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ENHANCI NG SPEECH | NTELLI G BLLITY. Herein disclosed is

a hearing aid and a net hod #or enhanci ng speech
intelligibility. The disclosure relates to adaptation
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circunmstances such as the user's hearing inpairnent
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settings of the paraneters governing the transfer
function are stored in the hearing aid. The setting
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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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The input processing may further conprise some mEaRauany 2007
of conpressing the signal in order to control the
dynam c range of the output of the hearing aid. This
conpr.ession 12 January 2007 2 can be regarded as an
automatic adjustnent of the gain levels for. the
pur pose of i nproving thg listening confort of the
user of the hearing aid. “«Conpressi on nay be
i npl enented in the way described in the internationa
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. Peterm nations of speech intelligibility have been

situaliidy t o assess the quality of speech 20 signals in
tel ephone lines. At the Bell Laboratories (H Fletcher
and R H Glt "The perception of speech and its

In the gash iveriowsoreserrdistsobgye suggesiedomedels Serc theppredigtion of. the

intell.?q%pilé‘l?%bf s&ge%I?oa}P)cmS% 5 ssidht %loh%lgiaggié%agysﬂsﬁmél s %tst

ant*issue anning a ni‘ng concer
wellkinatvh of tidse meduels is shecattivulation {mies’”, pAl thecspretdr medligiBils)y

indes3 ) 5t PRS0 EOTIMONIDMEK oo b PUATEE R Pl 1 a
cochl ear prosthesis,

Determinations of speech intelligibility have been used to assess the quality of speech

signals in telephone lines. At the Bell Laboratories (H. Fletcher and R. H. Galt “The

perception of speech and its relation to telcphony,;’ J. Acoust. Soc. Am. 22, 89-151:

(1950)). Speech intelligibility is also an important issue when planning and designing

concert halls, churches, auditoriums and public address (PA) systems.
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sai d prosthesis having a m crophone, a speech 12 January 2007

processor, and an output transducer, said nethod
“incorporating the step of obtaining an estimate of a
- sound environment by splitting the input signal into
N frequency channels, rectifying the output fromthe 5
N frequency channel s, cogparing the channel -split,
rectified input signal h stored coefficients in a
pul se tenplate table. The rectified signal in a
-particular frequency band is then processed and
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the spaedhfiatelligibilifyTiadei ASIE. eI‘BMSIhnakes it possible to predict the zntelhglble

_aﬁmunt 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 30
- 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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regard to SII. The SII does, however, account fof?lgRgw 2007
intelligibility of the conplete speech spectrum
cal cul ated as the sum of values for a number of

vi dual frequency 5 bands. The SII is_al ways
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Journal, April 199, Vol.52, No.4 describes a fitting
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30 neasure of speech intelligibility |s the speech
Index, @t &K% i gibility index, or SII, as this nethod is

wel | - defi ned, standardlzed, and gives fairly

consi st ent resul ts. Thus, this nmethod wll be the
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U

- -maximizing speech intelligibility while keeping overall 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 SII, 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
§3.5-1997 standard. | | |
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12 January 2007 WD 2004/ 008801 PCT/ DK2002/ 000497 4Hary 2007

Many of the applications of a cal cul ated speech
intelligibility index utilize only a static index
wo 200@bisg; Maybe even derived from condition
different fromthose ppesent where the gcffﬁﬁ%oof}ﬁo‘ﬁwz
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nor mal - heari ng and hearing-inpaired subjects. The
nodel is designed for steady state sounds, but an
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loudné®ibhtbgreuUs optim zati on of speech intelligibility
and/ or | oudness requires continuous analysis of the
sound environment and thus invol ves extensive

A mehRBYE AL LA UMYy ﬂ%%%m%&%&‘ fof g]pysﬁ Gfdsfgasi bl e
environment and setting of the hearing aid by utilizing any of these known methods.

The different estimates of speech intelligibility corresponding to the speech and noise
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.




for a processor in a hearing aid. 30 The invent o} fggry 2007
realized the fact that it ig possible to devise a

dedi cated, automatic adjustrment of the gain settings

whi ch may enhance the speech intelligibility while the
hearing aid is in use, and which is suitable for
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| oudness d|sconfort There may be provi ded a net hod
and neans for enhancing the speech |nteII|g|b|I|ty in
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invention, there is provided a method of processing a
signal in a hearing aid, the hearing aid haV|ng a
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r
l{mcu n op tﬁg processor, and 1terat1ve1y varying gain levels of the individual frequency

bands up or down in order o maximize the speech intelligibility index.

The enhancement of the speech inteﬂigibility estimate may signify an enhancement of the
speech intelligibility in the sound output of the hearing aid. The method may achieve an

adaptation of the processor transfer function suitable for




bands up or down in order to maxim ze the speech!?Jamary2007

intelligibility index. The gnhancement of the speech
intelligibility estinmate may signify an enhancenent of
the .speech intelligibility in the sound out put of the
heari ng aid. The nethod may. achieve an adaptation of
?ﬁﬁ@%ﬁ%@&%ﬁ&?fl infeligibldy 10ra pRECRIBhs e B PR

----------- 12 January 2007 5a optim zing the speech
intelligibility in a particular sound environnment. The
Elap pqundegmyireroneneestimels rrayrhe wpdateg apeftanas atcessanysi-cointegnittantly,
RERER colmbonsh ThSORUATE eor o REM G ER B Femp e
wulafa pasessing unct mimlm@ of the solaid@nyirmméessinng and
variability of the sound environment. In -------- ---
------ 12 January 2007 WD 2004/008801
PCT/DK2002/000492 6 state of the art digital hearing
ai ds, the processor will process the acoustic signa
with a short delay, preferably smaller than 3 nms, to
prevent the user from perceiving the delay between
the acoustic signal perceived directly and the
acoustic. signal processed by the hearing aid, as this
can be annoying and inpair consistent sound
perception. 5 Updating of the transfer function can
take place at a rmuch | ower pace w t hout user

di sconfort, as changes due to the updating will

general ly not be noticed. Updating at e.g. 50 ns
intervals will often be sufficient even for fast
changi ng environnents. In case of steady

envi ronments, updating may be slower, e.g. on denmand.
10 The neans for obtaining the sound environnent
estimate and for determ ning the speech
intelligibility estimate may be incorporated in the
hearing aid processor, or they may be wholly or
partially inplemented in an external processing neans,
adapted for communicating data to and fromthe hearing
ai d processor by an appropriate |ink.
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15 Assuming that cal cul ating the speech 12 January 2007
intelligibility index, SIT, in real-tinme would be
possible, a lot of these problens could be overcone

th h using the result of these calculations to
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Linear..30.1n order to calculate a real-tige S| T, an
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appropegieing 2007 7 a given signal level and a given noise
level. If the anplification gain is changed, the SlI
will change, too. As it is not feasible to conpute a
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If one further assumes that the SII, which has earlier solely been considered in linear
Systems, can be calculated and used with an acceptable degree of accuracy in a
nonlinear system, the scope of application of the SII may be expanded considerably. It
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 STI will always exist for




According to an enbodi ment of the invention, thel?famay2007

nmet hod further conprises degernining the transfer
function as a gain vector representing gain values in
a nunber of individual frequency bands in the hearing
ai d processor, the gain vector being selected for
e piranggdaplevé pRECEvintotk tdvell Bitel abplifidakibs gl cBangpd, iHe)SII will
t he data processing. According to an enbodi nent of the
FRO&MIPon, the nmethod further conprises determning
the gain vector through determning for a first part
of the frequency bands and gain values suitable for
AnHarnet fegsillp toccompiigaaendrg) irdationshjp begwren ehet Sk avid pigivgn f or
i::i i %ﬂlﬁ?cré&%n E Jnggft {aﬁl? YD ki gﬁrﬂgr?encﬁ%BgﬁPEtYO% r&ﬁing is
es throug ion meen val'ues I'n
n@d@ﬁo t:letaimrlel’thls frelzrtﬁ;hs}nmmtordmf totdaerrﬁmeﬂaa pmcyulivangsficalibm gain
e data .processin rough. cutting down
B W S0 P o BEG SRR 0 B S P st
6:@[6&11'@&)&1 thO@dtdil¥t pak bRe ?Jeaﬁédubﬁlm needs to be executed.
The first part of the frequency bands nay be selected
to generally cover the frequency spectrum while the
AP 08 LR Kb IR o WP RGO, 1 AT (P Sl p R Flnis
tbatmnsfqr funchiadens a ghih aectonremesontingtgpiorvalngd ih a priobérchéingyahial

cC anot her enbodi
bty Bono SRR MaBp  pRERO e BRI A BBhe estedorspagiing
- pkech@elBEBRIGN This Y binglibi thé daa @6deksi@i € t 0 an ext ernal
fitting systemconnected to the hearing aid. This may
provide a piece of information that may be useful to
ABRrdiR8b aPEmBRAMEN o AHNINLREh e m&ndd fusthbr BYANHEL | NG the
gfrfornance and the fitting of the hearing aid,
- geitormintngrthagaésvegtor Hirqugh détengiining foowy fivgt pantaf tlesrfreanency bamds and
r.t.o t.h s er audi. t i
Sl IR WG Ror R Y bRl B LR Sl o PP B oond pr

mfammnaﬁy b:mj}s véspdatice dadairaluggthtdugh incppydtios b&teen gain values in
' escrlbed i n \W9008448 and, i n

%@%&% o g ep %értﬁee é"cﬂ%%%éil ands; TS gy sipRitfg e datagropgssing

g%«! tingUewn off tHe'?qulﬁérroY HeRAG AR SWRL 8T eSO c@lex
NOAH speci fied by Hearing Instrunent
mm&m igasithyn n®d$ tohmregecnisd dldie dirst part ¢iihvBANencAbeisk diar§e
n
el PRGOS TSR] bl OB ol e RNy
udgudy teistmeadd 1ﬁuemper§ddeetgaeﬂhv&e¢wﬁcyaﬂﬁﬁsmtmairst part, lid orter

tﬁat 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 W09008448 and in W09422276. Other

suitable fitting systems are




| oudness limit, wherein said |oudness |init repr&sEipEy2007
aratio to the |oudness of the unanplified sound in
normal hearing |listeners, and subsequently adjusting

the gain vector as appropriate in order to not exceed

the loudness Iimt. This may igﬁrove user confort by
B usyi stagdard, sxtstems sughgg HERR o3¥O A H epdsified by Hlearing Tetrmpent
j ays. Wthin.a.c abl e range. The nethod
g%%gggwﬁé ‘%hgﬁ%gsg?ggﬁgggﬁ%%%t of the invention
further conprises adjusting the gain vector by

lti.plying it with _a scal.ar. factor selected-in such a
Recpiibe s ol NG, fg’ thegipesntiam dis megyod Sythar comprisgshe
SRR ARUbUAGess GEID 8 Sut lsighil] troMAhdirin Jddios aliBbmpRirRMi 158
a sinple inplementation of the | oudness control.

udnspiitalg vehsresaidripusapsiipet reresepiea ratig dnibe bmdnestef the
RIpAHed b B oI REak LUs I |
e L o TR R D R R Ko
YeepDroBriate in| agds to noh exeeeddhe loadnged liniib This ey doproesypenintgt by

I I.h the | oudness. vector. Th
EHRTRE ol Bt B HE ilod 48 oL BHSRRR R B R ot renge.
i nvention further conprises determ ning a speech

evel estimate and a noi se | evel estimate of the sound
Diereiisirane ﬁ@%ﬂé&ﬁ*ﬁlﬁ?@f Mgy YU R Semasiespciusting
ik gdih SE @By nNBNYS 1S with a bR BRPSEIR Il RpducRY Rhy tHalTRe
One nethod may conprise identifying, through | evel

londnessds lower tham of pauplde, thiwerespepdiegieudnsss it This may
L: t: I LWt i ose tine frames to
%ﬁggﬁggﬂgﬁggg%gg%ﬂﬂnggﬁhn@%%?%%?é? and averaging the

| evels within remaining tinme frames to produce the

ol sg level . estimate.. Accordin 0 econd. aspect of
PR fng B 18 Propcepanl PhEs WS ey Bube fGhara Hstogen
gapufiue ih 1RFSEGEQEr in Suchh MRS HHOEach 8fNBle Bdin AAE S IbFerQkHnPsH
transducer, said processor conprising a filter bl ock,
qualiteyihg co&ﬁﬂ”ﬂ‘@?&@“@@ﬁ liggit vodue inythgdgudnespiecias | at | east
one sunmmati on point, and neans for enhanci ng speech
intelligibility, said neans for enhanci ng speech
Thetredthadgicdsirding tp abothgambadine@@0The iBantiprfptlics congpriges

dne d h [ I d
R TR N T Y

‘Hesostimhted @by baibiided by a stactdal hag ek ihd soendSdighaiedver time. One
fromthe signal and nqQise estimataor, the hearing | oss

Rehedgray rompiseifentifying faohgh devel anplius, timedipmes 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.

According to a second aspect of the invention, there is provided a hearing aid with an input
transducer, a processor, and an acoustic output transducer, said processor comprising a filter
block, a signal and noise estimator, a gain control, at least one summation point, and means

- for enhancing speech intelligibility, said means for enhancing speech intelligibility
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conprise a set of values repyesenting hearing
deficiency neasurenents taken in various frequency
bands. The hearing aid nay provide a piece of

I nf or mat i use I n adaptive, si
ﬁ?%%’é%.aﬁaﬁfl Eracl s b ﬁgea&fl%l O YeCtop RN &7 pg‘ifgec h
EnHafdelrieft Uit |aﬂetp§bd @ calclilafifya PEecRRABALBH ihdx b4 US 8 sQhals
to a fitter, e.g. by visual or acoustic neans.
Hewdherigngl 18 ngise ermaiar thedicarsre lessacqiorvrsans avd therlppsiness model
heali ng aid conprises nmeans for enhanci ng speech
intelligibility by way of applying appropriate
adjustnents to a nunber of gain levels in a nunber of
i ndi vi dual frequency bands in the hearing aid.
According to anot her enbodi nent, the hearing aid
conprises neans for conparing the |oudness
corresponding to the adjusted gain values in the

i ndi vi dual frequency bands in the hearing aid to a
correspondi ng loudness |limt value, said |oudness
limt value representing a ratio to the |oudness of
the unanplified sound, and neans for adjusting the
respective gain values as appropriate in order not to
exceed the loudness |limt value. According to a third
aspect of the invention, there is provided a nethod of
fitting a hearing aid to a sound environnent,
conprising selecting an initial hearing aid transfer
function according to a general fitting rule,

obtai ning an estimte of the sound environnment, by

cal culating the signal |evel and the noise level in
each of the distinct frequency bands, calculating a
speech intelligibility index based on the estinmate of
t he sound environnent and the initial transfer
function, and adapting the initial setting to provide
a nodified transfer function suitable for enhancing
the speech intelligibility. By this nethod, the
hearing aid may be adapted to a specific environnent,
which permits an adaptation targeted for superior
speech intelligibility in that, environnent. The
invention will now be described in nore detail wth
reference to the acconpanying draw ngs, where: Fig. 1
shows a schematic bl ock diiagram of a hearing aid with
speech optim zati on nmeans according to the invention,




S L 12 January 2007 WD 2004/ 008&plrmuary 2007
PCT/ DK2002/ 000492 10 fig. ¢ is a flow chart showi ng a
preferred optim zation algorithmutilizing a variant
of the "steepest gradient' nmethod, fig. 3 is a flow
chart show ng cal cul ati on of speech intelligibility
Tisd hegririghess Skdtor iymetripash a si &f . valded 1Sprasegir@isaraipisficieney
different gai.n val ues during. individual_ steps of the
PESPEPERH RS I SPTCAERe] Ydsy The ficringipid migy prpvide 2 pece of
- BEHRRRIn] WhitleRELEERER I 2ARRE signd pRSERAF NS KAMALAd for
conmuni cating with a hearing aid according to the
sohoncing seeech mirdligiilty ordt mastbezpeseiied tp ghe user@s R fittes ¢.gaby
Ll QRRARE.: def@nnected to a block splitting neans 2,
IC Purt%e?ﬁgonnects to a filter block 3. The bl ock
splitting nmeans 2 may 15 apply an ordinary, tenporal,
tienall i.ght ed. Wi ndow ng, f.uncti o and the filter
Btaidhiedo mhombaddriar ataft tivebop tusheame Ao iorae gt ot
¢nhsmefpSpeechmpdligititits b Ray bf giplyinpagpropridid £¥ 5tk 18 h B@nber of
~the differen% frequency.  bands in the hearing aid 22.
ALleYdt B P nEPH O | %VM frgusniey bayds mtheleanng adsed to a
mul tiplication point 10, and the 20 output fromthe
separate bands 1,2, ...Min filter block 3 are fed to
pespsingty grothenpmbadiment, the heprnaid eampriesineanslor ¢arpatng the
150 QWb R Shdlde 8 He ) i [ -
R R el L
Heening aidito couéspendideldnessdimiitmatuey sartdyudoess limitl vehe ndpesiertiag a

.percentil e timator., .e. of the kind presented.in .
PUEB R oE s iatired S oS 1 s igie Bipediv dan
aliepaitapprbopiia iniopder Gatttd Stedithdlouddssi 1Bnif whlicher connect ed

to a | oudspeaker 12 via a block overlap neans 11. The
speech and noise estimator 4 is connected to a
PR e A e A R B K S
aldigiaseynd empiranimentywepnyiriging lselgcting an iitiel lehsi didtlartster function

a%@o%%ﬁg to%pgteherrgl%ﬁtgl{gorru]le, pbtaining an estimate of the sound environment, by

calculating the signal level and the noise level in each of the distinct frequency bands,
calculating a speech intelligibility index based on the estimate of the sound environment
and the initial transfer function, and adapting the initial setting to provide a modified

transfer function suitable for enhancing the speech intelligibility .

By this method, the hearing aid may be 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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30 unit 8. The output of the |oudness nodel means *9oyag 2007
further connected to the output of the speech
optim zation unit 8. The | oudness nodel neans 7 uses

and N signal parts in an existing |oudness

the S
Woz(mfgﬂéfmi n order to ensuri that the subsectfefP¥3p0z/000492
cal cul at ed gai n val ues $om the speech 12 January 2007

1 P i i ni t
B 20 A O e e PR A R St
the ‘stagpeshgradientgmafhdgd, 22 t hat exceeds a predeterm ned
| oudness Lo, which is the | oudness of the unanplified
sound for normal hearing subjects. 5 The hearing | oss
fig. 3ioa fibw eRarshoGingrylcaldicnifapeok Htallidibiliey uséqgrieessiht at i on
of the hearing |oss conpensation profile already
methed:ored in the working, hearing aid 22, fitted to a
particul ar user w thout necessarily taking speech
intelligibility into consideration. The speech and
fig. 4o g@plegxowinﬁcﬁ ergntj gginfvatuehduing dedididead glepuofdie iRGtioreans
: k: iy 10 turn is connected to one input of a
alg"@?f“m%%c'%hé“@oi nt 9, feeding it with the initial gain
val ues go. The AGC neans 5 is preferably inplenented
. nul.t i band conpressor for instance, of the kind
fs. §18 ST BLLPPAR 198 O BRI ies Sopied CHRBEIHEN P L
hearifs 48 BRbIRS 0 MRARFnfief. cal cul ating a new set of 15
optim zed gai n val ue changes iteratively, utilizing
the algorithmdescribed in the flow chart in fig. 2.

: , 3 [ : is

The tF35 U 220 1 1 DG SREEGRRbL) bR A Hock gitng
means @1 ywhich fuftherremsastmtet fitier okt T blgek spliing evbansc? mige

i nput. of multi.plication.point. 10 and to the ch
sors i PR pRoB A BB ind PR s 260 BB GG o
blockBfig} préRaBEy conipfice £PeadinedRd bfowdaby) Baridials Bdhiphns the

optlmzlngg 20 part_of the hearing aid according to the
pass filgredafingg. her@iﬁfg@ﬁfefg‘éﬁe%ﬁb?l?ﬁs b g?ﬁf@ﬂiﬂtd B-al so

contains a | oudness nodel. In the hearing aid 22 in

fig. 1, speech signals and noise signals are picked up
The thigl dqutmit fronchofilabiock 3 anfdd sopd intltiplicatior pbinbifk amsighé t t | ng

2 1 f | 2 | ocks..or. f .
outp Bt sepHaranar Wiio B BRI B v RS e ™™
of a spéeeh eiditigé eb@mator 4. The outputs from the separate filter bands are

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 carryiné two separate signal parts, S
(signal) and N (noise), which two signal pasts 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 existihg loudness

model in order to ensure that the subsequently calculated gain values from the speech
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approximately 50 nms in length, is processed
i ndividually. Thus each block is divided by the
filter block 3 into a nunber of separate frequency
ands. The frequency-di vi ded signal blocks are then
woz@apqs;uni nto two separate_signal paths 30PGHRE0%pa92
goes to the speech and Hoi se estimator 4 and the ot her
optiif8fort #hitR dd: ploBhdeGAbidBssRP AL i
P Noi s% est i mat OP 04 §ener°§tSég’?%“efebsa‘ﬁg%ﬁg?e@%@é?@?
22 that exceds 2 paesstemmidedionduss Lamtiics is the bmdmesslofthewrnhiplified

t OF e used by 12 January 2007 WO
Soun}jggi‘?%ﬁ%@%ﬁ%gjfgé%ﬁﬁgoozl 000492 12 the | oudness nodel
nmeans 6 and the speech optim zation unit 8 to .
bet ween the “assuned noise | evel' and the

i Stinguis
The g%?é@é %ﬂﬂ@a@é@ﬁnﬁ pey advaniggeouslk be b reprraciaios Of 8t i mat or

hearthg T8 cOfipdnsRtol FRIHIESready foe8 iCBE il AR k3"
pgr‘cerﬁt i ?dg.i s(,), lggc{/f de_feiaﬁllr.ti on,ft{ﬁhgbt%gggéa?gghg fq’ciﬁtetahe
to a payheilas ey avithpatmepdssarilotaking sprgclaintefligibility itte considetation.
percentile. The output values fromthe percentile
esti mator each correspond to an estimate of a |evel
The sprbchemidebseestiniatis 4tistartiérgoadected ¥ein AGEInevhd Hiwhich in
cert ai ercent of the tinme durjing which the signal
ran onftofg BEainad e Srmeativn o001 S e gLy AbiG i 98 pond
valudsQy, AThEA GO RRAKSTE gfeﬁerﬁﬂlﬂﬂ Aupl&héified Ah nffébafd Snptessor,
.percentile éthe_l _s%ch, S) respectively, but other
for instaneeofithe kind fesgriked ie WO B234648d. 1 n practice, this
means that the noise |evel vector N conprises the
signal |evels below which the frequency band si gnal
The $pegahl optitnization imig8 dingisesf mednefdricateylathiach devasesgfeech
level .veetor S is the signal |evel bel ow which the
optip FeEimn e mies gres, e o bouman Priaod tos 8w  ne
charttin g, 2. Atle bl telspedch SpiERRALR BRE, RO 1S Bedas bhd Bl 4
presents a control signal to the AGC 5 for adjustnent

 inpuigpf sunEngignpoink9.{The odiphf of termurimatiqu geio9, ghanfdd to ththe

inpu ESERIRREIO fo 63T e bBGEEIG 2 fnion
‘pointf%; dpdmess ynotel mebah«V aldspedch bptiaRatich wilsl foRss theptimizing

f uency . .band. | evel s of speech. 20 The gain val ues
part of heheaify id akersing (@ s TpHaHoR i pok omiimisAbo] Hvih also

contEitA1eRmeAmbdal. t he

In the hearing aid 22 in fig. 1, speech signals and noise signals 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

12 January 2007
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summati on point 9 and presented as a gain vectorugm“‘f"“ﬁ’zo07
the nmultiplication point 10 and to the speech
opti m zati on nmeans 8. The speech signal vector S and

noi se signal vector N fromthe speech and noise

h
woz@gﬁqs%tor 4 are present Zd to the speech THipRiE20a3{Rg0493

the noi se input of the 'Speech optim zation unit 8 and

the 15%@%@13@%%% bgeéh gatm&%on h&w@m&rrga&ﬁba&@aﬁs

ness nD [/ contalns a udness

the ‘atsuaed naigeilevel’ catl thel aftselsefi&peechllmwﬁness of the input
signal for normal hearing |isteners, LO. A hearing
| oss nodel 30 vector H fromthe hearing | oss node

The seacican€ noe getiemenydanhythe iplemenpd ﬁzsoiggerde\;h%e gg;g%tdgogs o1
i zagion un ar

pero il S ClsBR G dralis AV bE: N sUPARSYe RG0S gt

or béldiﬂf &ial I%did:eﬂhie' The mﬂi’u@ flﬁﬁékﬂo}ﬁl ¥ p&@éﬁ% é?;ﬁmﬁlﬁ?edcﬁ erative

gorithm shown in , the“speech optim zation

[
COﬂ%PFPfld 8 %P@ﬁ@tﬁ@ aéewbw%geé:pe W ihinly the ngli}ﬁﬂ@iet Tes Wlﬂmua s of
val.u o t he
certit B aR b B ok iR el Tl Rl Fosleh
prefardbdy canteppond vex l(b%dya}iﬁemglei(ﬂie noisg) DY a?i a/m:ﬁqrerogﬁtﬂe (t]‘it};l S A
f.ori n e i fied, vector or the input of the
Spee%sﬁeﬁ%f:&??*gto [iPficentie cﬁgpﬁ%segpeech P

optim zation unit 8 Miltiplication point 10
multiplies the gain vector g to the signal fromthe
In pragtice.ghis peansithas ﬂ&r@lﬁﬁﬂ@@b\‘w@f rrempeeng thei sigpal lgwlsrbelow

Whlcﬁ‘{ﬁéﬁéﬁ%ib%flﬁ] %?tapl\?(égri ap negngf%ngéytg?ca&ng\ég{l kh%l%ﬁ%gd as a

levellyaetdr § istther di ga!/lemg] belewovhicintha ﬁdqlmncylﬁxgé signa flévels lie

ek N e

. contioh@igrfal ®ahe AGRERPad NGt 2Ethe $hidhRthe BlfREdat BBFheREyeSENt S

this via sujtable output nmeans (not shown) to the

bandp. Jihg spresikand nojse ﬁ@ﬁ?@twgl la}plfnte@tsmwéﬁcm waysfFig. 2 is
esunﬁtlﬁé beeébﬁ Bldck Ble f?quélﬁg %st agYeTsO i n? Qﬁéﬂ%{ Zt% 69d?1ency

al gori thm conprisi™n
banddeyelse@f sppdcht. 0 a subsequent bl ock 101, where an initial
frequency band

The gain values gy from the AGC 5 are then summed with the gain changes AG in the
summation point 9 and presented as a gain vector g’ to the multiplication point 10 and
to the speech optimization means 8. The speech signal vector S and the noise signal
vector N from the speech and noise eéﬁmator 4 are presented to the speech input 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 spesch

optimization unit 8.
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number M=1 is set. In the follow ng step 102, akf January2007

initial gain value go is set. In step 103, a new gain

value g is defined as go plus a gain val ue increnent

Ql l owed by 20 the cal culation of the proposed

W°2@§%“é§"3 intel ligibility 1éau ue Sl in step HGHDRIPY P92

step 104, the speech intelligibility value Sl is
Aftef Opm@sag tHeQpakh il biddlicy, Bes InBarg of the HBive | T L e

new Sl gal qg is | argger %/ﬁ_an_ Etlbtiw%:’elg)lldrl}l %n?af Sgﬁgugvesl o, the
algopit shawn iolig.i2a the speeah eptispizatipg Onit Ripessents heew gaimichange L

| Sp Thi L | d h
AG it a3 bp 8%l B AR e IEBE P ° 1
multiAiogioh polano.tihe stuawd itk ®.add e bltutveWor AGdthY fphe

go 1s set ’tO go mnus the galn val ue increment AGin

vectat fogfhusiformipg papv medified veetor g'for the inpaimfitee roltiplicatiore p

, ' | . . .o t he
poinf R Spdebff ofiliz 1 sk MBIl ind MBI o s
gainivectertgd po the Sighsl fewathe filiahlddke anb aredentoitid essullihg, gainee i f

. t.he . hi t. nu f frequency bands M has been 30
adjuﬁ%f\%@@%&ﬁ?{“%&%@[?@ ov h@g}?ﬁﬁ%l val ue cal cul ated in

step 104 is smaller than the initial value Slo, the
ew gain value go is set to go mnus a gain value
The Flﬁ@? ‘g’ﬁ%ﬁt megssimaydedplemynted 25 atund intsrleagog fungi@n and 2
e (b4 sui SPRECh
rRetel 1 g b) foﬁt%& va %‘2‘4| g’ungeat%ﬁ;e‘% S%:“gi’geu%%g E%lé’?‘h or
block eesrlpgmearnsild fomsl tiefingl,ispeesh-eptintiadd sigiadbloclogrigestespeech

Laibjlit |  1,S_agali oppared to the.initjal
bis kbl BBl s Bor W39 iy RRRBEHEEpYRpitas g Hhéhe
12. larger than the initial value Slo, the routine

continues in step 111, where the new gain value go is
defined as go mnus LG If neither an increased or a
Fig. SRGTRAGH O Fgﬁﬁ{ ' ' - :

% the initi g'?hﬂge‘if%e\\f}g?%gﬁ [ é{k%?e 8?@édd&?ﬁﬁgga§gncy

pointhierd 100 cammectediotd subsequent blocke£01, where epiniti) freqinbyband

Xapni ni. t nunber. .M to. see.if .t he highest
R B ol o RO Lo bl B Gy Rl 15 P ¢ 1
103, b sewigdin WvhiGe g ésdefintd® o Blék aREin GAIE inkdkRS%nYAG, Bl PedlthS.

increnmenting the nunber of the freciuency band subject

the cgl@ul%;%gapioﬁfh;_e@gq)mec}gpe@h antelligibilisy wllye'i in pfep #QkyAiftaestep
104, gﬁ%&gﬂ@ﬁﬁ@mﬁ%&kﬁ D6 PRATR R A" bl e, 1o §64.07

If the new SI value is larger than the iﬁitial value SIp, the routine continues in step
109, where the loudness L. is calculatéd. This new loudness L is compared to the
loudness Ly in step 110. If the loudness L is larger than the loudness Lg, and the new
 gain value gp 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 g, 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 Mp,, has been

reached.

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

Sly, the new gain value go 18 set to go minus a gain value increment AG in step 107.
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old vector Slo to deternmine if the difference bef{EBiy 2007
themis smaller than a tolerance 15 value E. If any
of the Mvalues of SI calculated in each band in
i step 102 or step 108 are substantjall
woz“ﬁ?’@"?gﬂﬁent fromslo, i.e, the vectors di f?(éymﬁ%"%?“éz

than the tol erance value s, the routine proceeds to
The p2dpRRedlshéech WS BiblIRE vAliceSTa e cAQIREPigath fbSthe Adwadied t 0
a 20 maxi numiteration nunber If k is snmaller than km
valuergin steBdP$.ne continues in step 116, by defining a new
gain increnment AG by nultiplying the current gain
increnment with a factor 1/d, where d is a positive
The mmoposet spgeohatielligiblianSllis agadcdnmersete tieiimgaltvialme Siodn step on

unter k. The routi 25. t hen I nues by . .
112. a1 Aoty Vi il Vit S5 cke EBHE bimnes g
step 111, Wh@PthtQdw gamivalub ighie defwRt awizf Ridub &Gl i rst frequency

band M= 1. If k is larger than km the new,
i ndi vidual gain values are transferred to the transfer
) t. i L. i _si d
1 i a8l o} L Bec PR BB T bk SR
initial %ilﬁireﬁlfé dohiepreased ifdr frebidcipbardi M, Tigtroitie cORBEReDY SRPI €
than E in any band sﬁ,tep 114). Then the need for 30
113 by grampiafnespr hand ambed iroser B ikbchighest mimber effgpapeney bands
Minax hESBEE dABhedSRRRCH nBPhE Bl Shb @1k 6RliMRs vii8Rp 215, S
transtferred to the transfer function of the signal
increpensing gheonmiber eft thgpfraquencyband subjechiotoptiinizatiorchy aneut i ne i s

term,nated in.step 9 . :
Othersfi g BuEite b ifa 951 1o 53RN 8 RO sLlor iy e
old verka@ G to leetrhiay Hnisadiffirtbee Waoweeh themss andler thes b elerapace
of Mre. frequency band gain values iteratively,
valuegnt i ni zi ng the gain val ues for each frequency ~band
with respect to the largest SI value. Practical val ues
. for the variables a and d in this exanple are e =
I anyOof@SMavathes of-SI2:alciilated inusuble baralfin Eitleen siep ¢02 drategd08/e .

b S tQ,12 ar 15 frequency bands A.conveni ent

subst AR figgrenBrog Yoo e vedom i o g b e IESRY SHRE D

£, theTH\@MY8 pkdeaddsith Sl 1O Whdrb e @ Hhlibh Yot ked @aparfites four
to six iterations, i.e. a point is reached where

maximemiteraion hgmbérdmai f f er ence between the old SI0 vector
and the new SI vector beconmes negligible and thus

execution of subsequent
If k is smaller than ky.y, the routine continues in step 116, by defining a new gain

increment AG by multiplying the current gain increment with a factor 1/d, where d is
a positive number greater than 1, and incrementing the iteration counter k. The routine
then continues by iteratively calculating all M, frequency bands again in step 101,
starting over with the first frequency band M = 1. If k is Iarger than kp,y, 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 optimizétion no longer exists, and the resulting, speech—opﬁmized 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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iterative steps may be terminated. Thus, this IZ.TanuaryZOO?
algorithmis very effective in terns of 10 processing
requi renents and speed of convergence. The flow chart

3|IIustrates how the SI1 val ues he
WOZdom(%?ﬁt hmin fig. 2 ? be obt ai ned. Th]é&%?lg@ﬁﬂ@?“f#hm
accordl ng to fig. 3 inplenents the steps of each of

In esSérep3hd Adorame trhQ¥sek teNVIg,,-dnendidgal |vEcthSsp§b%$ﬂ WEd, t hat
t he speech intelligibility index, SII, 15 is selected

frequency prnd palpsaiuesssETveLyy oRiiEsE thergaia valugs for pich{teq®mey The
302
bSO LB SEL Bl R 10t BRKLLTL R0
this éxaeglecney =008 andvire 2. Tﬂb&lﬂfﬂb@ﬂ@f@fﬁ@h&ﬁy balds Mgax hiCbe
i ndi vi dual bands, the equival ent qs\,lpeech spectrum

set tq £ en 15drequency Pﬁtdéﬁrfé’ﬂ"eﬂéﬁnégmlﬁégéq)m onAd it earing
t
R AT T O

iterati@tssirena peint i madwﬂbﬂierectémnnatdg\mediﬂﬁéreﬁce bemieatlie bm&l&

e cal cylation is ace, he net hod
veetedand {1 R BBk Bp i pd Podrsrtim Bomhirarat o
iterativexespe nﬁg bb Remiheizh erusiis BROMMAE Pery @ffe&n‘?@ ﬁﬁeﬁﬁsﬁﬁ‘ uency
bands. The equi val ent speech spectrum | evel IS
Procesging fROgirgaenty And spged 9buonyergenced) S = EL(f)-1010Q )|
where Eb is the SPL of the speech signal at the output
of the band pass filter with the 30 center frequency
The ﬁow ﬁl@fm)mlfm 3ﬁlestta¢ﬂ$dlowabfsSH wﬂhameMdiwit&aﬂgcmﬂﬂn Aofig R i s
ek Hz. . The, r.eferen
can e B g TR BleomBRCAPIPR fig Al o eps B peshet

stepsamd ahih 808 if dig. Z,ah@iths?dsmﬁﬁbdQﬁat'iﬂb%p@&H amahgﬁﬂ\;g ind&x, BAl
and, 12 Januar 2007

is sclpgeRgbEBoR B SR poshotgisws SISt sliermy . he
:mtlaﬁﬂééhﬂ.%ﬁ%l mlﬁls s m%a@p%%gﬁgg@]m dmﬁaine;ﬁlsr can

be expresséd
number of frequency bands Mw, the frequencies fou for the individual bands, the

—

equivalent speech spectrum level S, the internal noise level N and the hearing

threshold T for each frequency band.

In order to utilize the SII calculation, it is necessary to determine the number of
individual frequency bands before any caleulation is taking place, as the method of
calculating several of the involved parameters depend on the number and bandwidth

of these frequency bands.

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

O S=E(f)- 1010;{ Ao((';)))

where E; 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 Ay(f) is the reference
bandwidth of 1 Hz. The reference internal noise spectrur N; is obtained in step 305

and used for calculation of the equivalent internal noise spectrum N’; and,
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(2) Zi =10log 101-IN' +110 L “',tJJ k 5 where N?ZJapgry 2007
the equival ent internal noise spectrumlevel, Bk is
the larger value of N ; and the self-speech rraskl ng
rum |l evel V;, expressed as: (3) wr=S-24
Woz@ﬁg&%r‘ltl cal band centeﬁ requency, and 'F]‘F(T’P?"P#@“m
hi gher frequency band | %it for 10 the critical band
subs&que: | h G,
R R o e R T S
8. where I; is the |ower frequency band limt for the
criti caI and i. 15.The val ent internal noise
spectrum | ey, 0 %SQQE%)] ted in step 306 as: (5)
@) x €=x10leg 10 +§1ﬁ equal e noise level Nand Ti is
the hearilng thréshold in the}frequency band in
guestion. 20 In step 307, the equival ent maski ng
spectrumlevel Z; is conpared to the equival ent
I
whefg'i\t 61\5/ g@ eﬂﬂgﬁaérgkﬁgﬁﬁé%ég}séegﬁél leNe Biﬁrme largtexhxg el of é\le’s £,
and mhﬁlmmmaMgspakumME @@mteﬂum level D i s made
qua_l tQ . the equival ent nmasking spectrumlevel Z; in
80 y* and ot herwi se made equal to the 25
equi val ent internal noise spectrumlevel N, in step
309. The standard speech spectrum | evel at nornal
F; is thecﬂhcaﬁf)ﬁﬁrcénteﬂrcqubrﬁ:ymﬂak 1rakk highes FrefueddPband dinds foh e

afh@glsi, rtion factor éé is cal culated with the aid
the CBFC K TR Hamer oot sprepsyfgsiing. Gigs eAmessedy: 12
@) Jagiungbg@%i+ aQQQiI)EOSSM PCT/ DK2002/ 000492 17

where ]; is the lower frequency band limit for the critical band i.

The equivalent internal noise spectrum level X’; is calculated in step 306 as:
5 X\=X+7,

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 intemal noise spectrum level N; in step 309.

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

(S—U,.—IO)-

@ L=l




10

15

20

25

30

The band audibility A is calculated in step 31214t nuary 2007
(7) I L(SDOt15 3 LJ 5 and, finally, the total speech
intelligibility index SIl is calculated in step 313
(8) SII=Eli -A where k is the band i|nportance
woz@?mos (ﬁon used to wei gh ghe audibility w F% ’P@B@W‘w{zo
speech frequenci es, and’t he speech intelligibility

Thebﬁdqasdxbﬁuywmﬁcmédmfeﬁ3f1i gquency band. The
al gorlt mterm nates in step 314, where the cal cul ated

Q) Sl 2’41 —rB-ﬂfléﬂ rned 10 to the calling algorithm

(né‘[ wn) 3g The(*SE represents a neasure of an ability
. of a systemto faithfully reproduce phonenes in

speech coherently, and thus, conveying the information

Ln,th ech r tte ouhth system 15 Fig.
and, ﬁn@ﬁgfo@%%@%ﬂ?ﬁ?]éilﬁ%ﬁ% tylﬁgf‘t"f@ 1§ c’b‘ﬁ*@ i 953 8%:gor i t hm
accordeng to the invention. Each step shows the final
(® gafh=vllue%, 43, illustrated in fig. 4 as a nunber of
open ®Tircles, corresponding to the optimal Sl in
fifteen bands, and the SIl optimzing algorithm
adapts a given transfer function 42, illustrated in
wherg ; és the bansl IQIPOMICG: flmotuml Usedio, wedgh the amrblahtytm&l rgspect t6 or

e iteratipn starts at an

speed{}feafleling B ooty il 57D R it Bean® . 2,
bandorhem“gmmmtem@memm\wpms,hwmm the l’cﬁ&x%ﬂﬁt@d sﬁ gﬂ_uéis retﬁlﬁgtli |
cont es, ng the gain val ues in step :
tou’ﬁ?ﬁfnga& n@%m ;ho $1 order to adapt the gain val ues
42 to the optimal SIT values 43. 25 The optimal gain

val ues 43 are not known to the algorithmprior to
The Hbrepresants measmof ar sbilityef p syhten mfaithfulijerepmdm steps |

Phon%%ﬁsyér% rmAl’tl)f‘j Eﬁ us, )ggrﬁeg@g?l?e 151u1m oa n éw sgeeghanpl €

&ansmﬂhéﬂ&bmghthbs;gﬂemn shovm ng a heari ng aid 22, conprising
a mcrophone 1, a 30 transducer or |oudspeaker 12,
and a signal processor 53, connected to a hearing aid

Fig. 4 dhbivk B8 léafmo&&n t&@@éﬂtﬁhﬂﬂg ABhiBR RYordRE BPthe fvaifinan

Vi a

operatin anel
Each step shows the final gain values 43, 1]1ustrated 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 continnous 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 TAG 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 VI in 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 microphbne 1,a
transducer or loudspeaker 12, and a signaI processor 53, connected to a hearing aid
fitting box 56, comprising a display means 57 and an operating panel 58 viaa

suitable compmumnication hnk cable 55.
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suitabl e communication link cable 55. 12 January' 2By 2007

WO 2004/ 008801 PCT/ DK2002/ 000492 18 The conmuni cati on

between the hearing aid 51 and the fitting box 56 is

i mplenented by utilizing the standard hearing aid
wozol”%”lﬁgqlry communi cating protocol s and si g‘?%’?‘f@‘u’q”%@?el s

avail abl e to those skil®ed in the art. The heari ng aid

fitting box conprises a 5 progranm ng devi ce adapted
for recejving operator inputs, such as data about the

The Gorgpanifidion baigrerhisa eanngeid Heditecfiteng boxr dnimplpmented
by uliBah4 the s@hdbhed FHaSRE Y Eﬂlﬂsﬁ;fé(ﬁn%i;%a{ﬁpé ofb.%l% %‘iﬁaﬁﬁgﬁ% y

f)rogram’n ng the hearing g In
levelsgvatlableite thobarkillediinithe antt Bisl heagingaid Giting beasompeisaras .

progi il e bRl o e B TP R S R ebigpaifl g
usemjma'trmgk;isnlatrmemdmpgie%dit@froﬂa&h@%mi?ﬁglﬁﬂ,&ﬁéwginyvulao@ ok
. . Suita equi ppe earing .aid throu a wreless link.
inforpitiph 31 ProgpBITAE the beating %ﬂtbamrémg ms% R EASFRPRYGN dheheating

. - ' . : T

aid sﬂﬁé{bleg?géﬁhiﬁﬂ parméfers) VO34 4Gyl Gf b%g%@gg@ét}%@é%sﬁ%?y 1%1{1 o

transtfer function of the signa
suggRest bohgosgiskillpdin the art Feg. some progHmmingwryizes e eddpted for

inteld i qi-hill Lkizin thod .ac | to
comiollEiine by okl helE g i L OPHBR B ol
detaitsonubrsuitabie programeningadeniced may & foundinOW0E844R and inkO
94223? le 55 to the fitting box 56 for displaying by the

i Splay neans 57. The fitting box 56 is able to force

a readout of the SII value fromthe hearing aid 22 20

on the display nmeans 57 by transmtting appropriate
The egster metdongfdhesigng] pragesses 37 iof the hpating gidPeds alapted ® vi a

' . - ' k ct the
crhap dpt ool iR ionty ol Db o Bl Be bR
furtht dompaisesandans foh eorhmricating thexresftingi Sl vahe viedelihk ¢ilkle

blLe 55, Sych a readout of the SIl value in a
33 to;tg? ’fﬁ'@gggﬁ gé@ﬂﬁ'ﬁ{ﬁ@ﬁ% ﬁbﬂ‘&@w{)ﬁ%&&?ﬂ%ﬂ of great help to
the fitting person and the hearing aid user, as the
Sl |1 val ue gives_ an objective indication of the speech

The fitkipg box 36 18 pble i3, foeg pavddemtcas éhepYII vakes fuage the bt aringaidar i ng
on th@idfipla Hﬁans.‘ﬁﬁa‘}g%ﬂ{nhigﬁﬁ g%ggétg?@h%l LR o B2 nRGngRgE to

the  operatio
processor 53 via the link cable 55. These control signals instruct the hearing aid

- processor 53 to deliver the calcvlated SII value to the fitting box 56 via the same link

cable 55.

~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 2id or maybe due to

some other canse.

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

transmission system has a relatively nice, smooth shape without sharp dips or peaks.
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processor. It may also be of use by the fitting FePRBR 2007
by providing clues to whether a 30 bad intelligibility
of speech is due to a poor fitting of the hearing aid
be due to sone other cause. Under
wozogzli/?ogﬁﬁfmt ances, the SI1 gs a function of %@@%@?4@%
function of a sound transm ssion systemhas a
If thiséd @bumveel ty alWagebe thaost b whanef w spibuitateh adutin€]ika6wo ks

eaks. 12 Januar 007 . WD 2004/ 008801
me%@ﬂ%%é@@/“@fgl@%@%“ U4k (his is assuned to al ways be

the case, a variant of an optim zation routine, known

as the steepest gradient nethod, can be used. If the

If the ppeechyppeqhiaist i aplitingo 8 prmperiof differentiledsencydrndsi for instanee

. . _' ' t of
by ulibEAUERE AR o el PSR Befiponty Dbt BT RaBE . O
independettlycdf eachdhee radé tticlaynplificatiac ain fdrench fesgderich®and can

lificati.on . _for each frequen d can . be
ve oo atiion e Sitort Bitnatenlas Sl ptnh s ey i
possfbleatdl tke ee Vasyih impoitencEekes ditferenP§esdhitbsetiugh fd@fiBndyhe
varying i nportance of the different speech spectium
bands aecariinectp they\Nekstandadinfp aeropd- t he ANSI standard into
account. 10 In another enbodinment, the fitting box
i ncor porates data processing neans for receiving a
-In anothenembadjpoent sheyfittihg boxoimcdarparathedatd proceasiolg mpamsordi ng an
est .of t.he..sound, envi rgnnent. based. on t sound
recsiibl s PO i SRl RRHPR PAEE R g 8% SR B oo
sountd Bfivétoninghthabadton tcsoaiding@: sigdal, BeterfdifdartRuina@ HIRRt
s_tiﬁate_and t(g the transfer 15 function of the
speeffinie ety aesordingtodhs soundienyirppgent peimateand e the tignten on
functi itk ai Bt i
e&?%fﬁ I?agnaé& rang(r% %c?ptrl]%ggtg?%s%ggﬁ% dl(%’ﬁg %i&c%gfo%/l ed
enhapgedhgfpeechiingelligibiity essimatee atvbzansmijting dita abodirtbemodifed

B T A .

SIl is described in the 20 followi ng. Gven a sound

transm ssion systemw th a known _transfer function, an
The genpra) Rifcip, s der s calcyliion ok teapia S fescribes n the
follo??ﬁlbl GivéRh s@Rd HafRnisFR yREm $Bth S1Qbwh datkfer iRAMERGY band

.. i i'n the transfer funcfion.
initial value g;(k), where k is the iterative optimization step, can be set for each

frequency band i in the transfer function.

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 SH is
increased by the process in thé frequency band in question. This is done
independently in all bands. The gain increment AG; is then decreased by multiplying
the initia} value with a factor 1/d, where d is a positive number larger than 1. i 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 SI1, the gain value g; for that particular frequency band is left
unaltered by the routine. | '




10

15

20

25

An initial gain increnent, OG' is selected, and Uhlgnuary 2007
gain value g; is changed by an 25 anount AG for each
frequency band. The resulting change in SIl is then
mned, and the gain value g; for the freguenc
1WO2@§%@&ﬁ]is changed accorgingly if SIl is P'ﬂ%?%@é%ﬁ”%y
the process in the frequency band in question. This is
done independently in all bands. The gain increnment
AG is then decreased by multiplying the initia
The iggatiyie optirpimatipnireting can perxpigpdasid i s a positive number

|arger than 1. 14 a change in gain in a particular
fr cy, ] I\4: 1 n any further
©) si%gﬁel cégﬁ@?pﬁﬁ ease %é’gﬂf V}‘Ior that frequency band,
S

or if k iterati ha¥ been performed w thout any
increase in SlIl, the gain value g; for that particul ar

fre&ggncy band is left wunaltered by the routine. 12
Thus thaehrrge Mgpis detppnineshby e sigwaef thegrrdirbiondy, apepperdsptheThe

standh i SloBbosH Enoh s R O bR T GO B RURIER BRGVES:

predefihed sshkapgesedin:gi i s determ ned by the sign of the
gradi ent only, as;oppes to the standard
(10) stﬁ%pz’gi? T@Wﬂ(%ﬁ%;&ﬁﬁg&?b%im gori thm The gain

increment AG may be " predefined as expressed in: (10)
/I SGS, (k) =max~, round( Se ik9), k=1,2,3... 10 rather
rathed tﬁé’ff‘bebt?gt DGerAile8 b HReFdRAL TR savaadb@Pitatiohinte. Saves
conmputation tine: This step size rule and the choice
of the best suitable paraneters S and D are the result

_ N : P . . i
s G AL Aok P31 B0 D frkh SRS 0 7w
of deyehgrngd fasiontegingherhiive seaclyvapaithnevithfa Iblwecmbetatidnal/ e

algorithmis: (11) SiI,,,x(k)> Sfl (k-1), (12)
load. | 'gI'| " (Kk)-SIl. (k-21<e and,

A possible criterion for convergence of the iterative algorithm is:
ay s (k)=zsm (k-1),

12 {sH,, &)-s,, (k~2)< and,
(13) k<5k,,.

“Thus, the STI determined by altematinély closing in on the value SIl;,,, between two

adjacent gain vectors has to be closer to SIly,y than a fixed minimom €, and the

_iteration is stopped after Kpax steps, even if no optimai ST vale has been found.

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

speech intelligibility is enhanced in real time.




(13) k:55;k.. 20 Thus, the SII deternined by 12 January 2007
alternatingly closing in onzf he value Sfl, between two
adj acent gain vectors has to be closer to SH than a
fixed mninmume, and the iteration is stopped after
KLAIMBeps, even if no optimal SII val ue has been
found. 25 This is only an exanple. The invention
covers many other inplenentations where speech

LNt €A kriefho bf prbdesdit LNRHANG GhedrheafBIhe hbdiRg aill2had@BYHAT Y
2007 21 CLAIMs: 1 A nethod 015 processing a signal in
a heBIcTaRBeng > @ propgseor Hissivg A drangfer fenstipm gnden qpsr ophone |
a pr r j | ut put
e s A T

spl iintoiamymbereof indpidualfregnericy bands,clewrmining ére tafsfer

| ndi ﬁﬂﬁ&{dﬁl Lis EI %ﬁ%%gﬁ%btg%ﬂl%%n eqentla% A sr(])gndt Crl.]l%r(‘; LEne fer
function as gain vector,™6 arning ‘an-estimate of

t he tyoakdaémpihe opnablatel allthe adisdibad inngel dfeheshdiviahal | evel

and the noise | evel.in each. of  the individyal

fr ecﬁ‘F@H%‘W Bﬁﬁ%?‘“@%‘%&ﬁg‘ﬁ el ‘aE‘é(&‘Hg?‘ ﬁ’??ﬁPP&}ebi lity
i ndextiae efth@subdénvireghdntaidhOfarsfefsandr@eVvi r onnent
and the transfer function of the processor, and

i t erPEPGeRET AA0G HPrivel GRiing gailsyels ftheripdividyad froquaney

fT eHARNGY or BADE oHRr BMmAQMS: th8 sREahtefi@ibiRYinAd:Se t he
speech intelligibility index. 2. The méthod accordi ng

to claim1, wherein the step of iteratively varying

h A ' 2t er m_ni f.or first
e KON R RSE) BRIy Bulhf T
sui t@bl levelsaomepriftadaemdnisgfee e first piredfithefrdaidncy yandind

deternmining for a se rt.of the frequency, bands
r es JEWETHYE %@3 i"ﬂ“‘?fas}“f?&g}gﬁ %ﬁ%‘lﬁ’ﬁ’ﬁ SP??P%F‘&QF@@P% Abet ween
gai Ndewdhin®S fbrh sc@nP 84t ofthe S8R eddybatds PApLctiff i utues
frequency bands. 3. The nethod according to claimi,
conphicygthigtemolatiembatveen gaipyalugyia seshect plithefissg nyitiof thet y
est iﬁ%ﬁ&c{;ﬁarﬁ@ external fitting systemconnected to

t he '

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

hearing aid .

4. The method according to claim 1, comprising calculating the loudness of
the output signal from the gain vector and comparing the loudness to a

\ loudness limit, said loudness limit representihg 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.
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hearing aid. 4. The nethod according to claim 1, % fanuary 2607
conprising calculating the | oudness of the output
signal fromthe gain vector and conparing the | oudness
to a- loudness Iimt, said |oudness Iimt representing
aratio to the loudness of the unanplified sound in
normal hearing |listeners,. and adjusting the gain
vector as appropriate i n%order to not exceed the

| oudness |imt. 12 January 2007 22 5. The nethod
according to claim1, conprising adjusting the gain

5V ETHeQhethdd actdttingRd ¥iahig 1] domprisidg adiastaigatic fA6 vedtor by .
selected i.n such ¥ that the loudness of the gain
v anuERlyipedt w@%s@%% orselegigd i suglya wep that e dalsess i ng

| L . e _ . :

o1 B el et LomkPUt, e el 1o W, (BREIRHARE KRE SR
gavaluevect or in such a way that the |oudness of the
gain values is lower than, or equal to, the
correspondi ng | oudness linmt value. 10 7. The nethed

6ACTHe Akt dce(gaimg toclaindl, doh@h ri@ihgﬁ@ﬁétn@ e@letlafge{i;Bg@l}lg in the
conpri si ng eterm_ning .the speech |nt Lagibility
e SHAeClOr Bsogha 3PY {1k ipRReT Rl B g_ams‘{afwa & lweriban, or
a%ﬁgﬂ%ﬁﬂe dRreRINRB SoinedsIBniPrAgedi ng cl ai s,
conprising determning the speech intelligibility
estimate as a nodul ation transm ssion 15 index. 9.
T ' i.he | g

7 e BRI BRERE 1) A8 o ik ESaRl chilf, BOEAN

I rdeekhinfrigtht speychastellipibititysestimate pe ecrtitulativanindsd. on

i ndex. 20 10. The method according to claim1,
conprising determining the speech | evel estimate and

8! MEhe MR dcEt@ing b4 f&fe freeias tialkhs, BeheRdhd | €
val ues_of the saound environnent. 11. The nethod,
acletsrgining thespepgh iptelligability rstimate ag oy medulation Fansmission
CQpRY Sing 25 processing the speech signal in real
time while updating the transfer function

9. The method according to any one of the preceding claims, comprising

determining the speech intelligibility estimate as a speech transiission index.

10. The method according to claim 1, comprising determining the speech level
estimate and the noise level estimate as respective percentile values of the

sound environment.

11. The method according to any one of the preceding cléims, comprising
_ processing the speech signal in real time while updating the transfer function

intermittently.

-12. The method according to any one of the preceding claims, comprising

- processing the speech signal in real time while updating the transfer function

on a user request.

AMENDED SHEET




intermittently. .12. The method according to any'bifguany 2007

of the preceding clains, cosprising processing the
speech signal in real time while updating the transfer
function 30 on a user request. AVENDED SHEET 12
January 2007 23 13. The nethod according to any one
of the preceding cIainB conprising the steps of

t ni..n as a f ncti i on of. the speech | eve
TS R R i o S oft <R Rt e roRPRRGE Wb os
vect sdps ofldeterMinigahé S ad finddoh Bf AB speB@Ubvd vansAYSer, a
processg‘?V and an_acoustic output transducer ,said

pr oc¥sE e’ch'ﬁ‘BF’lagﬁiﬁbea&nﬂoﬁ%‘@Ftobl ock , a signal and
noi se estimator, a gain control, at |east one
sunmmation point , and neans for enhanci ng speech
1ht eb baging pidj wigh arsiapyf tramsdwest fagpro@sdoanci ng  speech

i nt sin | oudness npdel

b Pt bhBhidh biip SR8 D d Sy PSR TR uRaas |

un |d t, aa@mﬁbgﬂncﬁ@re;ﬁmdtﬁu Ia@hmragnm aﬁﬁa@he mﬁﬁl Iﬁdtiog gbid ity
i ndex ase on the si mthe. sl gha an noi se
est i AR DS {R E0HEgRS Wg ‘1%6‘%%‘1 Bt o SRS To cARpAEE

| oudpesiBintantbailireanrisinkD: Ioﬁﬁ‘ﬁ&bs RRAEIEneh HeRE %51 Ing to
claim 14, conprising neans for enhanC|n speech

i nt &PYPTGRIINY @W Wyeaphapeemepiynyi ngtaéﬁxrsﬁmlﬁméa
~adj 'dﬁe%&?fﬁ;eﬁ fgﬁtgllt? indek'BREL o d@il? %@%a ti'oq%%le §1gﬁeﬂ afl lg}l@ber of

i ndi'vi dual frequency ban earing al

The esigeptirn fediaiingdeoratagerns giddhairddhessooniphhsinng

nmeans for conparing the |oudness of correspondi ng
adjusted gain levels in the individual frequency
andhehearinp eidha:aﬁridmg tdlaimt 10, @nlpéisiely efsns!fordnhanviak ue,
said | oudn limt value representing a ratio to the

| oudReER! h&m@yGﬁﬁWﬁPf%Wbﬂmgﬁﬂﬁﬁpme%W&“W@ﬁh@afor

adj YshbOdfeH8RIEL iV Lk M&?al ﬁ? WRRsiRkE 1N
order not "to exceed the ness ?n1 val ue.

- hearing aid .

16. The hearing aid according to claim 14, comprising means for comparing
the loudness of corresponding adjusted gain levels in the individuat
- frequency bands in the hearing aid to a loudness limit value, said loudness
limit value rep;esenting a ratio to the loudness of the unamplified sound,
and means for adjusting respective gain values as appropriate in order not

to exceed the loudness limit value.

17. 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 by
calculating the signal level and the noise level in each of the distinct
frequency bands, calculating a speech intefligibility index based on the

estimate of the




17. A method of fitting a hearing aid to a sound!?January 2007

envi ronnent, conprising sepgecting a setting for an
~initial hearing aid transfer function according to a
general fitting rule, obtaining an estimte of the
sound environnent by calculating the signal |evel and
the noise level in each of the distinct frequency
bands al cul atin speech intelligihility index
pasest s ferraint i s BT ERsls hSeosn Tod it
soungkitBig\te provideninodifie dddefel finbtioalsuitabRITST @hark B ede ON,
and adapting the initial setting to provide a
nndiﬂ?@ﬁ‘?ﬂgﬁ@#%w function suitable for enhancing the
speech intelligibility. 18. The nethod according to
claim 17, conprising executing the step of adapting
the Thonethos aceardingoekeith | hcoinpnsingiexgentiog thestep bf ddaptingnie
syst . i..ng_ajd an L
£ anaFeRRRFh o b AR AR P Bl comBie g ot
me noang tiansferting the awodifigd sitthg to 4 Brogrbmenemeinivoginacieatg i .
to claim 17, conprising determ ning the transfer
function as a gain vector representing values of gain
1 arteundiesd aofordihgidiclairtl URlcompRaeRymBaRdS: tastthe
heariqﬁ_aid processor, the gain vector being selected
f or BARIOAaT RIS YRSIOR FEPTERIENg Fairasiof gaiR/in axgmb net hod
accopdiagalfRqRas rhddih %e%ﬁﬁl%%dﬂo&k&%% Tthe gfnP{Eor S! NG
determ ni ng the ‘gain vector through determning for a
f i r steingaelectest for gnhancingspeseh byelligibily. r especti ve
estimates of the speech intelligibility and
respective gain values suitable for enhanci ng speech
“2(nt elThe method dctordiag th onel f e preoeding diimhs, aois@esigd part of

t he eguen bands respective gain val ues through

|t SR SOt el FRRERdy e Pre PeUBEar gt o

fir Sﬁ'eélﬁéfcf,r bads Fefectife SRIHARCOF tIRAPESH inflligitihi§ 2@t hod
ng

accor di to one of the preceding clainms, Conprising
cal d&IPaEtIvAgain HelugsGithhteder evhancing spreelpintelligityfitsing r om t he

gai r}le%ﬁﬁfxﬂ{% f%f}acoﬁ@ gBﬁf&ﬂ%ﬁ%qggr%cggm ?E%SCCEQC &111 \%lﬂ.l%g ess

limt, sal nes
through interpolation between gain values in respect of the first part of the

frequency bands.

2. The method according to one of the preceding claims, comprising
calculating the loudness of the output signal from the gain vector and
comparing the loudness to a loudness limit, said loudness limit vector
representing the loudness of the unamplified sound, and adjusting the gain

vector as appropriate in order to not exceed the loudness limit.

22.  The method according to one of the preceding claims, comprising adjusting
the gain vector by multiplying it with a scalar factor selected in such a way
that the largest gain value is lower than, or equal to, the corresponding

{oudness limit value.
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representing the | oudness of the unanplified sou
and adjusting the gain vector as appropriate in order
to not exceed the loudness limt. 22. The nethod
according to one of the preceding clains, conprising
adjusting the gain vector by multiplying it with a
scal ar factor selectedé%p such a way that the |argest
gain value is |ower thdar, or equal to, the
corresponding |loudness limt value. 12 January 2007
25 23. The nmethod according to one of the preceding

23 CHRI heihodGREGRng e\ Gnedet] th@px‘c&@mgemim,gampnmag adjustingt he
gai n vector_ in such a hat ejgﬁailoud ess &%the
g@plngmwaalw the ABVRFORIA 8¥Fh agyay e loygdness, 81 118 &iies s
lJﬁ&% HGhan? o étual BEhERhAREs BRfiCFflleng to one of the

pr ce ng c arns, conprising determning the speech
|nteII|g|b|I|ty estimate as an articul ati on index. 25.

24 st aERI PR of e piiecRls s RoRORGNR el

ahé gﬂé@é}ﬁn@mgﬂnﬁ@%eﬁthatb af &d drtigiiktidni ihgexi ndex. 10 26. The
net hod accordlng to one of the preceding clains,
conprising determining the speech |nteII|g|b|I|ty

25. eﬁ{é & REorBingRE B o thePFdRfY (Mins/WdMiprisiag detthifining
nmet hod according to one of the precedlng cl ai ns,
ciberppreei lngllm‘nhiyrﬁﬁhmﬁfg as 3 spegehsiptelligibiliti iBdeXest i pat e and
a noi se level estimate of the sound environnent. 28.
The nethod according to one of the preceding claims,

2scmmﬁ¢t5¢mcdﬂhgﬂﬁbm oiithe precddngitlains, compaising deterroinings
L et Ely Rl %s 3 5fbeb BadlBliRfonlifOeR! VI UES-

27. The method according to ope of the preceding claims, comprising determining

a speech level estimate and a noise level estimate of the sound environment. -

28. The method according to one of the preceding claims, comprising determining

the loudness as a function of the speech level values and the noise level values.

- AMENDED SHEET .
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