiﬁmhr%fémmarﬁwfems@@miméecz simulation
of tHeRacsiss-fardRack LB P AR OB R AN ISP BIREALV AN hack will im-

processor gain, and the model provides infor 5 mation about the current
POSERRYFRERIFARSRI BB AIRNEEIE Precesiaicael BRe Nsoledel rimyides infor-

matiofagbuatigeshaekeat PeEcsien Hiah preduresiatessihan-peifeskctical case,
here will be a re

simulation of the feedback transfer function idual
ow Sl AR FERPLE JROAEALN 5 RRERG LR R (L Eopa R rect
simuigaiibambtiietebgiiekdracezoiyactibthdreravilibban eppdudinfembmek
“processor gain in order to avoid instability, i.e. to avoid a loop gain
exceeding 1. In particular, the step size and length of the adaptive feed-
FEr Ry ssion filter has an effect on the precision within which the
acoustic 15 feedback can be matched by the feedback cancellation

ignal. The maxim llowable processor gain will be estimated b
roacH s FHRALNER O PeRIar LR AL b RUNE e HPARerD, Anstpre
will Enibauw;mefé‘edibmmmsﬁm@@n mroveﬁﬁedobg\mlé imetdilign ﬁes theavoid a
loop 4i5h %%ﬁ&ﬁ???%?ﬁﬂi&ﬁﬁ?,et%”&% &Eé'%'ﬁ?i"sgr%‘%ﬁs?la%éaé@a 'QeaF%ed-
count the entire signal. In one exemplary test setup, level estimates base
backopuppression filter has an effect on the precision within which the acoustic

feedback can be matched by the feedback canceilation signal.

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

function provided by the model.

As the filter e.g. processes a finite time window of signal, it does not take into ac-
count the entire signal. th one exemplary test setup, level estimates based on a
time window of 1 millisscond {ms) were found fo 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 = FBy - FB¢ and with the filter output signal having a level of 80 % of that of
the acousitic feedback signal according to this exemplary test setup, FBg = 0.8 FB,,

the residua! feedback is;

FBR = FBA -0.8 FBA =02 FEA.
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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 25 can be expected that the compensation
Wheie8sastésidual feedback at a magnitude of 25% of the feR§tIBRIO04/053547
cancellation signal. As FBR = FBA FBc and with the filter output signal
having a level of 80 % of that of the acoustic feedback signal according to
this exemplary test setup, FBc = 0.8 FBA, 30 the residual feedback is:
FBR = FBA - 0.8 FBA = 0.2 FBA. WO 2006/063624 PCT/EP2004/053547

As FB5 AsHBAFRREPRerESdutheeattidailifdeedback is: FBR = 0.2 (FBR +
FBc), and thus: 5 FBR= 0,25 x FBc. In this example, the adaptive
feedback suppression filter then raises the limit to maximum allowable

FBr gaid byBe fadtBebfar® EBHIFBR = 4, equivalent to 12 dB. Thus the
maximum allowable processor or signal path gain becomes -20log(FBc) -
6 dB + 12 dB = -20log(FBc)+ 6 dB. 15 As the filter is digital and settings

FBr=iQcfenidiRal, allowance must particularly be made for the step size, i.e.
the finite resolutlon of the adaptive filter. Accounting for incre- mental

in ARSI R SRR RotealabaT RIS FRNSSted MG o

0SE'S S relevant ar ing to
maxnmmmﬂmﬂhmwm Er@%@ﬂﬁaﬁventlon, the upper processor gain limit

FBc/FBr = 4

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

As the filter is digital and settings incremental, allowance 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 fie within

the capabiiities of those skilied 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 feadback cancellation signal and the safety margin. The person skilied in
the art will then evaluate residual feedback FBg from the feedback canceliation sig-
nal and the filter precision. The level of the residual feedback and the safety margin

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

An embodiment of the model! gain estimator 60 is shown in detail in Fig. 3 and wiil
now be described. It is assumed that the processor is preceded by an input signal
fitter bank splitting the feedback controlied electrical input signal 25 into a piurality
of frequency bands. This input signal 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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may therefore be determined by the precision of the adaptive feedback
suppression filter, the feedback cancellation signal and the safety margin.
The person skilled in the art will then evaluate residual feedback FBR

wromstbesdeedback cancellation sig 25 nal and the filter precRIOVEFEhe: keazsd 7
of the residual feedback and the safety margin are then be used to derive
the upper processor gain limit. An embodiment of the model gain

i R b A

samgifittingithuitfes digcibatk Al o etdcasputsignal Titentban iR 7alispiiting
the $ISEHRIFNRANERAANSaNRE SignRlCINRT PaRELAS) ShHRWE ke ik aREPIda

ac- cording to an embodiment of the present invention, an FFT-circuit or a

the IRRERINSRIB SRETER6MS6 3614 PR AEPYLSHIDRISS 1R, thes RIRRESRRICASHIRS the

modéhgeiecEtaldnn AR Gt into respective fireguency ibands. Bihaskantee same
FFT CII’C rfllter ba be use S input Si nal filter bratﬂé 2rZz

filter fﬁtﬁ( ing Etﬁpgl'eclfrlcéaqlﬁég |gn ?to ré]?sB‘ect% Ve ﬂequfgnc gged.

which is then fed to the model galn estlmator 60. Thus, the input S|gnals

An oEPc;IQ? HoREF RRer EQF&}@%@%@:@‘Q% SRR ERRBH S me%ece

frequency bands by using the same filter bank or FFT-circuit so that the

sighad YePirane esthrat & PeTiiAEPYRIRIENAIPS AP ER fRadeshamResle-
tion Q@ﬂamam@wﬁmﬂqﬁ signaldpjtenenkRRprodbeed SionR) ¥Retarvectors
225 of |caI o ut S| 35 and th feedback cancella-, 10
215, ? on ? ren% %’gs{)ect?vml?/ in The ?eeg%:)ec Ve f equ'é:nﬁc%’%%%ggnﬁﬁeegt halere
subrmﬁetbte am&;tﬂﬁa‘td@eﬁaﬂﬂa‘@d‘m pitded gdihagstitnaochmpbingativaseve!

me DR ARELRT94BUbBUNEHRIPN B IRUhSARINE SRINEIRD VRIS Bi0evel

and to an compensation level measurément circuit 240, respectively, for
MeaYERErAANgARpLRAVELR: CRERSHITE P RRARTAISS RysoomBUtHeE Joveim of the
szgnanmurema geperaied bysempwimgdatingswipbihe 45 si)nal Yestiised be-

o i T FHR L THESU B35 A et b e s b et
matoeﬁeck 250 for calculating 2 vector of ratios between these level measures.
The vector of ratios is then assumed to represent a gain estimate in each freguency
band. The modei gain estimator uses these estimates to derive upper gain limits 55,
255, which are submitted by the gain estimation block 250 1o processor 20 (ref. Fig.

1).

The model gain estimator 80 further comprises model evaluation block 260 for
imeasuring the accuracy of the model. The model evaluation block 260 receives a
vector of slectrical input signals 275 from the input signal filter bank 270 and a
vector of feedback canceliation signals from the compensation signal filter bank 220
and generates control parameter 265 to control the filter gain estimaior 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 10 a
norm of the feedback controlled electrical input signal. i the norm of the feedback
controlled 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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mator block 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
WesHtE$ 26 derive upper gain limits 55, 20 255, which are RUITHEREE44F3547

the gain estimation block 250 to prdéessor 20 (ref. Fig. 1). The model

gain estimator 60 further comprises model evaluation block 260 for

measuring the accurac%/%%f thT&%}od |. The, model evaluation blotzlégm E
pargppEtRie] DEIGRIED DI FPFS\?&@H&I&E’?WW%Q?% ghay aiso
be Hillesibank 27rahdaraeetersofdeedbhdkeeanseliatansi@inks faotiotisecould be
compensation signal filter.. n nera ntrol pa r
o s B R R Vel Seh e s Ao A S L et o
let themgairefisnigcSetivednbdel theamadeh Briviestugiondeatetouradesnisiret de-
fault VBRIBL O FSCaLIanKL an %ﬁm%fg,?%@%&wam@n #8ifg the
3o norm of the feedback controlled electrical input signal. If the norm of
heariRg fiddback controlled electrical input signal exceeds the norm of the
electrical input signal with- out feedback compensation, the model is most

o MOt A ihe conucl W2 20961080604 BETIEPZANYISATAL 1

O take other actl_on. e‘control param
Fig. Z65insbyimlepetsdienEtosignabivectqraraifet8RSiof thecferdbachepiraiigtion

'signg%fﬁﬁiﬂf@&gﬁiqé‘?o@ﬁ?%@hﬁ B5ere B RNREBHABAMIR using the

certain amount of time, or it could be to let the gain limits derived from_the

samenfilier fankeasHars: Rdkeiiak path e HTaeRSIaNde. M5RYGRaleY: @

 leveldabubtraldemmanie drobeineassitediveernshiting the hearing aid. The

function of the model gain estimator is now further explained with
reference to Fig. 7. First, in operation 710, signal vectors 215, 225 of the
Accdistinip dclanaobbdipantoasinmgla 5 eeragsct ibetdbsobdp e kigmilsashmanal -

in 2 BERSIAEAHOYRISICIANYLISIAY 1He RUBPHESERRNKAS HECHR UMaBINaS rec-

path of the processor. In operation 720, a ,
tangular. In a computational low-cost embodiment, the average is calculated by a

first order low pass filter, L.e., the fime window is exponential.

According to another embodiment, direct energy computation is used o generate
the level measure. The level measure is faken by compuiing an energy measure
which is achieved by calculating an average of the squared vaiues of sach signal in
the signal vectors 215, 225 over a certain time window, where the time window

again can be either rectangutar or modelied by a first order low pass filier.

The model gain estimate is then generated by determining a ratio between the level
measures 238, 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 speciral processor gain limits in the signal

path.
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level measure is generated from these signal vectors. According to an

embodiment, a simple average of the absolute value of each signal 15 in

a certain time frame is taken as the level measure and the time window is
Weeroddgatkar. In a computational low-cost embodiment, the BUEERSI4E53547

calculated by a first order low pasdfilter, i.e., the time window is

exponential. According to another embodiment, direct energy computation

Accé?ali'ﬁg tg,ggﬂ%g&‘ﬁnéﬂ tt}?xé@(&’vﬁ“@%ﬁ%@a cﬁ'?e %%%’L&Ef@g §I§§ th@/gen-

uting an energy measure whic y calcula |ng
eral fnmsnaiige 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. 25 The

modél gain estifiate is then generated by determining a ratio between the
Vel ﬁ |e 235, 245 of said electrical output signal and of the
feedb&tk cancellation signal in operation 730. Since the ratio is

whei%?ﬁeim@%fﬂrtﬁ%ﬁ&léﬁm¥ Jband, gy Yﬁ&%ﬂ%@@@v@%@%@sﬂﬂm is to be

respective frequency bands is obtained. Thesé esti- mates are then used

calcyated i JERETSSHLS Pa MRS T Tigh fRRHAA AEGiRMr-adpEtReols the
pow@0661A6 e %Eﬁ&%@%%ﬁ%ﬁui&r@ﬁﬁﬁﬁ fﬁﬁéﬁt&h‘f ¢ilbReimeatthel and

or nal are ul cco to the ralf rmula: L D P-i
tne TETRARRE Fies i SN B BIRPbE e T ) o e signal
of which the norm is to be calculated, Fk represents a wmdow or filter

g |o e)lpfngﬁx Mynﬁer p is the power of the norm. According to a
tlcuI ré odit this formula p = I and the filter function Fk is
deflned by the following recursive formula:

wherein L isaconstant 0 < AL <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-
cuied on & digital signal processor or any other sultable programmable 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 electronic circuit
may be realised as an application specific integrated circuit which then may be im-
plernented in a hearing aid system to employ a hearing aid according to any of the

embodiments described hersin.



10 N(k) = A2 xk | + (1- i~) N(k-1) , wherein %. is a constant 0 C % 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 priggram then comprises computer
program code which when exe- cuted on a digital signal processor or any
other suitable programmable 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 electronic circuit 20 may
be realised as an application spegifigrigtegrated circuit which then may be
im- plemented in a hearing aid system to employ a hearing aid according
to any of the embodiments described herein. 19 Claims: 1. A hearing aid
dormpesitieg al ppuptsingducer transforming an acoustic input signal into
3 HBGGRls IRt BIGNAL A REPSE SRBLERNRIANNGARR SHRS Hical Qe
signal b a}_mplifying said electrical input signal according to a processor
it 3'Hy'}irtput transducer transforming said electrical output signal into
anpaccrsSHc gentpatisigaalkiantkcka ptive fesghnE dy anppivssiazilieectrical
W@HHQ‘ adesd &?Q&%&%@BP@Q{]&“ a model gain estimator

determining a model gain estimate of the adaptive feedback suppression
fteP R JeRerGRE ERPBIFBINSRIS e RO CEERG IRTR! INRAR ARG

ipuipat saiekimodel gain estimator includes a model evaluation block

upuing 2 paniial parametel dieating anossible misadiustment of the .,
model 2. The earing aid according Eim © fur er comprising an ’

GURASHIRRIR estimator determining a model gain estimate of the adaptive
feedback suppression filter and generating an upper limit of said processor gain;
characterised in that

said mode! gain estimator includes a mode! 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

deiaying the elecirical output signal fed 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 for each of said frequency
bands and generates spectral upper gain limits of said processor gain in said
frequency bands.

AMENDED SHEET



delaying the electrical output signal fed to said output transducer. 3.The
hearing aid according to claim | or 2 further comprising an input signal
filter bank splitting the electrical input signal into frequency bands,
wherein said model gain estimator defgrmines 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 -20-
4. The hearing aid according to one of claims 1 to 3, further comprising an
@utﬁelhéégihgléiﬂ%’d@arﬁmeamingcaaspectml:sigmmafemmfsmian output
elec rical ou ut si and fi i
s R e e e
uldroTePgaRi s SiaRALFIRE RErt eSS IR mergtie’ sianauUverARP! said

At earlbHARAT NG rﬁl%ﬁ@%dt@@w tesplaipdk i eisianicbedel gaina

estimator inclu es a f||t estlmator generating said model gain
BRIV E ﬁl%a Sbetween said level measures of said

electrical output signal and of said feedback cancellation signal. 6. The

@eﬁ{g@e@%@%ergé‘agr@nﬁl%miérﬁﬁwg?éﬁ'@aﬁé'%wgbgﬁé@tﬁﬁé'{@a?%udes

Includes an output level measurement block and an compensator evel

RS GRBHMAISE IO BRAEF A R EES LA PR g T2t
wmnswaum ok ssice fosfchitkieamicellatithus i) pespEctiie igadpack

com Qrm of the signal vectors over a predetermined time
can%Fl Q&%ﬁ ghearlng aid according to claim 6 wherein said norm is the
absolute value of the signal, and said time window is rectangular. 8 The

@eﬁﬁl@Beﬂm@%arammr@m;ﬁuwae@emwwmmdsﬁbsa@smmmm

oft nal, an? sali time windo odelled by a flrst 85 :
A% e LR AR oot & e A A e RaSsemen

bmnhmemﬂegﬁaad level measures of said electrical output signal 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 to claim 6 wherein said norm is the absoiute

value of the signal, and said time window is rectangular

8 .The hearing aid according to claim & wherein said norm s the absolute value
of the signal, and said time window is rnodelied by 2 first order tow pass filter.

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

the signal, and said time window is rectangular.
10. The hearing aid according to ciaim € wherein said norm is the sguared

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

AMENDED SHEET



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 comparing a
norm of said electrical input signal without feedback compensation with a
norm of said feedback controlled electrical input signal to determine a

possible misadjustment of the model. 12. The hearing aid according to
Horeeheriingsactgcreingiginnraief Maimms dam’ utmeorsaseresigayaiuation

bIFRRGE LaaRSHNAIR P HR ks rRpRerating: S HPRERIMLIgha AIHHRIRG8 8885k

ain if said coptrol parameter jndicates misadjustment of the model.. 13.
o e AR At S BRGRAG 20 SR BPEI A P 181 SRS R RHE XA s
dadeteind repbhehesaidadjosisterdinfdbmatoelleak towards a set of default

values if said control parameter indicates misadjustment of the model. 14.
A method of adjusting the signal path gain of a hearing aid comprising an

143nplE HRHeRE BTSSR 8 P REBITREC it i YGRS mekREen
ediputsifeatad qidcassergrnemiingan-aetigehoting sknabbyr limit of

sa%@@é@%??&r?l@%@c 1nRy asgﬂ%l%'yimdﬁ%iggi%?s%ﬁ%pn%%indf‘%ﬁg el

ut transducer transformin electrical output signal’into an
acoustic output signal, comprising the steps of: generating a feedback

1xancellpsamgiandl aeaaingaptivhdestBrisSUPRI SIS, the gain iimits
o e B N e e e
sdightoofrobkeigeadpaticatan tissdjdenuetel gjdine estiteate upon evaluation
of said feedback cancellation signal and said electrical output signal;

14. A method of adjusting the signal path gain of 2 hearing aid comprising an input
transducer transforming an acoustic input signal intc an elecirical input signal, a
processor generating an electrical output signal by amplifying said eiectrical input
signal with said signal path gain, and an output transducer transforming said eiectrical
output signal info an acoustic output signal, comprising the steps of:

generating & feedback cancellation signal by an adaptive feedback
suppression filter;

determining a mode! gain estimate of the adaptive feedback suppression filier

by evaiuating said feedback cancellation signal;

generating an upper limit of said signal path gain by said mode! gain estimate upon
evaluation of said feedback canceliation signal and said electrical output signatl;
-characterised by the further siep of:

providing a controi parameter indicaling & possible misadjustment of the model.

AMENDED SHEET



characterised by the further step of: providing a control parameter
indicating a possible misadjustment of 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 fegglback cancellation signal. 16. The
method according to one of claims 14 or 15 further comprising the steps
of: splitting the electrical input signal into frequency bands; determining
said model gain estimate for each of said frequency bands; and

15y diverattipesrscpeding pe cigéin Tinbaseikesdidigrele gaingidaieyaiaed by

cIRBALSAGY RaRdand ind BEIMRIERG AGSRIElIRE B QRE0bSHaRIS LAY 16

further comprising the steps of; generating spectral signal vectors of said
geé]@?ﬁw&ﬁalgﬁﬁdsg@ﬁ'é@ﬂgeg?gﬁi '&&back cancellation signal; and
generating a level measure of said signal vectors. 18. The method

mg%%@%% daim i b ereinsaidmodel 93in estimate fs 8eRS RIe ¥ of:

letermining a ratio between said level measures of said electrical output
spdfgRaitherissticatitestpaeR!daRcERIHBRA%ISARFSi9. The method
deasaansngskdne & gaimssiineae8rwheretn sattfleyetmeasings are

enerated by applying an average of the absolute value ‘,a%nnt the
oS SO R IR SR A e
bargisvherein said level measures are calculated by first order low pass

filtering of said spectral signal vectors. AMENDED SHEET -23- 21. The
thod . : . )

A RS S S SESTEHE 9418 VB S R IR 2SS o
generating spectral signal vectors of said electrical output signal and of said
feedback cancellation 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 betwesen said level measures of said electrical output signal

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

signal vectors.

20. The method accaording to one of claims 17 or 18 wherein said level measudres are

calculated by first order low pass filiering of said spectral sighal vectors.

AMENDED SHEET



are generated by applying a direct energy computation to the spectra!
signal vectors. 22. The method according to one of claims 14 to 21 further
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 method according to one of claims 14 or 22 further
comprising the step of freezing the generation of said model gain

2 estineairmad/atsialingtthergasfenaling of Gaid wpeesitididiwaidaigsales
ain if %z%id cqntrol aoglrameter indicates gsa%utsﬁ]ment ngf phe m
t

a ath raled pPIVIn rect gnergy Co x=)slely] e speciral sl nzﬂdel'
549; CRePbaHeEs Ing to claim 4 \Whdle the gaim Timits

vetdpived from said model gain estimator leak towards a set of default
values if said control parameter indicates misadjustment of the model. 25.

The method according t laims, 14 tq 23, wherein the. i
2R e AT T ATRTH Py HEPE AR ot e
chewsiiaghe Damalfan Siguetalisntesievolithe Setaipiok feettivasiation

wiHRRLG RS IR fILSH 00 R SR TEIK MR Bict G A IGRRIR WIGF R mine a
comprising ,rogram code for performing a method according to any one
p%?%‘Pgé?rﬁgSf&ﬁt@

s pf e NASBbnic circuit for a hearing aid comprising: a
processor circuit generating an electrical output signal by amplifying an

lectrical,.input signal submitt -an inp. r i ring.ai
2SI ey e s
frespipecdssionrriatien alisyemerdthgainfesibakkantiec@ing Kipeargsaiion of
sSdhirpetaifomssaidriestias npyisarptheioresalsaRcHaEapUt

misadjustment of the model.

24. The method according to claim 14 or 22 wherein the gain iimits derived from
said model gain estimator leak fowards a set of default values if said control

parameter indicates misadjustment of the model.

25. The method according to one of claims 14 to 23, wherein the upper gain timit of
said signal path gain is determinad by the numerical value of the feedback
canceliation signal, the precision of the adaptive feedback suppression filter and a
safety margin.

28, A computer program comprising program code for perfarming 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 amplifying an slectrical
input signal submitted by an input transducer of said hearing aid with a processor
gairn,

AMENDED SHEET



signal is provided to said processor circuit; a model gain estimation circuit
determining a model gain estimate of the adaptive feedback suppression
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-igflicating a possible misadjustment of
the model. AMENDED SHEET

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;

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

said model gain estimation circuit includes a model evaluation biock providing a

conirol paramter indicating a possible misadjustment of the modal.

AMENDED SHEET



