- WD 2007/ 113283PCT/ EP2007/ 053188 Hearing Aid and

.Method for Controlling Signal Processing in a Hearing

Aid Field of the invention The present invention

Wweh@tgs280 a nethod for controlling the signatt/Ep2007/053188

processing in a hearing aid and a hearing aid

i npl enenting such a nethod. More particularly, the

present invention relates to a nethod for estimation

of Hé%rﬁ.@tma%fepm&hmfdmﬁr&m@)s:yﬁulcmdcssumg ihzed

for control of the signal processing in a heari ng

ai d. Background of the Heafe)¥tAigh 1t is known in the

prior art that a nmeasure of signal autocorrel ation

may be useful in control of the signal processing of

a hearing aid. In particular, AC related features

have been suggested to control adaptation rate of a

f eedback conpensation systemlike a feedback

cancel lation filter in a hearing aid. It is also

known that the calcul ation of such a neasure can be
Field efithednyeyfiany in terns of menory denmand and

conput ational |oad. The ACl is al so suggested as

input to other systems of a hearing aid such as an = .
The prasdit mnﬂuenﬁatesatwsl wethagApr Weﬁréhﬁg ﬂhﬁé SAEW' Pyagesging in a

nearn 55 RSl R SOEL3F M RS ppcary.

presen@\@ive&hﬂdn helhiest foea nesthod goraesimmtxgalaﬁ tln@ atebreiatierisdex (ACH)
| ect an appropriate gain, strate
which @éﬁ@?% for eantrql jof thepigRal gcqsﬁ@gé'ﬁlﬁé'@gﬁaﬂta'éystens in
" the hearlng aid to reach an appropriate strategy of
functionality. Such systens could be a feedback
cancel | ation system as nentioned above, an Autonatic

Ba“kg'{_ﬁ@?‘?%%ﬁ]el;ﬁ‘%ﬂ@aﬂr an adaptive directional system

cropnone systenm), a signal conpr essi on
system (cal cul ati on of appropriate gain), a- frequency

tio i LRS00 AT b o B R e s
control"tﬁ@ﬁé Bignal &oceé%g’-@f)g/hb&ﬁﬁﬁaﬂcﬁ ﬁ?ﬂ&ﬂiv’ 53 r8fited features have

Rel ated prior art

been sugpesied e contrel adaptation F@ﬁt?fr%zeeldga? %EHIP&'}P%W' avstem like a
feedba\‘fil Hﬁcé?lfatléﬁﬁ[téslhgﬁﬁéémggﬁélﬁ ﬁ‘i‘ssé’@@ 'kﬁ&h?ﬁ tﬁa’t thé%alcuiatlon of such

autocorre on functi rxXxX as | ows: ( }
a measure can be quite costly in termy @f mamorm'd@m;and and computatlona load. The

ACI is also suggested as input to other systems of a hearing aid such as an Auditory
Scene Analysis (ASA) system. The ASA system provides a classification of the sound or
noise environment of the hearing aid partly based on the ACI and help the hearing aid’s
gain reiated systems to select an appropriate gain sirategy. More generalized, the ACI
helpé. the subsequent sysfems in the hearing aid to reach an appropriate strategy of
functionality. Such systems could be a feedback cancellation system as mentioned
above, an Automatic Loopgain Estimator, an adaptive directional systerh (mudti
microphone system), a signal compression system (calculation of appropriate gain), a
frequency modification system, etc. Thus, a good estimate of AC! could generally

empower the operation of a hearing aid.
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in which t indicates the time and r indicates the

time lag or delay of the signal. In a discrete tinme

domai n, the equation above turns into a sum in
WRbGHy7A13286i cates the sanpl e nunber or tine SrenprBIhs3188
j indicate the sanple lag. Normalizing this index

with r,,(0) creates an index p>c,c(n) with a 1 range,

in which +1 [5indicates exact self |ikeness and -1

i ndi cat es exact opposite waveform - EN'": 01 x
(qr‘% X (n - j) Pxr(l) =N1 It is well known within
Relataseprenartt hat the autocorrel ation function for a

si nusoi dal waveformis a cosine, and that white noise
(a stationary stochastic process) generates a Dirac.
The dabgical fappetddbntoadiusttaseniGlrretates fasitireniin o sglralatem value of the

signaﬁ,ggegﬁ—gg?jaw%ija%cé g&%? %U}C))Eoﬁg%ﬂéﬁ(;(lm%ﬁ%n i g’_@"%oilogi%?n )( aj)N

rxi(n)-4 ©:1In= 0; N-41 n00=1ln = 0 r(n)-40 n- 4=0;

f‘x:t(z'%- - ?ﬁ_{g) %+?’ecr<%|§1x;%? — 1)dt

—1/2 (1)

in which t indicates the time and ¢ indicates the time lag or delay of the signal. In a

discrete time domain, the equation above turns into a sum:

N-1

rn(ﬂ%—,zx(n)-x(n— N
| (2)

n=0

in which n indicates the sample number or time stamp and j indicate the sample lag.

Normalizing this index with rn(0) creates an index p «(n) with a +1 range, in which +1

indicates exact self likeness and -1 indicates exact opposite waveform:

N lx(m)x(n—j)

P ()= - |
T Xy ©

It is weil known within the art, that the autocorrelation function for a sinusoidal waveform

is a cosine, and that white noise (a stationary stochastic process) generates a Dirac

delta function as shown in the following equation:_

x(n) = A-sin{@n/f,+ $) = rz<(f) %Az-cos(mj) N = o= p (i) cos(o]) [N - o0

- 2 =0, N3 =] =0
=T ' 5{n) = rer{n) = o3 [n=0; N-3oe = Prcl)
x(n) * ( ) Ferln)-40 jn=20; N P y—0 Jn=0; N-os= (4)

where s(n) is a unit variance stochastic sequence.
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where s(n) is a unit variance stochastic sequence.
WO 2007/ 113283PC17E132007/ 053188 I n the context of
adaptive feedback cancellation systenms, one could use

n si.s of this function to control the
g@’a@?ﬂl'%’ﬁ rate of the adaptive filter. Thus PCITfEPZ(}O’.’lO:.’ilSS
p,0)l or I r,z(j)] is large enough 00), it could
i ndicate a tonal mcrophone input such as feedback 5
how i ng or an extraneous whistle. The adaptation rate
controller could subsequently, in theory that is,

In theadRkekt iof adsPie febdbddkad AR IRRHCH sIMng, hjn‘é écsm ub® an analysis of
conbination with other features. Howeve

this funlier feveonéakieesiantaian et i adanted ind THhe lﬁlm(ubk@ |7 (/)]

he cal cul ati on rrake

s argEp QNG i riin Sl InGptends font RRerPRaS Eibed RyciAasfesdback

howi:n_’?oc‘}r ﬁ%‘@%r&’eodsﬂmﬁl% brpekaddp@tionateSeonthsliRPEbig sﬁbbé@enﬂy, in

heory rd Edition, Prentice-Hall, NJ, USA

theory; that ds, s&mi@eﬂﬁ apntrol slsategy dased dn fhim faﬁﬁnﬁe?on&m%twn with other

featur@éjtﬁoﬁgvérelt é'f%g 's’ép‘gﬁ%saﬂeé@&ﬁo‘q §iogé@|and the numerous
chni al so suggested In

el f-reéesenb ance nique 1s
multnph{ﬂtleni; reguited: at thencdibulatidn pESe6iBE, approeste unmanageable in most
.approach i.s quite cunbersome and thus out of reach in
prac“‘ﬁgg%%'rf?e%fp?ng aids for the tine being. Furthernore,
t he techni que does not plnp0|nt t he needs of
subsequent systens_ in a hearing aid as nenti

For exapiples In Rirobeds Haykine e hﬁgq@gg Ite Thﬁoiya@ergtEdmond Prentice-Hall,
NJ, USIRPldoBat) ?Ql\l@%s&dltoa?s% lﬁ hditib§ n %E%Paﬁ Eﬁtost%ﬁl{i’atlon matrix

pressuf e Per ent requen0|es
as an GDdeaIOé sigrel meﬁ+rasﬁmuadceraihlm@mw@ys Cﬁﬁqo@ug@ﬁSf%d lﬂ patent

filt
applodig €6 407z G4 b 68 ABDMEN 151 Bymoerms ang s ou
of reachehfms®sie Melafing aidsifohihe time beieg. F ummmmm@/, tbaltelchmque does not

Anot her te hn| ue is di sclosed ent B |on
pinpoinkd DP ok AEs RS SHURT YSE 4 b AtRARO B 58 metpned Bbovd

bandwi dth is estimated through the neans of a second

order linear predictor. Extracti %the coefficients
Anothefrappreanh suggssiechinepatenbapplisatientP-Ao!l ARB BFSeist tergorapare the

souns S I KOOy 95401, 2Bl i and

maximoet erdrgy outt oéd fi HBt bank.sAlso éinis flechnitptechas its shotemmings, as it
ion rat f.afee nceII t
SOt S R e R
fal I's, however, in delivering a robust neasure of
el f- reserrbl ance when nore than on [ iid i .
Anothebrtegmue ris tdirelasegnia) pate%tapa\lfatfﬁaf\'\@ 53?00652@ R2 according to
which ﬁ%caghél%rﬁﬂﬁ@tﬁsésesttﬁa‘?@&‘ rﬂ‘iroh@ﬁ thé GMinsSofZ8 <@ cond orc;]er linear

crossing rate I's practical and sinple approac
pred:ctdnutEXItchiirg; tnasmammmgtfrorménesmefarcnr%dw\ﬁoa@mtmyo fbichgextent a

couns 47 Fp 598y A0 3 888] BAEHBIFALRHR, o ovceres

A2, themam‘dmhih/%ltecmshnm into asystemsbndbleenﬁungaﬁmrgdmmn rate of a

CO i.on co t he e S tions .
feedbacky CRBRSISHG: HaTERE Ta¢  BRAEMONINT deleions HaBialgoesrabed therein
fails, hdv@éi)é'rﬁﬁ'ﬂ%ﬁbénﬁ atr&ﬂﬁit 'fed¥Rité bf gelarsi@m&wo@ywt;@ﬂm% than one

herefore, there still exists a need for inprovenents

SH‘IUSOIFﬁﬁS pIRSENtdR dhe SigRalar ti cul ar, there exists a need for
hearing aids in which net hods for controlling signal
processi ng basec on i nproved ACI estinmation have been
i npl emrented. 10 Sunmary of the invention
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Exanpl e enbodi nents can provide a nethod and a
hearing aid of the kind defined, in which the
deficiencies of the prior art nmethods and heari ng
aids are renedied or at |east reduced. 15 Exanple
enbodi nents can provide a nethod and a hearing aid
allowing to calculate ACI features suitable for

control of the signal processing in a hearing aid in
aret @npther ener artdeslknians segassts tegconminks sigprmpere crossing rate. It is

e [
z:'i'%’é?ﬂb ﬁkg §m§ﬁ gc‘férc%l, ggg ﬁg P:lg%)t ﬁrﬂgglﬁaﬁkga%dfﬂgerﬁ Seuracy for a wide
$arggeetbf'&pp$edltfonsesmddeanbmmgtmds§ easi bl e demands to

menory 20 and conputational load in a hearing aid

éﬁnt ext These features are then passed on tq
HUEYarsHY deserbads existing gpiufigps QH 410y $ravide ACh egtimation at reasonable

ik a&?rﬁﬁ@éorﬁsﬁﬂaﬁbﬁ%sﬂsnthﬁel’ﬂ?&é' e Rldn éﬁlﬁﬁ GifH Htlg not provide AC

I rst aspect pr esent | nvention
sﬁmafém‘dfeatuﬁ@%maﬁb@nmﬂw requiremepief itedays h@rwg@m sub-systems.

path for recel ving at | east one audio input signal;

HRPE! il St ket ATkl PR 1o partctar, e
eﬂsrela Rged Mrehdaemg@ﬁab # @hizh roéths8s forasehitrdliing R¥nal processing basec
na n extraction neans for extracti ng a sign
EMPV%éA%A.eaﬂ@aﬂm PRYE Pesnimriemesiedsi gnal ; menory
and del ay nmeans for produci ng and storing delayed
versions of said sign signal; conparison neans for

conparing a subset of the del ayed versions of said
sign signal with a version of the 5 audio input

- Supnwry cfthedgvagtisreans for averagi ng the outputs of

t he conparison neans to extract delay specific
estimates of the signals self-resenblance of the

Eeample erokodiments ean peividesa gretbpg mar aheaaring aiguef the kind defined, in
‘*é@e’f"?r%‘ﬂ%@% cgégg‘o?fr @P ﬁ’Pg hﬂ%g@gﬁ% af'ng gteghﬁﬁ amsrla% Wnedied or at least
reducet.i zed features fromthe del ay specific estl mat es

of the signals. self-resenblance of said signals,

I%_Nhereli n said 10 sumar i ed f eat ﬁﬁdefl ne sunmari ze

lrp@]tsfcggtggp\é e a mgtho )gg Rearing e Alowing to calculate ACI
feaahesAsuitiblea g sBRib] 8t ih@Vﬁgrﬂal Qﬁ@&éﬁs%' lﬁrhaheﬁrfgeélﬁ'lﬁ'( @n efficient and
AC cal cul ation by extracting only the sign signal
rﬁﬁ@@%ﬁﬁwﬂﬂ@"&fﬁl@é reduced signal sincE the
mul tiplications in calculating the correl ati on

' év)\%ﬂ'ﬁané %?r&tg %@%Fﬁse%%#%\{e% Iegﬁgq H?CL 388 o% gé aatld a%wmg to provide

relemﬁsﬁeaﬂgeslmbbubfa §|@r§ai'beﬁ1ﬂ—rﬁee51bEnGe&mﬁnIféasﬂﬂélfdbmands to memory

I\/Br eover, r| ng. t he down-s ngl ed yersions of th

A g%”é‘?‘ﬁﬁ%ﬂ" 7 lpbinca Geadrg A EoRlRxt Thrse tapiunt ate firen passed on to

sb u

i E%‘ﬁ‘é“eaF o el SL B ron S AT BRGNS in the hearing
Bk esent invention, there is provided a nmethod for -

controlllng signal processing in a hearing aid

conpri-sing: receiving at | east one audio input

ABb&AHg to a first aspect of the present invention, there is provided a hearing aid,
comprising: a signal path for receiving at ieast one audio input signal; autocorrelation

index (ACI) estimating means, comprising: down-sampiing means for producing a



10 estimating an autocorrelation index for said audio
i nput signal, conprising: generating a sanpling-rate
reduced signal of the audio input signal; extracting
a sign signal of said sanpling rate reduced signal;
generating and storing del ayed versions of said sign
signal; conparing a subset of the del ayed versions of
said sign signal with a version of the audi o input
signal ; averaging the outputs of the conparing step

l-aGt '
SERA a2 RSl S FUTBHER, Sy bl for
extrgaling asigntdignad vl saidisappling rafe abducaddsigret; menmgryaand delay means

oS BHARNg ant o ER AR SietHbas B 4 B agral Gipfison means for
comearihg @ ebkenai s defaybl @emiigiadisaipsign E@&Qﬂ@iﬂﬁﬁ ersidn of the
ald si.gna ﬁ wherein said sunmmar.i zed. f eat ures defi ne
o Py oG AV D (R oo SYRTRAIBG T ppHIS! i somparison means
t@éi@@é&t defayt dpRchicsamMatdWaRE sRMalst BI- ﬁe§eﬁ15?&r9:\é' &@ﬁe éelayed
onput er program product conprising program code

vg@aqr@rqﬁqag:l sigh signaland theausticphprbsignal; aed pbigining means for obtatnlngl
ag%g’én% ?Lt]tgc{;#&a?%fl If?@gx"[’: fém}ﬂ ﬁ%géﬁmyrﬁ d featyres from the delay

res
ssdacgiﬁabstpnmteeszéthugs:gmla shiaesemgplanct, ofi said sigpalswhened said

10 s{iharREd 3R es G SRRh R A A L RES | ne”

calculated ACI is divided into a nunber of band
[imted versions and a wi de band version. In this

" way, a nore detailed inmage of a signal's
sel f-resenbl ance can be obtained as the frequency
bands responsible for a given self-simlarity can be
directly observed and conpared. This is achieved by a
heari ng receiving a wi deband audi o i nput signal and
further conprising a bandpass filter bank for
splitting the w deband audi o i nput signal into band
limted audi o signals; and wherein the
autocorrel ation index estimating neans is adapted for
estimating at | east one autocorrelation index by
cal cul ating an autocorrelation matrix for said band
limted 5 audio signals and an autocorrel ati on vector
for said wi deband audi o i nput signal.

da



10

15

20

Brief description of the drawi ngs The invention wl|
now be described in greater detail based on
non-1imting exanples preferred enbodi ments and w th
reference to the appended drawi ngs. On the draw ngs:
5 Figure lis a block diagram showi ng a hearing aid
according to an enbodi nent o the present invention. '
Figure 2is | ock di_agram show n he ACI kernel ..of ,

Th el Rrbefierscridt M. aesthiot Aot soRubBrAREal efective AC
QaidubgioR iyS@tactiny &Mty M2 sifth 8ighak oPfiekaMislingl IRt reduced signal since
di agrams, showi_ng sub-bl ocks and their functionality ]
(e Mutiniicationsgn [ralowtgtingdha omstatipn dunchiop debihgi Ag! aie reduced to sigr

ﬁ%g%ﬁgﬂgiwmdﬂ réafucEQQh(ﬁg:gﬁlgﬂtatil)@%ﬂq@é& Bﬁ'thgkg%%e%lsﬁiémrﬁt of the hearing

I agram of a net ccording to an
@fd sipeifipardlye Moréonegnstioong thksd @en-aampleddessiongp of the sign signal insteac

b85S SRS o5 BB P R 3% 25 ory emanc o
¢hephadrimgchisvbygiestescri bi ng parti cul ar enbodi nents of

the present invention in the followng. WO
2007/ 113283PCT/ EP2007/ 053188 The objective of an

airhedbdmidspett bhBelHresa inveReN thars id frdvitiel Piietidd for controlling
rel evant features about. a signal's self-resenbl ance

#iopAl RreeRssindeinfeheiing aid cREWRDFIPIaIaCVBE Al teast gRapUdio input signal;
Aot 2 HARES FlaBbf R 20 Brf B Epfiping: genertinga
aarapling-mte redused signahntitheaudiconp desigral, andracting: a siginrsignal of said

0 enbodi nent ... .a_hearin id rises _an _AC L
bepRiha B RaTBRA sichal Ehefing s REG kel stTops o said sign
éig?ﬁl%@ﬁpa\rﬁri@ﬁ sH]E)Qetci:xﬁt!hEm:léieyla<?c Versieﬁﬁaﬁézlaildfsidmg nal V\fith a version of

nforpative the features are r controlling signa
kﬁﬁ'@gi“ﬁﬂt ?‘ﬂ“'ﬂ"h@"q’fégknﬂﬁﬁe QPEE’.“?S_T‘Pféh% 5?’@9?%’?%8‘%%? exigact delay ,
shadiftesktiniids o thdEtal9beRAREmbldHch 8 te ShPBvaBing of said sign
w-de band version. 1n this way, a nore detalled i mage _
9gnal asddhe udiodapyt sigralny el b ingsh vessionnf dhe esfimated isgtocorrelation
E . | ] . . :
HEBFUERRK RIS SIRABERA Rolts o 1E Bty specitc comate of e
signalaselfiresemblance of said signals, wherein said summarized features define

summarized informative ACS features.

in a third aspect of the present invention, there is provided a computer program product
comprising program code for performing, when run on a computer, a method according

to the second aspect.

In example embodiments, to provide relevant features for the signal processing in a
hearing aid, i.e. optimizing how informative the features are, there is provided a hearing
aid and a method according to which the céllculated ACl is divided into a number of band
limited versions and a wide band version. In this way, a more detailed image of a
signal's self-resemblance can be obtained as the frequency bands responsible for a
given self-similarity can be directly observed and compared. This is achieved by a



An enbodi nent of such a hearing aid is illustrated in
Fig. 1. Fig. 1 shows a bl ock diagramof a hearing aid
i ncorporating nultiband audi o conpressi on and
adapti ve feedback cancell ation, wherein the
adaptation rate controller 6, the adaptive feedback
cancel l ation block 7 and the audi o conpression bl ock
8 individually nodifies its operation through

RhY $e&eiBhg 8 \gi@@b§nd Q[ﬁ%lgqrgmker ne?h@ﬂ.ﬁfrﬁ?@ﬁ%nsma a bandpass filter

features provid
keing fousplifting difmrpmi@@sldaamahmﬁlslgnabmt@dmjdrjmed audio signals; and

V\Ifﬂétré"?nrth%gﬂhog’ﬁ Eéf%t?cgnl &;dSQ %@&ﬁ‘a?g&?%?agr%gﬁpéﬁz?q i%{g%s%matmg at least

dme?butnmr;‘mata)f n mdepeiymdnsaﬁ‘r;gaﬂn RYtdcoRslation @satriR for said band limited

n er requenc nds cC in 0 an . .

5 ,aé'H{?oﬂg?éﬁfm taﬂéau,tq: p@p@ﬂrepgpr?% (?Wgeband audio input signal.
autocorrel ation function of equations 2 and 3 into a
nore rel evant, continuously observabl e and
practically applicable ACI is to replace the sumby a
recursive update according to equation 5: r",,d(n, =
x(n)- x(n- j)+ Ea, r(n-m j) mri (5) wheren

i ndi cates the newest collected sanple, and the filter
"coefficients amare predeterm ned to produce a | ow
pass filter function. Qher filter structures with a
nunber of both feedback and feed forward coefficients
could al so be applied to generate equivalent results
accordi ng to anot her enbodi nent. The sinpl est case of
the above WO 2007/ 113283PCT/ EP2007/ 053188 equati on
is the leaky integrator. This results in an

‘exponenti al forgettlng factor of the processed I nput
as given in equation 6: cd(n[ ir)= x(n)'(narinod(n
-1,f)(6) 5 in which.a is given a value between 0.5
and 1. In order to normalize the nodified-
autocorrelation function to an index ranging from-1

to 1 the result should be divided by rnod(n, 0) as
shown in equation 7:

5a
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Since the autocorrelation function only changes in a
noderate rate because of the average function
described in equations 5 and 6, the normalization
procedure of equation 7 can be done in an iterative
manner with a negligible reduction in 15perfornmance.
In this way, a costly division can be replaced be a
| ess costly multiplication as shown in equation 8:
-1, A+ Aif p"(n -1, j). r",,,d(n, 0)<j); else )=
putts-1, j)- (8) 20 in which Ais a small nunber
jBriaf desoviptivarof. thefdrawimgseed of t he subsequent system
islimted to determ ne whether p is above a

%ﬁdigggr&%iﬁﬁ{o%gé glg%%@%bﬂg%rggtleg g%g ,bggo ite)aen lflmnlugr?g examples ¢
(B d @mbodiri®sts GRd with refiréfcelBtthe abpéhded drawings. On the drawings:

Figure 1 is a block diagram showing a hearing aid according to an embodiment o

the present invention.

Figure 2 is a block diagram showing the ACI kemel of the hearing aid of Fig. 1

according to an embodiment of the present invention.

Figures 3a-g are block diagrams showing sub-blocks and their functionality ufilized ir
the ACI kernel of Fig. 2 according to an embodiment of the presen

invention.

Figure 4 is a flow diagfam of a method according to an embodiment of the present

invention.

Detailed description of the invention

Further terms and prerequisites useful for understanding the present invention will Vbe

explained when describing particular embodiments of the present invention in the

following.



15 According to an enbodi nent, a further optim zation
of the ACI features for rel evancy i's achi eved by
focusing-the ACI on tinme lags or del ays (j) of
Mgblyﬁg% rinterest. At first, band linmiti N@Cca/EPRgpnai318s
Initse produces autocorr el at| on. This
autocorrelation is however WD
2007/ 113283PCT/ EP2007/ 053188 general ly not of
The oﬂﬁﬁtﬁé%‘f%nfé}ﬁ Pt%ﬁﬂbﬁﬂé prating Mvehtion lsthr]gotnl‘ie réldvant features

refore on time lags (j) with a sma
about alstgmebs sefrmseomlamm@ufe@wbﬂméemaﬂ%ﬁ iq Wm% aRd &gMpytational

load mﬁa: cal CUI 5‘ tgﬁqg&g’fné%e{egﬁﬁ atd th&ﬁ‘ﬁoﬁgd &ie 8 iBeblent systems

i on ra e cont er for a

forfurtﬁéﬁﬁﬁ%t@ GrEBrekk aht eontsyl sieeisicns. t he one in the
hearing aid of Fig. 1, the really interesting time 5

|l ags are those that would indicate the amount of

Acco rdﬁ‘r%r troeér%htgﬁtd PRINES Rekitey éﬂecﬁﬂmmlsee alncm}I mmehorf ACt estimation

tates a m crophone I nput

meansi thatt oaic@ate@n@Chfedutewwﬁh afree%thE?'Zt‘? Hb"?%’&& éﬁ?‘f"éﬂf"”"a*“’e
the fe eﬁ'gﬁ%f‘og‘%%lhﬂﬂ s éﬁa[’g @e8&ing fihe l%atuh?tdl@”f@@élb@lated ACI‘

ana t1on rate controller as
s dividge b it @n&dnbélmfdumd ditha vhgionseans 4 wide banyergiondImigis way, a

pat en lica
more defaiaBioon P8 siials RRLFRFAREE by SerART o o feauency
bands t%%bsnéuﬂte%t h gheadkickmiBirist easbé direttyatiseg/edatsh campasgd.

t he sane applicant and claiming priority of Danish

pat ent application No. 2006 00467, the content of
An emp’ﬁénﬁlén't %fhétf Ry Heaﬁﬁgw ¥ (ﬂmshyteae.heﬁgnqe Fig.n1vshewrsod block

accor |ng mbodi ment, the ACl is

di lagrarg evfer ahégnmm Byl dworpraating mtthnﬁeaqlcg@ Scwrpgg:% i @daptlve
feedbaglf c?ﬂcéelg té@h@ﬁe{eﬁb@n dé;beﬂp A raltd cONE It I@e theal bﬂ!ﬂ/eafe@dback

Interest. Further
cancell@@éd BI@eK i70mntothe @bdmanompmstqnabwcgos, tdivdually modifies its

et et s SUSLE AR BBl BROBMRS i
the ACFQérES}S»POﬂFH Rébrirg é/l@‘ﬂﬁ{hélﬁ gbMiprisés @ bahd eqhﬂemduwsl pass filtér bank

3io sphtrmg(:ﬁggﬁﬁtg ;él];i;; %E%?ﬂg Qggg LIPI’{IT%& %ﬁ& pn%grbaj% gar compensatlng
a heang% Imgf pecﬁ%rséh ‘Bheafin B@Q BEfdsS ¥ nOBEr A Reqaémiysstinds.

requency band of i nterest V\A|| be | ess
able to affect the remai ni ng autocorrel ati on bins.

Accord?%g g ngptbogfme 'élﬁgsgfir&f Sbpt 281 ﬁeﬁnénéuto%ﬁ@&h@rﬂ function of

or-a su sequent systemis

equatadnBeznﬁﬁfd nal mtapram‘ﬂdré ectlAGht, wcatinuoasly r@lﬁ@é\’ﬁb}e bl practically
hus, according to an enbodi nent
applicablRciis e prg e . h oo e LSS Rl Ehuation 5

sel f-resenbl ance within a set of frequency bands and
the collective self-resenblance. In this manner, the

re I's reduce toafewverylnforrratlve
Troa JiEI t‘;jé’é(f’ §§fﬂ€]”mb nd™/ 21 ,» (n, k) = max( Pbanast k(n, -(I)
k)) Elk e sel"cted time lags in band # k(1 0) WO
2007/ 113283PCT/ EP2007/ 053188 ACI "bmaxp"h(n,i,,,j) 13

ected. tine I t
where R BGiaR (00 St SpREPe, SETHEE e HEL b o, ar
predetdrinittid e ﬂrBéué@ﬁﬂov@ﬂasssI fi ttee fimdior. Othes diftér steunturgh ailbea number

of boﬂ'{ ge%%agﬂiaff&iew fgn%aatr coeritints AP LRS! 88 % HAEXRS generate

equivalent results according to another embodiment. The simplest case of the above

7
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Snegative index of self-resenblance, i.e. finding the
signal s nost sel f-opposite index as shown in

equations 12 and 13: ACI hand(n, k) = min(ps, doc(n,3

kb JRHiossel ected Iime lags in bandfik(12) pcrmpreo70s318s
10ACL"b_.. (41), min(gth (n,..1"5)) 1.1wb e sel ected

time lags for the wide band ACT(13) This alternative

ACl feature can al so be very interesting to

equ%ﬁ@iigﬁﬁr%%a}k@%/iﬁfe?'ﬁ?tor.pﬁﬁé)rré’édﬁg i %naeﬂ%n"erﬁé‘ﬂ féfgetting factor of the

eature Is instrunental iIn

procdssed inpufi astgivan inetgmation 8t ri ng i nstrunents and vocal
sounds in an ASA al gorithm context. The 15 detection
of vocal sounds would induce a hearing aid

r@(@@?gx@r(ngw?gg%nml,zﬁd for speech perception and (6)

intel I'igibi ile'a string instrument sound woul d
i nduce a gain-strategy optinized for |istening

.' confort.. & her subseguent.al gori,t cordi .

n wWRR & G0 DR HEMEEn:0-B-ehd RS AbAfallR the modified

auto&tdlatiopsanBtioniecar mask rarajidg/ fraint-H tpoisthii neeult should be divided by
sel f-resenblance. In this case, the ACl infornation

rmod(far® agrhPWadN PAVBNAD i ngl e feature representing the
| ar gest absol ute nmagnitude in sel f-resenbl ance as
shown in equations 14 and 15: AClband _ ain(n, k)=

maxkundok ( nbm;d%,ﬁ!y;in&?:gb( ni,"b ki) @)

Since the autocorrelation function only changes in a moderate rate because of the
average function described in equations 5 and 6, the normalization procedure. of
equa_tionm_?' can be done in an iterative manner with a negligible reduction -in
performance. In this way, a costly division can be replaced be a less costly multiplication

as shown in equation 8:

=LA if pin-1j) . m0)<r, (0 i) else
pﬂ(n’j)z{p,( J) i P11, 7} T (1:0) < 1 (. ) @)
pit(n_ls.])_A

in which A is a small number just above zero. if the need of the subsequent system is

fimited to determine whether p is above a predetermined threshold p,.,,, the above

equation can be simplified o equation 9:

1 if prhres!m!d ) rmod (n20) < rmod (n: _]): else (9)

Pin (naj)={ 0

According to an embodiment, a further optimization of the ACI features for relevancy is
achieved by focusing the ACI on time lags or delays (j) of particular interest. At first,
band limiting a signal in itself produces autocorreiation. This autocorrelation is however

8



ljk E selected tine lags in band #k e selected tine
| ags for the wide band ACT wh (14) (15) For
sinplicity, it is assuned hereinafter, but not
limted to, that the |argest absol ute magnitude in

P POFHSBAD| ance is the feature of interest. PKTFPEP7/033188

conputational effective WO
2007/ 113283PCT/ EP2007/ 053188 nanner to reach the

geneigiy ot of BTSieFbfig SsbSe @t SESBS! Aiees theand nerelore only time
s Q1S IFRIE BRI R ML Bt e o
Furthgimogrej i thet A€ hfeatureds egsser toraniaddaptation rate controller for a feedback
cancellation system as the one in thé hearing aid of Fig. 1, the really interesting timé
lags are those that would indicate the amount of correlation beiween the feedback
bancellation filter states and the microphone.input. If the correlation is too strong at
these or greater time lags, a risk of mal adaptation is present. This situation should be
handled by an adaptation rate controller as mentioned above and further described in
co-pending PCT patent application filed on April 2, 2007 "Hearing Aid, and a Method for
Control of Adaptation Rate in Anti-Feedback Systems for Hearing Aids” filed by the
same applicant and claiming priority of Danish patent application No. 2006 00467, the
content of which is hereby incorporated by reference. In view of this, according to an
embodiment, the ACI| is generally only estimated for time lags corresponding to and

greater than the delay through the hearing aid at the frequency band of interest.

Further optimization for relevancy contra algorithm complexity is achieved according to
an embodiment by discarding the ACI calculation for time lags corresponding to
wavelengths, ie. frequencies, outside the frequency band of interest. This also
enhances the frequency selectivity of the band divided ACI since a theoretical dominant

sinusoid outside the frequency band of interest will be less able to affect the remaining ‘

autocorrelation bins.

According to embodiments of the present invention, the feature c_>f interest for a
subséqUent system is the maximal normalized ACI within a frequency band. Thus,
according to an embodiment, the following indexes are provided which illustrate the
amount of self-resemblance within a set of freduency bands and the collective self-

resemblance. In this manner, the feature vector is reduced to a few very informative ACI

features.

ACL g e (n, k)= max(p,,, 4 (n, I, )) Ij . € selected time lags in band #k (10)
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15

the normalization by iterative division turns into
equation 17: J selectecl time lags for the AC
V|t"t§n)—-4C1(n1k) r (n,0) (17) and the
HaSH; threshol d-test turns into equati onpdBiEp2007/053188
%1 (ny<ir (n, ACI(n,k)={0 ' G sel ected >
tlrre Iags for the ACl vitest(n)=Pthre; kohlr(nM

CACI, o (n)=max{p, (n, J.) Ij _, € selected time lags for the wide band ACI (11)

w_

According to an alternative embodiment to the one finding 'the most positive index of
self-resemblanee in an unified ACl-feature there are provided indexes to find the most

negative index of self-resemblance, i.e. finding the signals most self-opposite index as

shown in'equations 12 and 13:

AClypy o (k)= min(ppe (.3, )) 1. selected time lags in band #K (12)
ACL, i (n)=minl{p,, (n, w,, IJ e selected time lags for the wide band ACI (13)

This alternative ACI feature can also be very interesting to subsequent systems.
According to a particular embodiment, this feature is instrumental in distinguishing
between string instrumeﬁts -and vocal sounds in an ASA algorithm context. The
deteétion of vocal sounds would induce a h’earing aid gain-strategy optimized for speech
perception and intelligibility while a string instrument sound would induce a gain-strategy

optimized for listening comfort.

Other subsequent algorithms according to alternative embodiments freat negative self-

resemblance identically with positive self-resemblance. In this case, the ACI information
are unified into a single feature representing the largest absolute magnitude in self-

resemblance as shown in equations 14 and 15:

AC’I,,M_mmbg(n, k)= max(}pbm,#k (n, 3, D ljk e selected time lags in band #k (14)

ACLy e s (1) = maxq Lo (n,j b ]) ,j , € selected time lags for the wide band ACI  (15)

For simplicity, it is assumed hereinafter, but not limited to, that the largest absolute

magnitude in self-resemblance is the feature of interest. A more computational effective

10



(18) I'n order to obtain the objective of provi di ng
relevant ACl features about a signals
sel f-resenbl ance with feasible demands on menory and
é@g@g}?z lonal |oad further neasures are pr OPPERHP2007/653188
d to enbodi ments of the present invention to
reduce the conputational demand and menory usage.
Wth this objective in mnd, enmbodinents are provi ded
I n, Wi c he, store i egl .sj il I
mannertle i B ERLTE (hrier By | SBCHeh Rz fol bR aiter tne
strongEétt SEliLiRERBANGE i fourid) evbliing néedlelsn mpietionfof tthe normalization
signal vastly reduces the menory demand of the
procedyér i ng ai d system NMoreover, the nultiplications in
calculating the correlation function is now reduced
to sign operations WD 2007/113283PCT/ EP2007{ )53188
Havingrihiscih reigd; the nasmalzatied by civisiern WasiRg gay ‘oad on
the hearing aid as it becones apparent from equati ons
190 s d (n) =sign (x (n)) 5rico! (n, j)=x (n)- sign

(x @é-(rf@)ﬁaﬁdl .7) <=>rsd (n, j) = x (n)- s d(n
- rige - . hogeyo further
ACT @hpoa nept §) the ofrﬁﬁ'flf(%%dcfiﬁééﬁézs?ég?ﬂges can then be
obt-ai ned by” 10utili zati on of equation 16, 17 or 18. (16)
~ The present invention further shows that the si gn
operator performs satisfactory for

the normalization by iterative division turns into equation 17:

s
ACI-LE+A i FFET; Wy (<

r{n. j)jelse ) 7 eselected time fags for the ACI
ACI(n k)=9%  scip-1p-A S W )=ACI(n—1,E)r(n0)
(17)

and the normalized threshold test turns into equation 18:

else . j’ & selected fime lags for the ACI
’ Yroet (D= Praresiora’ T 0

SRR VLV N Y
ACI(n, k)=

(18)

In order to obtain the objective of providing relevant ACI features about a signals self-
resemblance with feasible demands on memory and computational load further
| measures are proposed according to embodiments of the present invention to reduce
the cbmputational demand and memory usage. With this objective in  mind,
embodiments are provided in which the stored time lagged signal is limited to the sign of
the signal of interest. Storing the sign data instead of storing the full dynamics of the
signal vastly reduces the memory demand of the hearing aid system. Moreover, the
multiplications in calculating the correlation function is now reduced to sign operations

11
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estimating appropriate ACl features for the foll owi ng
reasons. Take a periodic signal p(n) and a conpl etely
random noi se si gnal s(n). Adding the signals gives
Ws08%aaRke [5 signal x(n) which is sel ect ed #or/br007/053188
anal ysed for autocorrelation. |f p(n) dom nates s(n)

it is unlikely that s(n) will cause a change in sign.
However, if a sanple fromp(n) is small in anpl i tude,

which Tagétﬁ \{Eéﬂ? r@@u@eé ih%eédfnéﬁtéﬁorﬁ] MadMoh |thé rasadiagl 2ie "ast ihéecomes

p(n) is zero the sign of x(n) is
appatefmmfrbmtaﬂu,atlomélam Through the p(n) to Il Ets(n)21
rati o dependent probability function, the si gn based
autocorrel ation feature on x(n) is able to perform
sd (BusRATSENGl Y wel | . Further use of the si gn operator
 eads to .an gorlthm iC normalized in nature
"sd(’%asl)sh@mm“ﬂ{“g'ﬁ uab bh' 2‘(3\/\('?I P I)%n = sign (x (n)) p"(n,
rea (A ),y..gg,.) s@én-—?)-gﬂ M(n(m,)ms'gn (x (n - J))+ a ps,

n— d(n) sd(n- j)+ a
rsd(r%wéh-rs);lj(ﬂ(%lfﬂJrg h‘i 4%%1 ?;__1, i)+ (1-a) {d (g

- n 1) el se(20) in vvh| ch e denotes
the XOR | ogical operator. Using the p" feature |eads
to a very conputational effecti

Accorrigdariher ameadient frEy-eth 46 a0 s e og obtained by

l4g sanpl es are equal ly. wei ght ed,
“t“'zaﬁﬁﬁ?gié&fﬂ'g“adgge ng WD 2007/ 113283PCT/ EP2007/ 053188

enbodi ments in which sanpl es W|th | arge anplitude

The ;?f:g%n 3’%}%@%&%@@@' %Pél“st ﬁ%ggl E. %e%l&ruﬁé%mkhbétlsfactory for
est:méﬁHgoﬁﬂﬂﬁﬁhéib' AQC| dest0redi iﬁg ﬂb@ fallofwing measomsb dakeen pedédic signal

p(n) a0 3 bergBle s smaIo foke Sarpatr. e bl BoRIR!JA Re exampie
sngnapﬁ \ﬂ'ﬁfcﬁsis ggféct e dngyshd for hanereRlioRElf p(n) dominates s(n) it

erprete di fference between the avRi?%% "
is uniikely doatrs(p) willi ccﬁusgrmclwegeaﬁ sian diQyvrever.df pgam m p@) is sma

in amBhtuc?e,s‘lF r’%‘%h pr%r@%k&@%ﬁ?é’(h?%ll “randomize™ the sign of x(n). If p(n) is
zero the sign of x(n) is completely random. Through the p(n) to q/E]s(rz)z_lratio

dependent probability function, the sign based autocorrelation feature on x(n) is able to
perform surprisingly well. Further use of the sign operator leads to an algorithm which is

normalized in nature as shown in equation 20;

sd () = sign (x (#))
Pes (7, j')== (1 —a)-sign(x(m) sign(x(n— ))+a-p,n—1,j)&

Pos(n, =1 —ay-sd(m):sdn—N+arain—1j)&

y -1 i {(sd(m=1)8Gdn-=1) ke
pss(n: j)za'pss(nw17])+(l_a)'{ 1 G ’ . (20)

in which @ denotes the XOR logical operator. Using the p,, feature leads fo a very

computational effective ACI, which has slightly different properties than the other
features described. Since all samples are equally weighted, unlike the preceding

12



autocorrel ation. The latter better depends on the
subsequent systemutilizing the ACl but in sone
enmbodi nents both ACI features are used in the heari ng

J to performas intended. A set of ,orppa0070s3i8s
V?ﬁrdﬁsz@}iféiﬁ informati ve ACI features (al so re?erre td.3
as sunmarized features) conbining the suggested
met hods above woul d enmpower the analysis, inference

nd cantr.al, decision,,of Wi de : :

embodiispie viieh 58PRRIIY e AERHE By Bl HSARUES i smaller
amplit QB0 hiTBRétRo @ breMidds 4 eedrengalié tradew df lautmcotretation beedoiding to a

the follow ng. An Auditory Scene Anal ysis (ASA)
fuﬂhefs%f@.@%dﬁﬂﬁﬂt@fﬁ%ﬁﬁsﬁﬁt BVBNYtor ding to an enbodi ment

taking the described ACI features into account is-.

abl e to decide whether the hearing aid should .
Thus, ehifinzamplitsdd nadengenaneans that aﬁg@met of samples dominates the

. intel ligibility, .co i [ \ r e

e, ARHRRR b et 26 99 Ao Bhe e average

autocofefiot 41l nedmnpautbisrélatiors nditidtheept, , basied AL being the median
features described above woul d hel p the ASA syst em

autocottietition T hatlatidycbatiee eppads lon- theratibsagusnt iy sign afitgdng the ACI

st i s BBV ] R0 s BB B e

perform@,gi;,qgh@@b_by a large nost positive ACI feature and a
conmparably |arge npst negative AClI feature - , and
noi se-1ike sounds - indicated by small ACH features.

A set o?@[x%%}izteﬁ‘?mjoﬂﬂgﬁ\;eg)ﬁm flaysbepaBs tefefred ke adclimheaizstdsatures)
allong wth the band specific signal ener gy env_el_oPes,‘

combirtimg tRSsuggesteshnietheds! abeve watlsgempewer e gaslisia inference and

sound _envi rq : ' aj eL; AL ..
contofREAAR Y 408 Thfoh 18 SRREHen hEhrECA Rl Biang trse
featureRCEQitisErIgnbairbatsi of weoh hearing hids skl bé desqibedan the following.

be capabl e of suggesting various ways of optim zi ng
the signal processing in the hearing aid. WD :

An Aui@ éééﬁ@ﬁ%?@i@?ﬁ@ﬁ?%&&@ﬁﬂ@ﬁa RAe&itrepaibiaceodimy toodn embodiment
_ SSC) systemfor a feedback canceling. adaptjve . id
taking fhel d@cnéed AGH&eatiies intoRcerBY 'ai%bge Pﬁ%@%wﬁ%@ﬁﬁmﬁ heaying ai
. . | r: 1 ot i f . . h ’

sl iy SPLSRURRY IO R B 4oy e, cros

music, f emtitoneental dsaunds Vike shifdsngoenlusion: plce AGroEdiog oy & pgrticular

| nst { S ' ' e
ermboclSh BT b ShOlr 83 HEL e RIS S Siormnt
betweeAdgidethi Ofhdicaiedlibgt &|isrgeOmosh eostiite ACiafedture fariche skaall most

_features indicate nojse-ljke sounds. the Ste éﬂ)ie large most
negatveohEl ipatuspst oG WETEAt o TGP SHIGBled P fara
pos_itivéggégf%né'}% éga 4 H%@E&fab%%@ ARAt fegdtle ADIdeatutpel atd noise-like

| ze trol” algorithmal so takes ot he

.
~ soundsf-dodicatediby smalbA€] teatures ohhnough themleng derm develormen of the ACH
and t he. effect]i ' | j is a
featuref ogle i G AR TREZFe Hopal Bndioh SFiLRPAL, SISHsystem is able
to categ@®es theasbrienal Sdudd temivironmentsethe dgaeingliaith upertaratin. By obtaining
.. applicatipon PCJ/ EP2006/ 0612 Il e - VA, ;
an ideriERon HRE aHEkAY GPnar P 00 e s e 168 sfiler person wi
be capali& 8F SiigdRstift vAHb W WEY< of ostiiaing tFs bignat processieg Enthefhearing
] a hearing aid according to an enbodi nent used to
aid. dynami cally find the whistling linmt of the heari ng
aid is able to decide whether 15 the hearing aid is
close to the whistling linit or not. Even nore so jf
the ACI features are conmunicated to the hearing aid
in the opposite ear. This is described in detail in
the already nentioned co-gdéndi ng PCT pat ent
application "Hearing Aid, and a Method for Control of
Adaptation Rate in Anti-Feedback Systens for Heari ng
Aids" filed on April 2, 2007. 20 The enbodi nents
described so far show that a carefully sel ected set
of ACl features, as described by the present

B T
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invention is depicted. Figs. 3a - 3g depict nore

det ail ed bl ock diagrans and functi onal descri ptions

of the.sub-blopks present in the Ad | ker nel ,

aGoYedA%st0 Fig. 2. The hearing aid in Fi 9. bermpr007/0s3188

i ncl'udes™a m crophone 1 for receiving an audi o I nput

signal d(n) 5 (operation 410), a summati on node (al so

referred to as subtraction node since signal y(n) has

| (‘fs@ 0 | B\ cBHRY HdhbtiVeeREP 38 4 hearin

A S%Piré’gl%g?toﬁﬁals ror%%’ﬁ{éa% gdé%{‘f\%%?ﬁ%&i eaki nggbacE to the 9
aid atcordipy dmanlembbdinsmbis ablei onmacel presisetyr defesmine the risk of mal-

oS Bk B AL EHRE e [T o resres
of stfihd ?r%_lruhiéﬂlt(g ttr;éi %@Q'Siﬁf _Ulb?trcﬁ sl?a@id'p:[&?tflabtetd Brrl?dam(th&kstep size or
conpri ses andpass filters spljtting t. a o
compleiee helh adapiBlom SAZSIEIa. 4o b alhes g T BfC1 Rfiigs indicats
nois%ﬁl@%&uﬁ’és ﬁféngtéai @‘idz‘eeéoﬁ&kﬂ' &sfdrf i@ lagayiednd éﬁfcoﬁrd\q&) adaptation.
“conp rodu

ressor ces a conpressor output signa _
Accanding thyurtimplepihoglimenfai heoxasheperation pea SAer) Sizenf erdep! algorithm

di 0,si s .v . i t S e T
iso B3 BT A g i BB e cecvenes
of itdVdirestional systemdbplore ealcalatibg ek ratamf eddagtation. fThist isr deéseribed in

oy S SR oSN CL R AR 8RR 1.

20062 {3 corft&RtRE Whickeis hekdty in6stpbiated Byiteferande.an
adaptation rate provi ded by adaptation rate

controller 6, the feedback cancellation signal y(n)

W f t ' . . .
An AAREIPGRETESaf Gl i seabi it pcmubosn b
usedits dyhemigdiy fieddHe tvagstingeimiofithg heating aiddis able tocdenige whether

4. The. ACl kernel 4, out: t '
the heapg Al etz 10 She whRIB Tt 8.7 5y RIS, Birdfie ngt reatures are
comlﬁlﬁrﬂgatéig 35 ahe headngaidm &?%pﬁOEhemr.aTms Fih;ﬁ?;oebed in detail in the
t he supbsequent syste of the healling,ai ke the
alreag aniioged cerieraind PolsPPRRPCaI e T ahER Method for
i ¢ cbabski Syatémd f&i Igaaiy AlgeMliledron April 2,
mm@ﬁ@%@?ﬁ%p@k ?%E%?’ f\glfﬁe corrpr%gssor 8 whi cr%] at first P
2007cal cul ates the signal envel opes based on these i nput
signals. Fromthe features delivered by the AC

kernel 4 and signal envel ope features delivered from :
The dnitsodioentsadesoribed b éarahdin tbaya sasfidlyaelgojed setiaf AU features, as

Ls able to categorize the.sou Vi T to P
desciitss By fhamReentriventi, A SRS S iIRRRE ok duAiogatty of the
hearif@6#,. t 0 the conpressor 8, which is now able to sel ect

a gain strategy for the hearing aid user accordi ng to

the hearing aid users hearing |oss, the input sound

| in6N48 iABRAFH iS4 Hidr eRIVEBOEWnmarized ACI
in the EHENG G | ABErEdHal i MBaRY uid SO Ra, eRamDS Uy
featuré® AN 14 1998HPCHIER2MPI068 188h dgpeibleademagdy on memory and

appl i a,gain. on | Adl v 1] ' ;
compGRfnaFodi ARyl SFobls e PRRGnL IBLARM P Heiesorbed
in mofPHFtaR K60 refaibped tosthgrfigs. U-4) FigThehows aubletiediageam of a hearing
... gain paranmeters is. then,fed to the i rate .
aid implarmaingcAn 00bKaTehg Hpdyrrih s SR aS AR HdfiBs I Resut 10:xq
and ABY ANE [0\&. ii§r HehowBasRil Giagtdie o opeatione41a keds0 for controlling

adaptation rate controller 6 is_abje to c%%ﬁulatg an. e 9
the hesping i by egtiapting A featkesrancotding o fhp PAps Y, Invention. In Fig. 2 a
detai!éﬁagf&@wcﬁ’ rgfn S heBREPk&hEPA ABErdind foean RentRkiRednt bf the present

and, acc Ing to a particular enbodi nent, for

adjusting the filter coeffigients for the adapti ve

feedback cancellation filter in the adaptation and
filtering block 7. Furthernore, the adaptation and 10
filtering block 7 is fed with the conpressor out put
u(n) in order to sinulate and adapt to the feedback
path thus generating the feedback estimate (al so
call ed feedback cancellation signal) y(n). Fi nal ly,

.



signal can be chosen to be either the sdk(n) signal
or the original xk(n) as fulfilled by the nultiplexer
14 based on the kernel paraneter input AC type K.

s of the conparison units are then
%%&ﬁ“g’%& del ay specific 5 estinmates of the SI iﬂ%ﬁlss
sel f-resenbl ance (operatlon 470). According to the
enbodl rrent as depi ct ed in Fig. 2, the output of each

, mvent(i;cgl 15 equ Eétr} 123 g&lﬁﬁgﬁgﬁdre eﬁ%g?}f%éﬁﬁlaﬁt%% Bha#nctional

descripg6isd 8inthe @libbiké pescht ks AT kemed etaa:rrmntgetd Figy 2 he
kernel parameter input ACI_SpeedShr k. Subsequently,

in operation 480, the summarized features are

| REAIRCH for Fe@ihgheEdRURPUE signal d(n)
The hg&ﬁlﬁr}gﬂjAvgff gq‘g(}sl?(%eslag%ﬁg%ordl n rt% tt{e@gnbodl rreﬁt Sa{gsna ")

(0per31@p|4:1tUé).da|amnﬂh@tl0n2n0d€héal$%wf95§ tp iast wrdwpclen pote sce S!gna*

) 4 SHRPLERLS B B PR B e oo fom o

receivéi 9 ﬂwk:tng baak tbltbe ﬂ%obhmt; Tige s@tt&u:énn pagde subtracts a feedback

canceg%t;qn esggémbl %,(? ggtg%ﬁn%lhgﬁgr%ﬁ gt(r})mlng rﬁ:?bdqnpr&ftwg a bandpass

filter ingRA Q@hapé(?:?rﬁbﬁﬁdpdéﬁ fitte A0k ¥ RBmIbrisess B etancﬁ;@asz;e‘ﬂters smetmg the

uni f Result k feature is directl S
feedbadkecampensatds| berdngSs (gL AU fiNabe o ﬂum?Jﬁ; of b8 imited

J | §PRFEEYS output |
sudio YPHSLERER @ BTLTRL K3khphedi Cophctody o dnobey ouput signa
u(n) bi&p@lyuwatgaag anheactebkbtheckin fimied matiex sighals neen. A receiver 9

t mrhod t | |
conve(J 5 s BRIRRR ST IR i St i, MGEBIa Ol aptive
feedbd&kgéartdeqstr@ fifer m GReadaptiive AB&dback ft:anmjlaitlontbkmk 7 adaptlvely

S irstly e i gnal
derivepcletred anarpATdpaps Nyt SBes %S SRttt costicients and
n %oht@cyuerafﬁs&hé ifbddtyael ccellation

an ad%ﬂ&@ﬂptﬂegﬁﬁdé@%& %dl?%get'tl?bg]n%ﬂtétty as was perforned by
signal ty(ﬂé frabothe- processonedtpubsiopalsyhki [ ters 15. Wth the

| argest theoretically obtainable estimte of signal

sel f-resenbl ance ro(n), the |ast estinmate on the
The bary livalted eignas vk(reaatnnk mepmdd(ha)‘tdl sigrral le(m)pisitben @athered together

as ol ot BEBED B0 T oty S BEGFABH s o

each b%hanmtuterde?gﬁm)anuahé Wadd Band hi@nat tmeembua@tzoo O[he)setzhe dellvered
normal i zatT on conparison uni
to the sHbsasiest syiemsrofdhe z*@aﬂmjafé Blé\?icmeea@%ﬂ SB?“%&BPW@'SA?"’C*‘ 5
and th%ﬁdéﬂﬁtlﬁh gétﬁlcfoﬂﬂﬁﬂér'@ T%@"!%rn@tlinﬁ?ﬂadté'@-léwbﬁhf ariétmnb@ﬁnore input
versa e signal rest(n) | arger or equa
to the tamptessacs wdlich gijrst calcuiategehe zszﬂnabﬁn\ceﬁ@@% based thhese input
22 decides to decrease the nornmalized WO

signals;71113283PCT/ EP2007/ 053188 ACI f eat ur e by A by
subtracting A fromthe signal pold(n). Fig. 3g

From s AR 5 S| 58 s B s comreo

from tRNELMH ?Feé%l‘ gl fidl AfdiRAP eBermE AhalybBeploEK bi gl abie o J:f&tegonze the
passes the chosen type 5 of the ACl .result to

sound eewcmmrgt in viupais manner dihissugzy sategpfigafiongs then teiback to the

compr%és})t'%t a6 i Mol Gbie3t sé@b@as%?@%@fﬁtégy' 721 tﬁé%anng aid user
generates a secondary AClI feature passed t

accordingeto Ak hAagr_lg @idkksere breering nsssthedopdaiydiieval mnéelozoe and the

R |
sount S5 SpAS A bl o B LD LR B, B Wifpressor

then be utilized by the further signal processing
units in the hearing aid a® wel | . 10 Further

exenpl ary enmbodi nents of the present invention may be
summari zed as follows: 15A hearing aid conprises a
~signal path capable of receiving a digitized audio

i nput signal, neans for reducing the sanpling-rate of
said S|gnal ‘as suitabl e, neans for extracting the

o D <
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The hearing aid further conpri ses means for obtaining
sumari zed features on a signals sel f-resenbl ance
fromthe set of time lag specific estimtes of the

Si bp15R5f - resenbl ance. Said summari zed f eabpe852007/053188
are eterm ned by finding the value of either the

m)st_ positive, the nobst negative or the largest in
anplitude' time |ag speC|f|c estimate of signal

caicg%ksé; %Sa%@?{égﬁéﬁm 5’?‘ rt:I‘P[r)\ apﬂarﬁﬂmférd %ﬂﬂ? 's'){éhEl% vi(n) and add

thenﬁtdé;’eﬂ'felrIfd)at's:r@legd:tahpmsdortm&pmiesl@yaéd(nw gn signals. 30
WD 2007/ 113283PCT/ EP2007/ 053188 Each of the of

conparison units generates an output with the
The 33RuIdisH 0 by PQ@; gatdhfetédpytihed gathto mdaaaptag@n b@:ee@bntm;ler 6

on conp arln he sign of the audio inp a
along wgtmmea&eu tyas gqrgwgqa@ byghe¥Clkemel, éagﬁz%%p ?ﬁ% eatures the
I I [ I
s 8RN 436 B0 0 ol ALt for o
adapabtion rrmhamest pfrdbe aﬁapgat@naanlée‘lﬁeﬂﬂga@é?ﬁkl &ndied, Feperding to a

partilot iseahact, BCAEHGe b, SO0 F 186 oo fosdback

canc@%ﬂxrﬂﬂ@ﬂm membtamelairﬂafmﬁng bbckz al Euﬂtfmm:re,sthe map@non and
of nal sel f-resenbl ance. r| n id {1

fiteripe dkek’s (REANIE P8ORS oMU AT A BEet G ArialESand adaptto

the E&%Tdsaa? Hﬂ%ﬁ ' f‘hﬁg béﬁ&ghﬁg dhe f@éﬁb@ékﬂ ckliagxqars called feedback

nparing the magnitude of a sumari zed
cancaltatioor sigihals wl) sEinﬁﬂsr,e%ﬁlﬁE%ch@eﬁ@meér ghe\comprassor output u(n) is

tea th ePRELA LS bR Y AL EH S S ictRBuaves
threshol d val ue in questlon The averaglng nmeans is

The 8 Seiert A iepRe I PR B Bbid Hiper, 1o when
reduddl fHeCcALUIERI 264 n‘i@hf)ryr Ieaarﬁsyl hadactbe i uasdliustrated in Fig. 3f by
skipping every N'th sample of the ACl_input_[0;K] signals (operation 430). Succeeding
the down sampling block 10 is a sign extraction biock 11 as ililustrated in Fig. 3a
extracting the sign signal sd(n) (operation 440). The sign extraction block again feds the
sign signal sd(n) to a sign_-merhory block 12 as illustrated in Fig. 3e. The sign-memory
block 12 is also called memory and delay means and produces delayed versions of the
sign signal sd(n-Dy} by applying a time lag or delay by D samples on the sign-signal
sdi(n) (operation 450). ‘

Subsets of the delayed versions of the sign signal are then compared with a version of
the non-delayed audio input signal by comparison units (operation 460). According to
the embodiment as depicted in Fig. 2, each comparison unit is implemented by a cMULT
block 13 as illustrated in Fig. 3b. The outputs of the last My sign memory sections for
each signal band k are each fed to a cMULT block 13 as illustrated in Fig. 3b. Each
cMULT block 13 chooses its output based on the delayed sdi(n) sign signal. If said sign
signal is positive the cMULT block 13 chooses sx(n) as its output and vice versa, i.e. if
said sign signal is negative the cMULT block chooses —sxk(n) as output. The sxi(n)

16



The hearing aid further conprises neans for obtaining
summari zed features on a signals self-resenbl ance
fromthe set of time lag specific estimtes of the

na s _sel f-resenbl ance. Said sumarized fe <
‘if?g"“a &% ned by finding the index number o 07033]88
the nost positive, the nost negative or the Iargest
|n arrplltude tinme Iag speC|f|c estimate of

srgnalml !@ e senBltg ?Jéﬁeétlhgr %@ar Ina ﬁhgrmrlglrlallI ')T(Bﬁf ad %u Ifilled by the

muit:p?i&lef 14 8888PbR iekeREl pﬁ#ﬁﬂe@#mﬁmt mmuypesn@nal s are
derived froma nunmber of band pass Tilters and direct

passing of a wi de band audio input signal. WO
3 3138 C
tho G FRR TSR (/R bersiomied o eitaachi s

estimadgs detire cigrals s@srasbmbw@ps(operatm 479) ﬁgc@rdmggtptthez @mbodiment

audi,0 Lnpyt . si gna
ss el g s B o BN SR 5o AT BIAESE it oy e v
block 15 ayaR&tSePIN Fig. Bal Ehe agmb;nngWbﬂstangoiahhd Avg1blocks 15 is

del ayi ng said sign signal a subset of the
detem&i@?‘égbﬂ“’v@@?'d}?@@ﬂ%H?Rﬂ’té\céngg?eé#% Kaith the audio

i nput signal without delay, averaging the conparison

outputs to extract tine lag specific estimtes of the
Subseguenilyl in cparatione4@htihesuemarizad featuiss @re deteimined from the delay

soecr BRGIES DA, B 4. B0l TSTRENER S Sven o
depictepéc Fig. @, ¢bé¢ ilovatpass diltetdteostpgisadistheetMULT blocks are fed to ABS
o5 A e TP 5 S B BT AR s

blocks P lis ﬁﬁ@ﬁtﬁa\ége&rtotélqwm Bb‘é‘k 17 fiRaplyi trvedetr«bmg“&tlaa@nabie self-
sel f-resenb| an

specific estinmate of al
resemblpece; pe Qe'éppéféﬁﬁ@armm@ém‘f 31@1 kemed Eaﬁﬁ"ﬁero'lﬁlpﬂhf\g | PRk is set to
zero, t@QFﬁfﬁgd 73\'(.9 rRé’ef,ullt Q??QHFET% dn’é@ﬂ') éé‘éﬁgﬂﬁr') tHRIAKNE? block’s output

conpari1 son
Funi(N), gﬁw%eamm)mpde:gom amamslmnm nrg@l@:ltm by Hierafiveidivision before

pessed P4 5 P TN B, SRR bR e
signals. 20 The method further conprises a step for

Accord b DRRet B R Lot RA e o bR o it cor

resembthkietby 88 A £HRIERS ABCA-operation 0 ROIRY iiF ald %ﬂe s Flrstty, the
procedure |Is” obtained by iterative divisjon,

down-sampled signakn)isiRRsset i and seetiied byitha ABS Block 18p§§9@‘sdly, the
rectifi e&’ } rb he lo%hg%gaﬁléeggd %@tﬂmreeéan‘?é fikdrF0Ationality as was performed by

rese
the above—mentloned low pass filters 15.

With the largest theoretically obtainable estimate of signal self-resemblance ry(n), the
last éstimate on the nommalized ACI feature pog(n) is multiplied with re{n) by the
multiplication block 21 thus generating an estimate re(n) on the signal ryx(n). If the
signal rest(n) is smaller than the ar}tua}::runi‘(n) the normalization comparison unit NCU 22
dec‘ides to increase the normalized ACI feature by A by adding A to the signal pou(n)
generating the output pu(n). Vice versa, if the signal rex(n) is larger or equal to the

actual ry,(n) the normalization comparison unit 22 decides to decrease the normalized
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The nmethod further conprises a step for eval uati ng

the excess of one or nore nornalized threshol ds,

wherein the excess is determned by conparing the

"Behi-desef a summarized un-normali sed PCT/EP2007/053188

sel f-resenbl ance feature with the |argest

theoretically obtainable estimate of signal

sel f-resenbl ance nultiplied by the nornalized

' | i3] pou(n). Fig. 3g further illustrates the

ACI E%%@%WB%S% %@E@%@#ggg‘;g}g he g\‘}ide(r)agi%g gstep i's
funciienalityr efdlie byrraaiizaiinrocareparisesiupd 22ow pass filter. The

met hod further conprises a step for l ong term

averagi ng on the summari zed sel f-resenbl ance
Accoréing 46 @Rothel bartioeibhenhbbdintambrthe omplinlexes 18 patseps the chosen type

o S ol o e SR B APV i i i Fi. 0.
Said CSddoRBhAS I paBS fifeBNinerated fa rses@mdanamGl. fedtird passed to the
summar i Zed features are deternined b%/ fi %?IFE%@Q&-K tai
ACI_Pugel:Ilussiorof This t3Ropneay feattre, gerior v ACT ] contains
' . / trgl?éf{ ' Irhdry datlile™WhitA@an then be utilized
'“f°”§§§@? Pﬁghggte?@rg?lgéﬁ) sc—‘ﬂ ?ﬁpggﬁgry{%lgnce. I n lt he net hod,
by tha furtirdresigrafl penedésing npits: indhey haasngaid aswalluat ed f or
sel f-resenbl ance and the audio input signals are

derived froma nunmber of band pass filters and direct
passing of a w de band audio input signal. A method

for controlling the signal processing.in a heari .
Furthgf cxeammiansesoprietiel Be BesaiRgiohatey B Shfmarized as
follovﬁ:':‘t ocorrel ation index for one or nore signals in the

e

aring aid and control ling the signal processi ng in .
the hearing aid based on this estimte. A heari ng aid

oGP L R SR g g et Sl

mearfs fonfddiicing thbealmpling-raje af daidrsiprabdas sdtabia arransder exiracting the

i OBl Pl PS50 B e  bn sa

sign ﬁgha@m&ﬁrfbab&nwﬁﬁg aajubsssobthef delyedemrsions 1of said sign signal
., above are to be cansi der%g as belon&qng to thctj_1 mparing units
with thevaudip dRputesighal; withons fefayy AVRRINGLIRaRS A 44y gompanng
. ' o clfie BRiimald fthe ARak Gefigedamblance.
Oumgﬁgﬁ%&;%i{ﬂ%ﬁaﬁ?@cﬁr eselnt invené‘igon, hearing aids
descri bed herein may be inpl enented on si gnal
[OCessi eyl g Al f ifG Fimmstied@features on a
The BeginG” B Tolie G, f8afs (B dobnpg B foat
signafél ﬁlﬁes@ﬁ@f@&eif{@n si)gsselrm‘(t":rggi‘agjspg:iﬁd estinates of the signals self-
progranmebl e gate arrays: r vaf i
reserilanisy R ISUEINAFERIPRLIS GG DLed el QR U8 of either
ot DosifideV i 8 Shist hégatirePbETtRS riatiebhat atpditudeotime lag specific
the systcaéorﬁi%’ WD 2007/ 113283PCT/ EP2007/ 053188
estimatepifeignadl ealfresemdantgt e digital conponent even though -
sonme parts could be inplemented in other ways - all

. _known to the skilled person. Hearing ai ds, nethods .
Each ahthedefvcarasarison amits ggneratestd sigmeyfpat kasedian thesigmef the audio

input éiBXSJ”én'ap {he delayed sign signals.
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5 may be inplenented in any suitable digital signal
processing system The hearing aids, methods and
devi ces may al so be used by, e.g., the audiol ogist in
Vﬁ){é’}{lgﬁg session. Methods according to the HITASON7/053188
heh 'on may al so be inplenented in a conput er '
Program cont ai ni ng execut abl e program code execut i ng
met hods according to enbodi ments descri bed her ej n. If
Lient-seryer-enyi ! af ithetheCaR@ LIS Yf thE audio
- Each ‘gftﬁ?f? CBP’@?Q%& iu(r?l‘\li/}ge[ eﬁgﬁ?é(%o%r%ﬁg%g qgth?grmt e_gserv_er )
input sRREPSHEE difiebassd odicemparisy steeriga oy Sheliangia pPhaignal with the
- present | nvention and hosts the conputer program
delayed 298 H9N9¢F- et hods accor di ng to the present invention.
According to another enbodi nent, a conput er program

product |ike a conputer readabl e.stora nedi um ,f
The heaxiagpick{urter coppyises S16ana RFHBRIZNg SRIY SUGHIAHCR ghtures by

ivisiorw HL‘&?%! btafa¥leQshifiats bf sighhisetitresergsianse.
d"”s’orh’g@i1 H’% IL%%%EF oVl e%"‘f gr aStori ng t he co%‘put er program
~according to the present invention. Accor ding to a
_further enbodi ment ., .t T GRAS PEadH @R ifbration
The nognﬂlgﬁﬁp? PEFCeSUER {ﬁ?@?'ﬂﬁ%gw{%ﬁ 8vi Ceorg:fé{rg’ conput er
occurs EBARUNErAP i gridtadomihet dautsbed Estimatied of signekseltiespmblance.
or a processing unit like a CPU thereof or by any
other suitable processor or a conmput er executing a

he LoKpli | itk wRodss. oHami
e DR Nt tmiom s o, s o o

t h .
normalizeé skresholds ewhergin the exassslinaatesmings o Fompar igqe]Bm gagnitude
b t t i Lo et he. t t icall
of a su&frggr%r ﬁﬂ@gﬁﬁﬁ@%ﬁ?ﬂ&é%ﬁ%{ﬂﬂ@ ef%ﬂﬁré"(fvith thatiargBst ?r?oretlca y

be no 1 1 n arrangenent d
obtainaBfl 8stimaet Bosigndepeti-tasamblancenrsultipligst by dhenegmalized threshold
. Changes and nodifications wthin the scope of the

- value IbARR0- i nvention nay be made without departi ng from

the spirit thereof, and the present invention

includes all such rchanges an? modi flca]ti ons, ﬁt&‘A' M5
The avaragingtoeansig iaPlemensiag bY &0 Ry1o PASSHE 10 35S ASFT-

receiving at |east one audio i'nput signal ;

autocorrel ation indSZ (Ad) estimati ng rreanﬁ, arized self
The hewingr aisli igthedoowmpasnsl anlpnaelei® AVRrage ol dhR gsynmarized self-

anpl.i nt%-rate reduced signal O said audio i nput '
re_sembiqrg:ﬁaf?? f®i gn exbaction Means for extracti ng a sign

signal of said sanpling rate reduced si gnal ;.

The hqriygigg%igafr;&hg?ﬁ@nrgggsmggﬁs %ro%ﬁaiirﬂnqg Nfnmb¥dd %atures on a

signals self-resemblance from the set of time lag specific estimates of the signals self-
resemblahce. Said summarized features are determined by finding the index number of
either the most positive, the most negative or the largest in amplitude time lag specific

estimate of self-resemblance.

in the hearing aid,- a number of audio input signals are evaluated for self-resemblance
and said audio input signals are derived from a number of band pass filters and direct

passing of a wide band audio input signal.
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15said sign signal; cornpari son Means for
conParing a subset of the del ayed versions of said
sign signal with a version of the audio input si gna

a I ans for averaging the outputs of bB®EP2007/053188
c%@ﬁl{s]gzﬁgeneans to extract del ay )

speoific estimtes of the signals self-resenbl ance of
the 20del ayed vereions of said sign signal and the

. _audio_input signal: and,qbtajnj £9T 5 ORLARY
A “QH'C@SF‘?" n‘gﬁﬁfﬁﬁgt%lge}?Oéfeéq(%\%Bn}qlﬁggxﬂg@%et"gram ni ﬁBE 4 system
comBHBERhE Z06hs SRideeRmg 4 aiitized alelicainpapeighkl, ceducing the sampling-
estimatesl O the signals self-re en_‘ala ce :of s‘aid .
rate of gaidIanahAS SEtADIS APRIGNGHHIG Sd OF S POdCeL AR RBMG rate signal,
| Lo, i f - layed versions
o ST ARS8 B o Al bt ot o U colyed vor
of sdithigh sSgrgiavithi theaausial wipahsigaaidwithouh galay s pypraingrie:geeparison

outoifs TosREaine o BEIE PIPRARER! pesbralsolr mssmebngey

i nput signal into 30band linmited audio si gnal s; and

e by YR S bRl ARG AP 8 sonas

self-reB8RKaRYe CROMR UIHY 1sB8 A8 lag specific estimates of the signals self-
resemblance. Said summarized features are determined by finding the value of either
the most positive, the most negative or the largest in amplitude time lag specific

estimate of signal self-resemblance.

The step of comparison generates sign outputs based on the sign of the audio 7input

signal and the delayed sign signals.

The step of comparison generates outputs with the amplitude of the audio input signal
and a sign based on comparing the sign of the audio input signal with the delayed sign

signals.

The method further comprises a step for normalizing said summarized features by
division with the largest theoretically obtainable estimate of signal self-resemblance.

The normalization procedure is obtained by iterative division, and each division iteration

occurs concurrently with updates on the calculated estimates of signal self-resemblance.

The method further comprises-a step for evaluating the excess of one or more
normalized thresholds, wherein the excess is determined by comparing the magnitude
of a summarized un-normalised self-resemblance feature with the largest theoretically

obtainable estimate of signal self-resemblance multiplied by the normalized threshold

value in gquestion.
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autocorrelation matrix for said band Iimted audio
signals and an autocorrelation vector for said
wi deband audi o i nput signal. 3. The hearing aid

C to claim1, wherein the audio input, signal _
?@% ﬁmﬂ 5c}'@%and audi o i nput signal and the hearPiC'riJéEq)%\‘?0 053188
further conprises: -a bandpass filter bank for

spI i tti ng the w deband audi o i nput si gnal i nto band

audi o d wher ej
The ayb{alig el I hP T RAGY AR s HolaHePess Wit e 1o
process at nunber of audio. input signals conprising at
| east one of the band |imted audio signals and the .
The nmgthed fwthes ranprisep @ steBJpglens temm avgragihgaen Me su@marized self-

resenREdbgdO anyone of the preceding clainms, wherein
sald summari zed features are determ ned by f| ndi ng

the val ue of ei ther the nost positive, the noi st
i N . | ifi .
he iR 1l ogltfiseR e Sivh, o7 oBFbd SREY RBRfES ofi g samats
seff—reaemb&;mer t;]fbnng tHeo %tlymgn dmef fletgh epedfci[ﬂclc egitingated afnthe s:gnais sekf-
erein the et of the de vrsoso
resembliiges St ynasize LGRS 8t Grlpymioes by R R RISk number of

elther@% MhsEBbativd, Ah mékt SRigafivd BAthel @%e@?i@ﬁnbﬂfu@é&hné RR) specific
heari ntg aid at 20the frequency band of the respective

estimata Afisef-iasealansai o si gnal . 6. The hearing aid
according to anyone of the preceding claims, wherein
t he subset of the del ayed versions of said sign
In the sigdhad, 2 cumpen sesuditénput|sigradst amfevaﬂuaﬁehﬂ(fcadseﬂfeﬂeaw\blance and

the aup iyl Shnelcart e e PR B UREREY A B Corp A anE HUapassing

of a wide ibad iase® iApReligfl. Conpari son units each generating
a sign conparing output signal based On the sign of

- the non-del ayed audio |nput signal and the respective

A metiisd ﬁ#%nﬁbmﬁg $HheR n%i o&sgn he J%E;n&gd %o%pzﬂﬁes the steps of

accord Ing to anyo t e p ecedl ng [ al ns
estimating th@rﬁp@qosmlatmmdexdnppnse@ mos:'etslgmala:m}ﬂw |h§enng aid and

controlﬁﬁ]é b s‘?&%f pgo_ S 'lR%meahgafhndAé!YgNgngi Shifd estimate.

" A hearing aid comprises signal processing means, means for estimating the
autocorrelation index for one or more signals in the hearing aid and control means for
controi of the signal processing, wherein the control means utilize the estimated
aufocorrelation index. |

All appropriate combinations of features described above are to be considered as

belonging to the invention, even if they have not been explicitly described in their

combination.

According to embodiments of the present invention, hearing aids described herein may
be implemented on signal processing devices suitable for the same, such as, e.g., digital
signal processors, analogue/digital signal processing -sy'stems including field
programmable gate arrays (FPGA), standard_processors, or application specific signal

processors (ASSP or ASIC). Obviously, it is preferred that the whole system is
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15

si gn conparing output signal having an anpl i tude of

t he non- del ayed audio input signal and a sign based

on conparing the sign of the non-del ayed audi o i nput
bwﬁﬁ%@ the del ayed sign S|gnals 9. The BedkbR@rossiss
ccor Ing to anyone of ‘the 'preceding clains,

mhereln the autocorrelation index estimating neans

further conprises: nor mai t zi ng neans for
: | StHRYigH (o] t
moBEHRL 1] 08 S48 SUTRE Chpind i leg gt KoreoRals bous be

implsmedteslmgnﬁiesmgi;f— aﬂakmnm tmthe skitled pemsioe. heari ng ai d
according to claim9, wherein said normalization
means is adapted to nornmalize said sunmmari zed

HealiRphids esethiods tataddvites dickbrsiingnio emnbodithents of tﬂaqhesent invention
di'vision iteration .occurs conc rrentl with u

may 6% inplereantednn a7y gitable doia! p@@??s' B SEHEM 8 hefi'”g aids,
methoé@eaﬂae@é\hé& ? ASSBEAIRE B £haithe Aublolddist W”z?'ﬁﬁln@ session.

€ autocorre ion i ndex estimati ng neans further
Methodsyacesmiing to theepiesemtoinverdtosr miai ey b dmplaraeriedtin me computer

nor my hr
ool R T SSRGSt apsrain 1
embddﬁehts%s@h@%hetﬁilﬂi af aa:hbat—mtremmtwonmehhs 5$€g:h arsembodiment
:resent|arice nultipli 9 r}? ¢ rﬁb dies stermn
of g IraseRe eI EST AN E (PRt SVl Ot Bk ghiSocies a sy
acco%@fﬂh@%r&%rﬁ%@ﬁﬁo@%nﬂ M@ sfarhe eBimpaitat! progim \eﬁ@élﬁhg methods

he aver aging neans 1's an auto regressive | ow pas
accorfdlﬂg &0 .the present TReiesr iArgouling 4e cltodhaigembod weaoﬁomputer
e 0
oo BEGE0RA AP s \ b Mg 10 ERUALERR ooy i
memggnenmt Im@{h-Rmﬂ,g at BVBy av flastyenemotyh @rsamymthqrewftable storage

meduﬁm, tIS provaded for storing the computer program accordmg to the present

invention.

According to a further embodiment, the prograrh code may be stored in a memory of a
digital hearing device or a computer memory and executed by the hearing aid device
itself or a processing unit fike a CPU thereof or by any other suitable processor or a

computer executing a method according to the described embodiments.

Having described and illustrated the principles of the present invention in embodiments
thereof, it should be apparent to those skilied in the art that the present invention may be
modified in arrangement and detail without departing from such principles. Changes and
modifications within the scope of the present invention may be made without departing

from the spirit thereof, and the present invention includes all such changes and

modifications.
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3014. The hearing aid according to anyone of the
precedi ng clai ms, wherein the autocorrel ation index
estimating ineans further conprises: 25 AMENDED SHEET
means for obtaining summarized features on a signal s
sel f-resenbl ance fromthe set of delay specific

estimtes of the signals self-resenblance by finding _

t he i ndex number of either the nost positive, t he
nost negative or the largest in anpl i tude del ay-
specific estimte of the si gnal's sel f-resenbl ance."
15. The hearing ai d according to anyone of t he

‘Precedi ng cl'aims, further cogri sing: :_ a microphone

for converting sound of an s vi ronnent of the
hearing ai.dinto said audio input Signal; .. 10a
suRtraCti.on node for subtracting a feedback

cancédt haaingRid gpmprigsingm t he audi o input’ si gnal

ner shuo RGOl ARt BrasR S0 rlPBindiass

a- conpr essor. for producing a conpr _ -
out put - W@ﬁ%mﬁ&g %‘ﬁﬁf’?ifﬂrgpg‘?%ﬁ‘@i A semplinetrats redured signal of
bandshidniudRrAnputdEigna gnal s; a receiver for convening o
t he ‘processar oqutput signal 'into. out put sound; an

“adapt | P @dEGHeR reeaselar @Ateasting et ggn Sgnahdisaid/ ebmbiiﬁé rate

der i Mdiged gﬁngp'e.dba'ck cancel | ation signal-fromthe
.processor ogdt put si.gnal . . . . - X L
memory ‘and delay means for producing and storing delayed versions of

- said sign signal; " .
o co:rnparison'_'_mgans for ,r':omparihg. a subéei of the delayed versiéns of
' -.said sign signal with a version of the audio input siggial;‘_ S
"'-a_veraging' means ‘fo-r averaging t'he'o'utpuf:s' of the comparison means to
_ extract delay specific estimates of -the signals ééierééemblanoeiof the
:deiaye_-d ,veréions"qf said sign sjgnél and the audio input_signé!; and
| obtaining means for- obtaining an estimated 'autqc_iﬁrrélaﬁop index by -
. .determining summarized features from the delay specific estimates of the
signals ‘.sélf-resembfance téf ‘said _éighals, ‘Wher_ein said summarized featureé
" défine summarized infofﬁ,‘a_ﬁvé AC!features. - Lt

2. The hearing aid a;:cprdip_gj, to claim 1, wherein the audie mput :signal isa
wideband audio input signal _amd the hearing. aid further comprises; "
a bahdpass filter bank -f_orAspI_itting the wideband audio input signal into
_band fimited audio signals; and o — '
wherein the a'utocqrrelation index estimaling means is ad:abted 'for
- estimating at feast one autocorrelation index by -caicuia'tiﬁg. an
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2016. The hearing aid according to claim15, further
conpri si ng: auditory scene anal ysis neans for
classifying the sound environnent category based oh
at | east one of the estimated autocorrel ation i ndexes
and signal envel ope features input fromthe
processcir; and erein sai

. wh i d :
conpaetssarrelatiort umaiér iaptidd bepdadried (Fdigasignalso@nd an

onpassaelaio UMY Bafidd e el
*sounteryengR Jedpt BFRIAYRRIAG dRsinobbgohapl

the sound environnment category- input fromthe

Sy o S e Al g O PRI A s o

- CONPEIRHRGH 3@ Tnpaiedkirtl bR therfearPgriid Alrtrex chaprises:
. adj usting t'ﬁ

e adaptation rate of the

€, » adaptive, . '
f eedbaekbandnass fler sank forspiittipg b ‘HH‘%‘%?'% aydio gAYt gjgnal into -
t-he "esty c | aki ok St nOnbEx estimating
26. AWS@&%%%%@ Ee%gm?@?%z%nt rolling esﬂxrr‘ta e _
St gnakamy kcadupitad to precekearnumbar of augiginpsit signals compiising at
receiving at_l|.east: gne .audi o..i NPt~ Si : ' NG
L SR b e e BB, BREBARS LB o
Si gr@éna;_corrpr-i sing:. generating a sanpling-rate °
reduced signal of the audi.o input si-gnal; exti acting
-a sign signal of said sanpling rate reduced si.gnal ;

. ~ ond. ot . I . R .. ‘. " . id -
| g?g‘:’gifé hgg%@gﬁs%gédgﬂgg g@ aAYShke YE U prreedingS@hrhs véerein sai

: set "of the del ayed."versi ons

of squmimaiized feagues aedstesmined by finding the value of either the most

positive, the:mé's_t negativé or 'ihs: largest 'in'amplitU_cie' delay specific esfimate

of the signals seff-resemblance. k

‘5. :I'h_e hearing-éid accoi'ding to anyone of the préoé?ding 'ctaims, whe're_in the.
_subset of the delayed versions of said sign-signals comprises only versions - -
ha_viﬁg a deiay_éqiza! to or greater than the -delay through the hearing aid at

the frequency band of theArespecﬁve band limited audio.sigr_ual." '
| 6 The hearing aid accordi‘ng fo anydne of tﬁé precédir_ig claims, wherein the
subset. of the de!ayei_ﬂ"veré;_ions of sai;l sign signals comprises ‘the.fult setof -

" -produced deiayed versions. - o

7. The hearing aid according to anyone of the preceding claims, wherein the
" comparison means comprises a set of comparison units each generating a

sign comparing output signal based on the sign of the non-delayed audio

input signal and the respective delayed sign signals.

8. The hearing aid éccording'to_ar;yorie of the preceding claims, wherein the

- comparison means comprises a set of comparison units 'each generafing a
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Iand

inH . version of the audio input signal;

averagi ng. the outputs of the conparing step to

extract delay -specific estimte.s of the signals

sel f-resenbl ance- of the del ayed versions of Said

sign signal and the audi o-input signal; and.

deriving a version of the estimated autocorlelatlon

i ndeignispmEsriog rouipuigsignes hevingian amplittde fefdbemes-datayad audio

e R 5L S B a5, SRR Sl oo

f eakysienpul @%ﬂnaswﬁu sepdelard sigh eigralsi ve ACI
feat ures. 19. The nethod according to daim. 18,

wherein the audi o |nput signal is..a w deband audio _
Id1p ' g%'ﬁ?ﬂ: Hrdf é’é@cfh s
sgql ﬂ'% ?’Iﬁgﬁt gﬁ{;\/lgg audi gfnl np% sp?gna ' ?E:t?’aém_s.bgrl?grem the

| i nagtedorsalaiion mdgnaeswammmeans turther egmipmaesing at

L2t RN MRS BHLAbARAR o ovior

sai with biasdidriestt Gmkoretitially Sbigainbbleardfimatainof said signals sef-
aut ocorrel ation vector for saictw deband. audio input

Si gfﬁﬁ*Pm !2pge-The nethod to claim 18, wherei n the audio
i nput signal is a w deband audi o input si gnal “.and the

et hod further-conprises: 30splitti ng. t he w deband

40dThe. hamng akigacrorting do istaria 9.iwhareln saili norsiajipaion means is |
pted to normalize said summanzed features by iterative division, and

wherein each dlvrsu:n iteration” .occurs concurrentiy with - updates on the _

: estlmates of said signals self-—resembtance

1‘1 The heanng ald acc:ordmg to. ciaxm 9or. 10 wherem the autucorreiaﬂon index.
estimating means further compnses . . '

means for detem‘umng the excess of.-one or more nurmaltzed thresholds :

by. ccmpanng the magmtudn of. one of said summarized features of with the .

“largest obtainable estimate of the SIgnais seﬁ—resemblanpe rnultlphed with

the normalized threshold value in question.

. 12.The hearing aid according.to anyone of the preceding claims, wberein the

averaging means is an auto regressive Ic)\}'i_Jr pass filter. "~ -

13.The heanng aid according to anyone of the precedlng cialms wherem thn
autocorrelation.index estimating means further comprises: . '

. means for generating a-long tenm average on the summarized features.

14.Thé hearing aid according io anyone. of the preceding claims, Whgrein the

‘autocorrefation index esfimafing means further comprises:
25
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processing a nunber of audio input signals conprising

at | east one of the band United audio signals and the

wi deband audi o i nput signal. 1. The method accordi ng

to anyone of clains 18 to 20, wherein said summuari zed
features are determned by finding the val ue of

ei ther the nost positive, the nost negative or the .

| ar gest mganarfpd eﬁteﬁ"ﬂhgigdjmmasmed féatoree Sin awligha0d selﬂ-@esemblance
signal s sel f-resenbl anc 22. The net hod

accor HPMghe @eéﬁiléﬁ@!r’offpe@ffﬁl%%ﬁ“ﬁei g e 5'€Rﬁéﬁ5e$?r‘§f~ﬁ$§mblance by

subs efn o g PleNGaE ANEEr HREPER rﬂBst%‘sﬁ'w@ @e rftb@ﬂ?eg%twe or the
conprises only versions having a dela

gr eat largeshmranitudietelpy sheatiy bsttrhme loé the srgnals gelfatsemblance.
the frequency band of the respective band limted

audi o si gnal . 23. The nethod. accordi ng ta anyone

. of 16| PheTthebfing Gaid lacodighgi tdmcﬁeibﬁeﬁleobré@dﬁﬁg claims, further .

del ayed versions of said sign signals conprises the

ful | SERPTEINGr oduced del ayed versions. 24;. The ' .
-net hod acg%ﬂrdg;gohe f&*BHPﬂSrtﬁzfg é&hﬁﬂ E?aﬁécﬁr‘?d Eﬁwrrcnmnnt of the ,

wherei n t he compari ng

- conprheagisg @eiwtoasald@ualosiewtoﬁfgfﬁi,gn Conpar i ng out put: '
Phonals, 2RNBRteh AR B Wb PlahBS 1HNAE BHEd dona fom
- 25 Thiee ﬁea:bmfbmcigwacthen@)t gereryinea batdpassliiter :n;b&t signal,
. el n CcO
o YHEEEn SaleLrarPae Btacep ity thetandes

- .si gnzyaﬁd%ﬁm@glguaﬁ,vggga@n anpl i tude of the non del ayed
. audi o. ‘i nput signal and.a. si gn,

S epfur

&i%@l into said

a compressor for prcducrng a compressor output s;gnal by. appiyrng a
galn on each of the band Iim|ted audio srgnals T
a receiver for ccnvertrng the processor output srgnal mto output scund
~ an adaptive feedback canceliatlcn fitter for adaptively derrv:ng the feedback
] canceliatrcn mgnal frcm the processor output signal. '

16 The heanng a:d accordlng o cia:m 15, further compnsrng .
_ auditory scene analysrs means for ciassrfyrng the sound envrronment
category based on at least one of the estimated autccorreiaﬁcn :ndexes and
, s:gnai enveiope features input from the proc,sscr and

* wherein sa:d compressor is further adapted to derive the gain from the
heanng aid users hearing Icss the input sound e:welop‘= of the band ilmrted
audio signals ar_nd the sound environment category -input -from the auditory

. scene analysis means. ‘ ' "

17.The hearing aid according fo one of claims 15 or 18, fuirther comprising: |
- | an adaptation rate controller for adjustmg the adaptation rate of the

adaptwe feedbeck cancellatlon filter based on at least one of the estimated

autocorrelation mdexes and the gain.

- 26
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- conpri ses ) T
'sunnar&%@gf RALCFIRR O She es_t_lmated autocorreiation index by determining

based on conparing the sign of the non- del ayed. audi 0
i nput. signal with the del ayed si gn signals.
26. The 'nethod according to anyone of claims 18 to

25, wherein the step of 30estimting the

t hut ocorrel ati on index further conprises
normal i zi ng sai d summarized features by division with

“the largest theoretically obtainable estimate of said

signal s seff-resenblance. 28 .27. The Met hod

according to claim26, wherein in sai d normalizing ,

St eP AS@ithoBUBTES Mgl Seial pRSce A sing:
Aoy SO A 2D R TR R P omprsng.

iterative division,

i t er BIGEHRDAdERS anerRudie mput gionet h updates on the -

: R T i on . f- bl .. 28.- Th '
oo B BB ! SRR st e

of est geaeiating Breansplingaater reelugtd eiynhnsfake HutildVRput signat;
term ni ng the excess 'or} .

one. or SREFENG G High 0! phid ﬁ%ﬂtwgnwtqmmswm he .
. magni t geserabig ARG éﬁfﬁ@%éﬁa%bﬁ?tﬁfq éeﬁgfsgqﬁgﬁés;w_t h

tHe | argest obt-ai nabl € estimate of t|
Sel f - r EBRBIINGh BeSYRASE 91 the Hlalayad versionsrofasaid exign’ signal with a

¢ hr aRabA o Helifudif b Shal 29, The nethod

accordi ng to anyone A'ns 1.8 to 28, Wherein the - .

~ aver agevejagisg dheavuipdisoot the compazinggstep Bubract delay specific

tegr Le L ass filter. 30.The hod. according ..
' COERRAIGE bP I Sphale bEresemyjgce. ot Selveg wersions of said
" est isigHt sigoaltand thebadpringliasigedr; anglex further . o :

©. generating a:long term average on'the
% ¥

-summarized features from the delay speciiic estimates of the signals self-
- resemblance of said ‘sighals, whérein_ said summarized features. defines
-summariZed informative AC! features. h o ' o

- 19.The method_according to claim 18, ‘wherein fhe audio input'signal is a

widebanq;_aqdiq input signal and-‘the method 'fdrthe.r,comprises':

- splitfing the -wi'de'ban_d audi_o input signal into band limited audio -signlais;-

and - P ’ |

| - estimating at least oh_e autocofreiat'ioﬁ‘ index by calculafing an -
autocorrelation matrix for at least one set of said ‘band iimited audio signals
and/or an autocorrelation vector for said widéband audio input signal.

20.The method to claim 18, whergzin the audio inbut signal is a wideband aﬁdio
input signal and the method further comprises: ' | B
sblitting.thawidebén‘d audio input signal into band limited audio signaisi »
- and a | | |
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~category
- aut oconel ati on |ndexes and Si gnal .envel ope features

31. The nmethod adnit-ding to anyone of clainms 18 to.
30, wherein the step of estimating the
aCtocorrel ation index further conprises: obtaining
sunmari zed features on a signals self-resenbl ance
fromthe set Of delay specific estimates
of. the signals self-resepbl ance by finding t he 25
"i ndex RIABRSSINGF 3 BUTREF Ot 3l ipninput S@f}alﬁlo@mpﬁsm atdsast one of the

neast b i 8ube ARl b HELEEUAR AE IR Sigl

Met hod according to anyone of clainms 18 to 31 :
\/%Pih %@WSI r@ l‘:jq-}onvertl n so%nd of "an sound

ARG JOaRBY sﬁ‘?ﬂ"%o‘bﬁjdpomnpmwem said

SI gnasumafrized featuressdiétde&ﬁrhﬁ& ﬁ@cﬁﬁ%% value of either the most

cancel | atiron signal. fromthe audi'o I nput sig :

t her ePRSIEn HiamPagnegnive @éﬁ'@ Brgaséin ampldtuds r:fgi‘elwspec:nr c estimate
mereﬁﬁhég@gﬁ§%§eﬁbl ek i nput signal is split )

into saird ed au 70 signals;.
generatlng a conpressed out put signal -by. applylng a -

925 5k FEH R B0 12 hsbe ot S b o A & Whsvepute subser ;f

-soundhe deff@atisreibis ¢ &hidi dign S se&ﬂﬁér‘fé&s only vers:onls havmg a
_cancel lation signal fromthe t&; ocessor out put™-si

©1033. pELBOl g€ abraiPndhatD

Seipysthrougiy tﬁltﬁerheanng aid .at the
COMPiHetBREy band of fed 335l 08hg frRigd B BTN T

on at east one o

R A B PSR i 1 SRR St o

i nputhelaelaya!ﬂ vemlcﬁis)@fesm sighesigedie f:.l:allnlﬁht:.@§J t@'ﬂj‘lk%&t of produced
] gngnféyggd t.he soundenyl rori mant

VEFSIDHS

24, The method according fo anyoné of ?iaimé 18 to Z3; wherein the comparing’
step further compns#s generatmg a set of sugn comparnng output sngnals
based on the sign of the non—delayed audno :nput srgnal and the respectwe
detayed s:gn s;gnals .

25.The method accordlng to anyone of clalm 18 fo 23, wherein the cornpanng |
step further compnses generatmg a set of sign companng output s:gna!s

each having an ampiitude of the nonqdeiayed audio. mput ssgnal and a sign’ '

basnd on companng the srgn of the non-delayed aud:o lnput sngnal wrth the -

' deiayed sign sagnais ' '

2 26 The ‘method according io anyone of claims 18- to 25 wherem the step of |
estlmatmg the autoc:orreiatlon index further compnses '
.norma_hzmg said _summanzed features by division with the largest
* theoretically obtainabie estimate of said signals self-resémblance. '
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category: 34.The- nethod according to one of clains

32 or 33, further conprising:
adj usting the adaptation rate for adaptively deriving

t he feedback 20cancel | ation, signal based on at |east
one of the estimted. aut ocOrreI ati on i ndexes and the

gai n. 35. A conputer program product conprising
program code for performng, when run on a conputer,

a nza',t Tae rashon diddrdify e elafh 20, alifEeiASint §a|§4nor%§!:§rpg step said
" summarized featurns are normalized by iterative dw;s:on and wherein each

dwzsron fteration ocours concurrent}y with updates on the est:mates of sald

31gnals seif-resemblance

28. The method accordzng to claim 26 or 27, wherein the step of estimating the

' autocorreiat:on mdex further compnses
deierrmmng the excess of one or more - normal;zed thresholds by

comparing the rnagnrtude of onie of said summarized features of with the '
largest obtamable estimate of the signals self‘resemb!ance mu!t:phed with

the normalized threshold valuz in questton

29, The method accordmg to anyone of clatms 18 fo 28 wherem tha averagmg :

- is camed out by ut;[rzmg an auto regrnsswe low pass filter.

-30.The methed accordlng ta anyone of cialms 18 fo 29 wherein the step of
est:mahng the autocorrelation index further comprzses
generatmg a Iong tezm average on the summarized features

31 Thn memod acccrdlng io anyone of ciaims 18 to 30 wherem the step of |

estlrnatmg the autocorrelation index further oompnses
- obtaining summanzed fedtures on a signals. self-resemblance frorn the |

. set of delay specific-esfimates of the. svgnais self—resembtancn by finding the -
o mdex_ number of either the' most positive, the most negaﬁve or the largest in
~ amplitude delay specific estimate of the signals seff-resemblance. '

32.The_method according to anyone of claims 18 fo 31, further'cohprising' |
converting sound of an sound enwronment ofa hnanng aid into sard

audio input szgna!

29
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subtraéting a feedback canceliatibn signal from the audio input signal
thereby generating a-bandpass filter input signal, wherem the bandpass filter
input signal is spm into said band limited audio signals; ' ‘ _
generatmg a compressed output s:gnai_by applying a géin on eacl{'of _
5. the band limited ‘audio signals; 7 B
converting the processé_d output signal into ‘output sound;
adaptively deriving the feedba'c:_k cance'liétion sign-a_! from the processor

output signal.

0. -33.The metﬁod.éccordiné to claim "32,=fmther comprising:
- clas;sifyfng the sAound e‘nvironmeht category based on at least one of
the estimated autocorreiatlon mdexes and SIQnal envelope features snput
“from the processor; and . ' _ -
L deriving the gain from the heanng aid users. heanng loss, the inptt

15 sound envelope cf the band itmsted audlo signals and the sound- en\nronment

. category

34. The method accordmg to one of clalms 32 or 33, further compnsmg
adjustlng the adaptat:on rate for adaptwely denvmg the feedback

20 cancellation. signal based on at least one of the esbmated autocorrelatlon 3

~ indexes and the gain.
35.A @omputer program produg:’t comprising program i;ode for performing, when
run on a computer, a method according fo one of claims 18 to 34.
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