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METHOD FOR SOUND PROCESSI NG I N A HEARI NG Al D AND A
HEARI NG Al D FI ELD OF THE | NVENTI ON The present

WO po1e2de8h rel ates to hearing ai ds and net hodsPOF/EP2008/061978

processi ng sound signals in hgaring aids. The
invention further relates to controlling sound signals
and, nore particularly, to nmethods and hearing aid
devices that process sound signals, in particular for
heRTHOD FORBGERNDPBESORSSINVG URI AGEARMCG KIBIENOfA HEARING
conpressors. BACKGROUND OF THE INVENTION In this
adpl i cation, a hearing aid should be understood as a
smal |, battery-powered, mcroel ectronic device
Q$§L§QﬁgTh%JQﬁJ fﬂ)§ehind or in the human ear by a
hearingi npaired user. Prior to use, the hearing aid is
adj usted by a hearing aid fitter according to a
Athe pegsemtinvdntion helates eslodaiipg hiold ahd nedsed obproae@rsot@d signals
test, resulting in a so-cal]ed audi ogram of the
b‘é]ﬁ% e T0F IVRRYMRFPAIgClatfyde FeiTalidg saund signgle gnd, more
GiichlAgly, t-gl'}ﬁetﬁ&?sscﬁlﬁ'lﬁﬁﬂi@aiﬂﬁegi@é’setlhgtgﬁ'gcésg séfn@Gibrdls, in
etting where the hearing aid wll alleviate a hearing
Ipegsulay f@mehiifigyinmgrired padord by warmie muitgsde of dongsesspart s
of the audi bl e frequency range where the user suffers
[ ficit. i aid conprises one or nore
%@@gﬁ%‘gﬁ %ﬁggﬁﬁw‘gi%cr oelectronic circuit
conprising a signal processor, and an acoustic out put
thh ans shitie htion] Adesiignal spsod BS Gaderstsodief ahahbytt@y-powered,
digital signal processor. The hearing aid is enclosed .
iHCEpelesEPHE dSVIFe agsiance &p b pofm PRyiKEeN IAdhohuman &r Ry Rdaring-
A e R U R A S R
$o gpadscripiiva. Thgpteadripgiognabaspd ot edsating tastt tesulkiegin mgp-called
ai d. converts the anal og el ectrical signal fromthe.
rﬁlg‘%lﬁ‘ﬁb & therieg OEmefcgiof d1e SpgRat B/ peiBURRdegiearing. The
HRAL RS0 AL G 16 PR aLBing [HRREAH BBy SOl alleviate a
processing is carried out in"the digital "domain. The
diegirtgallosshygamaplifymgsyphind atifpequanaesan ghase phits 9f e audible frequency

frequency bands a.corre ndi lural ity of

G A B IEF 08 SR AtBbg AR fhrfgs one or more
PRieEPRSIRTa PatePP ANl dcBaniRRE¥ R 8RHprisinga RlgHAIdrbde¥sd?f and an
band-pass filters is usually denoted a bandspli't

acoustic output transducer. The signal processor is preferably a digital signal processor.

The hearing aid is enclosed in a casing suitable for fitting behind or in a human ear.

The microphone in the hearing aid converts sounds from the surroundings into an
analog, electrical signal. The digital signal processor in the hearing aid converts the
analog electrical signal from the microphone into a digital signal by virtue of an
analog-to-digital converter. Subsequent signal processing is carried out in the digital
domain. The digital signal is split up into a plurality of frequency bands by a
corresponding plurality of digital band-pass filters, each band-pass filter processing a
separate frequency band. The plurality of band-pass filters is usually denoted a band-
split filter. The signal processing in each frequency band comprises gain calculation
and compression, compression being required because a hearing impairment is

generally associated with a reduced dynamic range. After processing the signal in the
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filter. The signal processing in each frequency band
conprises gain cal culation and conpression,

W@ 0tpo2zss83 on bei ng required because a heari ng PCT/EP2008/061978

i mpairnment is generally associhated with a reduced
dynam c range. After processing the signal in
t heseparate frequency bands, the plurality of
frequency bands are summed before converting the

deRfirata freguansy ardsg gl Plyrakity of digarencpibgndsaire paarica §eioiels

ﬁpg% AV a plurality of
3?$¥eﬁ ?ﬁgﬁgghgﬁgétﬁéﬁ%gﬁ%?&?ﬁé i nput signa
separately and i ndependently and subsequently
dupital iemgng dids are sluistcapablext anplifgingra @duabhesfehifferent frequency
udi bl e range .of frequencies, suitable for acoustic . .
R Uy P Bl €19 RS A 11 BB ErbebsStey bQpining the
e LRATHELERI Oeral @8EhDAudivk r%%%tdfcﬂelqhé}&jéshﬁl_ig}ﬂéqm £Sustic
of each band separately, and the anplification gain
aerdlevogrdiastsfdhe paplanetion gravass iheoleer caonpresticrepaerithe fpr
for ch.band in order .to.tailqr, the sound.. . .
et e Pty OF i e eyl hypndsBe amplification gain and
COMPISSHPaanitt@s ety HeltofREN RGPty foedidh@naiiklsrder to tailor the
usual Iy have their settings optimzed during the
pPeEeigDoduesfons toatspegific hearm@dessng aid to a user's
hearing | oss for the purpose of reproduci ng speech
fqi : i fomtts
et SR ER S TR Eh b Bt B Bl eiiae
pponezdidugng tal progedofe sfffeechtheihgmansait so pasansdieating loss for the

SRS BB Sk Rl 15 B PR ST Rl R o

SELACLL20 P ORSERAUR 4§60 et AR 010 ot

tskenglsappdramatitobpeachle sigealmin' oo smpare psiiculsyls tdgiiculit  understand by

LT B BB SPR B F0rBE sRL e

RedRIt Reed ﬂhe@féa@n%iiﬂ@Miﬁté’cb’tottﬁ@ﬁseﬁupp' ies an estimated
signal level to the conpressor for use in the

conpressor as input, The conpressor then calculates a_.

40 YRarPRyiaRtON/ AP (M SORWIepY SYEEM| As efraTedlj tg agFomprising a “signal
P i 99 d i 9 | L 1 t

PR SSRG: AR S S0 A0y I SEROF DB

tchreviglyolpe sofplichan estpuited signdl pesel cuthe eompressdnéohsarin thg

aid. This curve illustrates th ut put, sound pressure
ICRRPBICSHY 28 “T%E‘Ehe_c?ﬁm@ﬁsﬁ‘ﬂéﬁ?rh li{htiepd] EabyTabia e giapplicd
Th ﬁlets?g'ngl ﬁ%@@s@in@%’amd"oﬂ said input.

Furthermore the term “compression ratio” is referred to as the inverse of the slope of
the input — output curve for the hearing aid. This curve illustrates the output sound
pressure level as a function of the input sound pressure level. The term “knee point” is

referred to as a point on the input—output curve, where the slope changes.

The compression characteristics of the slow and the fast compressor constitute the

corresponding input-output function of the slow and fast compressor.

In this application the speed of the signal level estimator is referred to as “fast” when

the estimated signal level responds fast to changes in the signal level estimator input
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referred to as a point on the input-output curve,
where the sl ope changes. The conpressi on

W@ bapazgees i sti cs of the slow and the fast conpPEBBPR2008/061978
constitute the correspondi ng iznput-output function of
the slow and fast conpressor. In this application the
speed of the signal |level estimator is referred to as
"fast" when the estinmated signal |evel responds fast
signakadgberefoie fohle wsithmiapul egl redastichaglesely islis s¢igied to as
a ) f - i ' relatj -
Pk e o el Bt BB FLARR, 1o bl P signal love
estimanet apusiigndhnd tealforeeapanddllsivaid nptiosighrd figesations and
t he signal |evel. estinaior i nput signal and therefore
OSFPREHOPGINIRAP Y IRBUG St 2% 4f%al | uct uati ons and
becones sone kind of input signal average. In this
apRlié £HicHod e “&srevo%iecgig?aﬁ’li Rl sigrlablel A& sBndR ingu€Yighal. The
estimator input signal. The envelope signal is
ghesippiedginy is pravided byriragsfoineng deuspigiciinguitsowslngnal into an
sigpal. into an el ectric.input signal . determning.th
3B RirkNBriL G R S AR R pr R HRfidntf ana
frinaRy lot baw sy fHel dbesluRy ahkefaksatdttie inpat siendfin bRRr to
electric input signal in order to extract the envel ope
sikgpralthe gnyelope sigaplpl i cati on "attack time" and "rel ease
time" of the signal level estimator is a neasure of
thl? ﬁnsc‘%ﬁ)%g @n ‘ta@tgckc'ﬁ%’alancl “ergféla ee[ﬁﬁé’n&ttﬁé 1 Jﬁ%\%ﬁ Qgtﬁ}n&t&eis a
attackrand release tines of the Sl gna PEVel ‘esti mat or
atcaswhof thewpedtd dfitbe sipeddeval edtinentad. Thadefdre tel attack anmdbdelznse

is fast. However, i.n this applicatjon these ter .
g1 31 iy S HREY 1Rl simgjod 4o TP e 4he g 6h g sfhablevel estimator
REASUERd L&, HBhS dpPliSftdRThdse (PR ol (FheaINAl 4 8YAL time” are
esti mat or speeds 1 ndependent of the clock frequency

feorentviabies ingagaired anvdd/s estridamtioonake th sipnal hévsl edtimiater speeds

ke RRE GO e Fein sefafde Rt b oice o

hugith BleGBeedldtehSiignallev@Uadtiniaiorat fat W&k thedaRiedf e fttack time”
ect to both speech intelligibility and |istening

res
cod wlaaseiepenttdaign. both t he speed of the signal |evel
estimator and on the characteristics of the conpressor

i - i Mo PR N
i Sl R R AE LR B AL A ot
disehing copded deprad srag hothubespeeth af thehhenhERyélrgtimner and on the
%ﬁarer, erceives a

aracteristics of the compressor itself.
The sound reproduced by the hearing aid will cause a pumping sensation when the
change in gain has such a speed and magnitude, that the hearing aid wearer perceives a
variation in sound level even in a steady sound environment. Typically the hearing aid

wearer will in this case describe the reproduced sound as unsteady.

A compressor system with a slow signal level estimator normally results in good signal
quality. However the signal level at the onset of e.g. a speech segment may become
unacceptably loud because the sudden increase in sound input level is not immediately
tracked by the compressor system because of the latency of the slow signal level

estimator. Equally, the latency of the slow signal level estimator prevents appropriate
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variation in sound | evel even in a steady sound
environnent. Typically the hearing aid wearer will in

W@ bi18/02888% descri be the reproduced sound as unBCEEPR008/#61978

conpressor systemw th a slowysignal |evel estinmator
normal ly results in good signal quality. However the

signal level at the onset of e.g. a speech segnent may
beconme unacceptably | oud because the sudden increase
iapsiGGHEPn of guroft igra signgl fedewingiedmeshiaely afteg kudgdepdrapHa sound
> r | b . .
SRRl YL BPERHAE Sy ) LS S RIc b R win
deney tsicg el teinpu@l clesidteritios ofidyemmid signals and hereby relieve the
appropri ateanplifjcation of soft. i nput signal . )
fSHFORFMEPIErARAiCAPR! Jloxt sigal @ngam@r%ﬁwwr%ﬁ fignal quality

ifggﬂéﬁll} &é@%asésewﬂh a@bm fb%s&'?)%é?ifonaa ﬁt@toslféﬁl Y &ﬂﬁgdor réative to

st signal |evel estimator will better trace t
taeshposighaldéneet agineators Fugkeroford yimasigml gigrinkenda hdddgeadebyith

BB T BSEPIAESPT RGULRS TE RS PR Ihe saRPT e oh SHEr ey o be
dage Sl@eﬁ%ﬁ_t%éﬁp@s§ﬂh%§ﬁ§f§@rraﬁg%iﬂ(ﬂh@éhtﬁutfs@gﬁlltal ﬁelqﬁﬁlsly.

| evel estimator relative to a slow signal |eve
estimator. Furthernore, the signal quality tends to

dieig Meedlengivnihatiies dibisTange Boipsrdsigichieipility brtwhen nasmat hearing and
S A U 8RB A OGP Sy o
Sb@ibdnvadageat eligh. highly iflsictvelihg Keieaund haift dppeker it may therefore be

difference in speech intelligibility between nornal
RE¥WEGORhE BN TRHEOMPRES PR §T Sids] Kctiighien ot fenqiss and hereby

f i naQ:.Nok:Se.: ' i ise. | d
R SR P LT A PP PR URRR N0l 56 and & sof

speaker it may therefore be advantageous to apply fast
dohgarieg sidowith an onpleved corgprestiog by seam pravidihg greaics 8esihdity with

hereby i.ncrease speech intelligibility fqor the hearing
e RS AR bR e ol ot B Bie
YHPRINIPA Wiive cha@eRa1cEin bidexiodipkdve thé §iBni1R@RRGtant @peech
t he conbinati on of the speed of the signal |evel

erteiligdrileyds e desieedconpr essi on curve characteristics
in order to inprove the signal quality and speech

. AN et _ : ‘
e Bhclh fuligleRop i K3- HBPQT 6 e [IHEADRARNP A icg where the
dewikcandwhiens tirhes a¢ hdjaktedindres@inea@setht deesteds@inade v ted

in response to the detected sound level to.a
rendrary eyt dpighiqn I&FGY’éltr}goftﬁStrﬁaHWﬁ‘F%ﬂ@e?té’é blgglamﬁlt and/or output

OiSEPR indo amegilﬁV.ElQ@Hﬂg AngEar pIBUith{gt slow gain adjustment at low

input and/or output sound levels. By this method, the sound will be controlled with
long attack and release times at low sound levels, at which the transfer function
provides a compressor characteristic and the reproduced sound is very sensitive to
pumping or vibrating sound effects when the gain varies with time. On the other hand,
at elevated sound levels at which the reproduced sound approaches the clipping or pain

threshold, the sound is controlled with short attack and release times.

Furthermore it is known in the art to have a multi-channel hearing aid with two separate
compression systems working in parallel, where one system acts relatively slowly and

has 15 channels, and the other system acts relatively faster and has 4 channels. The
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sound levels and to a relatively |long duration
provi di ng sl ow gain adjustnent at |ow i nput and/or

woeiipoesesdund | evel s. By this nmethod, the sounBCTEP1008/@651978

controlled wth long attack ard rel ease tines at |ow
sound | evel s, at which the transfer function provides
a conpressor characteristic and the reproduced sound
is very sensitive to punping or vibrating sound
selptdva iEnaRedf tht v QeArPPowsiqnesy sigmshs eansantlpadiupied o teft to
Y R
douinthe anpgendf ik lfateractity sdmpressidit @ek irerdsesel ease
times. Furthernore it is known in the art to have a

| ti-channel hearing aid w t separ at e
%ﬁ%%%?i s %V%‘Eﬂéfﬁjsa‘%%ﬁ? R A aflgwp@? ﬁP@ETe,SSQmW%mé‘ﬁ ge controlled
DYt EIW SiGhS 16R) aldMabYarstiaw oy A Basd HPuCRANVE!.S codltfil party
the other systemacts relatively faster and has 4
chaative).svemMthongh sudhaefeitnprawouldbe heantaggoeowith essgeasto speech
S%%@Fﬁﬁris constantly adjusted. At soft to noderate
Ve Vel s the system responds nore slowy, and with
i ncreasing sound | evels the inpact of the faster
ag 0L AY-0808PI£B S0 de PahietHoddbead Gfamid etehfianti igofXids constants to
descri bed above do not all ow the conpressor systemto

(96 veshinragletesgon gt thesignpl yegrpdlan ignpé pizaahqf pakpgwiylevel in an
. . . . . il .
ofteflo ehl, THOeROY BOmb U e RYBhiel forl BOTHE B signa
dldvagh agaciksarwldvie] despeatmdans gpe esabadting déhdtérgo bhdngeyin the input
WO A1-03/ 081947 provi des a_nethod for a dynam.c . . .
dex %wé?quwhalr Heiecisction A iehelele aga ol fopd either the input
qeg&ﬁlcér' tRd oﬁ’cf)utt (_;Tth,séLgc'i'@alry h&¥elet&tiofndnR H{rOt?ghgeth!lidég level
unknown |l evel in an elettric circuit. The nethod
cletrptiorsmsartshehichlis aringgd stidpsguidasieane henstanpuind svhgreathe guided
hr h an auxiliary | evel detectio ans that is
ety R aBibs op B an Ty meE e Y] shhec ot oph Anglyze the
logMlts dfBOadgard @h& edel Riedfle el Betst 9N Alea @@l de@Smehe the time
whol e, feed either the input signal or the output of

chestang of feaguydeddge deteeteqst mems pasadsont thisquglsia: gui ded
| evel detection neans, which is arranged with a gui ded

td%l%%;@?&i%ac{égcr Sl o ztgH Iék%%gellll ﬁ%g!fonﬁ)ﬁées%?}n zlrc)igpts the attack

means outputs an estinate o eve

ahd ndtase anel gpnetaiith én @ypgise so mbut dignah bixetuhtdong oandridttods. In one
gui ded | evel detector neans and determne the ti
GHﬁgglé?ﬁm’dP?ff’%?és B e o981l Tehel abaveh Reses sianellrveriead to
tihi 8RR kYS! S release time constants.

Thus, none of the systems described above disclose the possibility of independently
setting the compression curve characteristics for two compressors, which are working

together, based on a slow and a fast signal level estimation respectively.

Therefore none of the systems described above allow the free adjustment of fast acting
compression characteristics for optimizing to a specific sound environment without

changing the input-output function prescribed by the fitting rationale.
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US- Al1- 2006/ 0233408 describes a hearing aid wherein the
conpressor adapts the attack and rel ease tine

W@I180288% i n response to input signal fluctuakCDREB2008/061978

variations. In one enbodinment i ncreases in the input
signal |evel above the average signal level lead to
decreased attack and rel ease tinme constants. Thus,
none of the systens descri bed above discl ose the
POMARY (QF SHE INGEREREENt | y setting the conpression
curve characteristics for two conpressors, which are
T oF B3R e PP e PR R REhoTu  hearing aid
Syisireces sidg seuridoeghattiowegdidtiownpriveed speechagljalist avgingairogontrol
fast acting conpression characteristics for optim zing
PERE S Seci fi ¢ sound environnent without changi ng the
i nput - out put function prescribed by the fitting

i i DA ti6n, YN Vs fdct, DRty iANVEN thENfd tprodeséihe §(ﬁfn@rs§gn§ﬁ ina
obj ect of t he present invention to provide a nethod
dagring Hidaejonginaiaclpian 1pr ocessi ng sound signal s havi ng
both inproved speech quality and gain contro

S

Whﬁﬁ@ﬁglgﬁ a m-gﬁlr%g é@z}égpé{g? ?gudr?ﬁnp?ess sﬁr tefh Bgﬁ%%t 6‘{{9 %%}éér%%?? sound
aacioshheng it ® s1fﬂp&ﬂ madner TAdditipadhyi tﬂ«e ﬁleﬁloﬂmb&tﬁdmg hathe present
all ows the conpressor systemto adapt to. a .changi ng
dB{FREOR IV hisaResh ellpws %16§PW;BFeé51ﬁﬁﬁh@?ael}éﬂ’&?aﬂr%ﬁ%{m gpnf-m sion

RiNa 13‘1%9 gf)ﬁiﬂtsn g thQ si¥ealf e At cérﬂ%@ggok Qb bl: er'éﬁ%eﬁ independently

aspect al he conpressi on characteristics
géeach qthmpwh&sby) speeett intelbgitlilky esd poemng corofort inay bé¢ (mproved
and the fast conpressor to be arranged independently

h .ot h b h intell bility.and
i ERGARE IS st P asre R o B el vt Sy 4L
second aspect, provides a hearing aid as recited in

Hugth#p abikantigoul fanaey fipeageat shd @pehdas cRppear from
the dependent clainms. Still other objects of the
resent invention wll becone a parent to th

ss&lﬂh QUi objeetsind th Rretanb Ve il lmbwe APRABIM tatﬂ}%ﬁ skilled in the

gﬁ% ﬂle}?’fglﬁ%\klé %E%%:éRrﬁ%_lo_ &/{Ileré?ﬁ% t}fé)ﬁﬂjvéﬂtlgﬁ ‘évﬂl e g&ﬁlﬁfn@& In greater

detail.
BRIEF DESCRIPTION OF THE DRAWINGS

The invention will be readily understood from the following detailed description in
conjunction with the accompanying drawings. As will be realized, the invention is
capable of other different embodiments, and its several details are capable of
modification in various, obvious aspects all without departing from the invention.
Accordingly, the drawings and descriptions will be regarded as illustrative in nature

and not as restrictive. In the drawings:

Fig. 1 shows a highly schematic and simplified block diagram of a hearing aid

according to an embodiment of the present invention;
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The invention will be readily understood fromthe
follow ng detail ed description in conjunction with the

W@ewompsasy/i ng drawi ngs. As will be realized, tPEI/EP2008/061978

invention is capable of other ,different enbodi nents,

and its several details are capable of nodification in
vari ous, obvious aspects all w thout departing from

the invention. Accordingly, the draw ngs and )
déscr i phewnablprk Hiaggan el nBeqring gid 3cgpiding torpn embodiment
nat ure strictive. In the drawings: Fig. 1
shows é)?ﬁlgdﬁ?s%n@gﬁ%ﬁ%%i c and sinplified bl ock diagram

of a hearing aid according to an enbodi ment of the

piie Se ntshowyerdpresenthii g blaclsthogmmecdmmprokngd @gnping obnteol unit for

part of a heari.n i d accordin 0.an e di nent of .
t he pr&8eht? }Feﬁ%g Pﬁﬁ‘f?orﬁin@. togn %H’@\RE%F“F 311;&18 DEREHYRon;
bl ock di agram conprising a grouping control unit for

USE 4 N sRoeRAT1bWSifrsin 30&ahHhNY nfeth RAToLTRRMIERNEstRatiohe
present invention;, Fig. 4 shows a flow di agram

i 11 ust pegardige o o takpdipentgif ghrapreseat sivertéan; mat i on
according to one enbodi nent of the present invention;

F.g.z 5 fl i ' rati S
P o PP S B A UL LB A0 v cimaion
anot hencentiag itsramitha fentblodinmne sttt prayestrihvamionfi g. 6

shows another highly schematic and sinplified bl ock

.agram of a hearing aid accordi.ng..to ot her ) )
_i‘J% Joi M dotie Sighfe SR, %lfngh,%le%&&?k 313@mf pearing aid
il ust ra@édrc‘ﬁﬂﬁg{]arﬁ)tﬁé?%hb%gfﬁiﬂ{n@§§@1§: p?&@ﬁﬁﬁ@cgﬁi'oﬁ,t IC

having a bro stick non-linearity according to yet

anot her enbodi nent of the invention; Fig. 8 shows a

dlignTl ashows of illupeatimpi§ atfas somareissor icharagierigtict hayingaa broken stick
speech SOMIENGE 8% hHPEE LQMnShel dliBodifb S of SRR

si mul atvon or t Ae S g%a(fyodlflpu{3 from'a conpressor
system according to the present invention using as

IF@®t shevsa gnllatfoh@mtttd gnpl8uddv@iatidl oshopscalspeech sequence as
simul ation of the signal output froma single

conpr ed¥5H108PEHBR based on a relatively slow signal

| evel estimation, using as input the signal fromFig.

%;ig.@nd shows a simulation of the signal output from a compressor system according

to the present invention using as input the signal from Fig. §;

Fig. 10 shows a simulation of the signal output from a single compressor system,
based on a relatively slow signal level estimation, using as input the signal

from Fig. §; and

Fig. 11 shows a simulation of the signal output from a single compressor system,

based on a relatively fast signal level estimation, using as input the signal from

Fig. 8;
DETAILED DESCRIPTION

Fig. 1 shows a highly schematic and simplified block diagram of a first embodiment of
a hearing aid according to the present invention. The signal path of the hearing aid 100

comprises an input transducer or microphone 115 transforming an acoustic input signal
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Fig. 11 shows a sinulation of the signal output froma
singl e conpressor system based on a relatively fast
W@ goatseBevel estimation, using as input the sPQHEP2008/061978
fromFig. 8 DETAI LED DESCRI PEION Fig. 1 shows a
hi ghly schematic and sinplified bl ock diagramof a
first enbodi nent of a hearing aid according to the
present invention. The signal path of the hearing aid
100 ag sHsiricsieputignah Pk Thisavgnalisepliowp mt%mmﬁ@%f@mely a gain
f I |
fo%%gg \glﬁlgirl]g%lgu ?@ i@&#ﬂﬁ&t& bhe ggawlr‘%ac?dr QH s&‘hﬁ’l t?}%tlcgl §hldh!i€ used to
lenan dteessgnah aneidyd ﬁargalvmgbfsaem:m mod{ﬁadhn |t1$e e fhuilt[pher 113 The
| cul ate the galn factor_ and a_signal bran
clectisaapyioienat fythe ﬁ@niragﬁaﬂs WPB%%& st Slﬁ%f\cl r‘leﬁ@l ?Selénator 103
aﬁaglseamgls{gngﬁeba ciifia@R] 05 (Al Lk RlikSE felFesp T
el ectric input signal in the gain branch sup
ttost and slpwtsPsedgmpectleahel Trestutpra tfom 1he3igmbleaclsstmnairs is

?}éeg%gf{:d?} ﬁ{fﬂ?g%ESt t%l?é{l JJCVSP}(%[[E ér? ga'asg%gliag iee\}c&?fr:stimation and a

KeSRAEhiiMBky sighM8eRUt DU badet OMat &y Sigamakvdl @Mehation.
estimators is therefore a first estimted signal |evel

102 based on fast signal |evel estimation and a second
SebsagHeEly 8f gerand egtinadted ggny el 19hisprayided &y giiabranches,

I ' ' l.

oS TR POLE Do IR A ¥ R SR SRR fyor 100

aviidniprasged forap dipud basedlon awdwe Righsl les dstaBatianp aid zt gubaractlon
second caonpressor 109, which is adapted faor an_inp

(anch vdichyts gpgliosupiraat said geqongd §§ti1fﬁﬁtt3?1 gignaldgysl 404 B said first
SHBBAREL AR N0 AL SOy B0 py SHRCERRI S el 10
elsni uved edinpiigroal firkesoatprdGar 1G7. The fisubomactsar 0U |andl the second

117. The resultjn S|gnal 106 is then used
e s 195 Tl s egn PG P b eRpe-tE e EURBEERL fpput level
1Ad camprebdte cRAGQBHs R nfﬁ&ﬁ‘@ﬁﬂlbw;{%gthc fef aHEL&IOAH BRNA level
gai n based on their respective conpressor input levels
@ﬂtdn@tomnészgmpretsBms arst semegme@ sefeirer tohs theofabtowidrstpw bignal level

rst. and s stinma nd

8tH%?t8%S a&Pé:O%lPéeS%‘)orFrgﬁsPe s e SF FEG° t“én%\ioglﬁ%d FRgeres fiythe
sbaprasss@ain doavel o@plts [mid@c&i ®Nthe EREROEPSRES 107 and second
respectively. Reference signs 108 and 110 refer to the
COmPreesy di9 gaspActbeht: Poturguingand I3 fskricnsyle eqrapiessos putputs to

%958&%8%8{ %alﬁ’g r%[%i @ﬁﬁoﬁq R%Lgﬁ&qgg %Qg oViRE Ih'e ?nXI branch

%accordlng toa

summ n en suns sor OU
to amplify the electric input signal 101 by multiplying it in accordance w1th the net gain

control signal 111 to produce an amplified signal 112 which may then be transformed

by an output transducer 116 into an acoustic sound signal.

It will be appreciated that the use of the simple subtraction unit 117 and summing unit
114 is a consequence of the estimated signal levels (102, 104 and 106) and compressor

gain control outputs (108, 110 and 111) being given in dB.

Furthermore, it will be appreciated that gain may be set in an easy and intuitive way
based on the slow compressor characteristics only. This may be done using any fitting

rationale known in the art.
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produce a net gain control signal 111. A nultiplier
113 is provided in the signal branch to anplify the

W@R@E0M28683 | nput signal 101 by nultiplying it iPCI/EP2008/061978

accordance with the net gain gontrol signal 111 to
produce an anplified signal 112 which may then be
transfornmed by an output transducer 116 into an
acoustic sound signal. It will be appreciated that the

dsthermare & vl hslappreaiyied hativdrleuhs eharacrerssigs Qfifhisioy compressor
AR ap & 3BT AP B TRl h RN TR B oriiBser

ehirpatsst{ckBsy bd dibsanthdddehflelrbyi ofghgirvionalenandBt thus becomes

Furthernnre it will be appreciated that gain na be
SatsipIA t%ﬁge%@ys (et TRHCeMPrreiofay 2! I aye gAY pHa &l compression

CAPH RS Slg ﬁ&ltu? rid ﬁﬁpre%cpnl y. This may be done
usi ng an tt| ational e known in the

art.Furthernore it will be appreciated that while the
el tealy | tb@ iil‘fct;@k@hd r¢leass ltiowes ©b therfesisiod sl@mecqnymbsﬁam y

et er.m fitting rati

R CAbA R it AR RASIN R IR S o o S
Okrebliaoitial tBd) phrapial @ehatwdsdwﬁat e R BerP@@ieblage tie Rortl
choose that fast conpression is always carried out at

8URlgY conpression rati o whereby signal quality is
i nproved. Additionally, the attack and rel ease tines

%ﬁ&h@%o%@%tbl@cﬂ%ﬁgrﬁw of9 ﬁg{t ?)E é %E%rlon(ﬁﬁqé BF Glde l o[ﬁ?ﬁfen@ G-

such that no "'speec atiron o € Nol se
icoslutg ©, thédpresdny nar\cotlm rvhi¢thenpprigps nglltbbhmi/éa’nm,p‘restshmtprocessing.

Yt —

RALHENn BB ‘ﬁg’lﬂ%ﬁ ttraﬁgfoﬁﬁﬁlg laRAcbiRtik lﬁﬁ)u@ §&3@MNgnal into an electric
invention, which conprises nulti-band conpreSS|on

prpE egsaln]@l T h@dsspgt}n altepaltShreaivinf herpdentiin glpat febuzd Glgnal and

t t d h .
*RTP e B ok L s BTG e e Bh&r 3R R Wi g SHain
Phdlitisithals20248| e61-pi C, 200PHLOSy gnad fré@danc@bmqﬁsmmn in
filter 215 receiving the electric i nput sound signa

&ingi2 spen though athiepigngsaid enayi e@cmnws e Hgnd0dreainenaytgngs, e.g. 15

g%gg%{cy%aﬁésrz BAUELE %E g@f‘%ﬁuaé%fn%’ i s1§lﬂ$1n ‘ii q}ngL éi%d g&%gglb%anches,

aa/eBOyTin branBh gvlﬁch Bused td@l@ﬁnt@t}iegam fragtoamcﬂ Areignal branch,
enconpass. nore than 10 frequency bands, .e. 15

which is used to carry the signal to have its level modified in one of the gain multipliers
218-1, 218-2, ..., 218-n. Each of the individual band split signals in the gain branch is
fed to a set of a first signal level estimator 203-1, 203-2,...,203-n and a second signal
level estimator 205-1, 205-2,...,205-n. The first and second signal level estimators are
adapted for responding according to a fast and slow speed respectively. The outputs
from the signal level estimators are supplied to a grouping control unit 217, adapted for

modifying the outputs from the signal level estimators. This modification is further

described in the description of Fig. 3.

Thus the output from each of the slow signal level estimators 205-1, 205-2,..., 205-n is
processed in the grouping control unit 217 and is subsequently provided for two

branches, a slow compressor input branch and a subtraction branch, which is used to
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frequency bands. Each of the individual band split
signals is provided for two branches, nanely a gain

wheaEnogesivhi ch is used to cal cul ate the gain fRCI/BP208316b1978

a signal branch, which is useghto carry the signal to
have its level nodified in one of the gain nmultipliers
218-1, 218-2, ..., 218-n. Each of the individual band
split signals in the gain branch is fed to a set of a
phbptsict 3 pigagllleyed batedentd e sienglggvel estpmaion from a spamal lgvel based

o Re R Bl SRR e SHguyr A Faying lewise
deen pdapiatlinfthe groappardhngl witcd7dThe sipral deviehsisulding from this

sl ow speed respectively. The outputs fromthe signa
SUVEICORR forFRsbF WUt @ taGpPrasBepdiee %sbﬁoaapﬁ?%%@r Lt rd/-2.... 207-
ynit 217, adapted for nodifying the outputs fromthe

signal level estimators. This nodification is further
described in the description of Fig. 3. Thus the

diatipaf the compesaedrs 807- hel7s?.ow Ki7gnaid 2@vbI208<.i. m@fBmghen

205-1, 205-2,. ... .205:n i.s processed in the groypin
BRI R congoL gy bl Bu B AEATRG soBpt S I and e
b AR08 onprésk OVEha ARTREESS Tthe lidvituil'cdnphessftdzath control signal
subtraction branch, which is used tosubtract a signa

Ipsecicedlg g comPEessPov0&il gAdl-24 envdl7-eard 2-1.0c199% 4 om289-n are

' Lev . Or 1 [ i_anal
B R U e I s
Bienl Dirloted3€y.. ], 111 -henghichugli thgfrequentpband’i t 217. The
signal level resulting fromthis subtraction forns the

DR 5 2500 SIS R R AT R0 B o cac of
g&augncy ‘bandA8 Grdkrdd Qmﬁ?%l the p&%‘sl-pgmding barkPP1iPsikRA9202-1, 202-

eternines a gain con signal based on’its
i2pdi, 202t ghrogginpruégdioatiomiputhe irespedtivemgt ¢drepressdi gaid taproduce

€SS, pstigc., The .i.ndi vi dual, . ;
GAPRRE APl 228 ol proutioath Ty W kEHBHAE SEPRRAE 216
28Gitdhe- in an outpdPdighal A n29%hdn be2@8rsPormed by ad @Qtput BhMsducer (not

subsequently sumred in a sunming unit to produce a net
cbeiph Exthe figyee) mte ohpewistie pewglsignal The gpaupirg control wnit 217 is

-0 i ach of. f ds. ' ul tiplier
gl §EF ool BFadh BUPORRRNNGY yARR Rl 1R Fand may
tdeeh o beemiaptiafly thrardilee griapehe dvand snvirondiedecladsification unit
%gglify the correspondi ng band split signals 202-1,

- 2,.

., 202-n through multiplication by the
respective net conpressor gain to produce

Fig. 3 shows a more detailed representation of a part of a hearing aid according to an
embodiment of the present invention. Each band split signal is fed (not shown in the
figure) to a corresponding set of a first signal level estimator 203-1, 203-2,...,203-n and
a second signal level estimator 205-1, 205-2,...,205-n. The first and second signal level

estimators are adapted for responding according to a fast and slow speed respectively.

The outputs from the signal level estimators are all supplied to a grouping control unit
217. In this particular embodiment the outputs 304-1, 304-2,..., 304-n from the slow
signal level estimators pass through the grouping control unit 217 unmodified and the
outputs 302-1, 302-2,...,302-n from the fast signal level estimators have been arranged

in groups of three adjacent frequency bands by a set of decision rule units 305-
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anplified signals 212-1, 212-2,. .., 212-n, which are
summed in summng unit 216 resulting in an output

waegnatseshat nmay then be transformed by an out PCE/EP2008/061978

transducer (not shown in the fjgure) into an acoustic

sound signal. The grouping control unit 217 is

configured as a function of data about the hearing aid
wearers hearing | oss 214 and may furthernore be

detaptldoviel yhieh mayappbothe maﬁgfuw@néb@ rgleeiing the mpgfpum estimated
S LSO iy RO BT S B b
dmncenb@ldbmmo fofmp ztseaumwe sient eachwé ﬂtei ctmmsw[ﬁ&uht umdtnch modified first

b g < abah enlE Brifial FubRthh e 05

%03 3105 R935ubse uentl%gﬁltrﬁpqm thRree %Pa(ﬁ@ﬁies%ag?ﬁll theM@Hified first
eStimat or 553, 205-2,. ..,205-n. The f rgt and
s@nehnldvel |agd1 atheteénogi thesbiraspooding ac@)ndd@m}eldvefl(ﬁm- 1, 304-2,...,

r,espandi cording to.a f and speed
BRG] BrayiiBe i et I GhRPR a0 he fas
RSipPBLRE SOAN 2@-2,. SURPLA. Gthe tafraRe i Bhd 8ot Pl 0P Ithettmqsuts
217. In this partlcular enbodi ment the outputs 304-

g@m the signal leg¢l4smpiosastwd] &9 thovmsihgritichldyedtion apphed to these

ﬁ%lgs%m@e 8ﬁvt h%8n ?orhe%i @géﬁefP'ggzg%‘ig%ﬁrﬁiuegg%&hezsloﬁnd
kn@ﬂﬁtﬁﬁmhﬁ&tnslgnal Ievel esti mators have been
arranged in groups of three adjacent frequency bands
g%ia set of decision rule units 305-1,

ceriel APPSRt e IPERCE? grpupingedt ﬂ%f‘e‘PlEB‘ftF .ff@mt fhg signal
T} B4 WP A0S ARAlid: G Hhe ASRNGLROEHONS0IS €0207.n and
group o ?%equencg(%angsy or é%y hgr mat hemat i ¢cal nan
208dt 20N 2. n,20Peheis stgplied mith asindividmat cdmprsseaipudlevelhe
decision rule units, a nndified first signal |evel

each

Facr s ioy pety cdoserat el esisBRYE R B losthsspphogiment o

S inbertfoni ThiQ sighhEiBvdl i es i§ aercwﬂdﬁgg tbRae efAHnhe@d performed
first signal |evel and wherefromthe correspondin

Jathoma hgarrgyggﬁld flesied sughas the hggungaid 200 1lg@z]rat¢d|1g Fig. % In method
%E:?%Ozi‘%tcﬁgtal % @ﬁ!ﬂe?% Vgg | a%dqg st% t48b Eh% a%&%n%l valu o%lthe signal is

asT conpr SSors

dBitrdined. In aaiﬁt step Ab@Ethenbsoige vahk ofit Fmupilog Iﬁﬁs filiged in
outputs fromthe signal |evel estimators as well as

ﬁféer e HENRIE CR PR o e pl ielingay vilnese thuepisleperignal are
kt’l?egﬁ%@folaﬂlngél Yo Ellrll(ﬁh‘ldg g(ia!t&slln% m $hap %lu%%%rg used as input to

mtte e soun assli Catl on unit
the signal level estimator. In step 405 the logarithmic value of the signal envelope is

compared with a delayed value of the output from the signal level estimation.
Dependent on this comparison the output value of the signal level estimation is found
in step 406 by either adding a step value to the delayed output value or subtracting a
step value from the delayed output value. Hereby a fast signal level estimation is
obtained when the step value is relatively large and a slow signal level estimation is
obtained when the step value is relatively small. Furthermore, the value that is added to
the delayed output needs not be the same as the value that is subtracted from the
delayed output. In a preferred embodiment the added value will be significantly larger

than the subtracted value.
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According to an alternative enbodi nent the grouping of
the outputs fromthe signal level estinmators are

wa@eriamzssed such that all the conpressors 207- 1, PRDEPROS/061978

., 207-n and 209-1, 209-2,. 42,209-n is supplied with
an individual conpressor input level. Fig. 4 shows a
fl ow di agram of signal |evel estimation according to
one enbodi nent of the invention. This signal |evel

ddeiadend Bep Yalue max be deicd be aHacknipeipiree suiercterstgpgvalue may
AR50 AL M ASAIE PG i s
dévgi esaimasorgnés, 208- 1, e g2 ekesdsdn ianackt tapesAlZhdr liean 2000 dB/s and
absol ute_ valuye of the signal is de&ggnine%ﬁ In a nex

e

ext
dheetpeanafl 1eslapstangt kv dart@ags (Hhe S -gnat?p) PoRpisatack
fti!nllets%\%lr thah gﬁfs. f %a?&%@rﬁ%%nﬁ%@ct@ﬂ%@|u@@ﬁ1€9§nﬁsha@tack and release

signal. The li1near values of the ervel ope signhal are
ttinenfot valnef measckdtio dB/d. ddfarnatimely catsick kienei and stlegse4dde may be

SR b B oL 408 TR T EBaP AT EXD Do ¢ he
signal envelope is conpared with a del ayed val ue of

ithaeaul RUgnhl RIRItREMSIog ARly He@¥Rdid@sd f¥Bivhanthe Depen gLtk attack

on this conparison the output value of the signal ,

laad edleass timends lgrger San @A @By vanstaepened b velestimaks maydsi Gegsidered
val v.al

3 Pt PhdPub Lol IR SRR o R el SR

val ue. Hereby a fast signal level estimation is

dbcardivexitown emtodenatt ¢ digitaleigngl reediadd mehsthddistge4@nd sampled

[ [ I [ ion_.i bt ai
e el Pt LG and et e Sk S BB ek S A0 By R oft
IrqRdRdrt 9 HA B M) RY ek BW RNL ARESHSHE @émpl%lrﬁtg @sdl%a{}@ed with a

as the“value that is subtracted fromthe del aye
dateuaf.16] givingpr efwle ek eiblodr methe signel ladd estirvatbudhaiatidled step

be si.gpnl fi cant | er t t he, subtract ed val ue. The
38" Dl 3H5R RS bl SR b SR sty The
st Rt Stk iS 500 dBA dha 2dY/s Rethdenehedsibhiaigl eagftors
time. According to an enbodi nent the speed of said

frespectiichhal | evel estimator (103, 203-1,. .., 203-n)
results in attack tinmes higher than 2000 dB/s and the

SR s ALcPUB8, SUBlnd SUE 68 LR 308 v
S0sithiasto d 90 Tercaeia asamatia i Tt @irincipte efgerdeheleteatinmtion is
Rt v Ved 1 EEA b3 and 1ol case Lime my be
denoted attack response rate and rel ease response tine

s BRGb WY &lfdow diagram of an advanced signal level estimation according to yet
another embodiment of the invention. In method step 501 the input digital signal is
received and subsequently divided into two signal branches, which may be denoted the
fast and the slow branch. The following steps 502-1, 502-2 — 506-1, 506-2 that are
similar to the steps 402 — 406, are carried out in each branch independently. In step 507
the delayed value of the output from method step 506-1 in the slow branch is modified
before being used as input in the method step 505-1 in the slow branch. This
modification consists of comparing the delayed value of the output from method step
506-1 in the slow branch with the non-delayed value of the output from the
corresponding method step 506-2 in the fast branch.
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Generally a signal |evel estimator may be considered
fast when the | owest of the attack and rel ease tines

w0 201042848F t han 200 dB/s and a signal |evel esPCTEPINS/061978

may be considered sl ow when the | owest of the attack

and release tines is smaller than 5 dB/s. According to

an enbodi nent the digital signal received in nethod

step 401 is sanpled with a speed of 32 kHz and the | ow
é%%l@ diffqrerge bgsweenithesrevnyalusy Jééargets*hwa@ giyeg thregyofd value and the

Id%ﬁ%’c?@ﬁ e Of thg‘ %ut'f)'%lt b lrh@t c[]&e}?] §§6 fquvt}f%as%c\}/ Effé&ﬁ {s lgl%er than

e"sanple rate I's re uce actor
ahesaompdedayedtvaluefof Zhekddzputrirdni élemogﬂqionﬂm‘gehetbm $ta;a5@fr 2 in the

FHE T TaTLARE € A OWBY PR LR Aty | inig Slow branch is
Sn?&fiﬁ&ﬁto% 63{1890 Vi IH)% de?ay’ég QaiBlo$ t}ﬁ%qﬁst qll%f-‘m'eﬂ‘loh Igg 506-2 in

fast and sl ow signal esti'mators respectively. Havin
tthe @stdiraiaheplof sagt ppdataimiesd threshbld wiwgnal | evel
estinator t he estinated signal level is simlar to a

35 7B 1enf Gkl o 8ur PE Bl EbBame 5856 30 R e

alo&h&\arﬁclalsfshﬁmmdh@gﬂlamoﬁfdemrye@dma@6ﬁﬂhe$)|u @ froleie borresponding
estimati on according to yet another enbodi ment of the

intRreatt tem 06 imibe hasd bsnedy thanthe ﬁelay%mtpwu vgluediors mpifed step
SPISREh e MR SEEHEIAL K SO el B0 e o

roamn miethod Re:pf 306+ 0ind thg fast mpscbiirud thef{ﬁEdeZertmﬁ@ﬁhﬂe,shold value. If
506-2 that are siml|ar to the steps 402 -

dhe differgneg betivrennthe Kelsyemrdus %@5 @Htﬂ)@hfw m?tho‘%ftélb 5%% in the
(B Aahar o pehue by LI A plg R e Ao
istep 06 nintthefanetirhiodh is sepll&GGbanithe lthItsH@ldsVzﬂ\m ireartbdrdelayed value

PTG fi0g BT P 0T et oSS PE<Bboal Mof L [eyehy the
?R@e@m t¥ J16w tsRane e 4sliax@sh v %H@ iRteab&tBwRAH U inpuk Sidhal is

ne correspondi ng nmethod step 506-2 in the fast
thighhe Augthatiiige di f f erence bet ween these two val ues is
| arger than a given threshold value and the del ayed

I of t e om.net 0]
L
G)sIdthoeuipeédi o321 kidz and thedpw rpdisrfgtelmtsém@l adtR@d SOH5@3 has A dve off

fast branch, then the del ayed qut put val ue from nethod
glfegbe%@ 15 IH’F Foaldowing fheplonmpass flgerlng the sample rate is reduced with a

factor of 16, giving a sample rate of 2 kHz in the signal level estimator. The added step
value is 5000 dB/s and 17 dB/s in the fast and slow signal estimators respectively. The
subtracted step value is 500 dB/s and 2 dB/s in the fast and slow signal estimators

respectively. The predetermined threshold value of method step 507 is 15 dB.

In an embodiment the predetermined threshold value depends on whether the delayed
value of the output from method step 506-1 in the slow branch is smaller or larger than
the non-delayed value of the output from the corresponding method step 506-2 in the
fast branch. In the former case the threshold is 10 dB and in the latter case the threshold
is 20 dB.
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nodi fied to be equal to the non-del ayed val ue of the
out put from nethod step 506-2 in the fast branch plus

W@ 201d/0p8683iet er m ned t hreshol d val ue. 1f, on t heRCODEP208/061978

hand, this del ayed val ue of the output from nethod

step 506-1 in the slow branch is smaller than the

non-del ayed val ue of the output fromthe correspondi ng

nmet hod step 506-2 in the fast branch, then the del ayed
éiﬂcﬁﬁﬁiﬂn&talaaéthﬁlf gRbedmEBthe thapshglisuaiug is detgemined adantiaakyrbased

[ t l
t etﬁre’g%te{l)sl&?&if sti%ak? ﬁlogﬂﬂgl)n i g%@%gﬂ%? cﬁl%%)%%ﬁgta %Sﬁtg aplglﬁdulatlon is
rerrutinelas preelifftendd eedednhthe 3064 and/20 teperdetitehe
di fference between the delayed val ue of the output

fr t h 506-.1 h apd th
i By iy Seveariie et SR PR aeare oF suais serbgiment
et meglit 88 65@ §cc%rdlﬂg td@e we%&mbﬁ@erﬁﬁhn I ﬁlesc{mgrbﬁns Idaancaa to Fig.

the threshol d val ue, then the del ayed val ue of
duviguthefadditmornet h@lgnsltt@pwwaatlo pyiindter @1candlanad@m1\16§0ntrol unit

ol oRcd e i 18 e B iadts [T Stelid F R the sienal tevel

gh@atbrsd 03hingN0F ahdl tetsuatal-AgnoiACLED Ehtit@atbP6@IN The resulting output
enbodi nent the digital signal received in nethod step

snal fsorg Appeseisnaiprif 1 as sibseanently Bediaspnray éortth@adaﬁwvm@érol unit
P B SR 1 090 PRy SRR P Lt EENRREY e

ifadt eomnpres@du0eds wiiratian badie dipudkighsl, gi ving a sanpl e
rate of 2 kHz in the signal |evel estimator. The added

p valu 000 dB/s and. 17 dB[s in e fast a
311 BRrdET ?m‘é%‘is li’nﬁ%tttg? SOTRRIS A jaia iy er aeif‘t‘?é ydnHedssd t‘“&ﬁn the
SIRRI-6AHE thBo ROBwEBhEn 2D GB?orq’l%%r AntbgH ast and sl ow
signal estinmators respectively.” The predeterm ned

threshol d val ue of nmethod step 507 is 15 dB. In an
drbo ditfrreattveterméothre@étﬂ@fr figneddo nhlrse Sﬁhl@l edtiaton €04 esprenldged bya

ntOlS\é\‘égt%gaﬁrir gl’llﬂael{lﬁle O%r\béliianlgll:lo]c Cl’lt he CS ui‘nat%r §9I FOI’I’I%I’ISCS IP)O&il a

tstg'nal ttohmman@leitamadr anall amnﬁfestlhﬁto@ut put fromthe
correspondi ng net hod step 506-2 in the fast branch In

the fornmer case the threshold is 10 dB and in th

IFag-t/dp ap HLStptRn ofy OsHEFLIOr @a%tedﬁtlsl\é‘%f&rfé?tr?ﬁﬁtpéessm (107, 207-1,

ggatzherz mhogi; e Rhy bhe sy ﬁ)szib%fghﬂs’gia'! ty% h&t%&teﬁ{ﬂghﬂﬁ&t of the
aptively ‘based on thé neasure g a modul ati on

yetentioot Thergaendfable cenpresdoe issshgwalalongdhkt atdiroite ofsthe compressor
characteristic. The input to the fast compressor (106) is shown along the abscissa of the
compressor characteristic. Both the gain and the input to the fast compressor are given
in decibel. The compressor characteristic comprises three input ranges separated by two
knee points wherein the centre range 701 is characterised by having a lower
compression range than the two outer ranges 702 and 703 and by having an absolute

gain (i.e. the numerical value of the gain measured in dB) that is smaller than the

absolute gain in the two outer ranges 702 and 703.

The center range 701 spans a range of input signal levels of 25 dB. Hereby the dynamic
range of the center range resembles typical values for the dynamic range of speech.

Typically, the dynamic range of speech is larger than 20 dB and smaller than 35 dB.
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determ ned as the difference between the 10 % and 90
Y%percentile. Fig. 6 shows a highly schematic and

waraphrdesed bl ock di agram of anot her enbodi meneCHEP208/061978

hearing aid 600 according to {y1e present invention.
The diagramis identical to Fig. 1 wth the addition
of a signal-to-noise ratio estinmator 601 and an
adaptive control unit 602. The electric input signal

i e CRRCHEANEE righeds to Be pmemerisrlarpel the O1bx Inpetséensi tgiel, instead
l. ' 0 i apak -t 6~ nai

(PR BRI 6597 4N (DY P SR AP e i e
tchteemhgdradpend 68l the sheidb seguenidngl kksedsamaiondbthefstow signal

t he adaptive control unjt 602. The adaptive contr ol

dFict SHEYATCRENDHET 08 2t n) CoRfBr @S0 IEREPRIb e} S e matgg slow
ts_ﬁ;%alf 8%d1 vAATRICESS on&ﬂél or fdume 'ilt)ﬁé? 1Rhit bGe 'dPl%fﬁic range of
signal. In a preferred énbodi nent e conpresslton

speach (assugmgdbatlithe/noisciceese signiieanttyhenaleg fah-thaospeeilslevel). In

ratio is | r than 10 dB ar. high than 20 dB. .1 n_an

iff wasal B EmsblifeRtiel ReSipghant s cHare BRes imed &
e&ldchBE Hat B3 réstinleaR0AE ?grcgﬂtﬂ@_sw §ifn g MdvieBftiHatidR Gk $ BB below
yet anot her enbodi nent the estimator 601 conprises

laod RO dBsibgrathetupperginddowet lirait @ therpgsusmedady amiqy@ngerespectively.
S0 B e L RS BBl ERRY SR8 i s
207 B.5. These2QireR cordélpodd toddonZpression r38d of) 4d6CME dertgr range

to yet another enbodi ment of the invention. The gain
@Pd§@é0€3%W@§§Wr4@e§hom al ong the ordinate of the
conpressor characteristic. The input to the fast

Sive gp&tﬁése%boﬁ&ﬁé)t ab@br&iﬁ?%th@l Q&Qnttiﬂ%rﬁ%ﬁ?ﬂhé ri)@siﬂ nih@8nd width of
conpressor characteristic. Both the gain and the Tnput

ttlee ¢ehneer frae icdepmessbadaatieclgbyed onra swend blebsifichhien. As an
conpressor cha acteristic.go ri ses three Ifr*]f]tOLF Cian es
§§€J;5P]§tltelaa% © PRGN RREXSIB ML \RAETUF R $e N At et 12 3%nt
4Pdakks characterised by having a | ower conpression

range than the two outer ranges 702 and 703 and by

havi ng an absolute gain (i.e. the nunerical value of

tihes gus eonfigasatioa dllpws aByPRIpRah Whers thel weightinged thehiast compressor
?'Qgt?\lfeuttoethegﬁbv@fb%pﬁr&gortig\ngﬁj Enelrelartlgggle&atit?oggryasgglilg ?c ha% e
center range Spans a range o I'nput Ssrgna evel s
GfowdEediB. siteti @R yvithigighly TRigtuatif @irgat spndlhthe asigieingrofigerast
resenbl es tﬁpi cal values for the dynam c range of
spegrgysion will increase rapidly. This feature is €specially advantageous in sound
scenarios where the available dynamic range is relatively limited and the SNR is
moderate. Such sound scenarios are typically found at cocktail parties or while driving
a car and listening to speech or music. This configuration may likewise be

advantageous in situations with a soft speaker in highly fluctuating noise.

Fig. 8 is an illustration of the amplitude variation of a simulated speech sequence in the
time domain. In the fig.’s 9, 10 and 11 it has been assumed that the signal of fig. 8 is
used as electric input signal 101 and based on this the corresponding amplified signal
112 for three different compressor configurations is simulated and illustrated in the

fig.’s 9, 10 and 11.
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Typically, the dynam c range of speech is |arger than
20 dB and smaller than 35 dB. The center range i s not

W@ ea10m2zseke symmetrical around the 0 dB input SPQIEP2008/061978

l evel, instead it spans the rgnge from(-) 20 dB to
(+) 5 dB. The asymmetrical positioning of the center
range depends on the choice of slow signal |evel
estimator. If the slow signal |evel estimation is

i Od lpyirases fheyagplifigskyi g arqoadias £ Faemberlimeniea{ thpresent
‘? enflBh %léﬂhﬁ"é’nﬁﬂ%‘r{@ khd 4Eh mdhshlogﬁ iff ﬁ respondingly
oser to e upper Iimt of c range of
speech (assum ng that the noise IeveI is significantly
ﬁglllOéHuitﬂama thdﬂﬁnplﬁf@icdhgﬂaﬂafmla)configumﬁm pitessitgle compressor and

%2;? > | e evre ?q?ggﬁﬁﬁ@eﬁgﬂeﬁﬂgﬁg rsg)%t hed %Poﬁlowsrd?rggt?y that the
%&%ﬁpﬁﬂﬁlitﬁ&‘e &le@gﬂoat anak bleﬁ‘ﬁﬁlng%ﬂﬂer%%é&rkeq&née dﬁs RREQWEd

20 dB above the upper and lower |imt of

a@ltfm@dﬂ)d yerapared taaing @ (pkespreate thel differthes JQIV@pe:ab$cateh e
center range is set to (-) 0.3 and the slope of the
tP\gg) rlg lil%%sr‘%r et%glgegg'm%l?ﬁ Si S%nag%o(rr ;ctogfolgurfiaq aasl > compressor and
Qeiidd sip@il g@/eaﬁlﬂmﬂa‘c& Ha@ingtahelatively dast epeeﬂamgﬁﬁ caierthe temporal
anot her enbodi nent _according to the present invention,

nentigB &f theahgnagampkitudf aygishsot isickn supprasaitnd tae magnitude of
g}? ﬁ%ﬂgl gﬁ‘lﬁ‘pﬁﬂ@ B(/érgl%&f 133 rflfle & 2 l@ngthh@%ﬁhflfu%@Hogﬂlatlon of

exa it antageo s'to w

clentearairtign g&eﬂnseqasre:emfas hecdxmn maurtflas peagaed tolfigD, thereby likely
co f| ratl | 1 ows an approach where the weighting
¢ de q%&WiﬂBﬁﬁYessor relative to the sl ow conpressor
is small in relatively stationary sound scenari o0s.
However in situations with highly fluctuating input
signals the weighting of the fast conpression wll
increase rapidly. This feature is especially
advant ageous i n sound scenari os where the avail abl e
dynamic range is relatively limted and the SNR is
noderate. Such sound scenarios are typically found at
cocktail parties or while driving a car and |istening
to speech or nusic. This configuration may |ikew se be
advantageous in situations wth a soft speaker in
highly fluctuating noise. Fig. 8 is an illustration of
the anplitude variation of a sinulated speech sequence
in the tine domain. In the fig.'s 9, 10 and 11 it has
been assuned that the signal of fig. 8 is
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used as electric input signal 101 and based on this
the corresponding anplified signal 112 for three

walpdiheessss conpressor configurations is sinul aPEHER29A8/061978

illustrated in the fig.'s 9, 0 and 11.Fig. 9
illustrates the anplified signal according to an

enbodi nent of the present invention, which is simlar

to the hearing aid shown in fig. 1. Fig. 10

idil i ates the anplified signal for a configuration
with a single conpressor and a single signal |evel
estimator having a relatively slow speed. It follows

di r-Adngthod f@aprqcneslrg el sienpls in @:hearmgean% aidtmethed ¢qyaprising

glegtﬁﬂ‘g:fdgglﬁ y %c%ug‘tpc 1%@1*& s%gﬁrly ﬁg&g ’uzto e%?r{c ?é&ds'%nal estlmatlng

di f 4 eirsepigRalilévey of thleceadcuﬁx:lab@t)slgrﬁl gased ibn |alfirstslgr1at eseltdaemator
anplified signal_for a configuration with a sing
conpaesEdpr r&ﬂdmél%i Kgpreing t@ﬁ rstl spesd: eegvatwgtaoﬁecnmlﬁgal level

a r & i k¥ . %@ﬁg}gﬁ eﬁged (l)rFl : u ﬁd g%ﬁﬁ lﬁsré? cLfTRGS Qiaﬁed for

duratlon 0 ershoot 1s
suppsEssleg a@nddtﬂgeto m&gmrﬁwdeed;ﬁald lseco&d gpadd tmr@ IDWﬂﬂ‘élan said

overshoot is conparahle to fi

o b BPTHBE ST wblst St st et b LG pereby
m)r forhifla hAIRANEM!AQ, éét&mn%’ng e Tl?skf)éoﬂnb&%df alffst compressor
degr ade “si gnal qual i ty. CLAIMS 1. A net hod

pr ogaas sonipl sotpndbw@ nalsstdltlmrdasmméﬂamg datednlns@ i aretérod
i sing transt orn1n an _acou ut sound si_gnal.
B BPER AR PaBE S gne o R e Ry TR R igna
si gRa¢l, $emalngahid et aﬁid&s@&dﬂd(bohgj%b%s l'zgﬁﬂ%ntm&ﬁ@u@ﬁh@eby
e

first S|gnal IeveI esti mat or for respondi ng
ac cOEHingg neh gainfgopeel %@@édmpélﬁmgrmlfi glpcticgapyneRngl @nal

! .evgéc[)%lfaevere\%tﬁ S}{% e ?&m cgfét%l s@%?gpf’ﬁleretag%%%ugg afteREER I’eqtput

si gna

accsigihl agd transdors@ng vald s}eeeﬂ ousAit dlgselcmmhnsqaeeﬂlcbﬁtpw signal.

Iomer than said first speed subtracting said second
first sj | evel , . there

vel fr m sai.d
ﬂlilf‘n@eil 5ﬁ? 18g fhelpim é\ﬁamprbf ﬁffﬁ%@f ﬁﬂFFregfan%ﬂtcmc input

CO";H% $R6 aduhbksbs ﬁ&jﬁ@ﬁ@;ﬁ@éﬁﬁs b1 COMLERh 2 QTP Bhnd split
based on said third signal level, determning in a

secdadric ot egsds aEd stiomnidg dmi:gméspmel@ammm@onﬂgrmls based on a

i r B oo R Send Tt EES aba P it Sieng L R carmars

t hetheRYy €68ahs Adetdf Bahd Rt ﬁrzﬁ@fgﬁlﬁpﬂevcﬁé G4 set dFBAd ilifGecond

said electric input signal in
signal levels.

3. The method according to claim 2, comprising the steps of arranging the set of band
split first signal levels in at least one first group and arranging the set of band split
second signal levels in at least one second group, forming a set of modified band
split first signal levels based on the set of band split first signal levels and forming a

set of modified band split second signal levels based on the set of band split second

signal levels.

4. The method according to claim 3, comprising the step of adaptively controlling the

arranging and forming steps based on a sound environment classification unit.



10

15

20

25

accordance with the net gain control signal thereby
creating an electric output signal and transform ng

W@ 201d/0z868xt ri ¢ out put signal into an acoustic BCE/PP2008/061978

signal. 2. The nethod accordipg to claim1, conprising

the steps of filtering an electric input signal into a
nunber of frequency bands in order to obtain a set of

band split electric input signals and estinmating the )
Panbhesmethpd apeedipg ¢o pmpeftclamgRdr ¢ eeBpidpingthy stepp opsubtracting a
fir Si i mat . , .
si ot TR (i RoeoR R B0 RS cDfikerthag iRlfiod bogd sli
spl fitst fipnd tievei grealbylfernehg adnnd spls ehirddigiamaespl i t

second signal levels. 3. The nethod according to claim

, Lonprising the steps of arranging the set of band
& f@enﬁmhg@i eoiiae T Ehere offlagt é‘égt CTRRITSIIIE BF SGPBL
ande@ifa@AghMBadt R8e 8Lthe AbisP AN (1Rl ddal &LEOR rRioWF@h electric input
| evel s in at | east one second group, formng a set of

nmods$ignaddndeerdrodimg the £pmpresspiypladradtenstics obafestl comprekser

set _of dband spl itt firs sitgrglatl | evel s and form ng a

set 2GP NGNS %léﬁr(?ms it TE8EE6Nd si gnal | evels based

on the set of band split second signal |evels. 4. The

et Tiedimatiod hekodding @o Clhin B) Bhere@Muongirégionhetis bepfitk compressor
adaptively controlling the arrangi ng and form ng steps
baskdngrrsad yhamtheetanal enpeip ralp asiomer drnildsBuni ¢ . 5.

The nethod according to any of clainms 2 to 4,

ROPid mkf8d *a@&r&ihg@&clgfm 8UPHI ARLERS AnRs[dngdHd8ndfirst
split second signal |evel fromthe correspondi ng
nodédmmdssbandnagpised whien gte sgrph&d-ndiew sitiotihkigbérythiro20rilBg

a band split third signal level. 6. The nethod

ccording to any. one of clai 1.to.5,,c0 i sing t

£ e Phat Re iR d ) ol Time 107 8 hERETLL AL Gepldere
Si g&htilnTak @i Rdapedrfof te@paHdimnwih 8€idk Mdiré1Bake r&JpgA raRB Higher
controlli ng the conpression characteristics of a first
conpred8ddBieccording to an output fromthe estinator.

7. The nethod according to claim6, wherein a

. C ret [ has N

ARCPAERENE L AiRg 2 o e I SRR TR0 Bherkh hP AT Hgal teve
Theestietanords adapaddong spandidgawith Gn attack, orwklesseirespanse rate lower
conpression ratio of a first conpressor is increased
whet2R REB&-gnal -t o-noi se ratio i s higher than 20 dB.

11. A hearing aid, comprising an input transducer adapted for transforming an acoustic
input sound signal into an electric input signal, a first signal level estimation unit
and a second signal level estimation unit, the first signal level estimation unit
adapted for having a first speed and the second signal level estimation unit adapted
for having a second speed which is lower than the first speed, a subtraction unit
configured to subtract the output of the second signal level estimation unit from the
output of the first signal level estimation unit thereby forming a third signal level, a
first and a second compressor, each compressor configured to determine a
respective compressor output based on using respectively said third signal level and
said output of the second signal level estimation unit, a summing unit configured to
sum the compressor outputs thereby providing a net gain control output, a

multiplication unit configured for multiplying said electric input signal by the net
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9. The nethod according to any one of clains 1 to 8,
wherein the first signal level estimator is adapted

w0 ortoozsspbndi ng with attack and rel ease responBEI/ER1088061978

hi gher than 200 dB/s. 10. Thejgret hod according to any

one of clains 1 to 9, wherein the second signal |evel
estimator i s adapted for responding with an attack or

rel ease response rate lower than 5 dB/s. 11. A hearing

ai d2aig 6ARFal SPiRyt Bisreby SIRAting amsleaigis oty pigadl fuskan output

tr . Co ¢ ' S . '

T SB1LE 00 0 QURSH PO SR BT LY B o
uni gigwadd a second signal |evel estimation unit, the

first signal |level estimation unit adapted for having

first speed and the second signal |evel estimation
i PhSbeapPE G GOk (g o GO S DR TR f1LE1 laBled for
t hapdhey the ERELRRESRA sifgaaﬁ%tar RELF BBGUREY bARB A SEL@ dain a
subtract” the output of the second signal |evel
est satraf band sphi ¢ledtriompuheigaals.put of the first signal
| evel estimation unit thereby formng a third signa
l.gV. fir - e c 2550 eac :
SaEhedoht B Pa R SRR IR EIEE} iR cppuot unt adapred
CoNfi @8 SEin@theBiinabRSES, BAMURHMY ar 6Pt sighay 1@l €timation

third signal level and said output of the second .
si gHs, indj dnasere frplt grewp il for aangingmihg gisgal levels estimated by a set

condg S%H&l%dmélﬁl ;fel\lfgf ésﬂﬁmﬁQﬁHﬁi]?sSﬁ%‘i legl&tc}ﬁlétsécotnh%'i and. for forming

provi ding a” ne aln control output, a nmultiTplication
uni 4 sat ofifriodifieddirftodigmaliletvelp bysedgpnahe sigedldetetd ia thaygrdeast one first

signal b he.netgain cqnirol oytput thereby creati.n

an %TIOBP,P%‘? @%gp%get QFﬁﬁgi}{edéﬁ“&“ﬁﬁP&S‘&{ ]ﬁﬁ‘?‘is S?éﬂ@&d f‘e?lgl%‘l levels
adapitedaf104st bRARIOR Biog, the el ectric output signal

into an acoustic sound signal. 12. The hearing aid

according to claim 11, conprising a band split filter

ddapheheatiog afd dccendinggotckremdi3eeemprsingip sundiegrmpninento a

set _,of .frequen ands. i n order, to o% ai a_set. of .

par PO FRE Rl oo ey B QNP e Bt unie

according to claim 12, conprising a grouping contro

usi Thekkapihg didf @tomlingad @nnané beclsingil tol 1@y @hsrein the compression

estimated hy a set of first signal |evel estimtion .

uni €MSraciGRistEs ofelaist GHRPTPISPEEOTBRTEITH2 ANt CPBIPTAFIPRFRIngyithin a

thep st AR of Ehess8F IpTPkEds BYd #hS&In the first range includes the level

1% g

of zero, a second compression ratio within a second range of compressor input
levels and wherein the second range comprises input levels smaller than zero, a
third compression ratio within a third range of compressor input levels and wherein
the third range comprises input levels larger than zero, and wherein said first,
second and third range together span a continuous range and wherein the first
compression ratio is smaller than the second compression ratio and smaller than the

third compression ratio.

16. The hearing aid according to claim 15, wherein the values of the absolute gain in
said first range are smaller than the values of the absolute gain in the second range

and smaller than the values of the absolute gain in the third range.



of second signal level estimation units in at |east
one second group and for formng a set of nodified

wo prsm&synal | evel s based on the signal | evel BCT/AP10h&061978
at | east one first group and (prmng a set of nodified
second signal |evels based on the signal levels in the
at | east one second group. 14. The hearing aid
according to claim13, conprising a sound environnent

di7aklg hqapag diskacgpidinge staiguiset loowherghphe plejojute gain value of
cons g0l 1h(£j'19décf‘1?1 Mol etiNe) 128 gontrol unit. 15. The hearing

ai d acco any onecof claims 11 to 14, wherein

the conpression characteristics of a first conpressor

d@nplnd ]:msing afd acsordog@npraeg 9'n© of ¢laimsol vt comaprisimgsdn estimator

range of conpressor input levels and wherein the first .

r anfg)é e?tHE‘ftH‘%Eaé ?fiaﬁteoﬁeé\? die l&lsezaéﬁdéhe SHERRIBRAISE S %éaé’n %‘FF“ 1€

r at inguwlgrm Mn@ 28RO nE ARY €orfon&OIMRE %l?eg&fmﬁré‘ﬁkﬁ cﬂa@aeeérfsucs of
d wherein the second range conprisSes input |evels

s rrazlt fiest cerhpugssoe pecording b ardowputdras theomtimatdro within a

third range of conpressor input |evels and wherein the

third range conprises input |evels |arger than zero,

and wherein said first, second and third range

t oget her span a continuous range and wherein the first

conpression ratio is smaller than the second

conpression ratio and smaller than the third

conpression ratio. 16. The hearing aid according to

claim 15, wherein the values of the absolute gain in

said first range are snmaller than the val ues of the

absolute gain in the second range and smaller than the

val ues of the absolute gain in the third range.17. The

hearing aid according to claim15 or 16, wherein the

absol ute gain value of zero is included in said first

range. 18. The hearing aid according to any one of

clainms 11 to 17, conprising an estimator for

estimating at | east one of the noise and the

signal -to-noise-ratio of an electric input signal, and

a controlling unit for controlling the conpressor

characteristics of a first conpressor according to an

out put fromthe estimator.



