WO 2007/113282 PCT/EP2007/053175 Hearing Aid, and a Method for
Control of Adaptation Rate in Anti Feedback Systems for Hearing Aids

Field of the invention 5 The present invention relates to hearing:l{ aids and
WAE BHAEIar to hearing aids that rely on adaptive feedbabkEF2007/053175

cancellation in order to re- duce the problems caused by acoustic and
mechanical feedback. More specifically, the invention relates to methods
for control of the adaptation rate in feedback cancelling systems and such

hearing aids and to hear- 10 i ids and syste inco. .
method LR B O et e Ao A
from a receiver to onefeedinack Bicrmrhefes Hikking tigisnaximum
amplification that can be applied in a 15 hearing aid. Due to the feedback,
the amplification in the hearing aid can cause resonances, which shape

the saettliof tfelHvvaniiatof the hear- ing aid in undesired ways and even

Brss it cap causetheearing Aicide ReramYnstRbIed esERGifcular to
whistling or howllnr%aThe hearlng aid usuall%ﬂemploys compression to

compBRBHRS ridyifplotdy tRRASAHI S REPPRRCARITHEAHIE 1BRICES Ridt-
increaping §RUBELHBISSSULEsMOESONESuAR autpMale gt Canitdlask. More
commonly used on the output to limit the (%El}%%}lt }evel, tpe[et‘g){havogjin%t. 0
clippirtg S8 Yighia MR &7 S SIMIR e AGES LoRTBrER SON SHEGE RilP
eventugbyimakeithelsyatenlimgrgisaliys stableptiusgrodgcing ahdwl bear-
whistle of nearly constant nd level. 25 F ncellation is often
used fﬂ%ﬁ‘inﬂ@ﬁa@ %Sr?,%éﬁ%%c{?% afea%%%i%%g%(é%echanical
feedback. The acoustic feedback path can change dramatically over time

as a C%Q%%yg&ﬁg ghﬁg mg!& amount of earwax, the user wearing a
oldi

hat or g a telephone to the 30 ear or the user is chewin? or yawning.
For this reaseriitic andtomangiisal feedback from a receiver 1o one or more

microphones will limit the maximum amplification that can be applied in a
15 hearing aid. Due to the feedback, the amplification in the hearing aid can
cause resonances, which shape the spectrum of the output of the hear-
ing aid in undesired ways and even worse, it can cause the hearing aid
to become unstable, resulting in whistling or howling. The hearing aid
usually employs compression fo compensate hearing loss; that is, the
20 ampiification gain is reduced with increasing sound pressures. Moreover,
an automatic gain control is commonly used on the output o iimit the
output level, thereby avoiding clipping of the signal. In case of instability,
these compression effects will eventually make the system marginally
stable, thus producing a howl or whistle of nearly constant sound level.
25
Feadback cancellation is often used in hearing aids to compensate
the acoustic and mechanical feedback. The acoustic feedback path can
change dramatically over time as a consequence of, for example,
amount of earwayx, the user wearing a hat or holding a telephone to the
30 ear or the user is chewing or yawning. For this reason it is customary to

apply an adaptation mechanism on the feedback cancellation to account



apply an adaptation mechanism on the feedback cancellation to account
WO 2007/113282 PCT/EP2007/053175 2 for the time-variations.
Description of prior art An adaptive feedback cancellation filter can be
Wrﬁﬁpé’ﬁﬁ’e‘ﬁfgﬁ in a 5 hearing aid in several different ways. Fo?%@?ﬁ?ﬂgf}??m
can be lIR, FIR or a combination of the two. It can be composed of a
combination of a fixed filter and an adaptive filter. The adaptation
mechanism can be imple- mented in several different ways, for example

algoril;hn% bfslsed n IT%%Sst Mean Squares (LMS) or Recursive Least

or 8-y .

Squa_lres _ L ). 1 E?g[ures 1-3 show schematic block diagrams of prior art
hearing aids implementing some basic feedback cancellation schemes. In

figure&gé@ﬁﬁ@é&@&h?%émal 1 from the microphone M is 15

compensated by subtraction of the feedback cancelling signal 4. The re-

sulting sigrsl 2¢eptie feerhRakicneNBlRMJHRY SRCESBPRIBESAIRH & 2
used as adapiaiioneverdndhe rdanive feediask-panaeling filteR1 IR or a
The output of the hearing aid processor is trans it%ed to the receiver R..
The h@%’r‘?l%’ﬁf@'bﬁcg?s%‘?"%@ ﬁqﬁﬁfoﬁ?ﬁ?%%sﬁgg-v%&?ﬁ% RS 97 Tixed
qu?nomtetemﬂqgntéﬂf@pa\te ateounhéorthetztaringass rssppression ofiple-
noise, automatic gain control for handling large signals.. ime-de

The bIBER T8 T8BELE L AT AAe e e o s e oo
embradeara&ipnaitanedlS)fitdriegussideddmsthbon aefliEidoefficients. 25

The diagram in Fig. 2 shows a system like the one depicted in Fig. 1
eXxcept that the adaptation mechanism implemented in block 103 is

separated frégrese TifeshguRshematiplalpehidRsasciel eoT IR BReNg
”ECt'OQiés%B%?Héﬁﬁr@:%QH%’ sosfidenteckhaasvrnisgsaidhissscheme

over the one shown in Figure 1 is that a frequency shaping of

in figure 1, the microphene signal 1 from the microphone M is

15 compensated by subfraction of the feedback cancelling signal 4. The re-
sulting signal 2 is used as input to the hearing aid processor 100 and it is

used as adaptation error in the adaptive feedback cancelling filter 101.

The output of the hearing aid processor is transmitied to the receiver R.

The hearing aid processor 100 may comprise time-varying and fre-

20 quency dependent filters to account for the hearing loss, suppression of
noise, automatic gain control for handling large signals, and time-delays.

The block 101 represents an adaptive feedback cancellation filter and

embraces a simultaneous filtering and adaptation of filter coefficients.

25 The diagram in Fig. 2 shows a system like the one depicied in Fig.
1 except that the adaptation mechanism implemented in block 103 is
separated from the filtering function implemented in block 102. The con-
nection 5 symbolizes the filter coefficients. The advantage of this
scheme over the one shown in Figure 1 is that a frequency shaping of

30 the signals 2 and 3 can be made without disturbing the filtering perform-

ance.



30 the signals 2 and 3 can be made without disturbing the filtering

perform- ance. WO 2007/113282 PCT/EP2007/053175 3 The diagram in
Fig. 3 shows how multiple feedback cancellation filters 202a, 202b can be
“ﬂgg@a%]tlﬁégaase of hearing aids with multiple microphones R0 F{053175
this case two sets of filter coefficients 38a, 38b 5 are passed on from the
adaptation block 203. in the example shown here, the two cancellation
signals 35, 36 compensate the signals 30, 31, which are created
employing two spatial filters of the sound 206, 207, each filter with its own
fixed directional pattern (e.g., such than one is omnidirectional and one is
bipolar). ThEneotmpasated SgnalsBRySdane MOIBpleséepdivtbk voaigtibation
n OVdﬁfté?safé‘é%"%zrr?%%'ﬂ%% REonglsignal. of RiSeORRgGAN Dol
time-varying as this will allow adaptation of the re- sulting’directional
pattermierenbergreMtisblihd e saseprorseinet Slipr nnelidoaia3sa, 38k

fregueney hands isPogsiblein £:8ptalS-asitte wilbmakent Bessipig Ehown
vary the directional pattern over frequency, thus allowing im 15 roveg
noise REERICHSHIVEhERSERIASR RINAISS cABSHEREARA ﬁﬁﬁﬁ&‘@?&r’%\ 4n31.

A. Sprigtich RBreugtestdd. Manoging b/ cutedal tkdapibigieedubacos, 207,
Cancellatjon.in Hearing Aids With Linear Prediction of the Desijr 20 .
S R e R e A A A T
describethitieddtienatanthoyoftbeektimites feativacatansgltiag el isare
degraded when the incoming signal is s c IS, .
S IeD i P RO IS G, TN
with LaWwisvezjgbiing sapure sy aedbiwd alenadaniaianidal & re-
25 adaptiue, raroniAL ez rethior deatacting fecdominatng, tangsisd-spiit

pre- sent in‘the signal, in which case the adaptation rate is significantly in-
creaseiOTHRY AR WEGBE ARG F athethtecEn B dllaton @ﬁfgéaﬂ%l{“ak@ it

nossible o vary the directional pattern over frequency, thus aliowing im-
15 proved noise reduction. The signal 34 will in this case be a multi-band

signal.

In A. Spriet, |. Proudler, M. Moonen, J. Wouters: “Adaptive Feed-

back Canceliation in Hearing Aids With Linear Prediction of the Desired

20 Signal', IEEE Trans. On Signal Processing, Vol. 53, No. 10, Oct. 2005 it
is described that the accuracy of the estimated feedback cancelling filter

is degraded when the incoming signal is spectrally coloured. This is also
mentioned in patent appiication WO 01/06812, ‘Feedback Cancellation

with Low Frequency Input’. This patent describes a scheme in which an

25 adaptive resonator filter is used for detecting if a dominating tone is pre-
sent in the signal, in which case the adaptation rate is significantly in-
creased. This allows for a rapid and efficient cancellation of feedback
howl, The drawback is that if the tone is not due to feadback but is pres-

ent in the environment, the adaptive feedback cancelling may react

30 strongly on this signal, with the risk of noticeable audible artefacts.



howl, The drawback is that if the tone is not due to feedback but is pres-
ent in the environment, the adaptive feedback cancelling may react 30
stro%fxi on this signal, with the risk of noticeable audible artefacts. WO

598 PCT/EP200710 53 17 5 4 In Moonen et al. ahd WoH!705317
01/06812 it is further mentioned that it will lead to bias errors in the model
of the acoustic feedback if the micro- phone signal is spectrally coloured.
5 The patent application WO 99/26453, “Feedback Cancellation Ap-

aratus anis NERRSE i ciRE R BIRRE S GE IalAR YR L a1

separate cance Cﬂatlon ters are used tor compensatlng the acous-
feedbaikitaeszhinstauptoneiie awdemfdiophonestie deiedpaiek ihthe micro-

contrarm&ﬂeog Fxé’ir[? %;5@& %ﬁf?cméﬁ;@@ the advantage that an adaptive 10

directional sy or spatial'noise filtering is not treated as an integral
part of the acoustic feedback path. The patent application WO 02/25996

describes QF%%%‘%@CQ&%@W@@QMC&P%H%@H fikeicasanel ap-

a scheme for stabilization 15 of the heanN? b usm ocedure for .
8

estimaxgRle AL HRMOSS. BRR§TRAR. B e el Bioreyem 0
algori&bmaggpa%bée@baa@mdtwﬁsecbiarahtsb@@&;r Sorhmkﬂatlﬁglﬁmi\mous-«

Filterl ﬁ@y I%gdmo Prentlc -Hall, J, U%ﬁ) 11}\? ugtrper n
detaild'®Bn% dfb%’ﬁ’&v%ﬂ? 6?tﬁe orma zeéﬁﬁf%
algorittumé @getpnonidedttimRhd fiMCSItmk.l‘@Sl the @i}farmgdheé Behdeajive

(F)){r(she M3 g\r)glt%%%q@“ AOARMS. 23 AEREILaNs 300k gral

ocessing, 93, pp. 2811- 2824. Even though many
recommﬁﬁﬁdﬁ@rﬁﬁﬁ@%ﬁbé@ﬁd@%@h hatthe prior art as to how the adaptation
rate in such systems should be decided on,

The patent application WO 02/25996 describes a scheme for an
adaptive feedback cancellation filter as well as a scheme for stabiiization
15 of the hearing aid by using a procedure for estimation of the current sta-

bility limit.

LMS and other adaptation algorithms are derived and discussed in
the book: S. Haykin: Adaptive Filter Theory, 3 rd Edition, Prentice-Hall,
20 NJ, USA, 1896.

Further details on convergence and behaviour of the LMS and
Normalized LMS algorithms are provided in D. T. M Slock: On the Con-
vergence Behavior of the LMS and the Normalized LMS Algorithms,

25 |EEE Trans. Signal Processing, Vol 41, No. 9, Sep. 19€3, pp. 2811-
2824,

Even though many recommendations has been given in the prior
art as to how the adaptation rate in such systems should be decided on,
30 there still exists a need for improvements in this area. In particular, there

exists a need for hearing aids in which methods for automatic adjust-



30 there still exists a need for improvements in this area. In particular,

there exists a need for hearing aids inswhich methods for automatic adjust

5 ment of this rate, in dependency of the acoustic environment Y:E%/}?

paeht oh St Bl d NSIRRRRES APHHR IR AR Bl DY UiRRREn i Deen
nayl@nesideda method and a hearing aid of the kind described, in which
the deficiencies of the prior art methods and hearing aids are remedied

by automatically adjusting the adaptation rate of feedback cancellation in
depamiarepbihled meentitia environment. Example embodiments may

providerAERHIOLASLAAION Y ARSI HSTSHL SPFMng aid o

procedures for selecting an appropriate adaptation step size in feedback
dhacEmstisrserbathib amieitienteficisnsiesiad Hhamelivaahagihessngnd
HeaAtang (arecriisrdnRiasos iRdRR AR 0 IR ferdhask BahabiReof
hearing aid. Example embodiments ma¥cﬁ1rovide a method and a hearing

AREUMOWTG RO Nk IFR SRR NSRRI e EOKERR M e ling

systems to tonal input signals. Example embodiments may provide a
methodand 3 hearing i aleving o gene ih the sensityiby.of adapiye,
feedbac can%&ling sys{gms?o%r}’aﬁnpu S|gnarﬂc,eby preventing te '
ariksviopfdedapleimitntedpestittaponcEkaep|dosnisdehinegtamappropriate

8}515\%@0@@{@8%%1@(1@@@8859@%r@&?“é{mﬂﬂo cope with the impact of

the gain size onto the error in the estimate of the feedback path of the
hearing aid. 6 Example embodiments may provide a method and a

Phearing@i@.ﬂlwiagﬁbeﬂﬁ@ﬁwhﬁ% BB O NORAROE NHRY SS Py aid
aﬁowing to reduce the error in the estimate of the feedback path of the
hearing aid.

Example embodiments may provide a method and a hearing aid
allowing to cope with the sensitivity of adaptive feedback cancelling
systems to tonal input signals.

Example embodiments may provide a method and a hearing aid
allowing to cope with the sensitivity of adaptive feedback cancelling
systems to tonal input signals by preventing the onset of feedback initiated
oscillation.

Example embodiments may provide a method and a hearing aid
allowing to cope with the impact of the gain size onfto the error in the
estimate of the feedback path of the hearing aid.



environment of the hearing aid onto the error in the estimate of the
feedback path of the hearing aid. Example embodiments may provide a
method and a hearing aid allowing to @ope with the impact of the

presencExdrapladeptheiiméntpheae preydend h%t@@?hﬁéﬁgtaikg@ﬁh e aid
0 ring aid, onto..the, error in the estimate of the feedback path .o
tée%%ﬁg@di@%m%@eﬁn Sodif e%?i y oV %%Eﬁoosai‘%%a in" the
heayingraneliolitetdeeningl thie sepicsitednatreadapthe algaritte of athe
fqggggggk%}ﬁqyfqgéﬁm%i@g multiple aspects of the acoustic

environment into account. Several suggestions as to how the adaptation
rate should be controlled are provided. In particular, it is suggested how

the adamgmpg@@qwm@gomaycaw@@%t%%%pgﬂeeacmrﬁh% aid

acgustic_environment. In a first aspect of the invention, there is provided a
hgg??ﬁﬁlgidtocoﬁ?&%iﬂﬂ?%ti Sst'BR@RicRbpHoRe IR il #puedaptive
souobptioran dnpyt sigdaeassiraciieal npde rsubtpeingafegdbacionto

c ion signal.from the input signal thereb nerating a processor
e B e e e Btk apun
signal by applying an amplification gain to the processor input signal; a

iver (ar - ignal i tput saund:.an _.
v e T 16 el gt A i ar

céﬂg\é’ﬂ‘aﬁéﬁ SGRYOKIR HEpRIeaskoitpaeibearigoabping aittzedback
cosfiiiting SARARIKNTeANEIRY salcedaling aamtgcere Ao fls Pinto

a reference signal; and an adaptation means for adjusting the filter
cBEHEhts with an adaptation rate, wherein the adaptation rate is
time-varying and set in dependency of the autocorrelation value

calculated_ for the reference signal.,In a second aspect of the invention,
there is %?eov\%criéejd Saulg%?ﬁda%rgagontgolﬁ&wh da?)%%#'%e g rﬁi}% be
aRPobpijskiae convisitidg immarticular, it is suggested how the adaptation

rate may be automatically adjusted in dependency of the acoustic
environment.

In a first aspect of the invention, there is provided a hearing aid
comprising: at least one microphone for converting input sound into an
input signal; a subtraction node for subtracting a feedback canceliation
signal from the input signal thereby generating a processor input signal; a
hearing aid processor for producing a processor output signal by applying
an amplification gain to the processor input signal: a receiver for converting
the processor output signal into output sound; an adaptive feedback
cancellation filter for adaptively deriving the feedback cancellation signal
from the processor output signal by applying filter coefficients: caiculation
means for calculating an autocorrelation value of a reference signal; and
an adaptation means for adjusting the filter coefficients with an adaptation
rate, wherein the adaptation rate is time-varying and set in dependency of
the autocorrelation value calculated for the reference signal,

in a second aspect of the invention, there is provided a method for
control of the adaptation rate in a hearing aid comprising: converting input
sound into an input signal; subtracting a feedback cancellation signal from



sound into an input signal; subtracting a feedback cancellation signal from
6a the input signal thereby generatigg,a processor input signal; producing
a processar output si%nal by applying an amplification gain to the

BRECEREr SiRPat GHEPCRVE R he ProcesSsy dufpc Sgpali iRtedipe @
voes sataptpatysigiding thedgribasknantatation sjgmaddring hecessor
processor qutput sigpal by applying filter coefficients; calculatin ap .
REE S ort U B0 PSR PSSO AH R ARl sound:
cokffitietys dathva gnibe Vigdtig ddapateltative, wijemdidrtre ddappeatioassor

Ble e eneagsn, ke Auanausialcale 1P KIREN B aton

Ssig ird’aspec e Invention, there Is provideéd a computer
pegeanAt priefeceeempigsial pregrdindiietiue Plefopemiticianienvith arfiee-
GRAMPYICER SRR SCOMHBEIA TR SREBASPesteASALlSRIoRet dney

hearing aid comprising at least one microphone for converting input
K iha PSRRI RINe bR JEfIPRERS IR ubtracting a feedback

cancellation signal from the input signal thereby generating a processor

input signal, g hearing ai for.prodycing . tput

cignal 5] PG ARPARp oo BT i ShocRs op Iheh st puter

r}enm'mmf@rodnuéumgnheimgquwmwm @WMMMdemn a

intuifeaqhast cPacelaiing [enddoadaRtely deriving the feedback
alfromthe p

cancellation sign cessor output signal by applying filter
coefficients, calculation means for calculating the autocorrelation of a ref

7 erenoqsiahisget AR adResen MBS AYSINBSedEcrophone

coefficients with an adaptation , Wherein the adaptation rate is

dBRtFARERINge pEteRRY St tTiCa @B ORElatiNgt e RMRYasteRigiRge for
Bhibtpdcliaggenestipden s andanarred igeiistrent wkthamdagipiignt rirsby
takingrth.e sensitivitg of adaB%ive fee?dbahck sr}/stem like adagti¥e feedback

Jen ating a processor nput signal, a hearing aid processor 1or producing
a processor oufput signal by applying an amplification gain fo the
processor input signal, a receiver for converting the processor output
signal into output sound, an adaptive feedback cancellation filter for
adaptively deriving the feedback cancellation signal from the processor
output signal by appiying filter coefficients, calculation means for

calculating the autocorrelation of a ref-



cellation filters to tonal input signals into account. Also disclosed is a
hearing aid comprising at least one microphone for converting input
sound into an input signal, a subtraction node for subtracting a feedback

gaemegaignaéigam!‘mmamtaﬁqn s’@&@hﬁh@n‘ebﬂ_iL@mdhﬁdiﬁ%rcﬁeﬁkﬁems
[RAL éwnahaafytﬁﬂ{wqgﬂa PIOGERIAT AEPLAGIRG0A RIAESISOEMRIED in

signal by applying an amplification gain to the processor input signal, a
Yeorlvelitin g aHEOpRSEIaEeN o P s ghafe reRrBupENSbundlian ar-

pslpdivRfredibask sanepliatien Bigidenanastived adapvinigihefeesiongkne
cancellation signal from the processor output Flgnala?eoy. a[%ppllné%%t%r]
SGBRILIM OhraCaR U S HARE aEGP IRl i PP Hiter EEER G-
vl afaptationdais inggrsightie mdaptatioonate is controlled in
dependency of the amplification gain. This arrangement allows an

improved adjustment of the adaptation rate taking the importance of gain
size to Mecetiscingde fiter nerfingenits eophising ahieastopne thiecrophone
eSHMAR, iegdh b the eSO QI MO ACEAMML AP node for
diclosedglﬁsﬁgiéa%ing al compfr?sing ngFtIectio means for dete!ctinnif the

isiRirariing Rpretask caneRiPiitictisad JBURdthsdsnue BeR% theueby
M ARg WhrmRBS W%ﬁ%ﬁh@[‘%&ﬁ‘éﬂﬁﬁ@%\ﬁtﬁeﬁrd@é&%%@rﬂ)’oducing
0 e e

suspend the adjustment. r coefficients. This raﬁ(g;ement a||OW% o

fi i

&h PREFESEA a R Mert P ahe i ARRIYAT R ta R TP HAP oA ke B 11
MPOceRHA LGNS Sinmal g e e dnnoenietting teedbackszathcofithe signal
hearing aid into account. Iso disclgsed is a hearing aig.comprising at
foatiat St ok o R e Rl e o
steronogsiiati i duhaclsigant pltaticing gndirdciv thbobeesedstin) (ptitesignals
t racti tractin I cellation signal
ngmw@t_?ﬁﬂ%!sér@?r%n ’agsﬁépc%ﬁ%gggﬁc qgﬁ%ﬁgtfé)ﬂf Si J.nal fr rrJgh_e
tHéesceepidaifiiis swital amadpptgtinaragity Miaigtihd girasmalion rate is
RISSeSRBK INRULRIEBALAIdask athe amplification gain. This arrangement
allows an improved adjustment of the adaptation rate taking the importance
of gain size to the error in the filter coefficients and, hence, the error in the

estimate of the feedback path of the hearing aid into account.

Also disclosed is a hearing aid comprising detection means for
detecting if the input signal represents a sudden increase in sound
pressure of the input sound, and wherein the adaptation means is adapted
to temporarily suspend the adjustment of the filter coefficients. This
arrangement allows an improved adjustment of the adaptation rate taking
the importance of non-continuous sound in the environment of the
feedback path of the hearing aid into account.



first and a second adaptive feedback cancellation filter for adaptively
deriving the first and second feedbacf cancellation signals, and wherein

copondhBiy GHRBa B AT UG A SAIE T8 i s i (A ages
'tmp@v@gadjestnmﬂt ebﬂmei aQaatdBlamrate‘itakiagdht_a ?aqmmdnspajfajhmput
SOMEPBRAA G dRRlanal T Chaphane Skt LIRS MIBIENIBH il
or-attenuation e overal system gain Into account. orresponading

fesidusaktingatfobbfendbaiipeaine late i sionebiiamdiedirahipptiaignal

taedback canealingrystens fte IiRgHeRGHRe ok B Rt SRBORBRNRynal

lay out a number of schemes for adaptively setting the adaptation rate in
Hiessbyrasnaisiagcr FRfUSInG IHeTbutnl BrafsSRoL faRHbaIKEhREIRAS! 2
ﬁhlrtﬁ’f By hgaﬂj@gfcﬁ:]a- El_aapﬂﬁi?pt@twb' : é@i‘f i@am%émimcfwgaacea\ldabtm@ly
characteristics of the micro e signal(s) and, the various jntern .
GRS TS SERISHNE e TATh A LB A PO s
triadjdsivatihe adaptatiorataptbd sedforihebsemabbiiseobta@ientate in
microphone signal(s).. r r b ]
SRS e e e SIS ThR R o an
enmodidendiusiaeiisofiibe inslaptaBrefaésdiing diahepeiinngs Phdhe
YGRSV R BRSREPRARBIRAE 'SR IR P BRI AR RTLHEIRE, gain
examples of preferred embodiments and with reference to the appended
Sr=RitRguatnnR HRrvsEa! BRIREM UL #ETY- aid with an adaptive

feedback cancellation filter, according to the prior art; Figure 2 shows a
hearing aid with a feedback adaptation mechanjsm, ac orgi to the prior
art; Fig&%r?gm I39n&8H gf’d |'fh%‘(}b§r?llicpéprf?b%e§8%) ‘%%H‘a e @

hearing aid or any other feedback cancelling system are also described.

Example embodiments lay out a number of schemes for adaptively
setting the adaptation rate in an algorithm used for adjusting the coeffi-
cients in a feedback cancelling filter in a hearing aid. The adaptation rate is
varied in accordance with the characteristics of the microphone signal(s)
and the various internal parameters and signals inside the hearing aid.
Specific ways are provided for adjusting the adaptation rate based on
observations of the current microphone signal(s), the present state and/or
the behaviour of the hearing aid.



feedback cancellation filters, according to the prior art; Figure 4 shows a
schematic block diagram of a hearingaid according to an embodiment of

the present invention; Figure 5 shows. a schematic block diagram of the

hearirig et %6\51%3 ‘E?%?/]{ﬁ‘ SBRENYZS tgH%?ra?ﬁ)meoﬁmﬂgc?g}bs?éjﬁg%ms
avatbdyghimddetowelation; Figure 6 shows a schematic block diagram of a

hearing aid according to an embodiment of the present invention with

means for detecting a sudden sound; Figure 7 shows a schematic block
Biimjrdes ofiptivinrafrtie sfagaigswith directional characteristics; Figure 8

showsrp dearingiald with-haHanivetaadbankraaes!ing fltshesd ¥ithon-

directional characteristic, according to an embodiment of the invention;
limiing exavwEes Heamigiaedite BRRIEHIVS reddh Wit aifteifnGsnilter the

a@ﬂéﬁﬂ%éﬂ%@p 'ge@gr’[ﬁgld}%@@cording to an embodiment of the

invention; WQ 2007/113282 PCT/EP2007/053175. 10 Figyre 10 shows a.
Poarni U AW R I A A A PR G CeTaton

fitencating dilterfo aceq@ritngtt an embodiment of the invention; Figure 11
shows.a hearing aid with twa microphopes ' i :
feedbS;aFc;f:l uCrgnice |(r)|\g’;"%l?er,ee§‘cncr<})$o"’|‘rilg \f\é%gr? ﬁn%o%%eﬁpiﬁ%%?ﬁ\%ﬁﬁ%ﬁlsm’
anoiEiggréotPshows arthearing aid with two microphones and with a step-

Do SR B DR B oo
fgﬁg@pgg&ﬁ@m@e{}ﬁi@?e@iers, according fo the pﬁor a%u ISIies USETHTTo

Figure 4 shows a schematic block diagram of a hearing aid according
to an embodiment of the present invention;

Figure 5 shows a schematic block diagram of the hearing aid of figure
4, with schematic illustrations of the effect of signais with high auto-
correlation; ,

Figure 6 shows a schematic block diagram of a hearing aid according
to an embodiment of the present invention with means for detecting a
sudden sound; |

Figure 7 shows a schematic block diagram of a prior art hearing aid
with directional characteristics;

Figure 8 shows a hearing aid with an adaptive feedback canceliing
filter and with directional characteristic, according to an embodiment of the
invention;

Figure 9 shows a hearing aid with an adaptive feedback canceliing
filter and with a step-size control block, according to an embodiment of the
invention;



ent invention will be explained when describing particular embodiments of

the present invention in the following. 15 Autocorrelation dependency The

extent to which a signal, xk , is spectrally coloured is often measured é:m
3

Wi 4libE 8 elation of the signal: N Rx&)=I xkXk-e [EqQ. 1] kEFHRERE Y
the time lag. For white noise, R, (T) ~ O for all r -A 0. For 20 periodic
signals or other signals with a certain amount of predictability, the
autocorrelation will be significantly largéfthan 0 for one or more time

lags. To ettera w.comparjson, the orrelation i |s ften normall

with the \%l'ﬁagf/v SW\?/lﬁ]!iW r‘lﬂﬁo %u &éﬁ amag RI %%ﬁﬁ 75 q‘f'
xkxk-mfEgile IéeecW@:lQ@@m&gﬁﬂiﬁﬁTﬁéﬁwmﬂ@muowmnt of the
Xkxk- 7 % K z(T) N [Eq.3] | xkXk k=0 The autocorrelation coefficients

given By f’ﬂe [ist equation have the property that the values are limited to
[-1:1]. 5 IrigWeadticeiheiun-sthsonasy St e Agesherpatdusithene

5 adaptive feedback cancelling filter, according to an embodiment of the
invention; and
Figure 12 shows a hearing aid with two microphones and with a step-

size control, according to an embodiment of the invention.

10 Detailed Description of the invention
Further terms and prerequisites useful for understanding the pres-
ent invention will be explained when describing particular embodiments

of the present invention in the following.

15 Autocorrelation dependency

The extent to which a signal, x,, is spectrally coloured is often

measured by the aufocorrelation of the signal:
N

R (7)= Zxkkar [Eq. 1]
k=7

where 7 is the time lag. For white noise, R {r)=0 forall r=0. For

206 periodic signals or other signals with a certain amount of predictability,
the autocorrelation will be significantly farger than 0 for one or more time

lags.

To better allow comparison, the autocorrelation is often normalized

with the window size or with the autocorrelation at lag 0:

I N
25 R,\?] (T) - R/TZ XXz [Eq.2]



calculated over a sliding window or according to some kind of recursive
update. An embodiment of this is to use a sliding average in place of the
ﬁéf]g‘gri{;‘/{l'%%g%]: 1o RX(T K)=RX(z- k-1)+a(xkxk-r-RX(z k-1)) [.%%%I&P 91835
e |0;l] contrdls the weighting between historic and current signal” values.

In a hearing aid context, this update can be quite costly to calculate 15
because many multiplications are required. Particularly if many different
lags, z , are considered or if the calculatibn is carried out in several fre-
guency bands. Instead, it might be relevant to consider updates that do

not aﬁ%roximate the autocorrelation but something, which in a similar
sense measure%how systematic or predictable a signal is. Two em 20
bodiments, botiquite simple to compute, as they do not depend on mul-
tiplications, areAMO2007/113282 PCT/EP2007/053175 12 R,(z,k) =

o i oot rorcaton o 2ect O

€ pplication DK 2006 00

"Method for corﬁﬁfhéksignal processing in a hearing aid and a hearing
aid imple- mentifitf this method", filed on April 3, 2006, in Denmark, and
which is 5 hereby incorporated by reference, describes these along with
other sig- nehehatacterziation cpetfitikeésrglatady the iastesuiaériioa b dne

can of- Ite eg\g %%?qhigztﬁa So;gg%rgﬁlgdqgtgcfg{ _elation. The autocorrelation

can bé CAleutated for a wide-band signal or it 10 can be calculated for a
number of band-limited signals. In order to detect if a pure tone is present
in the signak ikcambie-teevanittaioaieylatatthg, throeotoelatieiation must be

Coefﬂcclg ctl? Ié?e% rc‘aldggbae rs iéi%@%%o%@? 5F 2888%%:‘?@5%0%@ kind of recursive
update. An embodiment of this Is to use a sliding average in place of the

sum in [Eqg.2]:

1o Rz, k=R (t.k-D+a{xx,_ —R(c,k -1) [Eq.4]

where «  J0;1] controls the weighting between historic and current signal

values,.

in a hearing aid context, this update can be quite costly to calculate

15 because many multiplications are required. Particularly if many different
lags, 7, are considered or if the calculation is carried out in several fre-
quency bands. Instead, it might be relevant to consider updates that do

not approximate the autocorrelation but something, which in a similar
sense measures how systematic or predictable a signal is. Two em-

20 bodiments, both quite simpie to compute, as they do not depend on mui-

tiplications, are



for the maximum of absolute values of the autocorrelation for several time
lags and for all frequency bands. 15 For several reasons, adaptive
anti-feedback systems are often based on the adaptive scheme outlined
%y A VaHation of the Least Mean Square (LMS) algorithm. A ér%l?%% Yosam
example, we can consider an adaptive FIR filter: fk = w(0)x1 + w(1)xk_| +
... +w(M)xk-M [Eq. 6] 20 Provided that yk is the observed signal, which
contains information about the underlyirfg system we wish to model, the
filter coefficients are adjusted according to e.g., LEN/S: WKk (I)+/k-, (Yk

Ik~ [E8, @Wo2B80r1 k3280 re T eER 24757 13)Normalized LMS,
NLMS; Qfg)r\rla\_/k,(Yk-lk() [Eq8] .(1)=W +k 1 (~ /I Lj==kk+ hf k , LMS with
NOF

varian‘t7:

Talzatlem By ¥ 5 Wk 1K) - Wk-1 (1)+k-,(Yk /ki [Eq. 9LEBK5

P6k-1 (£ P)xksfop &t Sidorign LMS: WkU) = Wk-1 (/
AL P) 8%?&,((? 1%@ nM ) () +p

Sign(x,)sign(Yk -

] A person skilled in the art however will

appreciate-fat cglling ihe, 19:iatienaRibMSrYPR 29RRB4S o WU for

sense slightly misleading.

10

15

20

controlfing signal processing in a hearing aid and a hearing aid imple-
menting this method”, filed on April 3, 2008, in Denmark, and which is
hereby incorporated by reference, describes these along with other sig-
nal characterization guantities related to the autocorrelation that can of-

ten be used instead of the true autocorreiation.

The autocorrelation can be calculated for a wide-band signal or it
can be calculated for a number of band-limited signals. In order to detect
if a pure tone is present in the signal, it can be relevant to calculate the
autocorrelation coefficients in a number of bands and subsequently iook
for the maximum of absolute vaiues of the autocorrelation for several

time lags and for all frequency bands.

For several reasons, adaptive anti-feedback systems are often
based on the adaptive scheme outlined by a variation of the Least Mean
Square {LMS) algorithm. As a simple example, we can consider an

adaptive FIR filter:
]A‘,\. =w(Ox, +wlx,, +...+ w(M)x,_,, [Eq. 6]

-Provided that y, is the observed signal, which contains information

about the underlying system we wish to model, the filter coefficients are
adjusted according o e.g.,
LMS:

Wy (1) = Wy, (D) + 0, (g — o) [Eq. 7]



The person skilled in the art will further appreciate that many varia- tions
can be made on both filter and algorithm. The adaptive FIR filter can be
substituted by a warped delay line, a fixed pre-filter or post-filter can be

Wi2at %V?ﬁ%zfilter can be an adaptive IIR-filter. There is a plelfﬁg%l}%f)g%‘wﬂ*’
possible adaptation algorithms in addition to the ones shown. To
accommodate the non-stationary nature of sound environments that a
hearing aid user can be exposed to andthe highly time-varying signal
processing occurring in modern hearing aids, it is beneficial to let the step
size, p , be time-varying. The present invention deals with spe 20 cific
procedloresafizesklddndNbM&ppropriate step size or adaptation speed or
rate as will be described in detail below. WO 2007/113282
PCT/EP2007/053175 14 The invention is particularly useful in relation to
the IV, M5 algorithm..asdescribed injEq. 8, or algorithms exhibitingsa. 8]
similar behaviour, suBf_dS e LMS with variance normalization, as
described in Eg. 9. The prin- ciples are, however, relevant regardless of
the implamenied.asdantation.s algaritym and may be implemented in
various embodiments according to the present invention. With reference
to Figures 4 and 5, an embodiment of the present invention will be
discussed in connection with the presence of a spec- trally coloured
m@rob‘hé’ﬁe Sigriat: &h@}@aﬁr{dﬁd’ basically comprises 10 microphBaedyl,
procegsor G, recgjver| iagglxﬁ_eedbqu ancellation filter F . Considering
Figure5 but disfegalding initiéﬂy the adaptive feedback cancellation
branch expressed by the filter F, it is assumed that the in- coming sound,
v, is a pure tone (sinusoid). The microphone output y will then be a
sinusoid, and if the hearing aid processing is assumed linear, 15 the
proceSSBPSUFUEMFHI be a sinusoid. The acoustic feedback signal, f will
be a sinusoid. The incoming sound, v, and the acoustic feedback will

w, (1) = w,, (1) + psign(x, )sign(y, = /)  [Eq. 10]

A person skilled in the art however will appreciate that caliing the

10 latter an LMS-type algerithm is in a literal sense slightly misleading.

The person skilled in the art will further appreciate that many varia-
tions can be made on both filter and algorithm. The adaptive FIR filter
can be substituted by a warped delay line, a fixed pre-filter or post-filter
can be used, or the filter can be an adaptive lIR-filter. There is a plethora

15 of possible adaptation algorithms in addition to the ones shown.

To accommodate the non-stationary nature of sound environments
that a hearing aid user can be exposed to and the highly time-varying
signal processing occurring in modern hearing aids, it is beneficial to let

the step size, u, be time-varying. The present invention deals with spe-

20 cific procedures for selecting an appropriate step size or adaptation

speed or rate as will be described in detail below.



be blended (summed), which yield another sinusoid (amplitude and
phase altered), etc. The adaptive feedback cancellation filter F relies on

the processor 20 output y as reference signal and produces 8ut£ut %gnal _
WOR7LI382 s . . PCT/EP20077053175
e cancel- lation filter output signal f is subtracted from the microphone

output y to yield processor input signal e. If, in this case, one of the filter
adaptation algorithms shown in Eqgs. 7 - 10 is used to adjust the
coefficients in the feedback cancellatiohfilter 25 P, the cancellation filter

il attemp{g Gacelon s ppggiﬁ&jgge@' SOAS FRASHBR AR NI SBAIRm

change in amp ase. I'he prob- lem is that this is not the goal.
The goatirstsibetisvEdhat PEF9ptHSrexitiEne PEBII GIFEMEqH HR:Ch
envirgament. i RXARIA AU PO ATAEL3R8Z in Eq. 9. The prin-
PCT/EP2007/053175 15 that if the external sound, v, is somehow .
Eﬁ(ﬁ;}éﬁaptatson

"predRRkBTeA SRR SBIRY I JE WRFEISSH M SRR
adaptivgoiaaabasls arcelatiprfitsinedTine priesentinveritiamsuggestiiog to
cope with this problem by providing a method according to which the
adaptaEo S5A B WARER" f it is detected 5 that an external tone is played
as will be described in more detail below. It has been further observed in

relation to WWétesalenslecaioveighsr a4 i iR tAE REPRYBRIHPOBsRIETEN
Plays a0JARBArANT 5ol i e #6n WRGY BN fapanackaaneellations fdd-

represents a small amplification gain, the amplitude of the sinysoid, X, is
small EaM by RARIEPRRRAG, 1817 bdB5u8EBHI9 M ARpRRld- arREses

fegdbagksignaleiMs gifestad iy, Haegain,mos tefrciratig-aimusiaithw filter
The reyerse is the case when the gain is large. If the cancelling filter
a_daptéfioﬁ'@Oﬁﬁ%c%@ﬁf@ié@?rﬁFSF%QETQH]Q%HW ma%e Yﬁé{l}ﬂ‘i{@%k
signal c‘é‘nggﬁaﬁgrﬁrb'%rt\qﬁ ggﬁiggg%@t%ywwecﬁfﬂéﬁ%eﬁﬂé’ NEse W e in-
decreasing gain in'the hearlng aid 15 processor. This is well in line with
the resafbiarivednBelovis wintfefirendainusoid). The microphone output y will

then be a sinusoid, and if the hearing aid processing is assumed iinear,
15 the processor output x will be a sinusoid. The acoustic feedback signal, f
will be a sinusoid. The incoming sound, v, and the acoustic feedback will
be blended (summed), which yield another sinusoid (amplitude and

phase altered), efc.

The adaptive feedback cancelliation filter F relies on the processor

20 output y as reference signal and produces output signal f The cancel-

lation filter output signal j is subtracted from the microphone output y to

yield processor input signal e.

if in this case, one of the filter adaptation algorithms shown in Egs.

7 - 10 is used fo adjust the coefficients in the feedback canceliation filter

25 F the cancellation filter will attempt to cancel y as this signal can be

described as x with a simple change in amplitude and phase. The prob-

lem is that this is not the goal. The goal is to achieve that f=7:notto

remove tonal components in the environment. This example illustrates



to Eq. 17. Generally, it has been observed that the more the signal x
resem- bles a sinusoid with the less accuracy will the cancellation filter

0 t coustic feedback (and instead attempt to atten t .
ol hse ot to el 118 Rk

gie4 challenge because instability in the hearing ai typica
manifest itself as howling; a periodic signal resembling a tone. According
to the present invention, there are at least two approaches provided
which, at a first glance, seem to be cori letely contradictory: If an

external {ong is played. %Bl?nﬁ“%‘?é@%&%wa@ﬁ%lﬂ@(%ﬁé)):% expect

otherwise the filter 25 will be misadjusted; if a tone is generated internally

due tdreedirseie inisheocaadisientt pi dhacrdanibiekiseehnperaassiation fil-
tone. Jo- the, pRtRREAPRIEAIRN WG RA63LdAnI0oeE R iscie syibediding

where an adaptive resonator filter Is used for detecting whether, a domi-
natind tBRERpRESAIINgG it i %ﬁaﬁaﬁ@i*@u\g@'&f‘ot‘%@ é*tiﬁggﬂsmd
W 20Q7 4-183782-RGIHER20RA534 75 b6 thnerDhisiis moreffieimiitbelow.
procedure for eliminating feedback howling, but it will obviously produce

severe aft‘?{%‘%g MNENLORES G WAIRHIRG SAURMS | MR PESSRIINISve that a

environment. According to an embodiment of the present invention,
anothepiapn BHs GEEing GpERRRSERS ProBlads i TdIRREE By RERI fRSng §I7F-

adaptation. ratenuheadheRosmtiaspactially epleudeads Bhiswillaieduteation
the ability to cance| feedback howling so,,accordinguto a %?rtic lar

embodfferbeHRE REMIEBHBE HBUSIS DAt AR SRR 2ol Uit A so e
tsgétebf]), f@tée?éa@é!izid(')wggmﬁ ézh?ﬁ&gld@w systaradnatiniingahe ampfitcatiory

ereby stopping the howling, Generally,_ modern hearing aids
comp%?s?@ﬁ“_fd’roééﬁ‘?pgﬁé’é?fﬁa %Wé'sf?é *ri‘ﬁ'é—ﬁ%%sr?ﬁrgg %keharﬁ?%%t@ﬁ%% e
the heatjngsaiglquOpass0tds cERRIRARRatWIP IRIeasHY iRpWosdients in £
levels."Without an anti-feedback

are adjusted fo make f cancel ihe signal y. The error in the coefficients

will conseguently increase with a decreasing gain in the hearing aid
15 processor. This is well in fine with the result derived below with reference
to Eg. 17.

Generally, it has been observed that the more the signai x resem-
bles a sinusoid with the less accuracy will the cancellation filter model
the acoustic feedback (and instead attempt to attenuate the fone). This

20 is a challenge because instability in the hearing aid will typically manifest
itself as howling; a periodic signal resembling a tone. According to the
present invention, there are at least two approaches provided which, at a
first glance, seem to be completely contradictery: If an external tone is
piayed, it is suggested o stop adaptation (4 =0) as otherwise the filter

25  will be misadjusted; if a tone is generated internally due to feedback, it is

to adapt fast in order to quickly compensate the tone.

In the patent application WO 01/06812, a procedure is described,
where an adaptive resonator filter is used for detecting whether a domi-

nating tone is present. If it is, fast adaptation is used for attenuating the



system, the hearing aid processor will thus in worst case make the 15
closed-loop system marginally stable; i.e., the level of the feedback

8\%'&9% will e;ventually be constant. To cope with this proble ordin
v{]o AN émbodiment of the present invention, if feedback howl%gﬁg%quw%ﬂs

sgrved t_h_en a small decrease in the amplification gain is applied which
will stabilize the closed-loop system, resulting in removal of the howling.
20 When the howling is removed, it is égain safe to adapt the cancelling

fil- ter and fi | ac |
Tris, QT L St Bl o A R R eacek R, ou

Furthibmélpphuieeiais BIRSieStRRY aestiipmbsvg e Serrfoah WY Sty apends
dISC|Oa§gCHgS\é/|Q UL IG - YHRiehprovides a method for suppressing 25

the time varying acoustic feedback with an adaptive filter, and co pending
patent applicatiop, filed on March 31, 2006 with the title " = '
method of%%?ﬁﬁéhﬁg%ﬂ?a?ﬁ%%%ﬁ?ﬁﬁ%ﬁ%ﬁ i%r%sﬁgtgrﬁvﬁ Z%E],’ QH&%F‘QQ-
g@wa&a&aameaa&wmnh probldesiarficiovstiboss geintdss- sariaien
etermining a dynamic [ ich i ity 1 ~
e e e
usingcancakbfdediiok Ao Wirgrie@rraWN0 10 esr2 ligHas RimRPEERN the

embodimentAfihe areseplimueniansties isipravided 2 spatdoangsiliz-
hearing aid using measures of either autocorrelation of. the}ﬁi%%%I or.one

of thelRgnIBrcRRRSHIRRD £y gL AB NI 5 SRRISRAE e Stopping

%peﬁg%\_ggﬁ@nt application "Method for controlling signal processing in
a Hearing aid and a Hearing aid implementing this method" to detect

whether an.external tne,is present, Acrording 3o iaber s RPodimese g
I h

the presen |?193Fﬁ|3’h, the “mentioned problems with spectral colouring can
to sortrezenterinpedes. TOuRethgllamatisaabip the' (56 HPaitRer AdpReESSor s

notch filters ta attemyaiRreasing input sound levels. Without an anti-feedback
system, the hearing aid processor will thus in worst case make the
15  closed-loop system marginally stable; ie., the level of the feedback
| howling will eventually be constant. To cope with this problem, according
to an embaodiment of the present invention, if feedback howling is ob-
served then a small decrease in the amplification gain is applied which
will stabilize the closed-loop system, resulting in removal of the howling.
20 When the howling is removed, it is again safe to adapt the cancelling fil-
ter and eventually the filter will model the acoustic feadback better. This

will in turn allow headroom for an increase in the ampiification gain.

Further approaches suggesting to stabilize the closed-loop system

are disclosed in WO 02/258886, which provides a method for suppressing

25 the time varying acoustic feedback with an adaptive fiter, and co-
pending patent application, filed on March 31, 2006 with the title “Hear-

ing aid and method of estimating dynamic gain limitation in a hearing
aid”, PCT/EP2006/0681215, which provides an acoustic loop gain esti-
mator for determining a dynamic maxgain, and which is herewith incor-

30 porated by reference.



tones and/or by adaptive whitening filters to produce a spectral flattening

of the signals. Since it is a complex issue to decide how the adaptation
V%e Sizg, §Fou|d optimally depend on the measure of signal _ ..

autocorrelation, the 15 present invention provides several rr%)é’tﬁggéo%u 3178
hearing aids, which at a first glance might be seen as following to some
extend different and contradictory appro7aches, and which will be

described now in more de- tail. Accordihg to an embodiment of the

present ir!\e?gmgpfﬂ'\%@ $IR 138078 9@&@&5@%@@%&%@%9\;&% bes12,

hearing aid Is set in dependency of the autocorrelation value of the
compeferiassigral emPrmsnARtHIRIPRg t6 ARVERTEUIMBR, tiyrovided a
canceling Jitemis andetitifesiadidsiethrGrseReding Gitker 8 @bEstrdation of

According to a particular embodiment, an_ adaptive Wh_iterélgﬁ filter is

applidondAa! RFQRAGS DHgraiMip L TWIRS 25 ARSPIREPMdETPHRYIOUSY
adaptafigmarearcorbersirg Sateist seimicatishngiethte follawmopfimmsignal

resulting in a.fast.cancellation of tones for whjch .the autocorrelati .
calculd &ﬁsgsl\?gs Qn?axirﬁﬁ%n%o?ﬂglaﬁg% caoe#ﬁ:?gﬂ v%tﬁteﬁﬁ%%gggg t atﬂgtES

fast adagitatidhordtdastappitietr WO2G0TAL k3282 PEFAPR2007/053175 18
krarr : A large step-size (fast adaptation rate). A small step-size (slow

adaptation fate}qikd aszraiver. amiReprekatoprcarffisientmbaseshepthane
compen- sated signal. 5 =max{re(z)1}; Maximum correlation coefficiegg f\u/r

A pro®Reiifienes REREMEnt SR PRESIEY SHRYENG: P31 L BB SR

10 ther alleviated by the use of either adaptive notch filters to attenuate
tones and/or by adaptive whitening filters to produce a spectral flattening

of the signais.

Since it is a complex issue fo decide how the adaptation step size

should optimally depend on the measure of signal autocorrelation, the

15 present invention provides several methods and hearing aids, which at a
first glance might be seen as foliowing to some extend different and
contradictory approaches, and which will be described now in more de-

tail.

According to an embodiment of the present invention, the step size

20 of the feedback canceliing filter in a hearing aid is set in dependency of
the autocorreiation value of the compensated signal e in Fig. 5. Accord-

ing to an embodiment, the cancelling filter is an FIR filter adjusted ac-
Cbrding to Eq. 8 or Eq. 9. According to a particular embodiment, an
adaptive whitening filter is applied on the reference signal (and a similar

25 filter is applied fo the adaptation error). The step size is set according to
the following formula resulting in a fast cancellation of tones for which

the autocorrelation calculation gives a maximum correlation coefficient

value > 0.98 so that a fast adaptation raie is applied.



Pk = P)asi Else 10 Pk = /slow According to another embodiment, the step
size is decreased ac- cording to a monotonous function with increased

autocorrelation of the reference signal. This embodiment allows, to. reduce

2007/113282 . . . : . PCTIEP2007/053175
Re s({e(plsme with increasing spectral colouring. 15 According oA

embodiment, the cancelling filter is an FIR filter adjusted according to Eq.
8 or Eg. 9. According to a particular empodi- ment, an adaptive whitening
filter is applied on the reference signal Egnd a similar filter is applied to the

adaptation guon. The step 526 is e 20 reangd according to the
foIIowfﬁ@"proce aré Tor increasing maximum  correlation coefficients in

order {p preyenifie@psglo|ypdesiasiassilardion due to a distortion of

the modél of the feedback path modelled by the feedback cancelling filter
coefficients. Acgording to particular em- bodiments, an initiated feedback
oscillation wili¥e ft&hdled by further 25 measures. The procedure is as
foIIow§:(@2fNTﬁ}‘1“eT)1§izé§‘ Fﬁ{ﬁ%’éﬁﬂgcﬁégﬁﬁﬂ‘&%,b@%gﬂ, ), 109, F4ares-
WO 2007/113282°'PCT/EP2007/053175 19 Tmax. T,, T2: Autocorrelation
threshwaldst gigtedreasing magnitude, 1>T,nax>T,>T>0. .N re(a)=e Nr:

Autocorrelation ‘oeé['ci ts. 6, rna~ =max'ra(z)J}: Maximum correlation
coeffidient: ?ﬁ‘f&éf }n %’%Weurﬁqrggggﬁarg??hgé‘(gseﬁgélés\ﬂz@é is adjusted as
follows:

A procedure for adjustment of the step size is:
if r_. >098 Then

ma
luk = H Jast
Else

10 ﬂk = Ju.vl.ow *

According to another embodiment, the step size is decreased ac-
cording fo.a monotonous function with increased aytocorrelation of the
reference signal. This embodiment allows to reduce the step size with
increasing spectral colouring.

i5

According to an embodiment, the canceliing filter is an FIR filter
adjusted according to Eq. 8 or Eq. 9. According to 2 particular embodi-
ment, an adaptive whitening filter is applied on the reference signal (and
a similar filter is applied to the adaptation error). The step size is de-

20 creased according to the foliowing procedure for increasing maximum
correlation coefficients in order to prevent the onset of undesired oscilla-
tion due to a distortion of the model of the feedback path modelled by
the feedback canceliing filter coefficients. According to particular em-
bodiments, an initiated feedback oscillation will be handled by further

25 measures. The procedure is as follows:

L.ty sty StEp-sizes of increasing magnitude, 0< g < ity < flg,, <2



If rax > Tmax Then Pk =0 Else Ifrmax > T, Then k =, Else If rmax > T,
Then k =2 Else Pk =i'~~nax 10 The embodiments described above can
be varied in numerous ways. As most hearing aids operate
o?fzrumﬁé%cy bands, the autocorrelation coefficients are cal g’%ge(;% n&%‘%m
several bands separately according a particular embodiment, In this way
it is often easier to detect if spectral colouring occurs locally. The
procedure is as follows: ~ N ~Y ek-r 15ray" (z) = N " =- Autocorrelation
coefigients. () is anndercoNer, (silbands: 12 ey S rSHERRuce
rm,, = XK"(2) Hi TGN correlation coefficient over bands
B. The cqefficient gver ghe bands is then used to adjust the step size as
20 explainéd above Gain dependency The description of embodiments of
the present inv t|on taking WO 2007/113282 PCT/EP2007/053175 20

gain dependen $hit o’ac ount is 3a ed on |vat|ons in Section 9.4
inS. Ha@mm "A'd” ptive Fi 8%‘&’389 PF "Brentice-Hall, NJ, USA,

1996. Itis advrsed to consult this book for mtermediate results and fur-
ther descriptiar{ef agsuvrptions: SdFiesston falgfitigtiuantities are
introduced: WKk : Estimated weight vector at sample k. T, : Optimum

Wiener solution for coefficients in the cancelling filter (i.e.,
5 According to the procedure, the step size is adjusted as follows:

Wr, >7.,. Then u =0

m ;24

Else lf r,, >7, Then u, = 4,

X

Elself ., >7, Then u, =y,

EIS@ fuk = !’[max

10 The embodiments described above can be varied in numerous
ways. As mest hearing aids operate in a number of frequency bands, the
autocorrelation coefficients are calculated in several bands separately
according a particular embodiment. In this way it is often easier to delect
if spectral colouring occurs locally. The procedure is as follows:

)
LY,

== Autocorrelation coefficients. (i) is an index over

15 )=
bands, i=1{L..., B}
and redefine

™ax

o= maxmaxﬁrj”(r){}: Maximum correlation coefficient over bands 1, ..,

B. The coefficient aver the bands is then used to adjust the step size as

20 explained above.

Gain dependency
The description of embodiments of the present invention taking



the true coefficients provided that the filter structure is sufficiently flexible
to describe the acoustic feedback). 10 Jk = E{ek }: The mean squared

v%f%n%? ple k. 1, = E{ek }: The mean squared error evalti,ﬁ%_%%ﬁ}%sms

iener solution. Assuming as above that the Wiener solutio
coefficients corre- sponds to the true acoustic feedback path then J,n =
E{vk }. sk =w - W.: Coefficient error vector; the error between estimated
and 15 "true" coefficients. KF = E{eksl@ﬂ Correlation matrix for the

coefficient error vector. Furthermore, the as tiQn. i e.th

’ 'FN% 9.4
referefieE g%?% d %E?Vié“v‘&h?t%ﬁ°|%”(tr)r1'§s %r%%:tﬁ:% so§ré1]gl\?ean\./iron‘glngr(%t%ﬁ %?is
is notia @alldegkinsutriptiGve Filtat dawe v, st hiBdBipth BRIt ade Bf aHSA,

adaptive, -hf'%%g 29 jngdiler. AceRrlinodopvsmbedinemdhe QuiRUnd fur-

signal x of the hearing aid processor H is input to the adaptive whitening
filter (Hstr SHRSORARHOFRILSAMBIDNENd the output of the adaptive whitening
filter is input to the adaptive cancelling filter. Consider first the setup

showrFirHigyfeldinnyhichrititecempeirdtiGc2007/113282
PCT/EP2007/053175 21 sated microphone input is multiplied by a simple

gain, G, to-produce, %@;dﬁgé@tgﬁygﬁqwﬂe then the environmental

signal, Vk,1s also white mentioned; the whitening occurs as a
consequence of an adaptive whitening filtering according to a particular
embodimé&mtimurthiYjeher scfoliowify aeffigemisar hragantgiing fliisikis,

a2J: 19404:Q'LelaHn MR R iR ialenRe ansluR & Sikitindy Rexibie

 is the correlation matrix for the incoming signal. This equals J,,,;n under
the asufisstoharae deosaHe @RI AREr length is suffi- cient. 10 According
to S. Haykin: Adaptive Filter Theory, 3'd Edition, Pren-

10 J,. = E{e,.f}: The mean squared error at sample k.

J

* min

= E{Zj} The mean squared error evaluated in the Wiener solution.
Assuming as above that the Wiener solution for the coefficients corre-

sponds to the true acoustic feedback path then ./, = E{vk}

¢, =W —w,: Coefficient error vector; the error between estimated and

15  “true” coefficients.

K. = E{gka{}: Correlation matrix for the coefficient error vecior.

Furthermore, the assumption is made that the reference signal, x,,

is white. In most practical sound environments this is not a valid as-
sumption, but it can be achieved through the use of an adaptive whiten-
20 ing filter. According to an embodiment, the output signal x of the hearing
aid proocessor H is input to the adaptive whitening filter (not shown in
Figs. 4 and 5} and the output of the adaptive whitening filter is input to

the adaptive canceliing filter.

Consider first the setup shown in Figure 4 in which the compen-



tice-Hall, NJ, USA, 1996, the correlation matrix for the coefficient error
vector in an LMS-algorithm develops according to Kk =(I NR., )Kk-, (I -

R2,3 P R.r [Eq. 11 ] Specializing this to white noise ref 53175
“E?gné’i é%) %2 221, gives 15 Kk = (|-/C21)Kk_,(|-p021)+p23,n%E,?Pz ik

_(1-1[C>) K,-, + ulz.IrfnC>I or in steady state (I(I pa2)2)K~ _

p2Jmina2l >7. K~ _'u-mrnU | [Eq.13] 2ua'’-/_12(T4 2 J ,nfn per = |
2a2-pa4 To simplify this, the LMS with"variance normalization, which has
2 behayi .- ' ¢ ) , ) : 0
20 ot Ao RS s e o
in WQr 200i¢/ bk 3use & wihie RREO T/53aviForaddatal ddriipck:, Gndhe white.
Convergence Behavior of the LMS and the Nor- malized LMS Algorithms,
|EEE ASanentriesl PheceSdrynyGICAUrsNas 6, CaBREquRIseppl an adaptive

2811-824niAs CRTENY tadhsrembadimepiriie atepratzsiindn nralizest, the
with the exact variance of the reference signal; that is, the 5 step size [Eq.

14] 6" RIR4BAHEG TR IO SBREE R = Imin p |

R = E{xkxf}: o'l is the correlation matrix for the reference signal.

R, = E{vkv{}w ol is the correlation matrix for the incoming signal. This
equals J_ . under the assumption that the canceiling filter length is suffi-

cient.

10 According fo S. Haykin: Adaplive Filter Theory, 3" Edition, Pren-
tice-Hall, NJ, USA, 1996, the correlation mairix for the coefficient error

vector in an LMS-algorithm develops according to

Ky ={T=pR K (I - uR, =+ 1 R, [Eq. 11]

Specializing this to white noise reference signais, R, = o’ gives

K, = (I-pc? DK (- poil)+ pd ol

15 742 ) IEQ‘ 12}
= {I w‘uc;“") Ko+’ J o'l
or in steady stale
(1—(1-;10‘2)2)1{% = wid o'l
I
K. . wﬁjm%_TI iEq. 13]
Iuct —pa
J_uo’
— __.Iiz}mﬂ : I
20° - no

To simplify this, the LMS with variance normalization, which has a
hehaviour similar to that of the NLMS-algorithm, is used according to an

20 embodiment. A more formal treatment relating to NLMS can be found in



2c' - FLU', [Eq. 15] J. P 2a J,,,;,, is not available, but instead an estimate
ofitis 6 G2 Thus, K~ I~ 1 [Eg. 16] or, if the uncertainty on the individual
ilter coefficients is considered: 15 5v; = Kw' ~> fl | 2 [Eq. 17 his result _
V{éﬁ%%%g%ﬁ%&tg%f it is desired to maintain a specific uncer- taintylt’j%%fglézﬂ?'[?e??ss'm
coefficients, the step size should be reduced by S2 every time the gain is
reduced by a factor A. 20 In an embodiment, which is more relevant for a
modern hearing aid, a bandsplit filter offthe signal e in Figure 4 is used to
generat umber. ?O ;% r ing fr %?ﬂgdﬁ g
ol e s e T e
used befiired &S F0Fe11BRS A BT IEPZOCTI@B8 Fr5cessing. bimdd arbo. 9.
addedsinqefBes 19,raqe e SAPELAlng | P LI PR ALURIP size

maximum uncertainty on the filter coefficients, a safe ap- proach is to
scale ithe®EpZed WiBdberasRle ABERHIGEE P iR eRtaRI0BEE dhalds. the
gajnsé{ggg)sgg,...,e 5 Amplification in the hearing aid processor In the
following, embodiments will be described which deal with

p=L, [Eq. 14]
a

is inserted in the above:

Km - "jminﬁ‘ 2]
rilaa [Eq. 15]
;_rzinTJu]
2o°
J.. is not available, but instead an estimate of it s
10 used:crf:E{ej}xG";
G..
Thus,
K, ~L_1 [Eq. 16]
S 26

or, if the uncertainty on the individua! fitter coefficients is considered.

JEI2

w

[

Gw, =K = [Eq. 17]

G
This result shows that if it is desired to maintain a specific uncer-

tainty on the filter coefficients, the step size should be reduced by A

every time the gain is reduced by a factor A.

20 in an embodiment, which is more relevant for a modern hearing aid, a

bandsplit filter on the signal e in Figure 4 is used to generate a number

of overlapping frequency bands, {e,ﬁ”,ef’,...,eé’”}, Or each of these

bands, a separate amplification gain {G",G™,...,G®} is used before



amplifica}tion ?n the hearing aid processor. The resulting amplification in
the hearing aid processor is usually composed of the output of various 10
subsj\éstems, such as a compression unit for compensating '}b@?

13283 %}%ﬁi]lgéssws

“igszsuf a temporal noise reduction system for attenuating unwanied NoIse,
automatic gain control and more. Most often, these various systems op-
erate in a number of frequency bands and separate gains are assigned to
each band. In some hearing aids, the ring aid processor is an 15

adaptive wide-band filter and a mechanism is incor ed f ISt

the filéé? §5‘ 'iﬁgt%ee %(if%ﬁﬁg]%%%gghg% ero\?gr?gs{hleacé)é%aﬁcgF\l/vaﬁjhwﬁ?e% en
curregh, SOUnc RERSSHERIRVRISuRC M enOfifscRius neye anstts Ag certdingp-
to an embodiment, it is assumed that one of the aﬁgéri hms NLM énsrl%%”u

8 or LWF@W\tﬁ s v RIS ER RPEY 9§ TS2 DG BYER for
adapting qogffigiants -<th@;fegqga01<}cancelling filter and that the step size
is constant. An Important lesson learned from Eq. 17 is that if the
araplification gain of the hearing aid processor is varied slowly compared

to the ﬁ%ﬁﬁ}}ggﬁ%rﬁ}%éhﬁegwlgydtppgggggyp be more or less constant. If

the amplification gain is increased, the cancelling filter be 25 comes

equally more accurate and vice versa. In mgst hearing.aids, t _
amplificatioh Sﬁnfﬁfwmvemaﬁ‘?@%aﬁa%ﬁa@%%%%nng%%%f’fo“ﬁﬁ%%%ea‘ with

po;sicl?lﬁgﬁ@gtaiipmrme ethngandallingetiter. Thaseftiiong dagfwaticn in
period of time with g small amplificatio in r f =

ling filte? iEe&é@%a?é%d’.fﬁcse&88ghﬁy“t%%a%ﬁ%ﬁ?? atei‘;ogr‘? S‘*é?ﬁ%.?,”fﬁ? c?figg"gl-ous
300loopibygteemeantniceme onstRsiesiVIC DAY LEBESPNsating the hearing-

PCT’?%Zogé/éﬂﬁ]%?aiﬁs@?@S%tQﬁ%WQ%%%ﬁh' RreRleRYis cise,

SI
solvedoby proy ‘ er accuracy when the hearing aid amplification is
small. aEhersaih erintse Birgh AMshisHY A4 SR NHBSB Y TRV SYRIemS Op-
reducgeLand, VICR ¥aFR3-of ﬂlégw@aﬁﬁ@a% amnoeipatsiepsire ise assignad
selected, which provides the de | _ . . .
o each band. In some hearing aids, the hearing aid processor i1s an
15 adaptive wide-band filter and a mechanism is incorporated for adjusting
the filter so that the amplitude response varies in accordance with the

current sound pressure levels in a number of frequency bands.

According to an embodiment, it is assumed that one of the algo-

rithms NLMS in Eq. 8 or LMS with variance normalization in Eqg. 9 is em-

20 ployed for adapting coefficients in the feedback cancelling filter and that
the step size is constant. An important lesson learned from Eqg. 17 is that

if the amplification gain of the hearing aid processor is varied slowly
compared to the adaptation rate, the stability margin wil be more or less
constant, If the amplification gain is increased, the cancelling filter be-

25 comes equally more accurate and vice versa. In most hearing aids, the
amplification gain is, however, adjusted rapidly in comparison o the
possible adaptation rate in the cancelling filter. Thus, if there has been a
period of time with a small amplification gain, the accuracy of the cancel-

ling filter is decreased. If suddenly the amplification goes up, the closed-

30 loop system can become unstable.



5_sire_d accuracy at the maximum amplification gain, and then the step
size is reduced proportional to the square of reductions in the

am Ilflcatlon A
gain. According to another embodiment, the h T%g,p/%gl%{

07/11
|c90cessor cor- 10 responds to a simple amplification gain. The cancg ng

fllter is an FIR filter adjusted according to Eq. 8 or Eg. 9 and an adaptlve
whltenlng filter is applied on the reference signal. According to a
particular embodiment, a similar filter %"'applied to the adaptation error. It

is:Nax:Th

meimum ATGETRCEIG S TRGH HEle Maap e procayeg Brriibuitie
maximﬂgﬁegahmmiowseh ahedrelangugoatﬁeahezhﬁngtd@sswraaﬂ chigihgrtoen
ane h?a%‘ﬁ Othe; stability é%w}ﬁsr %é%hz@emeeﬂ@aﬁgdf%hﬁa@)v&ga

Curre catlon aal ith'reference to Eq. 17, the step-size at
i?]m%mnt@as is Talculatedalasten CBA Pkelamad ByhitBph Giaa tie de-

is step size is then ed ina met il id

MR e N
solutnsnrad un:emmmpartmh@am@auaweugﬁapmeﬁi@vm dhsuinelfisation
frequ Y bands and an amplification gain is applied to each band before
summiing WO 2007/113282 PCT/EP2007/053175 25 the bands. A
conservative step-size control for this application is given below.

According to another embodiment, the hearing aid processor cor-
10 responds to a simple amplification gain. The cancelling filter is an FIR
fitter adjusted according to Eq. 8 or Eg. 9 and an adaptive whitening filer
is applied on the reference signal. According to a particular embodiment,
a similar filter is applied to the adaptation error. [t is:

4. . The maximum step-size (fastest adaptation rate).

15 * The maximum amplification gain used in the hearing aid proces-

sor. The maximum gain can be set according to the hearing-loss or ac-
cording to an estimate of the stability limit (over which the hearing aid will
howd).
G, : Current amplification gain.

20
With reference to Eq. 17, the step-size at sample number k is calculated

as

[£q. 18]

mas S

This step size is then used in a method or hearing aid providing a wide

25 band solution.

According to an embodiment providing a multi-band solufion, in a
multi-band hearing aid the signal is split into a number of frequency

bands and an amplification gain is applied to each band before sSUMMIng



Gr,ax; : The maximum amplification gain used in the hearing aid proces- 5
sor for band i. The maximum can be set according to the hearing-loss or
according to an estimate of the stability limit (over which the
IFRGW ?zg k : Current amplification gain used in band i. 18%5%0% 95317-’
reference to Eq. 17 and assuming we are operating with B fre- quency
bands, the step-size at sample number Kk is calculated as ,~z frk =~Ylin~
rhx G,k Gii,k [Eg. 19] L 'n,ax,l G,nas,2 E-nax, |l j Adaptation halt 15
Sudd%n I%udgouJst s%cr@ ive S(¥oor sl n%rfrm% 0{0131\1?] r#gﬁoﬁ(?é'@%en
impose speC|a rlsks W e'can |ng ter is updated wit
NLM S+iksvalgorithm. The hearing aid processor will typically delay the
signal, as most often it includes a filter bank, an FFT and/or other types of
filters. This means that a sudden loud sound will quickly manifest itself 20
in the Gglaptdtienrerom@) iaFRilire B baeitot 6t aiBe dieaiB setdddifeses-
for the cancellation Iﬁ?er X).. Therefore the LMSélB 1 83 esgrlbqgsslnor
Eq. 8 SAil'ekeR0e PG RRPS TR EHE IS et
occuradaecaingetthendestonairatdrine Empifity Smill @t thie@ritesigaaing aid
large. |\1| [eover, it is adaptation steps, which are not governed by dis 25
crepancies B’e}tween cancellation filter and acoustic feedback path.
According utheninaemlibogtimethaidsiand indagird iaids are provided to
detect if a sudden increase in sound pressure occurs and temporarily
suspend the adaptation afterwards. An embodiment of this is depicted in

We 20@?%1&93&%%&&%/%2013’7/&)&33@%5@6@9“&aﬁ'eamﬂawﬂltingwma B fre-

Pha A *}epms?.%é‘%?%p%hﬁ& BERRelabsaipA i
1\2
‘ JMmI G : S Hon [Eq. 19]
Hy = | ; G
K_ T a3 max, 2 |'1ax B}

Adaptation halt

15 Sudden loud sounds, such as a door siamming or a hammer like
sound, impose special risks when the cancelling filter is updated with an
NLMS-like algorithm. The hearing aid processor will typically delay the
signal, as most often it includes a filter bank, an FFT and/or other types
of filters. This means that a sudden loud sound will gquickly maniiest itself

20 in the adaptation error (e} in Figure 5, but not until later on the reference
for the canceliation filter (x). Therefore, the NLMS update as described
in Eq. 8 will take very large adaptation steps right after the loud sound
occurs because the denominator in Eq. 8 is small and the error signal is
large. Moreover, it is adaptation steps, which are not governed by dis-

25 crepancies between cancellation filter and acoustic feedback path.

According to the invention, methods and hearing aids are provided
to detect if a sudden increase in sound pressure occurs and temporarily

suspend the adaptation afterwards. An embodiment of this is depicted in



example the microphone signal 601 or an omnidirectional signal of the
hearing aid. According to a particular embodiment, this signal is filtered. 5

“I{foe(.}g_.gltﬁgs%eedback.cancelle}tlon flltgr is implemented accor[g 921%9/0‘3175
embodiniént so that it works in the high-frequency range only, it Is not of

much relevance what happens at lower frequencies. Thus, in order to
detect sudden loud sounds with high-frequency components, the fre-
guency weighting filter 602 could be a K h-pass filter. The absolute 10

value af the signal X is then taken bs-block 603 and this operation is
then fic—i))\%jvﬂleeg g@%‘ﬁg }drfﬁ‘éveg\?e%é%?ﬁ%%r@ averager 604 or some other type

of magnitude calculation. The average of absolute values, Z, reflects the

current sourt® pRess ifetEn B ERNEIBRs NS RIS RIS R8r- 58"
should aflpasticerrespesbieter fgl@p indheheaingiaidtpasessonl bf the
and the length of the feedback cancelling filter. To de e%'%jg ailo%c]'l %Oﬁ'l?edred
occurg?ﬁ{@%\?é‘?aé@%%gﬁ'ﬁpths%ﬁﬁgggé% 8{7“3%‘?‘5%?%mohn§ WHich iS '

definadl byga constanicEoieshole tatget lsigminpamiehtésithenading to an

pared in black 606 to,1h Pagee f{hg%gg%%, ityde. Jf the JRomeRta of

. nt so a% - "
signal'magnitude éxceeds the signa Is ctlassified as "a 20

suddenuochdasievante | wbeddrappanspah Py dergsafigrFor Ayshile afger t©
this hq%@g S A ROIHIANIS LS R/iBPRRK RRIdinG Block B8 RpriedRNfre-
C

Y. which can store information about the signal maximum for a while af-
ter it ReRRRIMRIEIGAEI BISF BPtheAparigohiBr SighaIdieands igPsolue

COMPIARY §ABdldg Aatacieththinizhen By the agrplabon imauspeogdedityn is
25 sending an adapt_disable signal 607. Loud sounds ( ot__necessa%ai‘liyr pe
suddefpaaniowsERR SRR s RiBYTHA8RE OF hdr & XBmBEIAN

of the heatpgiRide Thraatustic Heedbasiepath avitis sekrérom wiects the
cancelling filter's perspective - braces mi 3
e e e

ers. ation or overload In one o these
units thys sbongs pridssiocamespWwo 20D/ TERRER Her/ERI0g BO58I0IEssor

15 and the length of the feedback canceliing filter. To detect if & loud sound
oceurs, the average signal Z is increased by a great amount, which is
defined by a constant Threshold to get a signal A, which is then com-
pared in block 806 to the momentary signal magnitude. If the momentary
signal magnitude exceeds the signal A, the sound is classified as "a

20 sudden loud sound”. in order o suspend the adaptation for a while after
this happens, one solution is to use a peak holding block 605 applied on
Y, which can store information about the signal maximum for a while af-
ter it occurred as signal B. If by the comparison of signais A and B in
comparator 808 it is detected that A < B, the adaptation is suspended by

25 sending an adapt_disable signal 607.

Loud sounds (not necessarily sudden) can also cause a noniinear
behavior in one or more companents of the hearing aid. The acoustic
feedback path as it is seen from the cancelling filter's perspective em-
braces microphone(s), receiver and input- and output converters. Satu-

30 ration or overicad in one of these units thus corresponds fo a non-



27 linearity in the acoustic feedback path. Assuming a linear filter is used
for feedback cancellation (such as an FIR filter), the filter is inadequate

‘{/g())rzr{pﬁc% ell,.llzgg the highly nonlinear saturation function, thus Ieadm}gggec(){o%; 175

rors'in'the adaptation. Therefore, according to an embodimelﬁ?:ré ec
tor (not shown) for recognition of these circumstances is included in the
adaptation mechanism and that adaptation of the cancellation filter is
temporarily suspended when the non-Iiﬁéarity occurs. The adaptation

, ing t ticul bodi t, ded f ;
e B oo RS B kPl B M e s used
l_)epgrﬁokefmdbad@inaut’nehaﬂi@ys{mh m&m atmdiltas ,eiﬂﬁi%iéhey i_@fiaag,ifa}u ate
tial f”t%rg{w'gdaﬁﬁé%qé( i@ﬁﬁt n&ﬂ{%ﬁgﬁJ%@ﬁqﬁmhﬁ@M&ﬂng to er-

directional microphones; with two or more omnidirectional microphones,
or withicas 1% gensbrpiatarof drpiftarecasharding MrabtRIRBPATBRIShaHEdec-

A direg:lional mhisteReneina-nasial MicierhirneyhliclhasihbpiRets the
and works according to the 'dela¥-and-subtract" principle. Sﬁléjh a micro-
phon@mpfﬁ%@m@ﬁ%\@ﬁﬁmmﬂﬂeh hals 2Pfrlatianertidhe RS RIR yiter 1s

rectionahpysiany krspd isbvalasimeke aomitisectipralouisropheresaptdon

lows for an adaptive directional pattern and.can also be extended.to work
in seva}%}'frga HEbgbtﬁnﬁsDﬁﬁéﬁﬁi rleeg]ﬁ%%%%nc@ %%p‘c"'eunS eerrmltIa gﬁe%qrti%nsaﬁm
patternhSeafier exampbepatentapplication Wes0igeh zatealeth any case,
s%xtial filtering is a highly efficient means of increasing the signal-to-noise
ratio in many typical listening situations, An example of 25 such a system
is showaga/Rigaes P Tdrdetonalry sirmefiicieieatng dircetitirn ey stethshe-
a giveﬂaqga,i,:t:grin time it is useful to compare an estimated norm of the

signals before and after the directional system. One can use the
wide-band Sighangst advanced hearing aids today are supplied with directional

microphones, with two or more omnidirectional microphones, or with a
15 combination of omnidirectional and directional microphones. A direc-
tional microphone is a special microphone, which has two inlets and
works according to the “delay-and-subtract” principle. Such a micro-
phone will provide a signal, which has a fixed directional pattern. A di-
rectional system based on two or more omnidirectional microphones al-
20 lows for an adaptive directional pattern and can also be exiended to
work in severai frequency bands {0 enabie a frequency dependent direc-
tional pattern. See for exampie patent application WO 01/01731 At. In
any case, spatial filtering is a highly efficient means of increasing the
signal-to-noise ratio in many typical listening situations. An example of

25 such a system is shown in Figure 7.

To determine the efficiency of a directional system at a given point
in time it is useful to compare an estimated norm of the signals before
and after the directional system. One can use the wide-band signal to

30 get an estimate of the overall efficiency or number of band-pass filtered

signals to get an estimate of the efficiency over frequency.



30 get an estimate of the overall efficiency or number of band-pass filtered
signals to get an estimate of the efficiency over frequency. WO
\&2(98{7?(’;7}%%%2 PCT/EP2007(053175 28 Many horms can be?ﬁ”%ﬁ?@ﬂﬁm
and tor practical use one will em- ploy an approximation to reflect the
value relevant in a window around the current point in time. The general
p-norm definition along with some special cases of it is shown in [Eq. 20]
and Table 1. 5 The p-norm of a signal dfer some window is defined as: Al
I/ Nx=~x11p=[ Fkix11v9 20] k=0. represe ind r_filter
function. V%nr%g&sngﬁgﬁcé%ﬁegr?o?r%%gé%l%%g%‘vore}?i% 152%8?%& (s%(%&névit%gem'
rectarpgoyaanwarioaxiativontofrefireciviie 1@ iLaoatgvEIT, e -windgie around
E“C"C{ﬁérbEﬂkeﬁ?%s&ﬁﬁrlﬁr%'%'irﬁ%&éféiﬁﬂn{vﬁ%lﬁ% #BHNNAY With some
=max~x~,...,(XM -Infinity 1x11 ' =min~x1l....,iXM Table 1: Norm
compERRFHH 2eEBMPhERSHeRt MotkfcalkLabhabithih this category is
based on 15 the 1-norm. At sampling instant k, the norm is calculated by
the recursive update with exponential forgetting: N, (K)=(PIxkl+(t ~) N.(k )
[Eq, 21 SHBPE APl LE O YR ?ﬁ@TO‘ﬂT%By"tP%éjﬁﬁéb‘zaqea%e norm is also
normal- ized to ake it independent of window length).
N, = S E
il

foe

L

[Eq. 20]

{F,} represents a window or filter function. Various applicable norms are

shown in Table 1 (shown with a rectanguiar window function of size M):
10

o |, <[ <o

Euclidean H‘{hv - fowz ok xh

General ﬁxnp - Gxigr bt EXM Ip )W for l€pgo
infinity il :max{%x] L,ELM\}

Anfinity T he| = minfe ] )

- Table 1: Norm computation

A commonly used norm calculation within this category is based on
15 the 1-norm. At sampling instant k, the norm is calculated by the recursive

update with exponential forgetting:
N (ky=olx, |+ -@) N, (k=1) lEa. 21]

where ¢ is a constant, g e 1] (by this update the norm is also normat-

ized to make it independent of window length).

20 If N, is the norm of an input signal, x, and N, is the norm of an out-

put signai, y, then the efficiency of the directional system in the fre-



20 If Nx is the norm of an input signal, x, and Ny is the norm of an out- put
signal, y, then the efficiency of the directional system in the fre WO

007/113282 PCT/EP2007/053175 29 quency band to Whig%,i(%gzw <
“i%j)éfgﬁéflsl%%% be calculated as G = N,, ry [Eq. 22] If G is near ,/t e 053173

directional system is highly efficient and is most likely removing a
significant amount of noise or irrelevant signal compo- 5 nents. Interaction
with multi-microphone or directional mié ophone systems A directional

system for spatially filtering of t i s a gain
appliecdj ) %%ggé%{% .V@‘e%‘gﬁéf‘n%?o%g@% i?é%:‘ﬁgr% Q&cg !gg%t%%né selected
and the logatipn of the individual sound sources, this "gain" will take
diﬁereﬁﬁtzvaﬁ/)s. Under fortunate circumstances a direc- tional syst@ﬁ-czgﬂ
reduce the feetlback problems, but generally one will not have exact
knowledge of the sound source locations. When consid- ering the

directional gystermasrangaie, dirhasobeesyehseriedigmy ifinidtitlmd is most
microphone implementations like those depicted in F.i%L‘II‘e 10 a glgii%ﬁpo—

5. thefEFh (TS Ao STBI AP b AeBaISey bl TRE VaDuEeti e

cetlingidiigr. The overall change of amplification gain due to the directional
sys- 20 tem can be calculated according to Eq. 21 and Eqg. 22. According
to an embodiment, Eq. 17 is used to govern the step size control. An
implementation according to this embodiment will be de- scribed ir‘i the

followl it iREHIE AT EHER A5 Rig O8N OBERN) CH SHRIE L THEZRHG ML WAtR™S

directional characteristics. The can- celling filters are FIR filters adjusted
according ta Bie &ionEgyatandfan spdtptivEieHingrin g fites is dsplebieopon-

the reg(?&ee?é:g %@%a'géﬁca%gi%%% the sound. Depending on the directional
10 pattern selected and the location of the individual sound scurces, this
“gain” will take different values. Under fortunate circumstances a direc-
tional system can reduce the feedback problems, but generally one wiil

not have exact knowledge of the sound source io_cations. When consid-

ering the directional system as a gain, it has been observed that in multi-

15 microphone implementations like those depicted in Figure 10 and Figure
8. the formula Eq. 17 plays a role for the accuracy of the feedback can-

celling filter.

The overall change of amplification gain due to the directional sys-

20 tem can be calculated according to Eq. 21 and Eq. 22

According to an embodiment, Eg. 17 is used to govemn the step
size control. An implementation according to this embodiment will be de-
scribed in the following with reference to Fig. 8.

25

Fig. 8 shows a hearing aid with directional characteristics. The can-

celling filters are FIR filters adjusted according to Eq. 8 or Eg. 9 and an

adaptive whitening filter is applied on the reference signal. According to



WO 2007/113282 PCT/EP2007/053175 30 a particular embodiment, a
similar filter is applied to the adaptation er- rors. The following definitions
are made; N,,, : The norm of the first spatial signal 32. The norm is
E3dMAed - cording to Eq. 21. 5 N2k: The norm of the secbhd %%zgﬂ'gpssm
signal 33. The norm is estimated according to Eq. 21. Pk: The norm of

the resulting directional signal 34. The ngorm is esti- mated according to En
21 G,k = %71,k : Reduction of the first éBatiaI signal 32 occurring in the di-
10 103%%%%&?]'3‘?%‘1% %%ﬂnsé/nsttegn sﬁgﬁ%ﬁ%ltgr_ iE %%Eie%etguﬁltéog&g&g%% er-
second Spatial signal 33 occurring In the directiorial weighting system

205. umraxTHEN®ineidg dafisténsiaee (fageest adaptation rate). 15 To keep
an upper limit op t SGULALY.0 cellingfil - Ja]e X _
amboamer B e R o o i 1o e ac
sampleskithg gemsizes used in the two feedback cancelling filters are

then calculated as u:..m = Gi'k ftm,x [Eq.. 23]. 20 k zG"kl1lmax [Eg. 24
Avordtig (3 EnOREY BhDGCRARERE STAR-BSRE st Sr SR e
used. AEH&%@@'%&%M 33 in Figure 8 are split into several frequency
bands before being weighted together to achieve a further noise reduc-
tion cofpared teWhat ithpoesibléngdsiie aliaeayfingedithe HigatRHaANE 25t~
signals, the, %gjn reductions defined above must be calculated for each

nate gording o 4. 21,
frequen%y pand.” A s'}t%p sizé parameter can then be calculated for each

WO 2%931:13‘ 82 %%Eﬂ%ﬁ&pgﬂﬂé?ﬂr@sééﬂal signal 32 occurring in the di-

Afli,k )

<=

10 rectional weighting system 205.

Gy, = % - Reduction of the second spatial signat 33 occurring in the
! 1k

directional weighting system 205.

4., The maximum step-size (fastest adaptation rate).

15 To keep an upper limit on the accuracy of the canceliing filter, ac-
cording to an embodiment changes of the step size are made by using
Eg. 17. For sample k the step sizes used in the two feedback cancelling

fitters are then calculated as

Hi = Ol u iEq. 23]

max

20 lui-l,k = Gi’lk t‘umax [Eq 241

According to another embodiment, a multi-band directional system is
used. If the signals 32 and 33 in Figure 8 are split into several frequency
bands before being weighted together o achieve a further noise reduc-
tion compared to what is possible using a weighting of the broad-band
25 signals, the gain reductions defined above must be calculated for each

frequency band. A step size parameter can then be calculated for each



band. The safest approach is then to take the minimum step size for each
of the two branches and use these in the feedback cancelling fil- ters:

“g% yq% Mkfak) -wUi~X) [Eq. 25] 5 Fesk =Min{,t[2~k,I~z k.. F#yz%lh/u;ﬂ s

er embodiments Figures 8 -12 show embodiments of hearing ai
configurations in- cluding a subsystem for step size (adaptation rate)
adjustment depicted 10 as step size control block 104, 304 and 404,
which will be described in the foIIowm& Figure 9 shows a hearing aid with

one icrﬁ pe i zs beggﬂgféﬁntr 'QnF @%qﬂ m&p%@?%&@%r

controf b uce e connection 7 symbolizes
such éafdymation mam@nnbamncgawst@afe iﬁf@@té@ﬁé@@%ﬁﬁééﬁ%ﬁéﬂ"
and qg{gg reduction per- formance. The output 6 of block 104 is a step
size parameter to be used in the adaptation block 103. As it will appear in
the foll owmjgrz 559 op; SI rs;?et according to the output of the hegeripes)
aid protessor mi- 2 crophone signal | and the feedback cancelling
signal 4. Figure 10 shows a hearing aid with two microphones and a sepa-
r e feedba rﬂ( mpellmg to e@ microphone signal. The compensf'gsdzgl
mput &hgnals 40" 41 ‘A’ liséd-as input to a spatial filtering system, which
25 might be adaptlve and work in multiple frequency bands. The resulting
directional signal(s) 42 is (are) used as input to the hearing aid proces- sor
100. egllters %O.(Zja goff? produce cancelling signals 43, 44 for each of
the microphone signals 21. The adaptation of the cancelling WO
2007/113282 PCT/EP2007/053175 32 filters takes place in adaptation
plock 303, HAWBa Tt S SBIERTE R oo Hieh EobUHA AR, ™

46b. Theygien Siks fsantiabblaels 304 (adaptation rate) adjustment depicted
10 as step size contro! block 104, 304 and 404, which will be described in

the following.

Figure @ shows a hearing aid with one microphone like the one

shown in Figure 2 except that the step size control block 104 has been

15 introduced. The connection 7 symbolizes such information as amplifica-
tion gains, state of automatic gain controller and noise reduction per-
formance. The output 6 of block 104 is a step size parameter to be used

in the adaptation biock 103. As it will appear in the following, the siep
size is set according fo the output of the hearing aid processor 3, the mi-

20 crophone signal 1 and the feedback canceliing signal 4.

Figure 10 shows a hearing aid with two microphones and a sepa-
rate feedback cancelfing to each microphone signal. The compensated
input signals 40, 41 are used as input to a spatial filtering system, which

25 might be adaptive and work in multiple frequency bands. The resulting
directional signal(s) 42 is (are) used as input to the hearing aid proces-
sor 100. The filters 302a, 302b produce cancelling signals 43, 44 for

each of the microphone signals 20, 21. The adaptation of the cancelling



works on parameters from the hearing aid processor 100, one or both
microphone signals, both cancelling filter outputs and the output of the 5
hearing aid processor 100. The Step Size Control block 304 outputs ane

o N6 s%%zgzgize parameters 45a, 45b. If both microphones apr?éTo’%rﬁ%(l} ]“Q} >3175
rectional, the same step size parameter can be typically be used for
adapting both cancelling filters. 10 Figure 11 shows a hearing aid with two

omnidirectional micro- phones, a directizhal system for spatial noise

filtering but only one feed- back cancelling filter. This configuration i .
simpl t?ﬁ%lﬁa% %C&'&ﬁ%’ﬂ?k%fiaﬂf@i‘g?éé?th%“gir%%%&ﬁ? gs%e;?n%io{:k '
becomes patet of thieacosSit:fasdtbadibtoohastas Seem frontrthélock 304
perspective of the f li jlt me-yvatiaf| i

R LSS e S U S
coeffichisrenRigareidzashdvethaceonfiinaiita shriritttoand Bite dEpidted the

Fig- upe 3yt witt sheaddifign eha Biep Size Comal BilRkks#R4dbifs one
block 20 provides two separate s{g&sae parameters 37a, 37b to be used

for adApWAGHER BIERIPAINSIERE terfficiEnts BB BBPRPEaRR BRI NId-
feed- F&%ﬁéﬂq&wr?m@hr&%%af%badpﬁe@@nmu@@cs;pawswgéhi&ed for
concept as opposed to the one depicted in Figure 10, is a highly different
Weighﬁﬂ@p&f‘ﬁlgo@m%‘wwg:ﬁﬁ%ue to this difference, it is often easier

25 to ensure stability of the hearing aid under the user of large

appliication, qoing. In e following yrier GRRAUERE LB el micro-
dedcribed wiiCh aim 3 providing an dppropriate adaptation rate
adjustpientt rediedjidifesySerrvadhafimearntiprdiienns uoonly one feed-

20071 A3RA2 FG 0 RA0T PRATEN S A Rechask cxmig e fornd eAdRd in
aids If one of the adaptation algorithims as defined in Eq. 7 - Eq. 10 is
Figure 10, but the directional system becomes part of the acoustic feed-

<

back loop as it is seen from the perspactive of the feedback cancelling
15 filter. Thus, time-variations in the directional pattemn require adaptation of

- the feedback cancelling filter coefficients.

Figure 12 shows a configuration similar to the one depicted in Fig-

ure 3, but with the addition of a Step Size Control Biock 404. This biock

20 provides two separate step size parameters 37a, 37b to be used for ad-
aptation in block 403 of the coefficients 38a, 38b for each of the feed-
back canceliing filters 302a, 302b. A consequence of using this concept

as opposed to the one depicted in Figure 10, is a-highly different
weighting of the adaptation error. Due to this difference, it is often easier

25 to ensure stability of the hearing aid under the user of iarge ampiification

gains.

In the following, further embodiments will be described which aim
at providing an appropriate adaptation rate adjustment to remedy differ-

30 ent adjustment problems.



used in a hearing aid like one of those depicted in Figures 1-3 & 8-12,
and the sound input represents a typical everyday sound environment, 5
wis will never achieve that the cancellation filter is an exactl;'e(iz ZQH{}

%]7:
2007 |ﬂ'| 3

Aedustic ¥adback path. If an LMS-type adaptation algorithm is used w
a constant step size, k , the accuracy of the estimated feedback path will
depend on several factors: 1) The magnitude of the adaptation rate 10 2)
The function and amplification in the heating aid processor block 100. 3)

The "gondjtion:' of the micro ignal or signals; is the signal
spectra’f?f/_ %:98 o%argﬁ %Sf??fﬁnpé%;’é%%@éﬂg% he performance of the
multi-microphone directional system if 15 such a system is integrated in

the hearipng aid. 5) The acoustic feedback path In prder to make a ,
accurateiéﬁf?ﬁe%?dglfcﬁ iﬂ@?ﬁiﬂg g&%&‘ﬁ%ﬁ g?eéégpz%%a@cg;%ing"t;é dh 100
embodiment is beatioleddriaecord aridbavithdigicteeiis ZjguBesFlndng&rs-12,

commenisyon ach o ths lesmementionsube 20.ven e Jolning,
along with'a’suggested adjustment of the step size’ parameter in each
cadse. @emblirmayathadnignadial dffecanvallfdivs dservatopsasbairdaeos the

signals snteringdhsRRarE. HcPosdihe SaiaAanrs behaviaurolie with
hearing aid have been discussed WO 2007/113282 PCT/EP20071053175

34 abBVROBRSAB KIBPsEigB estiotRerdicstjasYnY the fsprapledb iearhask zath
cordirwwdg‘?g?ﬁf&lllg\gyégaf%ga&rsembodiments will be described for how

to combine the various effects into a single step size parameter for each
feedbackﬁa%lﬁellin filter, 5

e magnitude of the adaptation rate
10 2) The function and amplification in the hearing aid processor block
100.

3) The “condition” of the microphone signal or signals; is the signal

spectrally coloured or is it “noise~like™?

4) The performance of the multi-microphone directional system if

15 such a system is integrated in the hearing aid.
5) The acoustic feedback path

In order to make an accurate anti-feedback filter, the adaptation step
size according to an embodiment is controlled in accordance with the
items 2) - 5). Further comments on each of the ifems mentioned will be

20 given in the following along with a suggested adjustment of the step size

parameter in each case.

Combining the individual effects

Various observations about the signals entering the hearing aid

25 and the state and behaviour of the hearing ald have been discussed



At first, an embodiment of a hearing aid with directional system and a
two-path feedback cancelling filter will be described with reference to Fig.

12 depicting a hearing aid with a two-microphone implemen ! <
. . P2007/053175
WA%%%Gréfﬁ%Z% a particular embodiment, the two feedback canigéeﬁng ?I ters

10 302a and 302b are FIR-type filters, where the coefficients are adjusted
using an adaptation block 403 such as LMS with variance normalization,
as defined in Eq. 9, or an NLMS as defitted in Eq. 8. The adaptation block

as defined in Eq. 9, or an NL . The adaptation
iR T S N ran s o AT E A R e o

on theaidiyghtion tberdedovinactotaais robfodimanéswl ditndaesripeg for how
similag,apnet o SIgnAR SQmLiSina AR é SRU URE I:ARAIAURY each

embodiment, the hearing aid has B frequency bands and each band has
a sepratbarh sRRCAIBE JRr and a separate directional pattern. The ad-
apjation step size control unit 404 receives information about arnplifica 20
tion gains from the hearing aid processor and band-splitted adaptation

errors fomeier SBalS 54,54 04 or SINRICLY, (HAMLSONR S5 T e anc
latter is used for talculating normalized autocorrelation or another type of
self-siefiacityeliintsioib fok czsiceiiing. fifes ittt desieide %l Kefience to
norm Qfgt.h?zﬂﬂéﬁ?a Syi%%'ﬂﬂﬁfaﬁ'aemfﬁ%ﬁ%%ﬁé%@#é%e iFadREMdsion.
estimatéd according fo Eg. 21. N;'k : The norm of the Pth frequency band

of the AHISfaRaPIIRAIR5OTPRE TG i st iRedRadoranFt e dlters

2y WEHZQQHE B3B8 R FIRRYOD HRA3 1R RS Re-dodineinonment thejRtea
frequency band of the resulting directional Sﬁp&@% 3. The norm is

y | . .
estimAtUASREAMIRAPR PO (3L Eyps iSRG R RrerEizalpn
signal &l arigging Bathe, Rth aNINLMS as defined in Eg. 8. The adaptation

block 403, according to an embodiment, contains an adaptive whitening
filter which is applied on the reference signal 3 and the same filter is
15 used on the adaptation errors, or, according to further embodiments, in a
similar manner on signals 30, 31, 32, and 33. According to a particular
embodiment, the hearing aid has B frequency bands and each band has
a separate amplification gain and a separate directional pattern. The ad-
“aptation step size control unit 404 receives information about amplifica-
20 tion gains from the hearing aid processor and band-splitted adaptation
errors from either signals 51, 52 or, for simplicity, from signal 53. The
jatter is used for calculating normalized autocorrelation or another type

of self-similarity function for each band. It is further defined:

25 N{: The norm of the 7th frequency band of the first spatial signal 51.
The norm is estimated according to Eqg. 21.
NY): The norm of the 7th frequency band of the second spatial signal

52.

The norm is estimated according to £q. 21.



frequency band of the directional weighting system 205. 5 G~'k = P() N,")
Reduction of the second spatial signal 52 occurring in ,k the Pth
&(gg{gﬁ}gﬂ(}:?lggnd‘of the direct_ional weighting §ystem 205. Gk'}; %EMH/%EQWS
amplification gain for band (i) as calculated in the hearing aid"processor.

G ; a: The maximum amplification gain that can be used in the hearing

10 aid processor. The maximum can be set according to the hearing-loss
or according to an estimate of the stabﬁﬁy limit (over which the hearing

aid will howl), ~,~"> éE =N, uﬁocorrelation %fe f{ﬁients f%r the #é% po%nq glf i
the CBel>' PGBk t@&ﬁ& SRR GE e "RFUTHNE feeHongh;
transpoytas 15HioRdieiay demdhe: spunekin §ep e tp the receiver until it is
picked up by the microphone. N is the length of the tapped delay line

used i the Eat cellingdfiltgisn Bsma firihspaaximymastar-siza(fapteshe /th
adaptation r W&)O For band i, calculate a step size decrement factor due

to the AmpIficd o0 37 Ao IF Gt By A ypach cancelling

branch atso a ecrement tactors e spatial filtering: WO

2007/113282,PCT/ER 3 = (G kKR AE 0538 AWK |
= ézl?([éq:. 29&“111?,2@ gﬁiﬁg% d%gcﬁrggn%%ﬁétorg%t%tﬁéﬂ%ﬂ? tgo %cﬁ:n‘r'ﬁlw 6 in

value Au. L —_
the 7th frequency band of the directional weighting system 203.

G2: The current amplification gain for band (j) as calculated in the
hearing aid processor.

GO The maximum ampflification gain that can be used in the hearing

10  aid processor. The maximum can be set according to the hearing-loss or
according to an estimate of the stability limit (over which the hearing aid

will howl),

N ) N
v e
r2(r) = = Autocorrefation coefficients for the /th band of the
: {(c.”)

feedback compensated signal. r, <r < N. r, is the standard transporta-

15  tion delay from the sound is send to the receiver until it is picked up by
the microphone. N is the length of the tapped delay line used in the can-
celling filters.

u. - The maximum step-size (fastest adaptation rate).

20 For band i, calculate a step size decrement factor due fo the amplifica-

fion gain
ey
AL = (—5——} [Eq. 27]

and for each cancelling branch aiso a set of decrement factors due fo

the spatial filtering:



5 According to an embodiment, the autocorrelation coefficients in each
frequency band are calculated from the feedback compensated in- puts to
“;Bez(n’g Eipgzaid processor. Then, a decrement factor is calc%gtﬁgpm /083175
accordance with the maximum magnitude of the autocorrelation c'oe?— -

ficients for each band (assuming the amplification gain is maximum): 10
Aui, Ay,: Decrement factors of decreasing magnitude, 0 < au, <4uz<1
T,nax . T,, T2: Autocorrelation threshold$ of decreasing magnitude, |
>Tmar >T, >T, > 0. If max(rk (r)) > T, Then AFtk'~ _ A,u, Else If max( rk"
(N)> ﬁﬂ?‘ﬁe‘n{ﬁfé = 4,u, 15 The various decrement factors canthe?®!
combined in different ways. According to a preferred embodiment, the
step size“gec ement factors are compared within each band Sﬂge }t&pg

: ampliﬁ%%noﬁ @ai and efficiency of the directional system, A, e [k,
to the step size decrement factors 20 due to the colouring of the
adaptatioh ériaronARCECMRTMARRNIE) 2guia Nt AFre K%?*“'RF? (KA EG 30]
Auzk=min(min(Duk' AAiik, tj(')-4uk.k.Afkk") [Eq. 311 As described
previously, the error in the feedback cancelling filter will (in open-loop and
foba fixed &egr&tiey e invepsDBRIPSoraeAHE SRR RGOT Lrgigpents in

PCT/ER2AGHISSAPn 308k 43 fhenrioe ARPIocess6K chigensated in-
dependency can be expressed by muItieging the decrement fag:torsctéj'g%?ti

to the R IR BAAFIRIARIEEESEF HE Proa i BPIREWBLI & F515
decrefnepidaeiancassifisisg warinioat imggojtadionatie thewecreaent obef-
the maximum_amplification gain. 5 Su seq?%en%to these calculations, the

S sl

large %%E?%ﬂ%ﬁ?]a &n(ﬂé AR e? over %%hogsqgl?afenﬂé¥%um '
resulting step, szedaneadtdv@rchbisictreasing magnitude, 0 <Ay, <Ay, <1

T . T.7,. Autocorrelation thresholds of decreasing magnitude,

S max

1>7,. >0 >T,>0.

X

If max(rk“" (r)):- T, Then AZ" = Ap,

Eise If max(n’(r)}> T, Then Az = Ay,

i5
The various decrement factors can be combined in different ways.
According to a preferred embodiment, the step size decrement factors
are compared within each band due to amplification gain and efficiency

of the directional system, AR, Au'}, to the step size decrement factors

20 due to the colouring of the adaptation error:

A = min(mm(azzf’ A AT - A -A,ai”\) [Eq. 30]

7

T :m’in(min(Aﬁ;" A AT A -Aﬂi’))) [Eq. 31]

As described previously, the error in the feedback cancelling filter

will (in open-loop and for a fixed step size) be inverse propoitional to the



ul.k =Ap,.k Knox [Eq. 32] u2,A = Au2,k ' Jana. [Eq. 33] 10 According to

an embodiment following a simpler, but quite conser- vative strategy, the

_ are multiplied within each band and sub- seque yf . gl <
factoﬁrﬂle%%g to the largest decrement: uk =min(sujk k 0 io>}% if'%g.ﬂ /4%33(75
1 15 O%][2.k=min(A'U']"duk'~'Aui'k [Eq. 35] According to another
embodiment also following a simple strg;}egy, the autocorrelation-based
decrements are treated separate from the other two types of decrements

(GainhaRet AEhBRRREAEYRIEAIRAPRDalh2AdbiR.F 5% BB Apnsbendy

not b rrespond to the maximum gain but rather be appropriate for a
typicanyhiply inerthe=sesigmantdasorsidae-legeg s ate s Rnyeieee!
P . Al thAFradki a3 lwdPofibording & gacisianermhodimenis Sgare
calculated value of the step size paramet%; i%overruled if e%{t%ga Itarlge ,
correlRRb SIS AR BB FPHETRY PCTAEPIYE 53T s 198 g 22!
logd untsudaeniteseutaldintdenthese cirgaststaneesetiéaatbraptatitest
of the cancelling filter coefficients.js suspended, .Thaf | =t TN,
or if YPURIGRYFToRETSS, ‘r‘?’d%?sked‘é‘tgfigdr%%%%?‘oq e bt %ﬂ%ﬁ%@ﬁrﬁ e
figuret®eThen p;k = 1-12,k = 0. 5 In the following, measures according to
embodiments of the pres- ent invention of how to adjust the adaptation

rate o, feédback.cancel- lation filter in a hearing aid in dependeni:%%f?’z}
the acoustic environment of the hearing aid are summarised.

/u?.,i( = A#E,k '/‘!ma,\; EEQ 33]
10
According fo an embodiment following a simpler, but quite conser-
vative strategy, the decrements are multiplied within each band and sub-
sequently take the factor leading to the largest decrement:
Apg, = min{ AT AR M) ) [Eq. 34]
15 Ay, =min(AZ7 AG A ) [Eq. 35]

According to another embodiment also following a simple strategy, the
autocorrelation-based decrements are treated separate from the other

two types of decrements (gain-based and spectral colouring based). In

20 this case, the Az’ shouid not be correspond to the maximum gain but

rather be appropriate for a typical gain:

Apy, = m_in(min(ﬁxﬁi” -Ayf"ﬁ,Aﬁf('))} [Eg. 36]
Ay, = minmin{ AT - A, A" ) [Eq. 37]
25 According to particular embodiments, the calculated value of the

step size parameter is overruled if either a large correlation is detected



10 When the amplification gain is increased (decreased) by a factor A
compared to a nominal gain, the step size should be increased (de-

A2 compared to the nominal step size. When o ﬂ\tqu[;gun75
“&Séﬁ?j r%%]uency bands, the lowest amplifica- 15 tion galansﬁc?gmswe if

the lowest gain is increased (decreased) by a factor A compared to a
nominal gain, the step size should be ingreased (decreased) by A2
compared to the nominal step size. If the autocorrelation is high as

measb‘rreadim{oesgjuﬁ@ 2o8niy: &lufs. mgéﬁﬁhe%éh&rﬁﬁﬁsffﬁﬁsé‘s the ad-

increased substantially. A monotonic correspondence between the

autocwatmw @awﬁﬁemgﬁ&%w@f&ft@e §imRVSBRRfal R HRd the
step %Z%xk %@ﬁ@ Buchthatihe iR SR isdes e ddesdRerensing-

correlation o imif&rity”. When the autocorrelation or similar

meas §t8ftﬁe$&§%%|i§ SRS MR digaigs thal g, purejtone is present in
the sigrfal, the adapta- tion is déactivated (step size =0). 30 WO

2007/113282 PCT/EP2007/053175 39 in a multi-band hearing aid, the
autocorrelat mllar measure of a Si ]%s e{{ f 3
TN(?E\% each ibghg.}ehasures accoﬁ'ﬂﬁ oét)a I’I’?gg&ﬂ‘ﬂ%&ag b[ﬁ@ pres

calculated IS sug- gested e the maximum of
absolete iralertoof didauttcodilstite aveplstntdsaindiet tisdhedesaisel-

for th?a?‘rﬁpfﬁiéﬁ;n5a!fh% H'Q?%'T?\CE:%%%%Q:?&UHfjtﬁﬁeéé&r%%wﬁdﬂ%t of

incoming signal, the a tion should be déactivated. This deactivation
is maitheRaTIRg aé\dvﬁﬁﬂé‘aﬁéﬁﬁ%eiﬁmdent 10 In a directional system
working on wide-band signals, the efficiency of the system is defined by
the ratio betweenttkesteetiationanapensatedased (decreased) by a factor A

compared fo a nominal gain, the step size should be increased (de-

creased) by A7 compared to the nominal step size.

When operating with multiple frequency bands, the lowest ampiifica-
15 tion gain is decisive; if the lowest gain is increased (decreased) by a

factor A compared to a nominal gain, the step size should be increased

(decreased) by A" compared to the nominal step size.

If the autocorrelation is high as measured by e.g., Eq. 2, Eq. 3, Eq. 4,

20 or Eq. 5 the step size is increased substantially.

A monotonic correspondence between the autocorrelation or a simi-
jar measure of a signals seif-similarity and the step size is implemented
such that the step size is reduced for increasing correlation or “seff-

25  similarity”.

When the aufocorrelation or similar measure of a signals self-
similarity indicates that a pure tone is present in the signal, the adapta-
tion is deactivated (step size =0}.

30



signal(s) and the directional output signal. If the norm is reduced by a
factor A, the step size should be decreased by A2 compared to the
inal size. 15 For a multi-band directional system th ic IS, -x
“Z:}g%]&flaaﬂtle%gwpithin in each band. The step size is reduced acgga‘rigil‘%gﬁ {gc?{ﬁzm
largest factor O calculated over bands. 20 In the multi-band case,
combine amplification gain and efficiency of directional system for each
band and then select step size as the maxi- mum reduction of the nominal

value. WHen QRRI3MIg Wil - hnd avsior ApmEinSingaln £eaKple of

25 "correlation control” an ectional filter control” in bands to find a set

of ecuisigierisstel-siveiaritexanake grcHFRAUNBIRAD PRNGsditits RS-
the resulting sfeRiizgAcralirine e fusts e badisaest s esrREReRIRS,

may Well be ap- 30 plied to hearing aids with more than two microphones.
WO 067475582 IS 0GR Er DT ADSai S BIpriate combinations
offeatures described above are to be considered as belonging to the
invention, even if they have not been ex- plicitly described in their. .
combinatigh¥° 8@déﬁ@?@ gﬁﬁ%@%‘%ﬁt@% Bf?r)éec%iﬁéssénniﬁﬁ\}gﬁ g signal,
hearingeadda ptiekatibad e iedsndemsyiesm pltmaltadivatisignanprotegiddor
deViC%SwﬁHit%l&:eerft%ré tpne same. such as, e.g., digital signal processors,
ana- Ioguefﬂlgl al &gnafproc'essing systems including field programmable
gate arrays (FPGA), standard processors, or application specific signal 10
Argcessqis é’%ﬁ%gﬁgﬁé‘@@teﬁbmﬁi , drispreienrd thehihe wRolsficiency

system is iImplemented in"a single digital component even though some

parts ebtiia pesiaplEriaiReiRbiRer FiayReMRN SR t5 R LR RsEsated

. signal(s) and the directional output signal. !f the norm is reduced by a

factorA, the step size should be decreased by A compared fo the

nominal step size.

15
For a multi-band directional system the efficiency is calculated within
in sach band. The step size is reduced according to the largest factor Al
caicutated over bands.
20 In the multi-band case, combine amplification gain and efficiency of

directional system for each band and then select step size as the maxi-

mum reduction of the nominal vaiue.

When operating with a multi-band system: combine “gain control’,
25 ‘“correlation control” and “directional filter control” in bands to find a set of
equivalent step sizes. Next, take the minimum of these and use this as

the resuiting step size,

According to further embodiments, these principles may weli be ap-

30 plied to hearing aids with more than two microphones.



son. 15 Hearing aids, methods and devices according to embodiments of
the present invention may be implemented in any suitable digital signal

vpé%ﬁgﬂg%zsystem. The hearing aids, methods and devices m)g:ﬁﬁﬁ';%n?s

used by, e.g., the audiologist in a fitting session. Methods according to
the present invention may also be implemented in a computer program 20
containing executable program code executing methods according to
embodiments described herein. If a clieh -server-environment is used, an

embodimen dfie AR RLINKAAIBALBMBHRGS S JELROIREURLe are to be

computer that Ies a system according to the present invention and

hosts aaesidsTistiRs RREYIAINSdRdBatiRYeHRo8YHLESRRNG RYSHEPLBEEN ex-

presepfdanarsiani-Racareieg é8appkirembodiment, a computer pro-
gram product like a computer readable storage medium, for example, a

floppy disk, a memory stick, a CD-ROM, a DVD, a flash memory, or any
otber suitable:staragedsnesivrdingprovedekfosrstanmgrihentiomphikeriptoaids

gram according to the present invention. 30 Printed: 12/03/2008. ,

eSS AT E PRI 0o LR Lo L I Ol SGaeh =S
programiteblie firrayHee sstoredsinch memery ol digittiohebrningaesivs oraa-
compyter IEMmANY hdexeauted hy theearing aidideviRad'Sslt glamhmanl
proce‘és?r{{g]ﬁ% eS @%Pﬁ%ﬁ%grgﬁ)?g{%ny oﬁ1er sluﬁable p?c?)llcegsr%orn?)af'1 ae

COMp UL SERYRINGP S A)mEBTBR UL et aRT§ P65the” RIYIRFEaT sssdim&faaal

Having desciihed and flustraied theBuRcRies i0fidhs-eresent inyemdiamise
embodiments thereof, it should be apparent to those skilled in the art that

the pre¥ERINSdRRIATRAEEe hibaiflals i GiRLfOBIRERERh G Rtdliomsn some

withogepsitinofsamsuste pdaciplescChanges ankmodificatienskiay per-
be magoenwithin the scope of the present invention as defined by the ac-

15 Hearing aids, methods and devices according to embodiments of
the present invention may be implemented in any éuitable digital signal
processing system. The hearing aids, methods and devices rmay alsc be
used by, e.g., the audiologist in a fitting session. Methods according to
the present invention may also be implemented in a computer program

20 containing executable program code executing methods according to
embodiments described herein. if a client-server-environment is used,
an embodiment of the present invention comprises a remote server
computer that embodies a system according to the present invention
and hosts the computer program executing methods according to the

25  present invention. According to another embodiment, a computer pro-
gram product like a computer readable storage medium, for example, a
floppy disk, a memory stick, a CD-ROM, a DVD, a flash memory, or any
other suitable storage medium, is provided for storing the computer pro-
gram according to the present invention.

30
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CLAIMS tt)wDER ART. 34 PCT% 5 1. A hearing aid comprising: at least
e microphone for convertiﬁ?ﬁ

subtraction nede for subtracting a feedback, cancellation signal from the
input signal thereby generating a processor input signal; a hearing aid
processor for producing a processor output signal by 10 applying an
amplification gain to the processor ingut signal; a receiver for converting
the processor output signal into output sound; an adaptive feedback

cancellARSPTIHBEE f&p RIdPIANGY geMResiMmABc b RERIFIRCERSFo sy e
frosm, HRe PROS SR oPH BUESKIBRAON SRR R TRT 080 EsRPlRed PTremory
calculation means fgr c Iculatin%,an autocarrelation value of a reference
i TR R e T e S e e
adapttihereafevidyesen dhiecadajitdiionprete s dinme -y anyinguaedseiditing
de of t utocorrelation value calculated for the reference
sig%%ﬁ]%?aﬁggPﬁeg%ri{ﬁg%@?d%gégg%ﬁ%gefg% a‘g'rWT}t\‘?\iherein the calculation
means is adapted to calculate the autocorrelation value for a number of

frequengt iy e b IRIGGa SRR AR BV AR BRRER V.

autocorrelation value over all b; erein the adaptation means
is Hem jRearnbedimpt Shaeealidb arid be aperiesh de Megssr shiled in the
MHTHET B PRSEERBINR NS by THE MBS MOS0 ATl A0

2, wherein the adii%?tion means is .adapted to decrease the adaptation

rat¥ S REH FFRAHRSL SRR RTINE Bieth & RAGRSS B gRAAcRIRS M3y

be made within the scope of the present invention as defined by the ac-
companying claims.

RAMEN into an input signal; a EP20070.

53175

AMENDED SHEET a1/nsionna
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4. The hearing aid according to claim 3, wherein further the.processor is

. 43 adapted to at least temporarily. decrease the amplification gain when

the 1 autocorrelation value of the reference signal increases. 5. The
hearing aid according to any one, gf the preceding claims, wherein the 5
reference signal is one of the input signal, the processor input signal or
the processor output signal. 6. The hearing aid according to one of the
preceding claims, wherein the adaptive feedback cancellation filter is a
FIR filter, the hearing aid further 10 comprises at least one whitening filter
applied to the reference S|gnal or the adaptatlon error signal for the FIR

filter, and daptation __ adaptedtoadjust the
adaptation fa = ok Fthe autocorrelation

.value has exceeded a certaln value. i5 7. The hearirig aid according to

one of the preceding claims, wherein the adaptation means is. adapted to

- dhdewving e eripemisiaat of the filter coefficients when the

auaqear@é%%m&seﬂaﬂm&%&%ﬁﬁg fﬁgs‘a&%a% nafﬁﬁs%wﬁ d&%H&{

signal. 20 B. The hearing aid according to claim 1, wherel tation

m&lﬁgt@'&&@aﬁt@a@e ﬁ%r‘éae%’%ﬁmo%ém%emwmoemmm the

vinlpiet eigesidRersbigenerssiniiapiasliddidhutighsaaring aid according
to aniof the pre&edlngﬁclalms 25 Wh?erejn sald adaptation means is

iR 8 SEORESRiala B T4 o RRRERRS) oPHIRLL Signal by
mvpmlugtmmgamifmafﬂmgamtm@aldmoessbnmmtmm wherein, if the -

o B Bl e RS b R BT B BB e
adaptafentedentorcieanselietian fikentm mmaﬁrwmdh@%edback
Haﬁb&igﬁaﬁ'“Q@%ﬁ%‘i@”}ﬁéoﬁ@é@sgowr@dﬁiﬂt 'fs‘iBﬁa?W'f'SBB%ga'ﬂltar
coefﬁc;ents.

calculation means for calculating an autocorrelation value of a reference
signal; and '

an adaptation means for adjusting the filter coefficients with an adaptation -
rate, wherein the adaptation raie is time-varying and set in dependency of |
the autocorrelation value calculated for the reference signal.

. The hearing aid according to claim 1, wherein the calculation means is

adapted to calculate the autocorrelation value for a number of frequency
bands of the reference signal and to determine the maximum autocorrelation
value over all bands, and wherein the adaptation means is adapted fo control
the adaptation rate in dependency of the maximum autocorrelation value.

. The hearing aid according fo claim 1 or 2, wherein the adaptation means is

adapted fo decrease the adapiation rate when the autocorrelation value of
the reference signal increases. .

kS

. The hearing aid according to claim 3, wherein further the processor is
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. separate amplification

decreased by a factor A compared to a nominal amplification gain, the

-adaptation means is adapted to decrease the adaptation rate by A2
~._compared to the nominal adaptation rate; s 12.The hearing aid according
~ to any one of claims 9 to 11, wheyein the input. signal is a band split signal

divided in a number of frequency Bands and the hearing aid processor is

adapted to apply a separate amplification gain in each of the frequency

b ign ' [ ify A f the
R RS e e T S T

tiRigraTRalion HrusREthamismassoRiENahintiegRENearing aid

according to any one of claims 9to 12, further comprising: a directional

S) Etem including at least two microphones converting the 15 input sound

in

P28 0% LA ERB 1o 8PP BLERGRERSHTENA SR Wherein the
prefdcing A sifestinnahe e feicnpie, sigreastiv e Ridekast ipRodRMAor the
sgpotract&i%g a f{és feedbflck cancellation signal from the first spatial .input
S gngfa'?o ge% 28 BHRt feedback compensated signal and a second
feedback cancellation signal from the 20 second spatial input signal to

. g?ﬂér.%ajiii& coRd ﬁ%@&%"i‘z‘%ﬁ %8 ”H?m%”%ﬁﬁﬁeikﬁ%@%@ﬁées%\’gﬁﬁge%H@?e the

resulting diréctional processor input sign eas a secon

atipptierdeathenic sanertisborifiierols AdEiRyBRetNE@naraid further
seeRiphiRRIARESRHRE RHABNHE AKE aKh MBS IS AEARBERERMal or the

means is adapted to further control the adaptation 25 rate in dependency
PR RNERNET SIRTER R 1A TR ABS PRS- RGRI R IameRS i

waepiaditéhediatibthetamestaiins obitherdivsizosisacnd fagtbaaktation rate if
c ignals_ and the directional output _signal is reduced by a

fac o%?%%éré?ggfaé%opo‘{ﬁ%%gr%smea = |o',3§1ae ebﬁép'{\aﬁ%ﬂfﬁo means is

adapted to decrease the adaptation rate for the respective first or second

7. 29RBNVR dRREDaRk SRRGRIALCRTEREDYY heOBIRREAHG LSRR WAkein the

adaptation rate. _ ‘
adaptation means is adapted to deaclivate the adjustment of the filter

coefficients when the autocorrelation value indicates that a pure tone is
present in the input signal.

. The hearing aid according to claim "E, wherein the adaptation means is

adapted to increase the adaptation rate if the autocorrelation value engcéeds
an autocorrelafion threshold.

. The hearing aid according to any of the preceding claims,

wherein said adaptation means is further adapted to set the adaptation rate
in dependency of the ampiification gain.

10.The hearing aid according to claim 9, wherein, If the amplification gain is

increased by a factor A compared to a nominal amplification gain, the

adaptation means is adapted fo increase the adaptation rate by 4
compared 1o the nominal adaptation rate.




45 15.The hearing aid according to claim 14, wherein the first and second
input signals are band split signals divided in a number of frequency
bands iand the ratio is determined in each of the frequency bands, and .
the adaptation 5 means is adaptéd to decrease the adaptation rate for the
respective first or second adaptive feedback cancellation filter by the
largest one of the factors 62. . 16. The hearing aid according to one of

11.90RE 8RRy %d%@mﬁaet@dﬂmn@n WHETRAANE 'ﬁxé%ﬁ}ﬁﬁé@tﬁﬁle@ém%
gg%ptatl?% rate as,the maximum re%ar?tlon of the nominal value b ya

P8t hdaHAN o s BRI S MiridaBOmgah amrfiticatianogain, the
bebpesiopneridhe fisstaiasreantiegdbrelseomeeniistidignalians,

" the dlrectlonal output signa for ach frequency band. 15 17. The hearlng

SRIMRRGHR RS Soebia g %@ewhereln the adaptation means is

adapted to select the adaptatlon rate as the m|n|mum of the adaptation

lated b a cambipation of the correlation,
12 g e G R o e T e § e T SR o
ﬂﬁdbbf@f(a:bmpéﬁs&taigag@m@wzthe diveuitienaf ﬁutgmi‘mgrhﬂnﬁ@ tord the

e e it S T
n%ﬁ RERIGBA #&@m ARG @e@@@@éeéfmdmw 8

W@Qt aae whﬁtel@ébsraéaéiﬂﬁlﬁﬁaﬂdﬁ ssafariesindempAaEMation’
sus%gnd the adg}ustment of the filter coefficients. 19. The hearing aid of

#80.AeHIR ﬁt@ﬁ%?é&%@ﬁ%%&%?@&% i8R0l ding means for

storing a maximum of the input signal for a certain Iength 30.of time if the

I LR e e e R R
me@tﬁﬁ%ﬂ&pﬁﬂ@%pﬁﬁbdﬁ‘@a@ﬂd%ﬁbﬁﬂ@f iDtnerbto@pnes converting the
input sound in at least a first and a second spatial input srgnal and means for
prov;dmg & directional characteristic; ‘

at-least two subtraction nodes for subtracting a first feedback cancellation
signai-from the first spafial .input signat to generaie & first feedback
compensated signal and a second feedback cancellation signal from the
second spatial input signal fo generate 2 second feedback compensated
signal thereby generating a resulting directional processor input signal; |

at feast a first and 2 second adaptive fesdback canceliation filter ftzr
adaptively deriving the first and secortd feedback canceliation signals; and
- wherein said adaptation means is adapted to further control the adaptation

rate in gependency of the direc:tionai characteristic.

14. The hearing aid according to claim 13, wherein, if the ratio between one of
the first or second feedback compensated signals and the directional output
signal is reduced by a factorA compared to the nominal ratio, the adaptation
means is adapted to decrease the adaptation rate for the respective first or

second adaptive feedback cancellation filter by A* compared to the nominal
adaptation rate.
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coefficients as long as the maximum is stored. 20.The hearing aid
according to any one of the preceding claims, further comprising step size
control means for calculating a step size parameter 5.from at least one of
the system information comprisinrgbamplification gain, state of automatic
gain controller and noise reduction performance. 21.R method for control
of the adaptation rate in a hearing aid comprising: converting input sound
into an input signal; 10.. subtracting a feedback cancellation signal from

15118 BRI RRLACEAIDS SRV i ASTRCAER JE, &7 ERERSEL R

W&gmbasﬂwtﬁggheip@va@nmatmtralm\abirftec;uépuir Sy, land
Gl e TrsabachepRerialin sossl iamie possastoron

OUt ut signa ying filte COG Iclent lati Ing an autocorrelation

, W@@Pﬁ@ﬁd@ sigergasedhedpdapigline fate &nreﬂneuem@wtwm first or

é@%n‘@%%ﬁ%%@&%é@@’c‘é’ﬁé‘é%&ﬁ‘eﬁ%@p@“%éa r?e%?t e of the

dependency of the autocorrelation value of the 20 reference signal. 22.

. feRtoraéinod according to claim 21, wherein the autocorrelation value is

calculated for a number of frequency bands of the reference signal and
the maximum autocorrelation value is determined over all bands, and

18. Wtaam'arm this ataording taens cbaliitediia thepEndbwepivfiieeadapiation

ere.ﬁﬂﬁ j@@i@&%ﬂ@&éééﬁaﬂaﬁ% cthad aecoring, (o claimahe or

aptation rate is decreased when the autocorrelation

mu@mmv@m»@ sigrbinatien sédheghangmsom divcanaiiifinaing @ain
glines e ieinfeehes tie Anmpkifigationr oalninat fiRrsiderpersibhsated

decreased vy_'hen the autocorrelation value of the reference 47
signals and the directional output signal for each frequency band.

17.The haaiing aid according to one of claims 13 to 15, wherein the adaptation

means is adapied to select the adaptation rate as the minimum of the
adaptation rates calculated by a combination of the changes on the
autocorrelation, the ampilification gain and the ratio betwaen one of the first
or second feedback compensated signals and the directional output signal
for each frequency band.

18.The hearing aid according fo any one of the preceding claims, further

comprising detection means for defecting if the input signal represents a

sudden increase in sound pressure of the input sound, and wherein the
adapiation means is adapted to temporarily suspend the ad;ustment of the

filter coefficients.

19. The hearing aid of ciaim 18, wherein the detection means comprises peak

holding means for storing a maximum of the input signal for 2 certain jength
of ime if the momentary signal magnitude of the input signal exceeds the
average of the input signal magnitude by a threshold, and wherein the
adaptation means is adapted 1o suspend the adjustment of the fiiter
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signal increases. 25.The method according to any one. of the claims 21 to

- 24, wherein the reference signal.is one of the input signal, the processor -

input signal or the 5 processor output signal. 26.The method according to
one of the claims 21 to 25, whergjig a FIR filter is applied to derive the
feedback cancellation signal, at least one whitening filter is applied to the
reference signal or the adaptation error signal for the 10 FIR filter,"and
sdeticioriseag rRihgdfLbanarimprtsessiigestep of adjusting the adaptation
rate from a slow to a,fast adaptation rate if the autocorrelation value has
exceeded a certain value. 27. The method according to one of the claims

20. Phetdegringenddn deeardioginierany saiehefiltee cosflietint Waleactiataer

‘ it Ay t . o
Ol el L A T R B Bramete
TERmpRitieR Yhengs 9of dheasvatemhisfatmssinTe leoopnsing ewgdidstion gain,
e eTEIRIRAHO AR AN ERIRY sl BIsthAdaerrdiadoioaneLf the

claims 21 to 28, wherein the adaptation rate is further controlled in’
dependency of the amplification gain. 25 30. The method according to

21. &laietri2l fohesirolf shehamplifiession ediisa INSERRILSIP L AipEEN A

campared @.an minal.amplificatio in, the adaptation rate is

'ingcreasggig %m?éue %%%‘gaiggg % fﬂglfr}%ogrﬁiﬁ%ﬁ adaptation rate. 31.The

nistpisaciiogorlifretbaiinc@ssalhtvairsigak onp| fheaopuy sigisl ereby
Pﬁﬁ?é’é’éﬁr%ééﬁgi’fr%ﬁ g¢l to a nominal amplification gain, the

adaptation rate is decreased aZ compared to the nominal adaptation .
rROMSIND §RIGRERRGH acbRiEiFigns! drly aRBliYNe @merwidtionasisido
fthe drpedsienmpseshang: split signal divided in a number of frequency
bands apd a separate amplification gaai,n is aBPIied in each of the
RN G A8 et b ine! nto oltput sound

adapiively deriving the feedback cancellation signal from the processer
output signal by applying filter coefficients; |

calculating an autocorrelation value of a reference signaf; and

adjusting the filter coefficients with a time-varying adaptation rate, wherein
the adaptation rate is set in dependency of the autocorrelation value of the
reference signal,

. 22.The method according fo claim 21, wherein the autocorrelation value is

calculated for a number of frequency bands of the reference signal and the
maximum aufocorrelation value is determined over all bands, and wﬁerein
the adaptation rate is controfled in dependency of the maximum
autocorrelation value.

23.The method according to. claim 21 or 22, ‘wherein the adaptation rate is

decreased when the autocorrelation value of the reference signal increases.

24.The method according to claim 23, wherein further the ampiification gain is at

least temporarily decreased when the autocorrelation value of the reference
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the separate amplification gains is identified, and the adaptation rate is 5
adjusted based on the changes on the lowest amplification gain. 33. The
method according to any one of claims 29 to 32, further comprising:
converting the input sound in at least a first and a second spatial input
signal providing a'directional characteristic; 10 subtracting a first feedback
cancellation signal from the first input signal and a second feedback
sighatltatrenssignal from the second input signal thereby generating a
resulting directional processor input signal; adaptively deriving the first
and second feedback cancellation signals; wherein the adaptation rate is
25. Thatmoistton ¢egerdiapciooftive oeaiofad isiaimsaltbristi@43Mhiseein the
RRIAASSHNEING heRMBinileLna B BHALASRAERDONE NG, e
first or second feedback compensated signals and the directional output
RigFRPReTOURE B 8 factor compared to the nominal ratio, the adaptation
20 rate is decreased for the respective first or second adaptive feedback

llation signal by d2 d tq th inal adaptati .35.The

2. R AR 8 DL SRS Pt em AT ol Gt

" applieshébsplirsigrinls (edestin canostiptionf igaabnely bastenangdifening
i0.25 | ined. the f the. adaptati

fALP 1 BRI VRE D TG e 0 S o

tih Btipatiand siheseh) taeenaigosdtiurbart enpriizestipe step Thadiusihgdhe

BESISIRG tRfaiB At WRREID headapiatonise4%SeIastedas30dion

maximum reduction of the nominal value by a combination of the changes
WHRIEFENRREHBH B4R Rkatio between one of the first or second

feedback compensated signals and the directional output signal for 49 m

ch frequency band. 37.The method accqrdi claims 22, 32 and .35
2?.?\, 2, Féffq%}qﬂ %ﬁé%rt g 10 one omt?\e casmsozrq ?cg é% we}':eremzthe ag;ustmént
of the filfer coefficients is deactivategi when the autocorrelation vaiue_

indicates that a pure tone is present in the input signal.

28, The method accordihg to claim 21, wherein the adaptation rate us increased
if the autocorrelation value exceeds an autocorrelation threshold.

29, The method according to one of the claims 21 to 28,
wherein the adaptation rate is further controlled in dependency of the
amplification gain. o

30.The method according to claim 28, wherein, i the amplification gain is
" increased by a factor A compared to a nominal amplification gain, the

adaptation rate is increased by A compared to the nominal adaptation rate.

31.The method according to claim 29, wherein, if the amplification gain is
decreased by a factor A compared o a nominal amplification gain, the

adaptation rate is decreased by A2 comparad to the nominal adaptation rate.
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32.

33,

is selected as_the minimum of the adaptation rates calculated by a s
combination of the changes on the autocorrelation, the amplification gain
and the ratio between one of the first or second feedback compensated
signals and the directional outpig signal for each frequency band. 38.The
method according to any one of the claims 21 to 37, further comprising 10
the steps of: temporarily suspending the adjustment of the filter

Fﬁ@fmma,éﬁﬁo?imw di?é; ah_ezmm(ﬁ% ﬁ%gfﬁ%;ﬁ?tﬁtﬁe?mﬂsd@ig?al
increase in spund pressure .of the input spun : earjng aid o
BiAeaS TaleoehTaRs e DRSS LIRS SRR RO e T
aigplfidationogatnirs lepglied niewcit dicthe dreguéayySamndsmadnitadenfe of
i lgn '@B‘ﬁ‘fﬁ‘%ﬂ r Inpyt sigpal ' :
?E?e%ﬁ%% S spenﬁag%w%ﬁgd?ggﬁéérﬁﬁg fheg }?i teqrﬂgoe IC e%ttiéSj gsl?%otgg s
adiusterhBRRAC BN JEiSREEEE 20 . Tedewasosriiiiieieg @riny one of the

claims 21 to 39, further comprising the step of: calculating a step size
rameier from at |least one of the system information 25 comprising

a I L )
MRBEGAEANT g AL OTsHAL Ay 2B ofe PR EREPRSRR o
perigsmaniteg 44 AnpQEnpotet 0 gtareRt ol iR COMPH SISO HpaRAoHB ut
%?éﬁ;g%%g?&%%r%c%%gpcﬁa%%g}g%%;a method according to one of
subfracting a first feedback canceliation signal from the first input signal

‘and a second feedback cancellation signal from the second input signal

thereby generating a resulting directional processor input signal;
adaptively deriving the first and second feedback canceliation signals;
wherein the adaptation rate is controlied in dependency of the directional

characieristic,

34.

35.

38.

The method according to claim 33, wherein, if the ratio between one of the
first or second feedback compensated signals and the directional output
signal iz reduced by a factor A compared to the nominal ratio, the adaptation
rate is decreased for the respective first or second adaptive feedback

canceilation signat by A> compared to the nominai adaptaiion rate.

The method according to claim 34, wherein the first and second input signals
are band spiit signals divided in a number of frequency bands 7 and the ratio
is determined in each of the frequency bands, and the adaptation rate is
decreased for the respective first or second adaptive feedback cancefiation

signal by the largest one of the factors A%

The method according to claim 35, wherein the adaptation rate ié selacied as
the maximum reduction of the nominal value by a combination of the
changes on the amplification gain and the rafio between oné of the first or
second feadback compensated signails and the directional output signal for
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each frequency band.

37.The method according to claims 22, 32 and 35, wherein the adaptation rate
is selected as the minimum of the adaptafion rates calculated by a
combination of the changes on the autocorrelation, the amplification gain and
“the ratio betwsen one of the first or second feedback compensated signals
and the directional oufput signal for each freguency band.

38. The method according fo ‘any’ one of the claims 21 fo 37, fuﬁhér comprising
. the steps of;
temporarily suspending the adjusiment of the filler coefficients, if it is
detected that the input signal represents a sudden increase in sound pressure
of the input sound ‘ ‘

~ 38.The hearing aid of claim 38, further comprising the steps of:

storing a mammum of the input signal for a certain length of tume if the
momentary signai magmtude of the input signal exceeds the average of the
input signal magnitude by a threshold; and

suspending the’ adjustment of the filter coefficients as long as the maximum
is stored. |

40. The method according to any one of the claims 21 fo 39, further comprising
the step of: _ _
calcutating a step size parameter from at least one of the syétam information
comprising amplification. gain, state of automatic gain coniroller and noise

. reduction performance.

41.A computer program produbt comprising program code for peﬁsrmihg,'when
run on a computer, a method according to one of claims 21 to 40,




