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WD 2004/ 008801 PCT/ DK2002/ 000492 HEARI NG Al D AND A

METHOD FOR ENHANCI NG SPEECH | NTELLI G BI LI TY. The
WEe@3me0880i nvention relates to a hearing ai d anBCT/DK2002/000492

nmet hod for enhancing speech intelligibility. The

AR R ANFLOSFTERlia E6R i adeniats RPN ARRER Ty,

aids to specific soun envir onnen

specifically, the invention relates to a hearing aid

th means for real -ti enhancepent of the .
TR eT GBI cnylgfes 6B BEHTTEG SNy meggidor erhancing speech
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i mproving |istening conf ans of adjusting
sbumdierenopnisasdVipa $pemflcaﬂ|}3 th@awemtgormetat@sdc orhdaninmg 2id with

real —ti determ nati o of e teI i bilit
TGS FoaaeEs et v ehranieRRE i o § adoiswabend
AP Enfb ! Aaaiﬁeﬁaqu, 2 rSlafR 8 a Pl AprS/AE]istéB AR SorBfort by
controlling the signal processor, a [oudspeaker or
meang ph @ijéstnmrfdequpmssbandﬁalmn thesheagioi |eidt ancongiseg forreal-time

atl tte eco ens. The neans for
BRI PRED bRl compr i 6. neans
for changlng betmeen di fferent hearing 15 programres,

a first progranmme for use in a_quiet sound
%ﬁxﬂdﬁ@mﬁéﬁﬂg aigl coRgIses ow%g?%mcmhowfea $igng] pEefegjoEysome
r 0

SOOI bieoft frBlstor?h ARy @it HREDg, pOSibly, o
telheoil fodiuse thuatatiose fitted h&thftelbd:mhg/smc@ljmmanﬂ@r controlling the
bas cal | ri ses adapti the | evel ndent .
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partlcular ci rcumst ances such as the user's hearing
prograinmresfior usmig atrivasiepeund envitemarenh @ third progedrneme dof teltbel use,
ﬁelected settings of the paranmeters governing the
Yansfer function are stored in the hearing aid. The
setting can | ater be changed through a repetition of
the 25 fitting procedure, e.g. to account for a change

Rrﬂ)r itprpee, ehegiearing pidgpes beiflttm!q |tq theriegyidnel usearing fitinedprocedure
bteagl?%ﬁ}gr 5P s seg ﬁgﬁlgeg $e1'8%§ 1fc§nfr:] fgér{sk ¢ u&cvl%)nu& q‘t;JQI:i(cg

184pRakd, it€ b&sd umﬁp@fmertmm’ts&eaﬂingaloa@mum@ toAl€ pardiulgr
to the state of the art, hearing aids g{ocess sound in
CHCRISBCSHICh pLidE SpRs @ﬂﬁ&ﬁagalmm apd e spegitig hegging aid

SRERH! YA QR Seltfes bf nd fie RGRAHHGY gBQerégl%g}Sl@{r%%gér: fggﬁlton are

I nput/ gai n-curves int respective
sored esthe hganiegy/aid., Lifheruettlrrgmap laterebescimegatethromghfa repetition of the

canpressing the signal
f1tt1rqg procedur€, e.g. to acc%unt for a change in impairment. In case of multiprogram

hearing aids, the adaptation procedure may be carried out once for each programme,

selecting settings dedicated to take specific sound environments into account.

According to the state of the art, hearing aids process sound in a number of frequency
bands with facilities for specifying gain levels according to some predefined

input/gain-curves in the respective bands.

The input processing may further comprise some means of compressing the signal in

order to control the dynamic range of the output of the hearing aid. This compression
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order to control the dynami c range of the output of

the hearing aid. This conpressi on WO 2004/ 008801
wWERQDADKBO02/ 000492 2 can be regarded as an auPCIRKR@2/000492

adj ustment of the gain levels for the purpose of

|nprOV|ng the listening confort of the user of the

TPegded e aneBiipPAiITSIREY dhe paip laRisdPrede PHRORR O

C
“%ﬁé“%@&%f bl orhlOR QTR HAFLL M HeatP - ChnpiRadch Hiky be
ingpiemerfted dbihe kvayaigsdribed id dre istentatinnad appljcation ¥60raorf642 Al.
i nput levels and output |levels in respective frequency
bands for the purpose of continuously controlling
ABCRIEY hearfiReRasky HoWer &&ﬁ&&&%ﬁ%@dﬂa@g r@fintOfor Q@ht'fhuously
settings in the respectlve bands when necessary.
meksneing nnput evalsl antl logtpat lqwﬁbdmrqspechVegmqnerwdjhastr@m 1the purpose

o ERT oy 1P as et BlHat FPRL g R te i Bain

saRif3iA ML Recktivd bads ShehMecdagayi ng aid to reflect
requi renents for generalized situations. 15 In the

past, various researchers have suggested nodel s for
d Lon. » 11 heS fter

Ryl B e oshie M Rl Helngtba e B R ¢
misadidied aotortlingse fumdehssthatshetvb eeerapﬁedmﬁeﬂtdu@mg idex", Al,

t he SoeeChInte||IgIbI|It¥@ dex SI1, and the
progrrauatnefiiing ol beigaringridio refles) requigamenthior seneaplived
mﬁéh%ﬁ 20 Determ nations of speech intelligibility

have sbeen used to assess the quality of speech

signals in telephone lines. At the Bell Laboratories

( Fl et cher and R tion aof s ech
T st FoSgRTo R Parecpbyed moddlnfis 8k presion
infligiBflity gﬂspe@é?@f@@r)a tra%%?s%ﬂm'tﬂ&@h' d Gt bystern. Theahs® wall-

i mportant i'ssue when planni ng and desi gning concert
ki of theseumededssis thatirti o atiomsinderd’, M,b‘.he spegoltindel i gibrisy index,

BB BR o Bt o RS ab Lt AR bRt RS peech

intelligibility index, SII. The SIl nmakes it possible
to predict the |nteII|g|bIe amount of the transmtted
Defsartatipas efrspatchdntelligielibthaye beereusegdde agsess the quality of speech

S PGl kst R e FANSPERLGARTYS ERLAR: BYER AT TP
pércaption3F spdedh med ith yelmfoﬂtbeelsgﬂﬁmqh JseroﬁmSncaAnt li?e 8§ 151
it s possible to

the system _Furthernore,
U@‘ébg %laqeﬁh frﬁ%lhé%f Iy issale animRrianhissyovasn lﬁﬂaﬂ% and designing
ccbR Hhfls, ShuhBE 3hdiRFiAlstnd public address (PA) systems.

The ANSI S3.5-1969 standard (revised 1997) provides methods for the calculation of
the speech intelligibility index, SII. The SII makes it possible to predict the intelligible
amount of the transmitted speech information, and thus, the speech intelligibility in a
linear transmission system. The SII is a function of the system’s transfer function, i.e.
indirectly of the speech spectrum at the output of the system. Furthermore, it is
possible to take both the effects of a masking noise and the effects of a hearing aid

user’s hearing loss into account in the SII.
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user's hearing loss into account in the SII. WO

2004/ 008801 PCT/ DK2002/ 000492 3 According to this
wOo\NBK/ostsandard, the SIT includes a frequency wetDKae@2/000492

dependent band, as the dififerent frequencies in a

speech spectrun1d|ffer in |nportan%e with regard to

Asmfdmz He thip ANRIstandpgh et mglidgs A fregygney Wghmg dependent

B R e i G R
ragadh t0i A0 alhefI1k demsnicywe ver, hacal st fortibe ﬁltér[hglbllay whths camplete
nunber et ween 0 ech is. n i.ntelli e at. al
G e e culetet 26 ey St ifvegitet oo ret Vil eguency
b&ﬁgt an obj ective nmeasure of the systenmis ability to
convey i ndividual phonenes, and thus, hopefully, of
naking it possible for the 10 listener to understand

bei n It d t. ta l.anguage
THE St Fivils ShyBeDperbpt el s Bl Buci BRI B s speccn
isl 1P iBEIG@IN). ThO'SHNASs, a4k Fdce| 0 ob¥cadd aiehéiGe SPBEGHstem’s ab111ty to
Intelligrbility in Roons from the Mbdul ation Transfer

cmumtlmfbwduelﬁxdmgmp% and/gus gigopefidlyp pf mkipg i Rpssible for them
h@eﬁ%ﬂg lﬁﬁ@er@fagd @hﬁﬁls %E@fgl ngéll.pgﬁ%?{{l/otﬁ%fe?lggépEct.gg,_lg%eéle%tt%relﬁ%k of

ct'i'ng speec
cwwmﬁm$gﬁtwnnﬂkh@eﬂhﬁuhahhﬁmnﬂransfer Function (MIF),
whi ch, anong other things, takes the effects of the
roon1reverberation the anbi ent noise |level and the
Ii 8 K8ER t Wi Tnkd] HRbomd ABMHE MRRIRBn Transf
conﬁrte I nt g%;gﬂs%l ng ne %1%3 9 tﬁeo%peegwﬂ ansm@gl cgeﬁns .
Fonden, (AcowBTita VA 46n1280),i T;HeutghMLHNlM Btepaskep aond 8dBloap

f
plsSt i hemp o e gpp o e i P Pmiol e Dy Repased
oh YheEMDRhIRH L FrdnBfer FiRet o (Mm WRRBCHANbHY Gthbi €ink | thikes the
whi | e keeping overall |oudness at a |evel no greater

6ffh%t$1 of thatrogrerevsirhasetiany the anahientinoksedeveh gnpbe sakers vocal output
A 25 .of
inght SURE e M P f AR RHEE iy SR3OS B i B8 Rsion

deslesn ST ti ng of hearing aids al so take speech
intelligibility into account, but the resulting
fitting of a particular hearing aid has al ways been a

0 eq ol
AGETROETA S, e IROTS TR R AL o e
He@ringiaums, Abn]smc/lml b2, kndgsdmbles hylttnrg mhfsekpmldbr

I I 'l
n{agggrﬁuzllr{g slpglechI 1tnYell1g1b1?1ty wgﬂe keeping overaq loudness at a level no greater
than that perceived by a normal-hearing person listening to the same sound. A number

of audiograms and a number of speech levels have been considered.

Modern fitting of hearing aids also take speech intelligibility into account, but the
resulting fitting of a particular hearing aid has always been a compromise based on a
theoretically, or empirically derived, fixed estimate. The preferred, contemporary
measure of speech intelligibility is the speech intelligibility index, or STI, as this
method is well-defined, standardized, and gives fairly consistent results. Thus, this
method will be the only one considered in the following, with reference to the ANSI
S$3.5-1997 standard.
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w@eiog/0a88e1 consi dered in the follow ng,

method is well-defined, standardi zed, and gives fairly
consistent results. Thus, this nethod will be the
W t h r ePET/DRC@?2/000492
to the ANSI S3.5-1997 stamndlard. WO 2004/ 008801
PCT/ DK2002/ 000492 4 Many of the applications of a
Mgay efithgpnlicaticat pf ¢ ?ﬁl%lﬂﬁt?% spRech infel lg@é%y dRderjuidize Amly ag
D
sty L 6C ndBL WFen BEKRA ARHE BorlFdn i A RACH b RGse
plsq;:tme pheterthebpdech intd:lhgljmhm d&iexmmlllbeba@pmt) Thewt.cohtiigises may

..condi tigQns may cl ude reverber at muf fli
ingfid Gererarratins mB{EPS o Chepet i B I<iehes %Pﬁctaarl d@ﬁ%%rpéa@en%se
prRSe® earghange i‘ﬁhtﬁé"ﬁgnéf& & dnl GFed ﬁ&erfd}'ﬁtge &Pﬁa&ﬁm%ﬁ@l path

overal | speech transm ssion pat udi ng t
(impheding the Sph@(elr ithe hstamgg romm the haehetrsmﬁmome lamdi oBelegronic
ki nd of el ectroni nsm S{Sﬁ on neans), distortion,

A S dﬁ§N%ﬁE PREPONLT™MPNE ease of gain in the

hearing aid will always lead to an increase in the 10
| oudness of the anplified sound, which may in sonme
Fythessn) inergasef gainin phebessing laid wil @Wagwwtq avigrreaselin ghe
i I ! mhort. for the r
lo%xge%% 85%8 ggai%%gé f‘sﬂlﬂ{dg 3\?110&111%# N §01€ Cases 1 ei@acf togaa uﬁ;gleg% élﬁy

highkeudated, thﬁ@ﬁréﬁiﬂlﬂg}loh@na’ss diseordfestor ﬂmﬁhnnga]g usay the
nmet hod descri bed in an article by B.C. J. More and
B.R 15 d asberg "A revision of Zw cker's | oudness

THPRGknest 662 %)f e h\{?ﬁrllﬁ 44 ngag?ﬂ%@a]l(%gag cigafb@)rdlm&ah

proposes a no or ca ati ness
londuesainddelaeignby ﬁmdnetheahdemgbd:dmnaameﬂcls b BeCH sMoHSfeeand B.R.

S R

33t 3453) %hi%ﬁ 8} RS &Hlbdél' fKPcal&ﬁb’tﬁS}Iﬁof IB&HIesﬁ%fn%hﬁﬁlcﬁeahﬁg and
standard 226 (1SO 1987) concerni ng equal

h@angompane@sswmtsomh@ modelnie desigredf for stely stgse eminds, but an

tell bili.ty t
lifisien S13he TR Al GRBRY BiGous B SholfPY by flig
souhils, itdd. REferBiceqé male SEIINEMIRE IOASO 198 pcstickipidtfual
esti mates of speech |nteII|g|b|I|ty corresponding to

lopgeess periersand noi se 25 anplified by a hearing aid
w || be dependent on the gain levels in the different
frequency bands of the hearing | oss. However, a

Aangrsineforihe apéachiimalligiviligfmapeecdmpuitéd fok bhg pémbmlblysound
and/ or Ioudness requi res continuous analysis_of the
S HOHEICB AR SSHIAGI A TERRATE AL TN AR A5l SpRs (Bown Methods.

TEOTPREAL E QRS REN AP M A1 }3651iRPER S ARIEE 8k (R8BS Rldhoise
amplified by a hearing aid will be dependent on the gain levels in the different
frequency bands of the hearing loss. However, a continuous optimization of speech
intelligibility and/or loudness requires continuous analysis of the sound environment
and thus involves extensive computations beyond what has been considered feasible

for a processor in a hearing aid.

The inventor has realized the fact that it is possible to devise a dedicated, automatic
adjustment of the gain settings which may enhance the speech intelligibility while the
hearing aid is in use, and which is suitable for implementation in a low power

processor, such as a processor in a hearing aid.
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for a processor in a hearing aid. 30 The inventor has

realized the fact that it is possible to devise a
waleditoessed, automatic adjustnment of the gai n BEI/DKa@2/000492

whi ch may enhance the speecl intelligibility while the

hearing aid is in use, and which is suitable for

i npl enentation in a | ow power processor, such as a

TEASARRIR: Fa sl ChOBIRy 10 038R e s

indegEaliedtiytiy thé diffecane hmdsglepen@@meamcng:emfseugnainmatmn For
i nde dent | n t he djfferent bands dependi ng_on the
bas MRBHELRRIRE LoVl 8 off ImaTHe AdNARIAREOR fhaggF eg Hhsi s, while
ar SR 0f%ath canl o I BEALYRBARS %%sloqulo@s%qé@e@ss 6n b to
gai n, whi an 1 ncrease of gain can be advantageous
enhlan¢rahd §IIV\Honercstuuhi senmpevsttaggyiwillmotigiwaypbe amhptnoel
e SR suc e str wll . not . . =
salifpny & e SIS o adirer Bt et Rl heRubpal Bkipg o
achﬁrﬁfAQﬁ&ii’sd d&l&ﬂﬂ%'&% SH%t'ﬁe@%or%Eéé@éarg[BSkl ng, Into

account. A precise calculation of the SIT is therefore
necessary. 10 The object of the |nvent| onis to

e ans . LRg h eech
TR LRy e o A AelPER efon ERYCRPYRTy dRpnRRE e
spRBat ineNiEbilisy ml i heta&ng aidJiht\meymg edjndGhvironteénts. Mt B aither
at the same tine preventing the hearing aid from

oRjpetae poagus whie Ak18 Same ABIRI3PYonting tethepgngaif fFam greating
k@ﬁmgghs&&nhﬂ? invention to provide a nethod and neans
or enhancing the speech intelligibility in a hearing
aid, which can be inplenented at |ow power
con tion ccordln to the inve |on this
1t G54 BARBHOMACLS! (ot TSHOR (O RBRGLSH e dgnigens fprgnhanging the
sga@ iRl @bty IendeRE1afty wich &AW thpRnBnECR IR Powdr
processor and an output = transducer, conprising
capistmptidmg one or nore estimtes of a sound
envi ronnent, determning an estimate of the speech
intelligibility according to the sound environnent
A8 HIAB Y tHRNAvdrdioh NBistik 3BG&IMRA ih U BT biGrodebfind 8 81ghAltn a
ai d processor, and adapting the transfer function in
hesringeid; dhediasing aidineingremidgiophene) 4 prgmrsqm ang ag oYt e
ron T
i peege?i %fprf ¥ Légodnbmﬁl yo%es 5}% eé?ga?a?& Aol EnRfonhddie,
daahiﬁﬂmgmﬁr&knmﬁtetdﬂ ¢he speech intelligibility accordlng to the sound

environment estimate and to the transfer function of the hearing aid processor, and
adapting the transfer function in order to enhance the speech intelligibility estimate in

the sound environment.

The enhancement of the speech intelligibility estimate signifies an enhancement of the
speech intelligibility in the sound output of the hearing aid. The method according to
the invention achieves an adaptation of the processor transfer function suitable for

optimizing the speech intelligibility in a particular sound environment.

The sound environment estimate may be updated as often as necessary, i.e.
intermittently, periodically or continuously, as appropriate in view of considerations

such as requirements to data processing and variability of the sound environment. In
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speech intelligibility in the sound output of the
hearing aid. The nmethod according to the invention
w@edlviseesssl an adaptation of the processor transPEr/DK2002/000492
function suitable for 30 opéim zing the speech
intelligibility in a particular sound environment.
stathof Ssbidiaiielearing pids.<Be pivaessomill brocesp dla asgustic HEnadmwith

I e
S g LA LS
dedachetaser theuicoesie sighal gerctaval gifeotgasd 0@ aaﬁ\ﬁistlc signal processed

. V%GI ability of the sound environnment. In WO
by

hrotnsed W@@éezmm@d IgpgirgpBSigentypEnd perception.
i I
U Jci:%iu g?)!f éﬁbe@ﬁSI gﬂr?a f@ﬂc‘{iﬁn chfl %ﬁ(@&) f@fnu% 1 ewé} %gf%h&ﬂ%ser
dIScrtmhﬂoﬁr ag dhangés dus to the Lmdetmg‘]wllt g’rmemﬂgrrnoft be m)@@rdc Eipdating at
del a coustic sign per cei ved
-8 hfoe@f F!«}e é’?tSE 598 §P 1C1eaf gYeRy fobgaé%%l?g%‘ag egyireraents. In
cigar été‘@iy%n‘ihroﬁ%eﬁt@' Wpdadhs RAy BESRYWeRS. &Y defRAlT
consi stént sound percepti on 5 Updatihg of the
transfer f unct ion can take place at a much | ower pace
Wi t hout .disco as _c due .to.the. .
T e g iR s e S yige the
sp%eéh infDligIbilityéRinyad faaWbk inddffRted ﬁl@%@bl@ﬂ§£lﬂ pRYREsok Ut
fast changi ng environnents. In case of steady

theyiinay &R ok, or ppdially igplemienise is po wkternabprocessingimpamd.
Sl . o

a g%el-drﬁgrtéegﬁgrﬁ 1}8{ng d%ﬁoﬁnﬁ?ﬁéﬁ?ﬁ}%&@%‘%gﬂ récesﬁb an

appodpelate Igakbi [ ity estinmate may be incorporated in the
hearing aid processor, or they may be wholly or
partially inplemented in an external processing neans,

A e
Sgphetal - 0RBL RIS 084AI0 A0, SO LIS e GGl D

paskibte, g ddtod Itlmse pg)tﬂdms apddbhovartarhé ihgoghl sing thedexlt of these

n, real woul d be ssi bl e, l.aot. of these
cafplsionhes Sauars e fovbe dopmorid soute it figihe pestrovass e.e
by RBSRedI Altéi Pthk MRRsEOMGOIRENIBME cbRVentidi® pgﬁi & the5akRO
speech intelligibility in some way, e.g.
trangpesgioacihging ptegfrralmlg in Hhe dlecarenicqrotagsiog nmanat some
convenient point in the sound 20 transm ssion chain,
preferably in the electronic processing neans. |f one
If by¢ flrter a3a0RE that HRISTL, MehidH has caflies BolBBSheeA tbhBlers®lElinkar
been considered in |inear systens, can be cal cul ated
systeans caace sl ylaien ancussel sttheanchsepmsidlo flegien of areyracy ima

ncﬁé%’i@éég&??t)é{ o éM% %g:eoén & ‘If)gﬁga‘i’ Bﬁ oﬂqeaﬁP Ha@%te'eggan(ged cof'?su%r!lbly. It

e erap
might then, for instance, be used in systems having some kind of nonlinear transfer

function, such as in hearing aids which utilizes some kind of compression of the
sound signal. This application of the SII will be especially successful if the hearing
aid has long compression time constants which generally makes the system more

linear.

In order to calculate a real-time SII, an estimate of the speech level and the noise level
must be known at computation time, as these values are required for the calculation.
These level estimates can be obtained with fair accuracy in various ways, for instance

by using a percentile estimator. It is assumed that a maximum SII will always exist for
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25 mght then, for instance, be used in systens having

sonme kind of nonlinear transfer function, such as in
whe@nioos3ori ds which utilizes some kind of conpPEEFBKI02/000492

of the sound signal. This &application of the SII wll

be especially successful if the hearing  aid has |on

acgb‘f?arsgﬁg@ @Heﬁ;}qﬁi@ HBeIsRAsR s velntidhe yapldictipy gamds shangad, the

SPMSTHIEIRAARS €00, | iNear. 30 In order to calculate a

real -ti 'SIT, an estimate of the speech level and the

noi se |l evel nust be known at conputation tinme, as

t hese val u are required for the calculatjo hese
Asdg |n%€ﬁﬂflﬁ§tt8§°@£ﬁf OBRATHUPIRIP ReFser ﬂa%gﬁ_raage gien
cNaok O FmpBHSatinQair miﬁﬁﬁﬁ% sBde UShd\SF lﬁlnﬁé‘?fcﬁﬁ(ggdﬂﬂ%aﬁon

estimator. It is assuned that a nmaxi num Sl | [
reuting ysneeded to desermise thixowl 0i08g0 irPETEDK2BE2MOE0HE Partizular

iven.signal ..l evel and a giyen.noi,se level. |If the .
AR n R el e P8 TuRet i AR SepEgniqtoy uitable
obt@@izafién kduting isﬂ@lplzﬁﬁ@ﬁiinhh@détﬁ’il&lgm&ifﬁh@sﬁb@ﬁﬁraﬁbn. _
relati onship between the S11 and a given 5 change in
anplification gain analytically, some kind of

ﬁgﬁé@[ﬂﬁﬁlﬂlgﬂ{ﬂo néér’htt 'Plhe dé\?eﬁlgﬂ,gg% %eﬁa%%%ﬁﬁéero%)g% Ged1 ne

o=t

ionship 1 n or ernne ul ar
deteqahiinfrigcthe transfgafunctdreds agg'a‘i’legTdtdSI&eﬂJﬁﬁegﬁ&‘ag ghinl vahads iea
An_ i enentatjon of a suitable _optimzation routine
bR Bt ia] feqieRcybAngs P%@leﬁsa%n&?mdtpﬁecessor, the gam vector
iif ' i 06 L0 - ' f .
S 8RRk GRS Rici BB TRRARDTRE] 1R Kol foccssing.
the transfer function as a gain vector representing ;
ain.values i.n.a nupher. of .indjvidyal frequency. bands
ARt a8 prng vt B Bedaorionthe msod fyEEHGomsng
da_@ﬂﬁ@l_hgokhé 8hinRBBA HirBEe SRS ElinihBY&! d fi@i Pirt bf the frEghéncy bands
simplifiesthe data processing. 15 According to an
archgyid ivelvas swiableHier erhaseing opeech frateltgibilaty, ingd determining for a

c ri termning the gain vectaor .thrqugh :
SGITE Pt 8 ins B Iy ebfetOb Ralfil R} byt Psmptaion
bénded ghif WiRles @SreSpict abihe fl@paf T aCidfheBRERANs. This simplifies
intelligibility, and determning for a second part of

therlata progesing yhishaly sutiiag gewn op sheyaimbey o frequensy dands, wherein

. ) . . i the

SRRSO RS ASHIESC SRR e

fedueendg bandsroitidssietegtedho (gblr@ﬂﬂalb}ufqdvieﬂgled’mqaeﬁdly spberuniaste the
f bands, e the nore co ex

S"?}Bﬁa Eﬁ?@ 5? f ; '\r/)?r%%g%& L) eir@%g% Slf%teéénmewng getwegn the r st

fBGddnc§ bakdd®f the first part, in order that interpolation will provide good results.

According to another embodiment of the invention, the method further comprises
transmission of the speech intelligibility estimate to an external fitting system
connected to the hearing aid. This may provide a piece of information that may be
useful to the user or to an audiologist, e.g. in evaluating the performance and the
fitting of the hearing aid, circumstances of a particular sound environment, or
circumstances particular to the users auditive perception. External fitting systems
suitable for communicating with a hearing aid comprising programming devices are
described in WO9008448 and in W09422276. Other suitable fitting systems are
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frequency bands w il be selected to generally cover
the frequency spectrum while the second part of the

w0 e@guessey bands wil |l be situated interspersedPGEDKR@R/000492
the frequency bands of thes8first part, in order that

- interpolation wll provide good results. 25 According
lrtdéls%ih@iﬁlﬁéﬁf é}ﬁs@m tas SHP Rﬁé)rﬁ%ﬁtspeﬁfle@ R Heatipg fpstrument
of t he speech
|nt e{&ﬁ{r a}@e%ﬁ&c'iﬁ{be to an exter nal fitting system

connected to the hearing aid. This may provide a piece
of information useful to the user or

Agrordingte |ysb%matheréﬂﬁ>ogarr¥?né 95}11& ARYeRgonfhe Beiifoérfﬁﬁh%réomases

célgﬁaé%{h'etlcﬁd?ﬁssoéf thdBut ﬁ@sﬁ%ﬁh@ft@hﬂme ChinCHERE 3RE @3nibrife it to
partl ar sound envir or Cl'rcunst ances

apardnessuimit, woereinesaidsendneaslhinitirogrespatsceptid om theHawdnessadf the

pEp S S0 BoRerme b isiPant i aiocel abithe e gain
vERSECAs! 9 T&tc%%@é%‘%&ﬁo@ék@eédlhéf%ﬁ@ﬁ]ﬁmt Qiefmproves user
suitab tt| ng systens are WO 2004/ 008801

C@@ﬁvrﬁmmnoemzle lgudneduef thy hearingoad duipytsigned skye within a
c E%@e I\IOAH speci fied by Hearing Instrunent

R t"4PeYs' Software Association (H MSA) . According
to yet anot her enbodi nent of the invention, the nethod
further conprises 5 calculati n%ét he | oudness of the

The msthodacgprsing togmpthgeegbedimeaiqidhe Hyyantiiniyeherpmntisen
|
a%‘el %)ﬁlggrﬂ sma‘}e?{a% bgwﬁﬁ}?kﬂlgl 0 ug}n & g gﬁc%fﬁéﬁgk k%én%dn%]l T 8 ha ey

tmo tied ondnesoisiatvethan, on gqhdl 36, einecarespodiisg londngse ilmhyvalue.
ust.ing the_gai vect or riate in order to

TﬁthPf%Yéé%Se%iSW}Pée} BMerdaten ﬂ‘? ‘f‘ ?‘Q*F}P SiCApYd¥ves user

confort by ensuring that the | oudness of the hearing

aid output signal stays within a 10 confortable
Atcacx@Qg tPla emdtododerd ©f medhnsgltipn, the oteithed fartb@d:ionmnisemdjusting

L. nventio furthe I ses . adj t he
CHU Ve e ey R i SRy ACHAEE of R e wliisds aper
tha, M&#laptoV\ﬂﬁé coh%s?ﬁonﬂﬁ IbRHRREIS it valuk Ve lbﬁkﬁféss @dctor.
equa f he correspondl ng |l oudness limt value. 15
Thi s provides a sinmple i n’pl ement ati on of the | oudness
T%l% etcﬁ) ldhacagrgg ga?lo{élgwgrpb badir erétldgﬁﬂe 1nQ/Eent'i(;}1 fuﬁtﬂ(\:(r CCIIllpI‘lSES

detelii@iigna §preclgRivel os6fla andra M@hc%l wmnﬁtb @t t}eachncof
the gain values is lower than, or equa

eRYFonEasHOrkhesg cytisnatera®ay be abtaingd e sraﬁlsvwé an@wm%@e sound

sf‘é‘ﬁﬁlt $ler time. One method comprises identifying, through level analysis, time

frames where speech is present, averaging the sound level within those time frames to
produce the speech level estimate, and averaging the levels within remaining time

frames to produce the noise level estimate.

The invention, in a second aspect, provides a hearing aid comprising means for
calculating a speech intelligibility estimate as a function of at least one among a
number of speech levels, at least one among a number of noise levels and a hearing

loss vector in a number of individual frequency bands.
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20 The nmet hod accordi ng to another enbodi nent of the
invention further conprises determning a speech

wo 2002400888t | nat e and a noi se | evel estimte of PCEDEMRM00492

envi ronnent. These estimte$ nay be obtained by a

statistical analysis of the sound signal over ting.
TenBearneos ot FPRBESIS detit Pl YA YRY eRRHIGA heasing deficiency
Bl Wl ik AT Ront P TR Bl A1 Bing o he
invesdoca thisespe poivides aglicce ©f infatregticanerhavhenagbangset e

evels within remaining tine frames.to produce .the. .

oS SieBblarostinga G PHWARS Hd SPR SR i sEFep By, or
RS PR PreseRica Yo dR%sér H98%IfAGr 31 %j bYViRAal & YudRAASark OF

30 calculating a speech intellTigibility estimate as a

function of at |east one anbng a nunber of speech

| evel s, at | east one.anon n r of noise lLevels
ARl sadhientotimsQL 8¢ BETOR A Y Brasie 7 erivhe dnrips for
ehi-REHRREYeRaNE Bigi DBy AR0HAPOBHR Iy RETS FROA2ABA0ARA!S 1§ 2

The hearing | oss vector conprises a set of values
npapeieafeain iyelp dud nwgberadfindivdogl frogmantyr kavdhinstbe Araing; aid.

various frequency bands. The hearing aid according to

the invention in this aspect provides a piece of
Alcodrdingath ia@othemdihisdilimeiyt, the heatitk 4id comgeipds n€ans ifgiN@mparing

processing in the hearing aid for_enhancing speech
therlpagnesyFHrasperdingio the adjustgg sy vakues Ehibe dndiidppldregeeicy
Dl 4R R oabhE 1t G oo Hou s R Nl JERE R Tncss it
vilearépeseniing € mtiortd sheslomdemss of the unamphfied svgnd peelaheans for

sy Ereey g iR BPIGRIHE P DL ko £Sars oggness
lildivarkedual frequency bands in the hearing aid. 10

Accordi ng to anot her enbodi nent, the hearing aid
conprises neans for conparing the |Ioudness

orresponding .to the adjusted gain val.ues.in.the
THR G SRR ¢ bR PRIt S et RS R peding o sound
eRAFSTRSIAE b sing UEIR eSSy Ad ifitial Hedriig, aid BhikférPuadtRSSaccording to
limt _value representing a ratio to the |oudness of
agpreralfihpEe rlp<dbtapingan caimatewh e soupd euvisgamest,dstprmingng an
HERRE I oRa BB OB Al Enk BB Ry Bt e and
td thie rinitialstpaster finictvh dme adapritighthe irdfialftidntfenfinatibe ar progide a

aid to a sound
modified transfer Lfjunction suitable for enhancing the speech intelligibility estimate.

By this method, the hearing aid is adapted to a specific environment, which permits an

adaptation targeted for superior speech intelligibility in that environment.

The invention will now be described in more detail with reference to the

accompanying drawings, where:

Fig. 1 shows a schematic block diagram of a hearing aid with speech optimization

means according to the invention,
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envi ronment, conprising selecting an initial hearing
aid transfer function according to 20 a general
wo paotiosssor ul e, obtaining an estimte of the soRCDK2002/000492
envi ronnent, determ ning anlesti mate of the speech
intelligibility according to the sound environnment
fige Qi prdlosy @net shpwingepreferied Sptipyization algorifie Pfigane agriant of
d [ inikial transfer function to provide a
th%osg‘lpe%)lege%l-{drggnﬁs gfrho unction suitable for enhancing the
speech intelligibility estimate. 25 By this method,

the hearing aid is adapted to a specjfic . enviro t,

figy ie B Thowy mwhawmga%pﬁ)aém&# SPefcy é@téldlgf%}ltywa&tﬂgsﬁ

mefggeh intelligibility in that environment. The
I'nvehntion will now be described in nore detail with
reference to the acconpanying draw ngs, where: 30

.Fig. 1 sho a schematic bl ock .diagram of ~a hearjin :
fisy 45> Py RREHE BT B T e ARG ReEs Sight fation
al'?&ytﬁﬁfiinq&_ 2342004/ 008801 PCT/ DK2002/ 000492 10 fig. 2
s a flow chart showing a preferred optim zation

algorithmutilizing a variant of the " steepest

gradi ent' nmethod, fig. is a flowchart show n .
s L arma sPesuaidt orhuPeRgruRE YR trR Ry yin g
he¥Bh b afl ackbilingkolthe Mveitah showi ng di fferent gain

val ues during individual steps of the iteration
algorithmin fig. 2, and 10 fig. 5 is schematic

e . i . of r ag i i i .
THEREEREUYER A L rlfRE! SO SHE S EinE BT 1Bl Bfiving
mb&ard, hict flrtBer doanédtgto dfikartodkse The bivakr spfittomgandans 2 may

connected to a bl ock splittin neans .2, which fuyrth
aREl A SRENACY, tempPIRh Pt Rk eIt B TRICSHRE Epictipp,;ang the filier
iffese &H@% b8 3Eof 16 FREY Band d high
blggl???fh Ty \r/\%)?}g%te %éwa %dvl\:l‘rf%g ?%noct(lt“gg,g andnt%ags ?Iill tlér
pdsk GittersIefimingphe diéfeadit freqaanpy ibsedsainpheblefingad 2kt of
| ow pass, band pass and high pass filters defining
the different frequency bands in the hearing aid 22.

THO® 1 uflut BBEAUE FlEPRMLEDS id fglj&@ b nRl188lkcafoh Pofn€ 80, l@d Fhe

mul tiplication point 10, and the 20 output fromthe
owtppidirern ¢hezeparstelhands 1,2, MMrinfiilter block B @ekied tarespeaiye dputs

espective i.nput.s _of speech .and..noj se '
ol 25t e R e ® 4 TpEPIBGS R BTl B o
shown in fig. 1 by a single, bolder, signal line. The speech level and noise level
estimator may be implemented as a percentile estimator, e.g. of the kind presented in
the international application WO 98 27787 Al.

The output of multiplication point 10 is further connected to a loudspeaker 12 via a
block overlap means 11. The speech and noise estimator 4 is connected to a loudness
model means 7 by two multi-band signal paths carrying two separate signal parts, S
(signal) and N (noise), which two signal parts are also fed to a speech optimization
unit 8. The output of the loudness model means 7 is further connected to the output of

the speech optimization unit 8.

The loudness model means 7 uses the S and N signal parts in an exXisting loudness

model in order to ensure that the subsequently calculated gain values from the speech



10

15

20

25

30

shown in fig. 1 by a single, bolder, signal Iine. The
speech I evel and noise |evel estinmator nay be
w0 ppheossot ed as a percentile estimtor, e.g. OPCI/DE2002/000492
kind presented in the intenmational application WO 98
27787 Al. 25 The output of nmultiplication point 10 is
optif{ZaEpn BBl § ool proguee # Kydagis ik dre agpytisignal ofthe beering aid
I : apd. naj [ |.S i
22U AR Breabun ol IORREGY PO, B G IR0he tndiSptiiea
soandt for banchl hegiral supilss carryi ng two separate signal
parts, S (signal) and N (noise), which two signal
parts are also fed to a speech optim zation 30 unit 8.
s o0 AR D S S AR o R e e e
hearirtg 18ss chingpehsaidn gsofilontteldynsered ivthesaskingchd@riapdid\e2, fitted
signal parts in an existjng.loudness nodel in order .
9 Dfgucser &?trﬁ?ﬂ@ega%g%bdglﬂpg §pcah emlﬁggaltg AR coBidraation.
fromthe speech WO 2004/ 008801 PCT/ DK2002/ 000492 11
optim zation unit 8 do not produce a | oudness of the
Thespasch sndyneibe eftimater hisdnithey canecteiXotanaAGE xusaesl§, which in

redet erni ned | oudness Lo, which. i he. | oudness .of. :
ot & GrBiTrd B ons TMRRERE PEImNGP int Releriing TSt i Stiakgsin
vilnes feThé AGC eRand™® hedre RN irp] BRYntd YA N HANEIME L¥mBRssbr,
representation of the hearlng | oss conpensati on

fosipytance of thedgag descebediin WQ f34@#2i ng, hearing aid 22,

fitted to a particular user wthout necessarily

taki ng speech intelligibility into consideration. The
Thpepebh aptiimivatiseuris Biconipeiesdmés For dahillatimgranemt €t of o

an AGC neans 5, which in 10 turn iis connected to _one
OPHBIrEC 8RGY REEACHBIVARLY, Yiilising thergeqrithini deperibed in the flow
chdit fn' ﬁ% 29@}éé‘out15§ﬂ &qﬁe ect, B@ilﬁ%i&?@:ﬂ? S,SL}G,Sis E&P{oq{ng B Yhe

I mpl emented as a mnul ti'band tonpressor, or i1 nstance
inplutst dfguinintetiod @sit DDERE outpWidfIRe SdHd2ionhentSNEEGE fed to the
.optim zla,t ion unit 8 conprises neans, for calculating a
lrrvﬁwﬁ?gﬂ tipficatipnpoint {0404 te fhespgeqh aptinasiipagmit 8. The summation
pbin€9 AbhYRLY molElithiA i U g ' iz
ppfrE bR molb ik Dl e 3Rl b A RARE 185 1R oblifiving
pap bf the basriimmaidnctording Atthel is vdreidnt Bheospeed ofitingizati onpuatitss also

of .su tion point 9. The output of the summation
Bt ggo,%d&es,s Iﬁ%‘ieﬁ]'ed to the input of multiplication

point 10 and to the speech optim zation unit 8. The

summation point 9, |oudness nodel nmeans 7 and speech
Invtheihgiring 2id 32 dmfig. B speschsignals angioise signgls are picked up by the
microphone 1 and split by the block splitting means 2 into a number of temporal
blocks or frames. Each of the temporal blocks or frames, which may preferably be
approximately 50 ms in length, is processed individually. Thus each block is divided

by the filter block 3 into a number of separate frequency bands.

The frequency-divided signal blocks are then split into two separate signal paths
where one goes to the speech and noise estimator 4 and the other goes to a
multiplication point 10. The speech and noise estimator 4 generates two separate

vectors, i.e. N, ‘assumed noise’, and S, ‘assumed speech’. These vectors are used by
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20 part of the hearing aid according to the invention.
The speech optim zation unit 8 also contains a

wo eoodioesssl nodel . In the hearing aid 22 in fig.PAT/DK2002/000492

speech signals and noi se signals are picked up by the

m crophone 1 and split by the block splitting nmeans 2

thedpedngshimedelrmerns Geapg dhafpesch entgrikation uriy %tmcgstugﬁsh hefween
r C [ may preferably be

ol BB R U o LR weltl Y 2

|nd|V|duaIIy Thus each block is divided by the

filter block 3 into a nunber of separate frequency

Thg serech abneiseeigRatgr Hmay §e dopiegisatediss a@%ceaq]@ e@%@ﬁtor A

p§1QL:ﬁthe 5§‘ Bﬁ dbMRiiSRPRE @%]l‘ﬁe $4:90Rkn Gﬁtcﬂﬁlulfﬁl% %@ﬁ%ﬁﬁ% pqual to

e speech and noi se esti mat or
og bﬂewttbat@ercrmhlm Phé catbiovalymsifroim 2. pefdeatilepstmhtoanach

cgr?%s%gq\{f Sc} %)Sn%tg%{gae%{gqengélzgagﬁd}e W wggcixl}ﬁ%aggz\éz%@ﬁ 1es within a
c&@ﬁﬁ% éb’ §f B BnteSRein Ey»m 1%9 Qfg/ngplfég@ ks estimated, The vectors
0027000492 12t 6 and

PCT/ e | oudness nodel neans
preferablyeouhsmptditora 18t% parcantile (Be noisdi Nt andg G mm;br(the

the "@ssunmed no e nd.the ° sune speech
speigh 9 R R LR ol e Bl BB R eitay b
i npl enented as a percentile estimator. A 5 percentile

is, by definition, the value for which the cunul ative
InjpLstiGep this Bisanssihalghia noise levek ngmréw@mmsep éhecségnaﬂ leavels below

WS QU ek 9 S S LEATL L PRLSRNT it R AMBLAG R2Gccn

correspo mat e

ldvhhvmcgrmds theesighal lléved balbwnv}ﬁclathecf&rqhawy bmﬁﬂ @gﬂhlalgﬁels)ﬁe
the @%ne during which the signal |evel is estimnmated.
e t1meeﬁgpg&n9ﬂy} ahe g)gﬁcghzaldt ise epm@for 4 presents a

c%gcfcg g%@%ﬁ tﬁ% R&d9 'f&ea m@rﬁ%f ‘fheg%lhn/ ttfié gﬁfgrérlt ?re(qﬁélﬁ:y

: respectl ely, er percenti|
bludyuThsspeach el mmsmlest1hratq:rr4amﬁplcmmt$ & w&rymémnmttww oft he

noi se | evel cto conpr t he signal elow
ediinitine b b ST HSGNRICK PRHLICVRB OB PEST RevELAY thg TEgogHcy
bRhd leb8s bt §ecind the speech |evel vector S |s t he

signal |evel below which the frequency band signa
levels lie 15 during 90 % of the tine. Additionally,

he speech and | r nt,s ontro
Tor Gl I RORREROETS M PR B Gin oPkesh in the
séthihe6€ ﬁémf Y ﬁﬁ]&' Ffé@éhted)@é"egéaln Tb&ospas it ﬁﬁfi’lpﬂ@étﬁﬁ point 10 and
esti mat or enents a very efficient way o
t@‘éﬁsrmt:h @gtlmau@ammeans 8ckhet speedhy segnad megporoS et uhe\neiss sighal
Ve&orsﬁ ffot e spee Ia%oflsreee MGy 4 apeagrgseln?edeco%heosfpeg el%gu and
the noise input of the speech optimization unit 8 and the corresponding inputs of the

loudness model means 7.

The loudness model means 7 contains a loudness model, which calculates the
loudness of the input signal for normal hearing listeners, Ly. A hearing loss model
vector H from the hearing loss model means 6 is presented to the input of the speech

optimization unit 8.
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20 The gain values go fromthe AGC 5 are then summed
with the gain changes AGin the sunmation point 9 and

wpe@smossed as a gain vector g to the multipliPE/DER002/000492

point 10 and to the speecm3optim zati on nmeans 8. The
sEgech si.gnal vector S and the noise signal vector N
Aftes RPtiREiIRg e sheeshdntaBictuliys pichasely by maaas pf dedisrasiyet o

. : : . )
o B SRS LT, g ROl b hrelhed D? B Eflane
ACh® thé opdtsestsumeteion peans9 4nd dinslidredigdie yalus@tiel thaeans
7 contains a | oudness nodel, which calculates the _
nugiipliraten pein h@ Thepymmegtigaaioint Sradds theeuints xestagAGC to the input
Li.stengrs, Lo. A hearing. l.oss nodel . 30 vector fro
it Bl s & G e 30T By medBrt 8 mipioHon
pbimp 0 afd td the spdeR ePtimeAtibA AR BI Nmu;michﬁ&l pAi&t 10 multiplies the
2004/ 008801 PCT/ 002/ 000492 13 After optim zing the
gameester gntodhe signpl from phe filtestbdock) ndpresentsribe efsulting, gain
' ' ' i [ , the speech
a ?tlream%%é% tgﬁhegl?]lw : @’H&?@g&é\%{ lglg g[ eﬁlgsvvnéai n change AG to
the inputs of summation points 9 and an altered gain

alue g to the nultiplication pojnt_ 10. The .
To mRek O3 A omAnsgay b ImMemeried at 2 batd igterlaeyipg fynegon and a
r R HEEHOH ootk ol B TR fof REUEELOR. The
biagktoverlgpments Idpioims dwetfinah spedch-optimizdd: sigial btk end presents

P s eI PP ims i eOShafiD F € Liieodhie! uteiing i 1lephone
1gai n adjusted signal to the input of block overlap

means 11. 10 The bl ock overl ap neans nmay be
i mpl emented as a band interleaving function and a

F SSLRTR l O Sf E5FTAR, BBa P P s

poB@block 100 ebiictddao histequéid 8RR 10} Wheré afl ifitiflfadquency band
bl ock_ and presents this via suitable output neans

nppber Mirohi set dnihrialloudrgpuek 192, 6r intal gaiy valheigo is set. In step
168! e@é&?gﬁn vt o3 dbhifkd £ o B 4 a%a?%ﬁ{f%{ntcre%en‘? AG, followed by
pref erred speech optim zatiron a gorithm conprisi’ng a

tisd @lldulatioBi o thdproplscdQPecc A Rmelicaslify oy atieSIaH SRP 0. Aft&CHep
101, where an initial frequency band nunber M= 1 is

18dthe ppeeelintellpibaity vglus 58 is copmareghiojaniipitial vajue Hloimstar 105.
go is set. In step
If the new SI value is larger than the initial value SIp, the routine continues in step
109, where the loudness L is calculated. This new loudness L is compared to the
loudness Ly in step 110. If the loudness L is larger than the loudness Lo, and the new
gain value gy is set to go minus the gain value increment AG in step 111. Otherwise,
the routine continues in step 106, where the new gain value g is set to go plus the
incremental gain value AG. The routine then continues in step 113 by examining the
band number M to see if the highest number of frequency bands Mn.x has been

reached.

If, however, the new SI value calculated in step 104 is smaller than the initial value

Slo, the new gain value gg is set to gy minus a gain value increment AG in step 107.
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103, a new gain value g is defined as go plus a gain
val ue increnent AG followed by 20 the cal cul ati on of
wo b4possposed speech intelligibility value Sl PCI/PKe@2/000492
104. After step 104, the slﬂeech intelligibility val ue
Sl is conpared to an initial value Slo in ste 05. .
Thef proprsed eppesh intalligebility viabiegd s Ehﬁaﬁalﬁﬁlétqdrﬁgﬁnafg Rjﬁﬁlnﬁg gamn
tine continues in step 109, where the
VaI§e lr]1ﬂes§3 JL@JS cal cul ated. This new |l oudness L is
Fongared to the 25 | oudness Lo in step 110. If the
oudness L is rger_.than the | oudne
ThPADoRRA SBGH SISOl go SR GAMPHED G iy aloe SR hep
11205 BORAY vAldelst 1s°‘fa?%: %ﬁla]‘l thgnlf‘t?ffl W‘aﬁﬁ ST, tRerohiasd EdiRinues in
continues in ste é where the new gain value g is
steel 11, ovhgee nhbunswtgmm Valm:g(ﬁmdnﬁlmd agagomivad AS. AG The
routine then continues in step 113 by exam ning the
band nunber Mto see if the highest nunber of

If nﬁﬁl%f‘%ﬂ(i%ﬁrggs% dr ME@ ngng BANROAG 2alE th ad ﬁlcreameﬂle

e new ue ca in step 104 is snal
inktied Baih RRldendotis pies@raédJﬁ)r fi8laencl fband dy Teiroutie awatlglmesus step

1 D pouaiongste brem b bl o A05e s pEEency bands
l\/férg,gll?a% I%Fél?feeahlllécg sl Xot\ﬁ’}é F‘%e he k&atfn@%@nﬂhﬁie@ L&laaét@pjl 15,

e new galn In step 108.
inefeppasag tiepesateriofi ths:l freqyeﬂm}d balngl s@bjeetdo @gamnzaaonba 1oee
to the jnitial value Slo

Oigrisie she rasths gaisien T e a4 hY Pompari s ey 51 Vg bith the

ofdos’*ét:ﬂoP 1,48 Wete?ﬁﬁﬁﬁ if the cBfr&Bndelbbtw¥diehemtif Smagsw (g dtolerance
value go i1s defined as go mnus SG If neither an

valoeeeased or a decreased gain value AGresults in an
increased SI, the initial gain value go is preserved
for frequency band M The routine continues in step

Iflcgl bt \%?éyo‘ﬁ'sm ealkﬁlﬁteﬁ%méadﬁmmg in Mitied s@B902 or kieg 108 are

é’hest nunber of frequency bands Mrax has been
smbsdmhel@ly differertifroni Sloniot. theheectoas differ nrcns@n thapdhe tolerance value

o RS B TRy oo
n%(ﬁﬁﬁﬁ‘iﬂlt%ﬁatl hnﬁm{}ﬁykl ne continues in st ep 114 by

conparing the new Sl vector with the old vector Slo
to determine if the difference betvveen themis smaller

N R L NCR T o S e
iR &Rent A% B ﬁmlt?;fbl?ﬁﬁg@lﬁﬁ &ty gathfideemsit \fJMDﬁTfa‘Btdil 1/d, veéhere d is

the vectors differ by nore than the tol erance val ue
a positive number greater than 1, and incrementing the iteration counter k. The routine

then continues by iteratively calculating all M,y frequency bands again in step 101,
starting over with the first frequency band M = 1. If k is larger than kmax, the new,
individual gain values are transferred to the transfer function of the signal processor in
step 118 and terminates the optimization routine in step 119. This is also the case if
the Si did not increase by more than € in any band (step 114). Then the need for
further optimization no longer exists, and the resulting, speech-optimized gain value
vector is transferred to the transfer function of the signal processor in step 118 and the

optimization routine is terminated in step 119.
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8, the routine proceeds to step 117, where the
iteration counter k is conpared to a 20 nmaxi num
w0 p@nmosson nunmber kmax. If k is smaller than kP@&ERPKRI92/000492
routine continues in step 186, by defining a new gain
increment AG by nultiplying the current gain i ncrerrent
Ingssencs, thgelgerit mdravm@%% nag diensispt Yegkor spaasent M
e
SR bohd Bln anty B a6 e e P GBS P SRy
baal with adspeg takhe 1Myex strvamuemwdwnailaesagﬁltHe vamaBIe@p and d in
101, starting over with the first frequency band M =
thi3 cemplc pis 4 2PGEP o ko e AP b 0
val ues trans ed to the transfer fun t he
scffy e B Grendy bR S pladyebit HhiEapine S AG'S fodb.
SORG1LIE F&kd mersﬁ(%h '&?at ke ﬁé&ﬁhl%lgualm&lvb%eéhﬁé} hik&o six
case if the not inhcrease by nore“than a in any
1that1dns( seeqopdmﬂ)s rea‘Ehedmhbre terganiatingrth® Giffenerich between the old Sl

t on er exists and he re

Vet B hev ) der §EKFous het eyiE At TS okftiion of Fibpequgnt
1t&1l3ﬁv& Et@ﬁ@fnﬁfl bk wadihA8H. Thud, 16is 818R&|m By RE L EFEtiviein &r@b of
118 and the  optimzation routine is termnated in
PECefSIEIGqUINISID A OPEED of FROTFERRGV2/ 000492 15 In

essence, the algorithmtraverses the Mmx di nensi onal
vector space of Mmax frequency band gai n val ues
Thé €loat dheelin fi gOBillerie@ Goi lilee SAIvVAlu¢ahetied botheealgbrithm in fig. 2

requency band with respect to the |argest Sl val ue.
ot b phtaiap e Sl gQsHh I ECarsing A6 figs imBlethentsithe sigPRaj cach of

ﬁ%%ﬁ%&‘gf@ 8 fi g Iz %Tag@ﬁ%%g%ﬂneg tgzétttig? g_pééglm&lf%lfblhty index, SII,

1sfsemwdrasyhd3maaimreﬁnﬁm lﬁMESlpemhtmEIlEgﬂmht}g SpdThatSIfa&gonﬂﬁll s

lrﬂg%}éﬂe‘s i %%nSéf g 1{%\?‘3?%%3({5 (ﬂj‘ﬁ 3?)2 §f2|1’1 he drd eg Oﬁq!st hm
it mréqﬁeﬁﬁmag MUERR: fefhaal ol e il baiiense, te

bet ween e old Slo Vvector and the new SI vector
epavdmaispaedl Spgéthine levellS tthemtarameisedavad N andibe heming

bR T PR DRag PR T ve | n Lerme of 10 processi ng

requi renents and speed of convergence. The flow chart
in fig. 3 illustrates how the SIl val ues needed by the
Impiglsr 1o utitize he B calpulagiom ibis neenssdrh éeidetamminsihesgugaier ohm

rﬁ#& ﬁ[uﬂ f%%u&?cgf Bfggs §ef'o#§34n§/@§ﬂhlsauéﬁ ?st %%Q a%f a%ﬁﬁ?gm%{hod of

SSU

cﬁlb&laﬁmg &s/8ral of gelihgiled patraamteﬂ@eperﬁ d»n the hombsr &el watiwitith
as the neasurenent for speech intelligibility, SI. The
okthess HedUeORYPMSt i al i zes in step 301, and in steps 302
and 303 the SI al gorithm determ nes the

The equivalent speech spectrum level S is calculated in step 304 as:

1 S= E,,(f)—lOlog( A(f )}

A(f)

where Ej, is the SPL of the speech signal at the output of the band pass filter with the
center frequency f, A(f) is the band pass filter bandwidth and Ao(f) is the reference
bandwidth of 1 Hz. The reference internal noise spectrum N; is obtained in step 305

and used for calculation of the equivalent internal noise spectrum N’; and,
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nunber of frequency bands Mmax, the frequencies foM
for the individual bands, the equival ent speech
wG@pmanessm | evel S, the internal noise | evel N BOODKR@®2/000492
hearing threshold T for eatth frequency band. 20 In
order to utilize the SII calculation, it is necessary
syhseqrently rthe equikelenumtskinggpectum iaieliGaThe fasigueandye axarrssed
.pefore any calculation is taking place, as the nethod
of calculating several of the invoIved par anet ers
depend on tfre nunber a {g%”d of these frequency
j%and 2910 eoequl % f s éé pectrunmlevel Sis
Al o ac0dee b step2 (1) $=E&)-10l0g Qf) , o)
where Eb is\the SPL of the speech signal at the out put
of the band pass filter wth the 30 center frequency
f, A(f) is the band pass filter bandw dth and AO(f) is
whiR NefeheBga visRtWetHannbike dpddtum B Bf 8 ru@ermger value of N’;
i nternal noise spectrum N is obtained in step 3
arthithe gelégpeash neaskmnglspediom levek Yiecxpredsodbent i nter naI
0|s§kzgg é%un1N and, WO 2004/008801
27000492 16 subsequently, t he equi val ent
maski ng spectrum |l evel Z1. The latter can be expressed
as: i-1 0.1 Bk+3.32Ck log F 11 (2) Zi =10l og 100. 1IN;
F+13‘. e dritical bgndl centek frequentgr@d My iis the higher ﬁaqueﬁay Batd limit for
ternal noise spectrumlevel, Bk is the |arger val ue

ﬂ@fcrwcal bend kt RBe slops pe sk Oﬁrﬁsekspfrga Shssking Celpaxpigssed as:
Xpresse - F1 is the critical band
L@entg’i3 f%ﬁ%g@’/%gﬁéﬁﬁk%ﬂs t he hi gher frequency band
limt for 10 the critical band k. The sl ope per

octave of the spread of masking, C, is expressed as:

whéde 1Gis the lo8@+ regiiddicy baid] lg{tHor thee tyilicallbede |i is the

| ower frequency band [imt for the critical band i.

The equivalent internal noise spectrum level X’; is calculated in step 306 as:

®) Xi=X,+T",

where X equals the noise level N and T; is the hearing threshold in the frequency

band in question.

In step 307, the equivalent masking spectrum level Z; is compared to the equivalent
internal noise spectrum level N’;, and, if the equivalent masking spectrum level Z; is
the largest, the equivalent disturbance spectrum level D; is made equal to the
equivalent masking spectrum level Z; in step 308, and otherwise made equal to the

equivalent internal noise spectrum level N’; in step 309.

The standard speech spectrum level at normal vocal effort, Uj, is obtained in step 310,
and the level distortion factor L; is calculated with the aid of this reference value as:

@—u—m)

6) L=1-
(©) : 160
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15 The equival ent internal noise spectrumlevel X i is

calculated in step 306 as: (5 Xi = Xi +T 1, where
wXeooaqesahs t he noise level N and T1 is the heaPCTDK2002/000492

threshold in the frequency17band in question. 20 In

step 307, the equival ent masking spectrumlevel Zi is
Tb@)b@@raéldlbtﬂ@t}'tﬁhes edjeilotad mstep BHE ainal noi se spectrum

| evel N 1, i f\t he equi val ent maski ng spectrum
(hevels 21, 1[m1gest t he equi val ent di sturbance
spectrum llevel3Di i$ nmade equal to the equival ent

maski ng spectrumlevel Zi in step 308, and ot herw se
made equal to the 25 equivalent i nternal noise

a&p%‘ﬁaﬂy %AI ¥ spdch 1B fb%@tg (?e'x Epf*s &ﬁ&ﬁg@dﬂl s%eg;beﬁ%has

pectr'im 1 evel * at nor ort t'ai ned
|n ste go and the | evel distortion factor L1 is
Ral ctﬂ Lk h the aid of this reference val ue as:
(6) Lt - (S-U-10). 160 30 WD 2004/ 008801
PCT/ DK2002/ 000492 17 The band audibility A, is
calculated in step 312 as: = (S-DO+15) (7) A L, C
wheg L is ﬂmabansﬂ imppgancetfanctiopagethtol \mleh Ithegaudmlhwlittn@epect to

cal.cul at |
st g Lo B8 e LR TR et s DnbE B gy
bl The &llaSrithaclicbindrates itvktep 31 £5PRGE tHecal RRRETHI value is returned
frequencies, and the speech intelligibility index is

tostbﬁﬁ‘éb%é]@%@ém(ffqté}ém@ﬂcy band. The al gorithm
termnates in step 314, where the calculated Sl val ue
is returned 10 to the calling algorithm (not shown).

Tﬂ'dn SII $tpresenpy aemem;se of aneabdlity ©f afsystamab ifzilﬂ‘fU/l]}Olfepﬁ)(hiyéSt em
to faithfull roduce Egonemss i n spee

PRODSEIE i $RFEC e LR, AU FPRE Ve PH?fBFﬂ%andﬂ thesPepRd
rEREREY thrEBRTHE §stgat hrough the system

Fig. 4 shows six iterations in the SII optimizing algorithm according to the invention.
Each step shows the final gain values 43, illustrated in fig. 4 as a number of open
circles, corresponding to the optimal SII in fifteen bands, and the SII optimizing
algorithm adapts a given transfer function 42, illustrated in fig. 4 as a continuous line,
to meet the gain for the optimal gain values 43. The iteration starts at an extra gain of
0 dB in all bands and then makes a step of +AG in all gain values in iteration step I,
and continues by iterating the gain values 42 in step II, III, IV, V and VI in order to
adapt the gain values 42 to the optimal SII values 43.

The optimal gain values 43 are not known to the algorithm prior to computation, but
as the individual iteration steps I to VIin fig. 4 shows, the gain values in the example

converges after only six iterations.

Fig. 5 is a schematic diagram showing a hearing aid 22, comprising a microphone 1, a
transducer or loudspeaker 12, and a signal processor 53, connected to a hearing aid
fitting box 56, comprising a display means 57 and an operating panel 58, via a

suitable communication link cable 55.
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15 Fig. 4 shows six iterations in the SIl optim zing
al gorithm according to the invention. Each step shows

wao b@4f00asal gai n values 43, illustrated in fig.PAT/BK2@2/000492
nunber of open circles, cdaBresponding to the optina
Sl in fifteen bands, and the Sl optim zing
al gorithm adapts a given transfer function 42,
"FhUcHﬁﬁﬁLﬁﬁ@aﬁoh Befwddn it RSrifg GRIN1 iﬂﬁqﬁé flktirfg?_ooxzﬂi it ﬁnﬂ@ﬁtented

he gain for the optinal gain val ues he itera

bé/tualﬂltzmgathe standsxd heargpgiand pidust@y dBnmnmahﬂmg)Iandsola radd sigealing

t f AG,in all ' l.
Rk e Dl g o R EEE Bl g PO korRes s
dgr§ﬁlﬁﬁ>ng Hevidd ddaple forredd thnYlopbiat&Hififlis, lsGch AR aBo'ﬁ?the
galn values 42 to the optimal SII values 43. 25 The

usgse hﬁmngglmpmm@nu eepdg datefiraet thi heanmgtadd, idisplayiingyarionsn

as. ;t:he |nd|v dual iter
ngft'oiérﬂétl %@{%B’#%&%ﬁﬂlﬁg thfql%é%n aid bﬁ’eW6té]ilg,]l O f fliemory i ath%ﬁeanng
af:d(:aimble prGgIﬁMﬁ{eq%SarﬁétélfSr V@xmdn;s tpes dftp%f,ﬁﬁmﬁﬁh? ddviidks nfay be
is a schemati ¢ _di.agram showi ng a hearing ai

SB&%%W&DM@OS& skiltefl g sriet. E.2- som @rqgrm@qvw are adapted for

CDRHSRRNE 112 AR RESRETAE,ES v EOMEBHE

dedr ab&it swbabl@prorgmmmhvngrt@vmammay%Ioundan:WOsﬂﬂlOBm zmd in WO
9a ication link cable 55. WD 2004/008801

002/ 000492 18 The conmuni cati on between the
hearing aid 51 and the fitting box 56 is inplenented
by utilizing the standard hearing aid industry
ch@rﬁm;%fﬁr:ﬁmr:in@l of the ma@ramsqn el thm@earllng\atd 22 is adapted to
avai | abl e l.ed th he .h r|n aid
<P ice R B eRRR S it Eingr e el e crdihecd Smpihefin.
fhieHer lcB&:@iVds e MR EoradoRimiil Pating, th§i=3éﬁlt1ﬁ§ StEs Aucf tHe Tirfk&able
users hearing _inpairnent, reading data fromthe

SAdathefiting aox ap &1 da%lfngng/by theudsplayuernseX’i on and
programm ng the hearing aid by witing into a nenory
in the hearing aid suitable programme paraneters.

’Ma fitusbdy fes able torfoge arfaacmgt dfethe SESvaNRYréa theShepeias brib?2
y those skilled in the art . sone gro gramm n

Oaém digrlay m_ea%%mé frapsgpittng a@arﬁm@rwrrﬁ signalftoghe %eanng aid
p?éUeE%EBZ V s l{}@%"ﬂ%s@hgﬁl&(ﬁr a1 iRl 5%@&11 eéseﬁéf

Furt out surt grann1ng evi c
poapgsdoe 5B d)tudtdmen tHaOaBORBANRII aaltie ite thA@ittiB BAR2 G viaThesame link
tragsfer function of the signal processor 53 of the

ng aid 22 is adapted to

Such a readout of the SII value in a particular sound environment may be of great help
to the fitting person and the hearing aid user, as the SII value gives an objective
indication of the speech intelligibility experienced by the user of the hearing aid, and

- -appropriate adjustments thus can be made to the operation of the hearing aid
processor. It may also be of use by the fitting person by providing clues to whether a
bad intelligibility of speech is due to a poor fitting of the hearing aid or maybe due to

some other cause.

Under most circumstances, the SII as a function of the transfer function of a sound

transmission system has a relatively nice, smooth shape without sharp dips or peaks.



10

15

20

25

30

15 enhance speech intelligibility by utilizing the
nmet hod according to the invention, and further

w@eospioisses means for conmuni cating the resul tipgr/BKR002/000492

value via the link cable 58 to the fitting box 56 for

i spl ayi by the di spl ans 57. The fitting box 56
R Rttt abs o Bfhe. ToRRHeoTanoRglion R Enhovn as
te@Edpag ?h(ﬂe@t%netggd,‘éﬁn bbgsedi. spl ay neans 57 by
transm tiing appropriate control signals to the
hearing aid processor 53 via the link cable 55. These

trol  si | 's. i ruct the heati.n i d rqcessqr. 53
82 sbebap et sPRUP KT Labdfer § B JriomeRotaRA oumitance
b§613h‘1i§[%| dehef sataBlelbaid pass Ftess, Bl frotfuciChunds EQAEOMEat &

the value in a particular sound environment may be
infepgidsatly wépgrh athers sl the emphfcgionsgsin ngadhHecqyeney bagd can
i.d: I . 1 I I Y ' ' - -
o8 ol BT RRjrhidp R SIL I iR iy S Bl Bt
poysibleeo tike theofaryihg ilpatdnag ofiihd, difigrent spagubrsppetivah €requency
adj ustnents thus_can be nmade to the operation of the
baadyacaeydinedfo the 4D sigpdardintggecamnt o be of use by the
fitting person by providing clues to whether a 30 bad
intelligibility of speech is due to a poor fitting of
It beotheamibugliment, te fittydleoxdineorporatesalatn mbdéessing aesns for
Under nost circunﬁ%?gces he. SIl as a _ function of .the

TRGERART & FOUNGHRPYISHEGH ramdBe h%ﬁﬂntgraéﬁlx P ading 40 SYIPYMOR K

sBuRdEdiron it BHs&Eon HERBHA ﬁpﬁéﬂﬂlﬁd&@é&ﬁﬁﬁgﬁﬂeﬁhﬂa&e Bf the
peaks. WO 2004/ 008801 PCI/DK2002/ 000492 19 If this is

speesh intelligibillyvaggerding to Hee soyse enviranamens pstingrfte aimd to the transfer
opti m zati.on.routine, kno s .the steepest gradient
1o of B Rhe il Secni St RhoBRe welFoflsE FPGRon 8 &P
chhire ehea¥pebar inedili @biliteestiniacd, hBE HanGNitt aboRf the modified
instance 5 by using a set of suitable band pass

trappieefugctiomto the bearagayd Beerder toaredily the Bearisg aid programme.
i ndependently of each other, and the anplification
gain for each frequency band can be adjusted to

The>gendraleprinvepl& for fterativd adlcylatidi eithabpiimelBIeisalesdritied.in the
This makes it possible to take the varying |nportance
foowing. @iver aserid EpsaissiEiePLTth AdaaeA dpnsigaigstion, an

iﬁ@iﬁ?{]agiré%%,owﬁé}@ KAk i’&?@ﬂ@%ﬁ)ﬁgﬁ%ﬁiﬁn §f€g9&ﬁﬂtbe s&Orok Bach

ano odi nent, the oX I ncorporates data
fqueeydiang i ethn srafigler funeit@i.vi ng a sound i nput si gna

fromthe hearing aid, providing an estimate of the
An initial gain increment, AG;, is selected, and the gain value g; is changed by an
amount TAG; for each frequency band. The resulting change in SII is then determined,
and the gain value g; for the frequency band i is changed accordingly if SII is
increased by the process in the frequency band in question. This is done
independently in all bands. The gain increment AG; is then decreased by multiplying
the initial value with a factor 1/d, where d is a positive number larger than 1. If a
change in gain in a particular frequency band does not result in any further significant
increase in SII for that frequency band, or if k iterations has been performed without
any increase in SII, the gain value g; for that particular frequency band is left

unaltered by the routine.
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sound environnent based on the sound input signal,
determning an estinmate of the speech intelligibility
wW@ewaenekisng t o the sound environnent estinate aPdI/DE260R©00492
transfer 15 function of theohearing aid processor,
adapting the transfer function in order to enhance
the speech intelligibility estimate, and transmtting
oyt t.-he. modi fie r ry function to the
T}ﬂegger%?t%% Oi)ihggl ?aﬁloglr)l g%tﬁﬂ%%n#%ggp%g{éﬁgfsheari ng aid
programe. The ge inciples for iterative
(o5al cyl(atiipa gl )+ hign ||- & )(k),svidescribed in the 20
following. G Vven a |dod&d ft)ransm ssion systemwith a
known transfer function, an initial value gl(k),
where k is the iterative optim zation step, can be set
for each frequency ba i,in the transfer function,
TIRR, 1R o 192 B GPIrEPETaY hontigh Of L gEiut gt B i o the
stelftlafll MBlp&- SHhdikdt GRARIRHMPNoRINASTRIBUR incféalerdt NG; 8RB be
frequency band. The resulting change in SII is then
prdédfmedian exipressaddin:t he gain val ue g1 for the frequency
band i is .changed acgordipg if Sl is increased by
(10he é%,@@@kmﬁx aﬁ@’ﬂaémegcbx%ﬁézﬁn-questi on. This is
done independently in all bands. The gain increnent
AG is then decreased by multiplying the initial
] e bydhe orMBE ek dase@cRRithiopipeTber
raﬁ%&g@?ﬂeﬁ%n&ﬁ&%&g%% gﬁaangeel; n gaien In a partli cul ar
frequency band does not result in any further

ignificant increase in Sl fo hat frequen ba
15 Yop sl et e o S b RIS FRO L A he resul
of ([éQIEl%gﬁl% d RstdohverH iBRdtive\sBALE a%@riﬁﬁ‘ﬁ whthatloWaohipudtidhal
frequency band is’left wunaltered by the routine. WO
102804/ 008801 PCT/ DK2002/ 000492 20 The iterative

optim zation routine can be expressed as: (9)

g, (k+1)= g; (k) +sign aSIl AG (k), Vi ag, 5 Thus, the

AGRBEBR driferibn fob céifeicitetthbitetali®e siggfithad ist he gradi ent
only, as aqpposed to the standard steepest-gradi ent
(dpt i ﬁflz,g(k)k]SHL,agGTH]Ohm The gain increnent AG may be
predefined as expressed in: (10) AGS, D(k)= max(1,
(¥2un{SIEB,, (B)-BSKj; ®-)< elandl, 2, 3. .. 10 rather than

bei ng determ ned by the gradient. This saves
(Bymputsab;kgn. tine. This step size rule and the choice
of the best suitable paraneters S and D are the result

Thus, the SII determined by alternatingly closing in on the value SIly.x between two
adjacent gain vectors has to be closer to SH.y than a fixed minimum €, and the

iteration is stopped after K,y steps, even if no optimal SII value has been found.

This is only an example. The invention covers many other implementations where

speech intelligibility is enhanced in real time.
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of devel oping a fast converging iterative search
algorithmwith a | ow conputational |oad. 15 A

w@omgiotdsel criterion for convergence of the it ePEI/DKe002/000492

algorithmis: (11) SlImax 2tk) > Slimax (k -1), (12)

| SlImax (k) _ Sllmax (k - 2) < e and, (13) k:5 5; k.x
Claimg Thys, the SII determined by alternatingly closing

in on the value Sl max between two adjacent gain

vectors has to be closer to SlInmax than a fixed

mni AunetBpd afprocéssing 4 sgred iromheasingtand plecheafing aidkimaing a

steps, even if no optinal SII val ue has been found. 25
Thi STYGIOBRIRG» &RFGELSHR, S o SHAP Y HABREICE, COBpEPLE RBRYing an
ot hegginimt 6FE Bl ARB ot EdetSRAEIHE ah Bb@hhte @ Bld dpbschl S
enhanced in real time. WD 2004/ 008801

PCT/ DitdDgibilgp @d@2ding to thelsaimdenvironmeneeshiotteodnd to the transfer

L. [ | . h [ ' t h ' id
Pt Heior of e bfre 0 £ S RE e Baptipe i ahtn e Bt
t r angFHdE BY enh@ACEMHE Spdedh AREIRLIbIING edtimate. esti mate of a
sound environnent, determ ning an estimate of the
speech intelligibility according to the sound
enyi est.] t.0 1. .. ' f
REAR R R R Sl

f unctinetion Bs a ghidleeciod repdsanig tdbgesii@eitiin a number of individual
intelligibility estimate. 10 2. The net hod acgor di nIg
to cHgfyRNEy bardsipiths hgring ekl BIPFRsHYY> the&at st bping selected

functd : ' - Ofakepresenti ng val ues of gain
in ah%%ﬁggﬁng%ﬁﬁﬁ |b?§%§Pﬂﬁ$requency bands in the
heari ng aid processor, the gain vector being selected
fo hanci ng speech intelligibility. 15 3. The nethod
ko At b darito B SRy ne BepARininghe RaMgERIT
vect gfroud Qe er AFirt Pat bPthe FrehliéRly bRAL Ees?@ctiv@ &ain
frequency band respective gain values suitable for
enhangluegyswiabledhr enttanting gpdsch intglligivdlity end datermingng for aa

\S; :IC Sg%dcogﬁ :ptgﬁg tﬁet}?ec{ugr?(%/ earrllﬁg( re%%gc 1%’6 rggl%pv%‘ﬁ}els Y}?rogg{ N
interpolation between gain values in respect of the first part of the frequency
bands.

4. The method according to claim 1 or claim 2, comprising transmitting the
speech intelligibility estimate to an external fitting system connected to the

hearing aid.

5. The method according to claim 2, comprising calculating the loudness of the
output signal from the gain vector and comparing the loudness to a loudness
limit, said loudness limit representing a ratio to the loudness of the
unamplified sound in normal hearing listeners, and adjusting the gain vector as

appropriate in order to not exceed the loudness limit.

6. The method according to claim 2, comprising adjusting the gain vector by

multiplying it with a scalar factor selected in such a way that the loudness of
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i nterpol ati on between gain values in respect of the
first part of the frequency 20 bands. 4. The net hod

w@emaekspy to claim 1l or claim2, conprising PCT/DK2002/000492

transmtting the speech idelligibility estimate to

an external fitting systemconnected to the hearlnq

ai d.thggailm valyes apelonst thaacesradualdot e epaespording donstnpssi gt
cal c‘%gél ng the | oudness of the output si gnal from
the gain vector and conparing the | oudness to a

| oudness |imt, said loudness limt representing a

ratlotothe Ioudness of the wunanplified sound in
he pethor ggeqrdingde glagm %ﬁ@n@éq1%§qmﬁmtgr§écl’g g31R value in the

VeCt %z[m @éﬁtﬁgﬁnﬁﬁ%gwﬁk%& th log&ﬁje%ﬁ of% :% t‘ggﬁfﬁ%%jlot“}%?than or

| oudness e net accor alm 2
conpequal g thedjonstpanditgleudimsnlim@otabre. by nul ti pl yi ng

it with a scalar factor selected in such a way that

t he | oudness of WD 2004/ 008801 PCT/ DK2002/ 000492 22

the gae Hleﬁh%ﬁté@&rafn% th %ﬂ@ﬁf ﬂa@%ﬂace@hg oAk, Jo?hpntsfh% detennmmg
correspondi n ess [imt valué. 7. The meth
accoﬂl@spgectl@ntcll@lbﬁl@ estioatsrdssinagticatitioatingar. each gal n
value in the 5 gain vector in such a way that the

| oudness of the gain values is |ower than, or equal

t 9. TRene@bHRSHGARIZNG oh®UHINE peeckiiftl clandk L@m&smﬁhﬁtenmnmg
met hod according to one of the precedlng cl ai s,

c onpthiespearsh deieBizihihiyrRytimeireasgyaediiati on tEAnSMESSION| ipgex.
estimate as an articulation index. 10 9. The net hod
according to one of the preceding clains, conprising
ddeThe meth@d acb@disigae ohe bflﬂaelplréo@'dhglc'ldims SohiphRing ®@erMining
nodul ation transm ssion index. 10. The nethod
accoﬂ)&.sagecbémeﬂgﬁahtyt%@Hﬁkea@@oﬁpﬁ@hemsﬂ%blhﬁvdﬁﬁ% si ng
determning 15 the speech intelligibility estimte as

a speech intelligibility index. 11. The nethod

addoThe mgthiod aooerdinfz to loee pf the @aéoading lciaims,, couqmshigsiemgnﬂning
determnin t he .speech intelli lity.estimate as a

o pect PelinlGRRS Rt Sa peechtru st Gt or di ng

to claim?2, conprising determ ning a speech |evel

12. The method according to claim 2, comprising determining a speech level

estimate and a noise level estimate of the sound environment.

13. The method according to claim 2, comprising determining the speech level
estimate and the noise level estimate as respective percentile values of the

sound environment.

14. The method according to any of the preceding claims, comprising processing
the speech signal in real time while updating the transfer function

intermittently.

15. The method according to any of the preceding claims, comprising processing
the speech signal in real time while updating the transfer function on a user

request.
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estimate and a noise | evel estinate of the sound
environnent. 13. The nethod according to claim 2,

w@ovpioissing determ ning the speech [ evel estiPEI/BKa0d/000492

the noise | evel estimate ag3respective percentile
val ues of the 25 sound environnment. 14. The met hod
ad6éofk mgthod agenydiog te hleim i 8 cwdiprging determyiniog tpr $18 ahg

procgssi.n he s ch,si.gnal in.real - tinme whil .

o O b SRR BB TR 0y Eleh e i o Bgingdoss
The vw&tdiod according to any of the preceding clains,
conprising processing the speech signal in real tine
whi |l e updating the transfer function on a user

regquest., VO . P ./ . 16...The
A A N T

t he Stindite & a funogdn ohat®ast hie BRERCInUEdElof ¥pdedl Sevelsha least

noi se | evel values, and a hearing |oss. vector. 5 17.

A hedis 8O aNwBhof 8Pisg lq‘féhﬁgdfagwa%g log$ BeGtergn4 number of
spee&@hh&kghkﬁgﬁg§bgﬁs_ estimate as a function of at

| east one anobng a’ nunber of speech |evels, at |east

one anong a nunber of noise levels and a hearing | oss
vect in a nupber of indivjdual frequency_bands.. 10
148 %ﬁ%gﬂfgg%@%@m  EmpTiRgmeRns o5 pRaSingg
rreansspegg{ in®IhaBAIN By wah@e s l&iﬁ?%b#fc@hﬁe' e{%ﬁétrﬁéhté’\@ya Rimber
appl yi ng appropriate adjustnents ' to a nunber of gain

| evedisgaimleyels imbarmbér ¢friddividdabireducaciubancly ibthedwaiing aid.
the hearing aid. 19. The hearing aid according to
claim17 or 18, conprising neans for conparing 15 the

I qu’n%ﬁeﬁﬁl?(éﬁf iR RPEHoN a1 At s 18] c@idpRsih ehss fof cdMBaring
i ndi vidual frequency bands in the hearing aid to a

| oudthedendness of cparsnendingiadivstsd@aislevels i thejadivigual frequency
repr ﬁth%lg i gw% h%aﬁ% 4i8 ¢4 Qlélﬂlﬁeésgﬂﬂi‘g %&lge,osfajtdt IHSdness limit value
unanpl i Tied sound; "and neans for adj’'usting respective

gai nreypsdserstingasradip s therlowdness of the dermplifiedtsousk aae theahefor

| oudness, limt value. 20 .
adjusting respective gain values as appropriate in order not to exceed the

loudness limit value.

20. A method of fitting a hearing aid to a sound environment, comprising selecting
a setting for an initial hearing aid transfer function according to a general
fitting rule, obtaining an estimate of the sound environment, determining an
estimate of the speech intelligibility according to the sound environment
estimate and to the initial transfer function, and adapting the initial setting to
provide a modified transfer function suitable for enhancing the speech

intelligibility estimate.

21. The method according to claim 20, comprising executing the step of adapting
the initial transfer function in an external fitting system connected to the
hearing aid, and transferring the modified setting to a programme memory in

the hearing aid.
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20. A nethod of fitting a hearing aid to a sound
envi ronnent, conprising selecting a setting for an

w0 piottioesoheari ng aid transfer function accor di POI/DE2@2/000492

general fitting rule, obtatning an estimate of the
sound environnent, determning an estimate of the
sp2eiite methed hécgrding ia glaiae %@rq@nmglsm detpemarong the transfer

envi fonnment 25 ni.tia st

£ uncERGHR St AP ena r e oLBi bl GBE ldivigoa
a noglfubRe) Bnan sl @E hbait i@ Braedisoahhegdin Weaﬁh’&ﬁﬁg Seected
the speech intelligibility estimate. 21. The nethod
accdptemygneing speschimtelligtdwiyr i si ng executing the step

of adapting 30 the initial transfer function in an
external fitting systemconnected to the hearing aid,
and. THeansthed kidbadihh e Taich P2 ednieisingiptdrmieing thegmanvetor
menory in the hearl n% aid. WO 2004/008801

PCT/ thiczgb Zetsoningze fop4 Tpst paqfﬁétlﬁﬁeﬁf%@n%%}dauf?@e‘ftbve estimates
cl ai tgg SPG%&STHMIE 'Bﬂltg Qﬁ(ﬂ Qe Eilﬁevawe@@&ftﬁﬂe for enhancing
function as a pres nt| ng val ues of gain

in aSIﬂéU]hﬁfeﬂiglb]ﬂlﬂﬁand dhuerhnnmg déopuesecyndpartisf tha fiehjeency bands
hearing aid process r ctor being .sel.ected

for WHIREHES BYnIpEE r?l}atfeme?@ql%ﬂqrﬁe‘%e&we@ i Vaffics dvRget of
accofdishg o@ltlﬁ:' gnc gi sing determ ning the gain
vect or I?rough rm n| ng for a first part of the
frequency bands respectlve estimates of the speech

b b L SRR B TSRy o

for gup@conml RdmlthekaihReclof atliesyarih@nts loldnése $¢ & tduduess
gai n values through interpolation between gain val ues

i n rbwpesad udness dintif v@forgaprtese@rmgﬂelpu@aﬁaeﬁf:she yaﬁagl.lfwd

ggl cgﬂh ﬁfl{%&h %ﬂlsaﬁ% a{é’% ngvéoc bﬁQOégl%tSflﬁ glmg% reécr:ﬁed the

t he pabnresy@edior and conparlng the | oudness to a

| oudness 15 limt, said loudness limt vector
representing the |oudness of the unanplified sound,
a | i ol40 LAREHBRe bdin L6 b

£ & o bl indL AU for ARERBRYIRHEe Ll JeCl6t oy
ac cofitijdying itovith as@dar famimpse]@tadgnadg:lus tvap ghat bhe lgegiest gain

vector b
value ¥s lower than, or equal to, the corresponding loudness limit value.

26. The method according to claim 24, comprising adjusting each gain value in the
gain vector in such a way that the loudness of the gain values is lower than, or

equal to, the loudness limit value.

27. The method according to claim 20, comprising determining the speech

-intelligibility estimate as an articulation index.

28. The method according to claim 20, comprising determining the speech

intelligibility estimate as a speech intelligibility index.

29. The method according to claim 20, comprising determining the speech

intelligibility estimate as a speech transmission index.



20 nultiplying it with a scalar factor selected in

such a way that the |argest gain value is |ower than,
w@roogmosahl t o, the correspondi ng | oudness | i m t P/EDK2002/000492

26. The nethod according tesclaim 24, conprising

adj usting each gain value in the gain vector in such

a way that the Ioudness of the gain values is |ower

R e i R PR R sl nbyigh Hseck Tevel

det e&ffneNBdlaiRiSNeRs €st1mate betilel Gl bdvidonnREL | Mat e as
an articulation index. 30 28. The nethod according to

clai m 20, conprising determning the speech

B el R 858 LIRS 37 B SRESENI MLELL ALLARY o

CONFuh&ioAbrdied §ebitliend valles ape eehoideréwd] vhigedi | i ty
estimte as a speech transm ssion i ndex. WO

2004/ 008801 PCT/ DK2002/ 000492 25 30. The net hod
according to claim 20, conprising determ ning a speech
| evel estimate and a noise level estimte of the
sound environment. 5 31. The nmethod according to claim
24, conprising determning the | oudness as a function
of the speech | evel values and the noise | evel val ues.



