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-1- HEARING AID COMPRISING ADAPTIVE FEEDBACK
SUPPRESSION SYSTEM 5 Field of the Invention The invention relates
to the field of hearing aids. The invention, more specifically, relates to a
hearing aid having an adaptive filter for'generating a feedback cancella-
10 tion signal, to a method of reducing acoustic feedback of a hearing aid
and to a hearing aid circuit. Related Prior Art 15 Acoustic feedback
occurs in all hearing instruments when sounds leak from the vent or seal
I ; j
A T e R, SRERE G svsTem
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 mould/shell. 20 The output of the hearing
Fieldgf the liwestion s unstable and the once-inaudible acoustic feedback
becomes audible, i.e. in the form of a whistling or howling noise. For
many users and peo(fle around, such audible acoustic feedback is an

The KWWOBn@%ﬂa tydheafielthphhassiemide ddwinvendianngnore specifically,
relaté@%”é‘]?é’éﬁH@éﬂﬁﬁiﬂ&aﬁe&egﬁfﬁoﬂW&Q&‘E{é{é%’tiﬁ éol%%%%%ﬁcancella-

. feedback, may corrupt the frequency 25 characteristic and may ex
tion sigaahite Wil ohsedusing egonsticsireghrdicobadnsatingtaid and to a
heariREPBIg S EIC (Complete In the Canal) hearing aids with a vent opening
since the vent opening and the short distance between the output and the
input transducers of the hearing aid lead to a low attenuation of the
Relataaougtie Agedback path from the output transducer to the input
transducer, and the short de- 30 lay time maintains correlation in the
signal. 2 Fig. 1 shows a simple block diagram of a hearing aid comprising

AcousticTBEHBABR SSSsOITHAr PRIPRF IHERFIIANWAB ARG D m the

an electrical input signal,
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 mould/shell.
The output of the hearing aid then becomes unstable and the once-inaudible
acoustic feedback becomes audible, i.e. in the form of a whistling or howling noise.

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

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

lay time maintains correlation in the signal.
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a signal processor or compressor 3 amplifying the input signal and
generating a processor output signal and finally an output transducer or
receiver 4 for trans 5 forming the progessor output signal into an acoustic
output. The acoustic feedback path 6f the hearing aid is. depicted by

Fig PIOKRBVAE ANSimHIE TBIRGENG; %ﬁgﬁ‘a?tfoﬂ %‘én ?e&g sﬂ\ 'hiut trans-

certain frequency range, the e gal |ng
dUC%ﬁémiﬁﬁaﬂbﬁmﬁ%lb”ﬂﬁﬁf@rwmmelmw iepeltérjoathelpotitealsopst signal,

t t
A S Rty 3 e PG SR HpIRRRREK 806 eifating o
procasspppUtivel fitianal taethdaely aid @ituthexRsduter the fesdlyackd The trans-

fornﬂﬂ&&ﬂ\éeﬁl‘g%%on“mﬁ?ﬁ g IS Y RTRAHO B #Eﬁuﬂ?’e'%%ﬂbgﬁéh%edback

hearing aid including the acoustic propagation path from the output

pafh@hﬁeﬁjeeafm@mﬁemr@gdd@r brakersareusf Wiesehytbe ﬁttertu;ation vec-
tor iSUMIRSIEY 1) the PuipY eéﬂmmﬁ@ana@g paIsbeut; %ﬁ&%’tﬂ&tﬁ%\m G (in-

adaptive filter Is subtracted from theé input transducer signa
cludingisensiemetion elficisnieyfed dbigtophansaang aidastiver lofidhe processor 3

and %msﬁu%ﬂqs .\é’&%o%%/%’ég?n% @m@a‘&agﬁ RENHS QPEI5GY herewith

by reference. In such a syst e adaptlve lter operates to remove
correlation from the input signal. 20 Some S|gnals representing e.g.

Tos ?ggsoéﬁH%@wgﬁ%ﬁgﬂﬁrﬁ?Wéh% h%too gﬁ) IFI&L? ga)rén adap-

s he adaptive tilter can no owed to a quickly sinc

tive fitienirakio Miwwdr&msmr@‘eﬁm&\mﬁmﬂkoﬁmmﬁwe filter es-
t.mafggt%tethﬁaﬁw'%uﬁeﬁo%%m%a{gq@ 8 % ﬁ@dﬁégﬁﬂ Téi&f%faa?dmg the

€ con- vergence rate of aptlve ters |n earing al S IS a

ac@@mmmﬂme&ﬁéwﬁmwmwmgeh@ the imputidgrabssiuser. The
tnpuPBP%W'HBﬁ%%W% ﬁf@@édﬁé@ﬁ&&?k@%&@ﬂ%ﬂﬁ&t@%ﬁgs&ff%féd%we out-

convergence rate that ensures that S|gnals presenting spee

put sigrad ﬁéfn’ﬁhfn afapliveddies ushsabisaeteny & eva dbacinguppirssisiduosysedgmal to
comb%ﬁ%@?énl%mﬁ@/é%ﬁ@ﬁ&e@%%%% R l%e QéﬂH)Bﬁ‘ HAOHAPT SIS ?’Iter ed. e.g. in

rocessor 3 (reference signa edto a aptlve estimation

WO m?é%aﬂﬁoﬁummmd@wm@rﬁdam@am begewmircbyvesference. In such a

system, the adaptive filter operates to remove correlation from the input signal.
Some signals representing e.g. speech or music, however, are signals with signifi-
cant auto-correlation. Thus, the adaptive filter can not be allowed fo adapt too
quickly since removal of correlation from signals representing speech or music will
distort the signals, and such distortion is of course undesired. Therefore, the con-
vergence rate of adaptive filters in known hearing aids is a compromise between a
desired high convergence rate that is able to cope with sudden changes in the

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

representing speech and music remain undistorted.

Such an adaptive feedback suppression system is schematically illustrated in Fig.
2. The output signal from signal processor 3 {reference signal) is fed to an adaptive
estimation filter 5. A filter contro! unit 6 controls the adapfive filter, e.g. the conver-
gence rate or speed of the adaptive filtering and the relevant filter coefficients. The
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gence rate or speed of the adaptive filtering and the relevant filter
coefficients. The 3 adaptive filter constantly monitors the feedback path
providing an estimate of the feedback signal. Based on this estimate, a
feedback cancellation signal is gener:'- ated which is then fed into the

ignal.path of the hearing aid in,order t@ reduce, or.in_the ideal case to
adaria e ohE Rt e S B b et Sifrgie of the
feedbmgkesipiay. Bhsitd iomptide extipenise {FRYIk avarpiatititesigneh Bsgener-
a warped FIR filter. or arped jnfinite | S | ilter R
ated YR R e A e T e R R A B B Rlfuce, or i
the ideehdenedboalmpinzidiltecmgsticifeddimekre given in the textbook of Philipp
A. Regalia: "Adaptive IIR filtering in signal processing and control”,

published in 1995. For a number of reasons, it may be desirable to
As sstaptlive feedbaok idstinatbmtbiitet Dhremath esigpteysanioiicoithpulse response
(FIREITIEYE (Farbac el MAP AL el e R RS oL WU iR RRpuise
re pdrticularly pronounced when a’least mean square (L type
respahRiif)ifiteiicty Sudbditeadynasiaratidesanbadimdaind idhaliéO 02/25996
equivalent to orthogonalization or decorrelation of the FIR 20 filter nodes
" corresponding to the autocorrelation matrix for the reference signal be- ing
transformed to a diagonal matrix having identical diagonal elements. This

An o%%vfeﬁtt%@ Hb&om%gﬁffgrrg%ﬁmﬁﬁ&%vsﬂ AEEHE RidBs SRBEBRlRp A.

for all'filter coefficients because the variance of each node is the same.
Regatkas dtdpeiiver B fiaristhiny sanal protessiegemeberriis!sipyalisbendnoto95.
an RLS (Recursive Least 25 Squares) algorithm because there is no

useful information in the second-order de- rivative of the underlying cost
For aunamensfiiearnbeoitdnalheesiable dmearalizaanndiniheiisigahcase tow-

hiterS A% SYRHBHHESS tHE aHaABIRIPREHINAR BSERRth SR THSHRMRtges of
over thé frequency spectrum.
signal equalization are particularly pronounced when a least mean square (LMS)

type algorithm is utilized for feedback estimation.

Whitening of a signal is equivalent to orthogonalization or decorrelation of the FIR
filter nodes corresponding to the autocorrelation matrix for the reference signal be-
ing transformed to a diagonal matrix having identical diagonal elements. This has
certain useful consequences: The adaptation occurs at the same rate for ali filter
coefficients because the variance of each node is the same. The adaptation is gen-
erally faster as the performance is similar to that of an RLS (Recursive Least
Squares) algorithm because there is no useful information in the second-order de-
rivative of the underlying cost function as the autocorrelation matrix is a diagonal
matrix. In addition, in some circumstances the adaptation error is also more evenly

distributed over the frequency spectrum.

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

time depending on yawning, chewing, tatking, cerumen, etc. However, certain char-



so A further problem associated with adaptive feedback suppression in

hearing aids is the following: For the same user, the acoustic feedback in

hearing aids varies over time depending on yawning, chewing, talking,

cerumen, etc. However, certain char 4 acteristics can be regarded as

valid in most situations. Most notably,,acoustic feed- back is far weaker for

frequencies below 1-1,3 kHz than at higher frequencies. Moreover, the

problem of feedback is also limited at frequencies above 10 kHz as most

hearing aid receivers produce little sound above this frequency.
acterigtaditzamabg regadeskss hald smatlesthatuatplussEost totablfregoevsiesfeed-
back 33/ fIEBUERRIC IR St (0 82 IR P ORIRHER 4Pl B cies.

ow (or even zero) in'some " frequency ranges making these frequency

Moregugigdbdepsohibincfidededtbakids prisis dimstad ainfgssigneigsndbedbatk kHz as

most p%'&?ﬁ\'g@iﬁy ?é%@lvghg‘e‘f)rz%f&’&%é“ﬁctﬁ%ss?&ﬂ?@ éBc?%m%'iPW 8H@§fzﬁlldditionaiiy,

requency ranges where the canceling must perform particularly well. )
most PRRIShHRES sMiET diedittotHessesratdauenlfeasiensias éige i dhmdigher

frequétfcy GSHIREAANRY Ehd REGHITIRECHR BRAEAR'YT RIVINENeEIe 2 in some

balance between frequency equaliZation or whitening providing a desired
frequenR@bridngeh JMakinggieseaftrnuene adanass filssnsubigghal@nipedback

probléﬁ%.W&Pr@éémﬁﬁe&‘%é’%iﬁm'&ﬁéé’ﬂﬁ%ﬁ@ iR filin e &idRakes sense

removing frequencies not relevant for feedback suppression. Summary of

y
to soghRve R EBEIAR | & RRUSSRM dRRAPRY WETRILREn AN ing nEHAL Rerform
particiR@dparKICanee REAR VIS IESRIER WTareesrb i eqiiRellsidRabelate a

adaptation properties. Example ,emboditrgents may prowdeé’%i method of

signal, &R, JS§HRRR 1R A0RESFa RelIFIGIAIE HARIRIORIBMVEY fiRdipdckhe right
balan@ﬁnqeém@mnﬂ@ﬁ@iavorepmm@@rélncﬁccmdmagvitbr@_\ﬂ_tﬁhgsp@ctd&sired
{ resent invention, there_Is prqviged a nearin comprising an jnput
decorEAliNedt i AGRTAIRGER aEbulte. B INES AlSHolAL) Figliel and the
appropigaiel, &rsyberactionveiytdify subtthetingda ftivabdittercanpetiatfgnalgnamoving

frequintied Kot ribvant ar-fe2dBack SIpRYSkRsTating a processor

Summary of the Invention

Example embodiments may provide a hearing aid hévéng a feedback cancellation
system with improved feedback- canceliation and adaptation properiies. Example
embodiments may provide a method of reducing acoustic feedback of a hearing aid

having improved feedback- cancellation and adaptation properties.

In accordance with a first aspect of the present invention, there is
provided a hearing aid comprising an input transducer for transforming an acoustic
input into an electrical input signal, a subtraction node for subtracting a feedback
canceliation signal from the electrical input signai thereby generating a processor
input signal, a signal processor for deriving a processor output signal from the
processor input signal, an output transducer for deriving an acoustic output from the
processor output signal, a pair of equalization fiters comprising a frequency
selection unit for respectively selecting from the processor input and output sighals a
piurality of frequency band signals, a frequency equalization



input signal, a signal processor for deriving a processor output signal from
the processor input signal, an output transducer for deriving an acoustic
output from the processor output signal, a pair of equalization filters
comprising a frequency selection unit for respectively selecting from the
processor input and output signals asplurality of frequency band signals, a
frequency equalization 5 unit for frequency equalization for the selected
band signal, an adaptive feedback estimation filter for adaptively deriving

unit farfertascyRagalatancHor frensEscreBlizrd éﬁgﬁﬁw 888ptive feedback

i signals, In example embodiments, the equalization filtering of selected
es Ir'q@i%&q,

neAteh it edariepeesiyndsafardpaskicanceliaier signalifiem the

equaiiiRichfleyaartsonaneys kzation and decorrelation of the signal in
those frequency bands relevant for feedback cancellation, whereas other,

irrelevant frequency ranges, e.g. lower frequencies are ignored. This

In exmﬁgib‘él '@ﬁﬁ@tm@m,m@@d@w@nﬁaﬁ@wmdm@rzﬁeﬁeiéét@if?%&@@hf cy bands
cancellation system, Accarding to.one, empodiment, the pair of frequency
of e 1B RN THERRA s leRILE SHTaRaH: MiRtcA o Aaauency
equaliratidaniive Hequeaistionwiltrasieiynai forthdsetivety iseryepsiids relevant for
feed egyalizin trl%selected freguen bandﬁi nali}?ased on a control signal
eedtgh K AP HOR. ARG LBt bFEIRE AR PE EA0RSatB0- lower
frequprapestiesefitheofiest, dustinesettyalivaticaditar drthendhe Qfﬁ?@ﬁﬁ@oadagtation
utpult signal (reference signal) or the processor input signal (error signa
Spee&%t{j%g %%%?%‘é‘fy“&ﬂ?aﬁ?gi? rﬁyg{é'ﬁher signal is equalized using the
same equalization properties. Preferably, a common control signal
contrq]s the gain of the plurality of frequency band signals of the adaptive
equalbSEBHIG O RS SRRPSIEPEN iPoRa Ob e aAuGRALoN fiters
inciu@g ad-jtﬁitﬁb, Il%\da#blﬁt@rﬁwf h- u;zmairsigm%rd@dmsra‘smgfaéh a%@é’ﬂ}ﬁ%_ frequency
apsolute v e or one.o requenc anaq_signajs of the Ive
equal s i P By HeoHEI 3 FoELE A g SereR Pegupacy band
sighalsidnaied on a confrol signal and a second non-adaptive equalization filter
inheriting the equalization properties of the first, adaptive equalization filter. Either
the processor output signal (reference signal) or the processor input signal (error
signal) may be adaptively equalized and the other signal is equalized using the
same equalization properties.

Preferably, a common control signal controls the gain of the piurality of frequency
band signals of the adaptive equalization filter. The control signal may be an
external signal such as an adjustable value, or an internal signal derived from an
averaged absolute value of one of the frequency band signals of the adaptive
equalization filter (e.g the one with the lowest averaged sound pressure signal).

The first equalization filter may comprise a plurality of band-pass filters serving as
frequency selection unif, a plurality of absolute average calculation units for
calculating averaged absolute values of the plurality of frequency band signals and
a plurality of gain regulation units deriving a plurality of gain factor signais
dependent on a difference between the conirol signal and averaged absolute
values of the respective gain adjusted frequency band signals.



The first equalization filter may comprise a plurality of band-pass filters
serving as frequency selection unit, a plurality of absolute average
calculation units for calculating averaged absolute values of the plurality
of frequency band signals and a pILérallty of gain regulation units deriving
a plurality of gain factor signals dependent on a difference between the
control signal and averaged absolute values of the respective gain
adjusted frequency band signals. 6 The adaptive equalization filter

The paapiaty equabinstion fitteamgeberablyptiorspoisesutipiunalittecfenudtipliers for

o A S LU T B Bheraing e
gain M r@ﬁtﬂ@ﬁ]ﬁ&nﬁﬁ@tﬁﬁﬂpﬁsfhﬁiémlbphﬁésgmmsm@ﬁﬂmfed before or
beh::‘?&"iﬁ@aéérﬁék‘?férﬁﬁé’%éﬁ ity chﬁ%ﬁ@ Gl St "BeliREShandpass

for everyfrequenc and may eprowded conn en the

filtersacam e ad dlé@ré%rﬁuﬁﬁpaﬁatﬁaesggmré@m&ti@hamrﬁvery frequency
ban@ﬁ%ﬁ%@?ﬁé@i’&%’iﬂs BAHECISR IpARERA thRIAIIBIGN: &V dé’é]ﬁﬁlat jation unit

with a second aspect of the present invention, there is providéd a metho
and HigeGath RN dEibadkiSt ARARARTARICAHPNSIRYy Rasigviarly fast gain

adjuspeaRsor for processing a processor input signal derived from an
acoustic input and a feedback cancellation signal, and generating a
processor output signal, the method comprising the steps of: selecting

from the peReasRAidBPWitRR Sebof¢igapea @Jﬂltﬂéyp?égeﬁwﬁ%mﬁ there

als, frequency e uallzmg the selected frequenc band signals, and
is Df%\?ﬁ&ﬁi Wg%tﬁﬂﬁygo L iedipRgachisia fsrdbaraatehharrBg aifeamprising a
signdrenoeassdiefist panissingecpraasessvinghiigRaraeHobl &8 M acoustic

invention, there is, provide a,computer program product comprising

input,B5tath feRdaRFherRIRR IR EIFRR! AP SRPRtRNE e AnpiRsEssor output
mgneﬂCQh@Iﬂmm@ﬁﬁ SeagnisaTgaric |RReROEANSEINGING feoRNtREPSRS@E4BE! Input

t there is provided a hearing aid circuit comprisin
and cglrg ﬁﬁgé@&gﬂp&y%@&g@fmency anag signals, frequepncy egquahzang the
selected frequency band signals, and adaptively deriving a feedback cancellation
signal from the equalized frequency band signals.

In accordance with a third aspect of the present invention, there is
provided a computer program product comprising program code for performing,
when run on a computer, the method according to the second aspect.

In accordance with a fourth aspect of the present invention, there is
provided a hearing aid circuit comprising: a signal processor for processing a
processor input signal derived from an acoustic input and a feedback cancellation
signal, and generating a processor output signal, a pair of equalization filters
comprising: a frequency selection unit for respectively selecting from the processor
input and output signals a plurality of frequency band signals, a frequency
equalization unit for frequency equalization for the selected band signal, an
adaptive feedback estimation filter for adaptively deriving a feedback cancellation
signal from the equalized frequency band signals.
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processor input signal derived from an acoustic input and a feedback
cancellation signal, and generating a processor output signal, a pair of
equalization filters comprising: a freguency selection unit for respectively
selecting from the processor input ahd output signals a plurality of
Briefrﬁg en igﬁ"bq '%nﬁ r{ quency equalization u_nit for frequency
*‘“ﬂ}ﬂ%ﬂ%ﬂfo‘rﬁgse%@e‘égoand signal, an adaptive feedback
estimation filter for adaptively deriving a feedback cancellation signal from

The IFLRR IZRLRAGHESY SIS BhgS Q%?/%r@% hER& rgv‘)mr;ageé more

e present invention and further teatures and a ges thereof

readihoeppeadiny Hopardet fcdimim@ fontaiiag d@méati_des@fi_pa&ipufe}ja@mbwiments
ther&51 YRERLPeRdOBARBUIAAIGIEN Gidhe drawings, in which: Fig. I s a

ematic block diagram illustrating the acoustic feedback path of a
hearing aid; 1o Fig. 2 is a block diagram showing a prior art hearing aid

Fig. *faVi“%jQrb W%ti@.%ﬁ’&@@!&i&@oo IR SV MeFiBoB L A REMRBEDath of a

block diagram illustrating an enmibodiment of a hearing aid according to
the preleatingifion; 15 Fig. 4 is a block diagram showing a first
embodiment of an adaptive equaliza- tion filter according to the present

_invention; Fig. 5 is a block diagram showing a second embodiment of an ‘
Fig. 2daptije 8qhiariodizanammhawieshriinges E prasing midehasing--n adaptive

a blockdiagrank gggwg;gg%ﬁﬂgysmodiment of an adaptive equaliza- tion

filter according to the present invention; 25 Fig. 7 is a block diagram
showing a fourth embodiment of an adaptive equali- zation filter according

Fig. ¥ the pleseRhioNRRIODIdEIOd B AP MG HAME BrsBRMbEGRdINof a hearing aid
embodiment of an adaptive equaliza-
according fo the present invention;

Fig. 4 is a block diagram showing a first embodiment of an adaptive equaliza-

tion filter according to the present invention;

Fig. 5 is a block diagram showing a second embodiment of an adaptive equali-
zation filter according fo the present invention;

Fig. 6 is a block diagram showing a third embodiment of an adaptive equaliza-
tion filter according to the present invention,;

Fig. 7 is a block diagram showing a fourth embodiment of an adaptive equali-
zation filter according to the present invention;

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

tion filter according fo the present invention;

Fig. 9 is a block diagram showing a sixth embodiment of an adaptive equaliza-
tion filter according to the present invention; and
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tion filter according to the present invention; 30 Fig. 9 is a block diagram
showing a sixth embodiment of an adaptive equaliza- tion filter according
to the present invention; and 8 Fig. 40 is a flow chart illustrating an
embodiment of a method of feedback sup- pression according to the
present invention. 5 Detailed Description of Preferred Embodiments Fig. 3
shows a block diagram of an embodiment of a hearing aid according to
Fig. the présenfiowethiar ilgskating astienimdimeninsfornmethychat fepiback sup-
2 into 3 eleglical il 399k KGRI fag fegdback cancellation
signal s(n) 1S subtracte summing node 8 re- sulting in error signal e(n),
which is in turn submitted as processor input signal to the hearing aid
processor or compressor 3 generating an amplified processor out 15 put
signal or reference signal u(n). An output transducer (loudspeaker,
iesilesaigtipnoniefered rireditgents processor output signal into
an acoustic output. The amplification characteristic of compressor 3 may
be non-linear providing more gain at low signal levels and may show

Fig. comipmrassiablank sbegisitoham ewhadimeninah athearingraférageerding to the
preséiﬂpﬁ'nl\}gﬁﬁ(‘f‘l!npm to adaptive frequency equalization filter 7a 20

described in more detail later. Error signal e(n) is input to frequency

equalization filter 7b, the equalization properties of which are inherited

An a8 REAP AORBRY G MRS BYGHiBEHISAES S At EEEIANEBUL signal from

_ equalized reference signal and fre- quency equalized error signal are then
whichdhe derdbrckiterepaitngysndlasinhitishbirasiastieé meapdag node 8 re-

sumﬁ@tim@ti?@rf%ﬁqb%c ORGP A RINSHRRMRO PrIeBssBiGinput signal to
adaptive equalization Is performed on . )
the hearing aid processor or compressor 3 generating an amplified processor out-

put signal or reference signal u(n). An output transducer (loudspeaker, receiver) 4 is
provided for transforming the processor output signal into an acoustic output. The
amplification characteristic of compressor 3 may be non-linear providing more gain
at low signal levels and may show compression characteristics as it is well-known in
the art. Reference signal u(n) is input to adaptive frequency equalization filter 7a
described in more detail later. Error signal e(n) is input to frequency equalization
filter 7b, the equalization properties of which are inherited from the first, adaptive
frequency equalization filter 7a. Frequency equalized reference signal and fre-
quency equalized error signal are then fed to control unit 6 controlling the adapta-
tion of adaptive feedback estimation filter 5.

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

equalization filter applied to reference signat u(n).

The adaptive feedback estimation filter 5 including control unit 6 monitors the feed-
back path and consists of an adaptation algorithm adjusting a digital filter such that
it simulates the acoustic feedback path and so provides an estimate of the acoustic
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the error signal e(n), and the respective gain adjustment factors are
copied to the equalization filter applied to reference signal u(n). 3o The

.- adaptive feedback estimation filter 5 including control unit 6 monitors the
feed- back path and consists of an %daptation algorithm adjusting a digital

filter such that it simulates the acqustic feedhack path,and,so proyides an
foo R SIS SIS RSEGH G o b RBIAL S VELoRa g S actual
acousHodeiailncRigraths (Thedittelingobificients! afcadatitifeefibarck . abapted by
figer ogfficients of adaptive filter 5 are adapted by control unit 6. 5 One
contrB g CtC§

hcept of the present invention is the frequency equalization or, in
the ideal case, the whitening of the feedback cancellation filter input

ignals. Equaliza; tion or decorrelatian should her inte he. .
One PR o U e e e e R auen U SRLEREA3A S, in the
ideal cmp|diecdetimeiaipoidhe Sipuiack szaibeliefiondiie dapuhiignalg abqualiza-
. means that the signal spectrum takes the sa Iit ;
tion qF S e P AT 408 DD eI AT AR 27 iERig the signa
spe ctnath Kiwther ficm thediteasying, &gcarigiote aletSteaiation Afiapwignslgisatisually

Proc- essing’, 1935 If the r C ation filter.i [ .
A A R R S
plitudiectpreatide e ndiaptivelcuntetiadiyndise fretuander Adadedwbitering filters

are wWEHIGHARY %@ﬂ@%@%ﬁ ic %WWHH@S@%RS:“@%@?% Sg@ynal Prac-

components requencies, a poor fit is to be cted.
essingduafding the frequency spectrum, more evenly distributed adaptation

results can be attained. The error minimization process will cause an

evenly distributed estima 20 tion error and a more uniform adaptation time

If thecepseimuovef thecrageliatiorsfdtertinputrsignalo Ggednsrsetatemes signal, has
o f tion,i ' i ized,.Si Ve "
ioh AN AR A S e s adagbin or i
und esignitd isoadiisns (S cordigdiarnaegtive tnearaeshp feedhask malh for these

frequBiog) cBTNAHENDGAAB B6: RATGFMEQUISALTELSS PEPAIRIE B4R dted. By
to be preterred de- o _

equalizing the frequency spectrum, more evenly distributed adaptation results can
be attained. The error minimization process will cause an evenly distributed estima-
fion error and a more uniform adaptation time constant over the frequency spec-
trum. An associated effect is that a faster adaptation is possible using an equalized
signal for adaptive feedback cancellation because the eigenvalue spread of the ref-
erence signal is reduced (see Haykin, “Adaptive Filter Theory”, Prentice Hall, 2002).

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

The methods include

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

each frequency bin to the same magnitude foliowed by an inverse DFT.
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pends on objectives such as the desired accuracy and the computational
burden. The methods include i. Direct adaptation of a linear FIR or [IR
filter to orthogonalize an input sig- 39 nal. This is similar to an adaptive
linear prediction. ii. Calculation of a Discrete Fourier Transformation (DFT)

~ and i ; . _
i AL e e g DR asBl Aot o
of edeim Bhndskretrunflateetotitbesamentevied ifathbardsdiavethapsame band-

bandg;ngye | OHEALY WERAUPEY R to get the
signi’?égg}r\/é aéhdg:’e‘t?(é1 gl%te?g?hdéh\%g&%ﬂgeaﬁ %?g#a%ﬂg A%Iﬁg)ugh tﬁé; 0 g°
embedjuaiardidggoadbed in the following employ method (iii.), the other

methods may also be utilized in accordance with the present application.

The second basic concept of the present application is frequenc

Althowglytitiegemhieditecmisadieseribesr imiTadapewing savdsy pteediiil the oter
meth&?pscﬁln'ﬁ AWHHRASSINE R ST shos i dakendaineapplBidanhich

e occutrrence of acoustic feedback is likely, like the frequencies
between about | kHz and about 10 kHz. For feedback cancellation, a

The g&&&aa%é%gsdﬁééﬁ%%\@%@s% GHIRladen mtf?é&aé*h%faﬁ@@ﬁiﬁng. This

eedback path particularly well. By omitting frequencies below 1 kHz, for

means ibeiiplctheiagertatienemrmssHo airgiRadkarsptsling maly dhrsgdrequen-

cies SHOURNLEIRFIALS HASUIRIFSAHRACERBBYMEIE 6P BRIOBISIRSdback is
closed-loop stability or risking audible effects. By Eerformlﬂﬁ a freq%uency

likelyedissizhgofiaAuenGia diwesiacabe wed Jdigynabowo seff Teedback
cancEIARYRN San&ReIEIn R MAgaRelRPvRERS SIS, bataRehitust fit the

enln&gand frequency weighting. On the one hand, a fast and unjform

acoughiagieashaskoeatioRariedialy duslr B e EHAG R iR SigRIAAnk kHz, for
exanPlidhabesasionty satyamdTaduptor kanisratde sledediake arbitrary

feedback cancellation processing. . . -
large errors in the low-frequency range without compromising closed-loop stability

or risking audible effects.

By performing a frequency equalization in a number of selected frequency bands,
the present invention can expioit the advantages of both concepts, frequency whit-
ening and frequency weighting. On the one hand, a fast and uniform adaptation is
possible with the decorrelated adaptation input signal and on the other hand only
relevant frequency bands can be selected for feedback cancellation processing.
Both concepts can be applied simultaneously if the frequency selection is made
first, and the equalization is then performed subsequently on the basis of the se-

lected frequencies.

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

S
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Both concepts can be applied simultaneously if the frequency selection is
made 25 first, and the equalization is then performed subsequently on the
basis of the se- lected frequencies._If both concepts are addressed
independenty, this generally leads 1d a solution with undesired
1 BHOSE that will

haracteristics. In such a design, described in S. Haykin, "Ada
crawbEER EeTR BRI S00 AL VSR TR S
be fikdredaoprdrdititer maseladificstvapigiethty fittegignfillandestivs eaplepithtithre of the

.. whitened signal is. high-pass or band-pass filtered tp emphasize the .

W ok Ehe) TEHRCRAL B o AR ROk R 2o D N pighal energy is
mostiydesiepttatead urtriowdoetpemeits (the stralizinty fitefiledeptatiomwii pay little

ucceeding weighting filter) inflyence the tatiop of th itening
atteniot T TN 8 SRS G A Tt s gt R

mostly concentrated at low frequencies the equalizing filter adaptation will

i ool S8 DRBOAT AN SRoE WL ELR Wiovon that it s

equency range. In con ere IS arrimpo vantage 0
possinestniguickhtidtattet ithe possiblendrydiekihitghttraqnerspecangeiorthany other

highfrequency r r 0 r I :
stec 8 TR SIS LA O S IE R HETRR Ge of e inal.
theory of system identification based on minimization of the expectation of
the sauared prediction.eraraivan in Liung: " \dantification. _
o A5 ST A D 0o A G S0p80on o
the sdjfferent mesittidrdistrivutidrencinthgwigial Iy stamalsgtifieationdmaary for the
b st n.Jk I ' i N
U RO B U7 LR R T BB AL SRR cpoca
distrilbifinaiertryes signedneratés tiadaptationnialgozition basessLmorkdanel mean
squa n&ﬁép'glgcﬁ‘ﬂtﬁﬂ%r %@ﬁ%@g LI WEININE e GRS YRR in which
e opposite, however, is the case for frequency ranges where'a smaller
a relafioplyrieigofitensiien aidhsy sonm enmeds Paacemirlegidieesior minimi-
zatioM B YEL RESIAN SRR D aIEEdneyeLALe dR8IWE Mrge weight in the
cost function. The opposite, however, is the case for frequency ranges where a
smaller proportion of the signal energy is concentrated. The minimization error may

well be small despite that the model! error is significant.

Since according to the present invention the signal spectrum is equalized in a se-
lected frequency range (which is relevant for feedback cancellation) the adaptation
error minimization process will cause an evenly distributed estimation error over the

selected frequency range thus avoiding undesired signal distortions.

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

hearing aid is schematically illustrated in Fig. 10.

In method step S1 a processor input signal is derived from the acoustic input by the
input transducer (microphone) and a feedback cancellation signal, which is sub-
tracted from the microphone output signal. The hearing aid processor or compres-
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A Since according to the present invention the signal spectrum is
equalized in a se- lected frequency range (which is relevant for feedback
cancellation) the adaptation error minimization process will cause an
evenly distributed estimation error ovér the 25 selected frequency range

t voiding undesired signal djstortions. A particular embodiment of the
sor e . LS SRR iBBRR 1RGPS HipaRrRSessor output sign,
Whisthisntheeafiydlbos isexbirerigr. 10. S@iNSIMQAFIAR S FBIRAATSPband signals

from the acoustic input by the Input transducer

o B BRSSO LGRS RIS BBt sgnal

(micr

andrifre procsissophurpuiusignaigNat Befcbbadime-qitbPOr8ssRl SIGFRIBPHRS then in
e N RN oV e o err Bt i submitted

output sigha

to th@@@maf@@dwsesﬁmmmdmehedaiﬁhwwmgﬂsatck carllceitation
; I input signal, and the processor output signal. _
sior e S e R o AR d Bl putbut signal in

methadmbesBitequency equalized as described above and submitted to the

adaptive feedback estimation filter for calculating the feedback
cancellation signal in method step S6, which is subtracted from the

According fore pregsurety mathodinetinid tte (fr8GuéAdycoouiiigaiton rylgi‘ne f86tors are
' f jzatl ain factors are adaptive .

B 0 R RN AERT T T e Btprsthe signat,

are freneapiashiedhe wruedaatizaititeliifor iretesromsigsighgtaressssaiput signal).

ticiana) Eﬁimﬁd EQ% .a simil aptation rate far all filte
As coefficients E}O?kl%néﬁ se-! guent \é%%%iﬁ{é%(%glﬁﬁﬁgfﬁﬁﬁ%e ?dfﬁgﬂe subse-
quertyfaadpackicaaaalinmdittes véfbbesobtainsiisl atieptivelfeegibalikng the refer-
ina.filter i r&, similar cture. B cting . .
ono SIS U S SIS S e
structyeRirum, thereby altering the weighting of the model accuracy. If, for

example, 20 a stop-band filter is used for frequency selection it will have

the effect that the feed
By selecting certain frequency bands of the reference signal it is possible to modify

the spectrum, thereby altering the weighting of the model accuracy. If, for example,
a stop-band filter is used for frequency selection it will have the effect that the feed-
back cancellation adaptation can generate arbitrary large errors in the stop band

without affecting the cost function.

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

rithm is used for filter adaptation.

In the following particular embodiments of the adaptive frequency estimation filter
7a are explained in detail with reference to Figs. 4 to 9.
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back cancellation adaptation can generate arbitrary large errors in the
stop band without affecting the cost function. Instead of adaptively

.- equalizing the reference signal it may under some circum- 25 stances be
advantageous to perform the adaptive equalization with respect to the
error signal, since the shape of the error spectrum has some influence on
the weighting of the cancellation filter coefficient adaptation as this is

The peodiesi aﬂmbe(htﬁvmﬁzéﬁtﬁﬁiﬂmmgmwwdﬁ@tw fﬁdﬁ%@ﬁcéep!uraﬁty of
reqursiye.algo- rit or filter,adaptation, 30 In the
ban R ad UbodlLARL SIS S8 AP g o ey. = has
beenfittiscTssark tmdgﬂmnep!mtﬁetpt‘oams’efemméigmqeﬁrm Bigh&Tbethe proces-
uallzatlo filter dep| Fig.4 compris
sor R SRS IR, 6 S MU G TR he i signats. An
appm[zmahemmbe!haﬁ baeerpdiss diises, biforexaptitithe peooe st filterst mgabe util-
( Qr oces 5 sor outp efe ence si
o R 2R A S e R E s b argrency
rangeﬁterﬁdeﬁcam;ﬁwdb&kr a@blméa:ﬁmﬂ:e stileziedi ahd pastebant! frequencies
n e lec uch th tfre uenc ran eva
are Oﬁﬁ ggd ac %gr%élﬁé%%ggﬁg ?aﬁ %%d DR ?re VANt ff gci %%?é ﬁa%occurrence
of feepihiael.imunlikebn sinsquenthesenfresmmandies éheo gedrirowbidotssor 3 is very
occurrence 10 of feedback is unlikely since in these frequencies the gain

of processor 3 is very low. For every frequency band signal a gain
regulation unit 14i, 14j, ..., 14n and an ab- solute average calculation unit

For evél %Brg‘ﬁg%% nJla dﬂiggﬁ%&y%tﬁ& nijg compg &d‘ and an ab-

contro S|gna 02 with't requency band Sigrial’an
solutey @wag@td}%@mﬂl@mﬂdéf‘rﬂhwﬂje gaini@trarecppediied friégeegeain regulation

units me 2%1 %@%ﬁ%%&?%ﬁﬁﬁﬁg %ag%ﬂlﬁggar%%%&ad atl &g% gand signal
and dagivel averiadadivsrsignal 101 defining the gain of the respective frequency
band signal. The absolute average calculation units 12i, 12], ..., 12n calculate an
absolute value signal, like e.g. a linear or quadratic norm signal averaged over a
predetermined number of samples. The average of absolute values is an estimate
of the Iy~ norm (the linear norm). Other norms, e.g. I» (the quadratic norm), are aiso
possible but require more computations. For an explanation of some of these
norms, reference may be had to "Beta Mathematics Handbook" by Lennart Raade
and Bertil Westergren, Studentlitteratur, Lund, Sweden, second edition, 1990, p.
335. The averaged absolute value signals are multiplied by multipliers 16i, 16j, ...,
16n with the gain factor defined by gain factor signal 101 and then input to the gain
regulation units 14i, 14j, ..., 14n. The output signals of the band pass filters are mul-
tiplied by multipliers 15i, 15], ..., 15n with the same gain factor defined by gain factor
signal 101 providing the output signals of the respective filter branches. The gain
adjusted frequency band signals of all selected frequency ranges are then added to
form the output signal submitted to the ad aptive feedback estimation filter.

low.
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predetermined number of samples. The average of absolute values is an
estimate 20 of the |,- norm (the linear norm). Other norms, e.g. 12 (the
guadratic norm), are also possible but require more computations. For an
explanation of some of these norms, reference may be had to "Beta

. Mathematics Handbook" hy Lennart Rgade .and.Bertil Westergr . .

I Figs o iR ORI, 0 GRE LS e R S Pt pgon units 141,
14j, .aydrhyésl absolidmalasimalglikdsare anbplierhby seldtidibls i6ktal@, value. The

25 16n,with the gain factor defined in factoy signal 1.0 d then.,
emOGHITIRR SO G A STROA Ehirie SRR S A the ex-
ceptithethat dqatss! fiigralat@nisintplmd eyterultplsigadbbutSierivddiranth the aver-

same gain factor define in factor signal 101 providin
aged R0 YaTe Ghatte e reoY SREG S R rEi8Hg band ce-
finingothrecsagyralsf afaaitrebkigred 1@2UbowmevamydmartothensateidadovBeipsince the

. e oytput,sigpal it aptive fee timation, fj ;

sianaf V3l T B R SR R L e G g bbleation
of all ofiiterifdgqadfcy baadss an external signal, like e.g. an external selectable

voltage value. The embodiment shown in Fig. 5 corresponds to the

embodiment of Fig. 4 with the ex- ception that control signal 102 is not an ]
The reasondicsigsiid twalervtiplieo i ie-aln BagetBhbsthndnangrvfidae pranch is

i .Th - fini : . .
et P CORN GRS P R onbai PO 7 A aton n-
stantiieisl ieahicakbtpdreprabatinentescidigsadsio Shermeigiensy faster gain ad-
justmgﬂ'{"?gfaéﬁ%ﬁé q{éﬁgﬁg %gﬁ%@%’.rha{f&%i JRal PedGRepmEior YPGB muiti-

multipliers I - 16n inevery filter branch is that the gain
plier. regulation units 14i - 14n are effected by the gain multiplication in- stantly
(in contrast to the embodiments of Figs. 6 to 9) providing a faster gain ad-

justment far outweighting the added computational requirement of a ]
Furthgecombadimeptie o thewrdrntve doemveneyoediecddaliate fifsguarryshown in

Figs. $4AF3tandHerase SHAYMB multipliers for every frequency band only one
multiplier 15i - 15n is utilized. In this configuration, the effect of the multiplication is
delayed by the absolute average calculation units 14i - 14n, resuiting in a slower
gain regulation and/or ripple of the ouiput signal. Again, the embodiment of Fig. 6
utilizes an external control signal 102 while an internal control signal is calculated in

the embodiment of Fig. 7.

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

with the embodiment of Fig. 9.
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Figs. 6 and 7. Instead of using two multipliers for every frequency band
only one multiplier 15i - 15n is utilized. In this configuration, the effect of

- the multiplication is delayed by the absolute average calculation units 14i
- 14n, resulting in a slower 20 gain ¥egulation and/or ripple of the output
signal. Again, the embodiment of Fig. 6 utilizes an external control signal

In pripginien facamitiiplicrscBrrMitiag thei il amiitime Moy ddpieatigh with the

gain Fgtdr S ERR RRRHERe Al iecrdantive eaepiaienilléertatinch, before
shown in Figs. 8 and 25 9. In these embodiments the multipliers aye :
the baagerpesHlehrlBR MR RATRER MAO-RomehaN BiRBrIedaithe fiters.

between the time of the gain regulation until the effect is seen by the gain
regulation unit. The advantage, however, of the arrange- ments of Figs, 8
it shopld SeaPkRAeaRMAE e A RREITRISL I A SR (g T types
and Sﬂ?fhw?owiéld%ﬁﬁ@rl@dL?Jizbﬂérl?eﬁhérgdgomwE%Sepﬁg&iyeaan mt&maila shown
) 30 control signal is_utilized with_ the embodiment of Fig. 8 and an internal .
in the GARPPUGRAS AITIE hiB T S B O BaRG e Rientioned
befon}@,uﬁiﬂéi@%cﬁllﬁpvﬁﬁm m@qmi@md?ustmfmwm;umpdimmnﬁtmm:mmut signal
actor signal ca cannected.anywhere in the respective fi ran .
or BRI ARER S R P G Bt BRI br SR o By fnverse
discristeorponade triméierfistisnd It should be acknowledged here that
according to the present invention other types and methods for adaptive
equalization filtering may be employed, as those shown in the
embodiments of Figs. 4 to 9. These methods include, as has been
mentioned before, direct adaptation of a linear FIR or IIR filter to
orthogonalize the input signal or employing discrete Fourier
transformation, equalization, then followed by inverse do discrete Fourier
transformation.



