10

15

20

25

30

HEARI NG Al D AND A METHOD OF NO SE REDUCTI ON Thi s
invention relates to hearing aids. Mire specifically,
WO RoosebaBes to a systemand to a nethod for ade@r/DRg003/000803
the audio reproduction in a hparing aid to a known
sound environnent. A hearing aid systemusually
conprises a hearing aid and a progranmm ng devi ce, said
hearing aid conprising at | east one m crophone, a
si gnal processing neans and an out put transducer, and
HEARENG iAJDaANDPr A MEEHOP OF ANISESREDEKITEON 0 recei ve
audi o signals fromthe m crophone and reproduce an
anplified version of the input signal by the output
Thid theQHRHGEtes 3 Hedrle RAOMATRPAG G ReI3LIRS 8dytln and to a method
change the signal processing of thé hearing aid to fit
for adaptitgethe andjo oépradimtianiing hairthgaié to a knevn s@inddayirenmaént.
anplify bands of frequencies in the user's hearing
where auditive perception is deteriorated. The audio
A héBRE A Gfsted ubiAl1§ QOHDHIBEY Ahdarid@aid Mg AbebgeMBi@iBddvidke, said hearing
~_be changed during use, for exanple depending on the
aid eqyeprising atdieast onp gricwphome, ahegnil gregessid Beasedndyn phput transducer,

ear:] ' 0J... - - thl S qd 0 |
RN 1 e T T —
repréduce I om MEmilifisdt Rers@APOL tthé dnpite sigeslr bg themauntpungransducer, and the

heari ng. An additjonal adaptation of the sqund . i
Prograprodney devies afdaptedh &0 chanesnie IR PEPRFFTRS P8 Hhe hggting aid to fit the

v n l.ot ' S )
hearlE 8O SURRE AT ERE, o Pagfnd(y R BSRR, of Bt g e wers
hearntpemhdre stditiveperteptopaeddtedioragdi et surroundi ngs as

conpared to listening to speech in noisy surroundi ngs.
It would thus be advantageous to nmake the frequency

The 8&RARSR IFERANHERhtctb ok 41§ HehShE MdNGsins YRy IQ? ﬁléeﬁraggd dkfng use, for

provi de dedi cated responses for situations
exampgle stepesdiealonnte i specftal elistsbwiiaunfiithey signal processed by the hearing aid

speakj.ng i n noisy.surroundi pgs, .0r noi .surroundi ngs
prociiRpo R RisBeRot i rie P! B g™ e i, Gl B ound of the
envidsSiRsknt Qvile RAbEctABYthe NWBNE @elngihiBaheasiapP ARCAdditbdald adaptation of the

respect to speech intelligibility reproduction.
soungarepediicihen bodke tworend|sqyrd fehvizennagnt ghay betadmpmtageous under a lot of

. situations _suitable.for e in . conjuncti Wit P s

st 0 aXduBon Bkt kP E PR M el e tistening to
spec@h inl gheibt subpiiding s qeheasdd toNGtehitigeo @pedch $it BBk Gurroundings. It would

situation and adapting the audi o reproduction fromthe
thustheadv ajaggoys {q)nlg]qeet})@ﬁqqﬁﬁchd’esponse dependent on the listening situation, e.g.

to provide dedicated responses for situations like a person speaking in quiet surroundings, a
person speaking in noisy surroundings, or noisy surroundings without speech. In the following,
the term “noise” is used to denote any unwanted signal component with respect to speech

intelligibility reproduction.

Various methods for classification of listening situations suitable for use in conjunction with
hearing aid systems have been devised for the purpose of identifying the prevailing type of
listening situation and adapting the audio reproduction from the hearing aid to the estimated,
classified listening situation. These methods may, for instance, exploit analysis of short-term
RMS values at different frequencies, the modulation spectrum of the audio signal at different

frequencies, or an analysis in the time domain to reveal synchronicity among different
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classified listening situation. These nethods may, for
i nstance, exploit analysis of short-term RVMS val ues at
waledosmswae frequenci es, the nodul ati on spect r uP€DDKR618/000803
audi o signal at different freguencies, or an analysis
in the tine domain to reveal ‘Synchronicity anong
di fferentfrequency bands. AU hese net hods have
shortcom ngs in one way or another, nminly because
none of the devised nethods utilize nore than a nere
freqfienag bands. ofil theee methodnietvieshoduaninghineoneAmay beanother, mainly because

i nherent, probl emis. noi se _picked .o he . .
non%ﬁtﬁsaﬁwmge%ﬁ?m@mﬁ@m ng e frofo Shi infoppianavailable.
the origins of the noise may often be mechanical, |ike
transportation neans, air blowers, industria
Anotiec mhreesny posbletoriesbise pagketlivpntrem, the surrewndiegieby thdd@aring aid. In a

radi o. or tel evisi announce round
modgicacgisfthe aretissorie AR BPS EFeh b ImeRRer gy 1 i7g s ortation means, air
blow?ér§ QHdlﬁs'ErYaltrﬁaclﬁﬁe?}b b dbMedtRBpliacdsh6r ARInSBadd, Gk dadi® or television
the hearing aid, it nmay be advantageous to
anncmb@nmtsj @r ek giinslechatior nohrastauLant. rincprd\erpfpu thel hepying pid 01rcu1try to

v S50 R AT b SRR BB B s

the msesawhanmuﬁts tihton. plhlfaht}Soia(ﬂlﬂ@hjne ﬁbls@femhftﬁmiéﬂv entdeoAcéd@ding to the
npl ement strategi es and nethods to recogni ze and
natuteaztr@gfmquﬁ@:yaaﬁubw@i ofi the apdicplapReish® Giestiik e heari ng
aid m crophones and to use such information to adapt
sound processing for inproved user confort.
It is Gabbgor sf2ht inveantidn admpiiniant sirgegibsarndpbtheds folrecognize and categorize

analysis of the current ljste tuatign to .
acoysie ftgnply Higm el QSPeNs PRFriast Vi oh Gropastn 4 1@gtseqyuch information to

adapt tsgﬁlﬁfjpt)roé gfﬂne Hnpro$EL DR Lot %ét@ébrfzﬁm 8t Q&)Jsﬁ@ signals implies
current listening situation nost closely resenb

the difatysppuripbe eunént tlisieningatitigtion katdeotnfyi which Listehingt smmatmn among a set
frequenc sponse.in.a hearin C ble.o

of st et sersib e i BR0E Sy 0T 165 EuhaR GG sieon most closely

reseﬂnBIe@l Thedppbdetof (R @aﬂé%@rﬁza%@ﬁf@fot selddt & ?{‘ég % @8dponse in a hearing aid

i stening situation further object of the invention
capable qunrodt;ﬂlmmn eptinimgesiiwith mespact tolspeschfintgHigishtyaand user comfort
s, net hods |n a hearing aid system neking it

1nﬂ$6§§¥ 1@*?%“%%%%? ound processing to reduce the
amount of noise in the reproduced signal. Hearing aids
conprising neans for adapting the sound reproductlon

A furihenplyedfol shepinyertiont iy tomplemernote Eyirgamenfglassiipatiensand analysis

t.r ol [ t r. b
met o%@ éﬁ %&e%%af s}rd; ﬁ nﬂﬁgn%e é?ﬂ%«{s%ﬁﬁfé to d %ﬁlﬁﬁ@%@%ﬁg&g# B9 reduce the
amo&ﬁt&ffpio&efiﬁ ﬂmrhiﬁoﬂu(ﬁﬁlklgﬁﬁlz, whi ch di SCI oses a

Hearing aids comprising means for adapting the sound reproduction to one of a plurality of
different noise environments controlled either automatically or by a user according to a set of
predetermined fitting rules are known, for example from US 5 604 812, which discloses a
hearing aid capable of automatic adaptation of its signal processing characteristics based on an
analysis of the current ambient situation. The disclosed hearing aid comprises a signal analysis
unit and a data processing unit adapted to change the signal processing characteristics of the
hearing aid based on audiometric data, hearing aid characteristics and prescribable algorithms

in accordance with the current acoustic environment. The specific problems of reducing
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heari ng aid capable of automatic adaptation of its
si gnal processing characteristics based on an anal ysis
wo@tooshsrosur rent anbi ent situation. The di scl oSECI/DK2003/000803

hearing aid conprises a sign analysis unit and a

data processing unit adapted to change the signa

processi ng characteristics of the hearing aid based on

audi onetric data, hearing aid characteristics and

prescri bable algorithnms in accordance with the current
backgomudtnogse@ntd improviery speddheintsplegbilitycinghe dpeediced signal is not addressed
. redycin kagr d noi se and i nprovi ng speech
lnp¥ﬂ?ﬂwﬂ%§$gﬁﬁﬁﬁgﬁ?n the reproduced signal is not

addressed in particular by US 5 604 812. In an article

entitled: "Effects of fluctuating noise and
In apnaréicleeerititlgds fE8etis af flefuaiingenbise ewdpintesieringrgpsbdl don the speech

rece&gogauélflﬂggﬁégggr %ﬁﬁail%gggglnggt%%eg%?gé %%gttig %%3 ?’?%lg[g,%cogs't. Soc. Am,
1990 B8epy a2 o 1736 MuddbbdRhtidn StrRAR thatWididhe® with a sensorineural hearing
sensorineural hearing | oss have greater difficulty in

loss haye efopion ¢lilisulsy: in persri@engspeedhpeskasigbs pempeting speech or modulated
. | ' I rs.. W n arin
s L O LT R B A s e, s
degrete 9f gRrebtipe i€ ephblished Soe at @piesanigtihef @loup of both normal-hearing and
represené tive g{ogg of bot h normal - heari ng_ and
hearggzpipaGe ﬁﬁﬁﬁl‘?fé hej Gfferraessin trp gergeptionr ripecahrmesked by unmodulated
nis PSSR ALy RSRA, TRSHAL ARV MR LS s omaller an
diffevdnch impdreegption@fspssh nmskavbhy modelatad nbise. di f f erence in
percepti on of speech masked by nodul ated noise. A
wor st - case exanpl e of speech perception in nodul ated
A whRl-8&eiRatnBieSofl §eEMN Fdicdptioh hE nfRBet ndld ﬁﬁhﬁ@&%éa?&} ffthe case of
~a particular speaker with a tinme-reversed version o
noisrimsking bén patiicuksp speakier with & fins-reaere¢d vdrsionoff bis or her own speech. In

his NS Rl Bl B SR SRS RN B BB E o normal.
heari'n%sﬂsﬁﬁi@fssanb AR iR airddl ifefets hhRSedual difRouledsGE Bid RReeption.
Thus, a need exists for a way to aid a

hearing-inpaired |listener in perceiving and

c i zi ch. in .ated noi,se. If.the . . . .
i, G590 EEA3p? RAES o L T B b ol an recogniing

spee€iti moatiatt moae. aheshabdttisbitle woish pastemdaquaten sagdefvironment
of certainty by a hearing aid, steps may be taken to
can Reoppirbishadevity pll pdraualsi degraeyii €cipiatydtit a hepwiangtaid steps may be taken to

oSGy 805 S o ke ORI SOOI B

may betmpvedr nmeasuring the signal-to-noise ratio in a

EP 1 129 448 B1 discloses a system and a method for measuring the signal-to-noise ratio in a
speech signal. The system is capable of determining a time-dependent speech-to-noise ratio
from the ratio between a time-dependent mean of the signal and a time-dependent deviation of
the signal from the mean of the signal. The system utilizes a plurality of band pass filters,
envelope extractors, time-local mean detectors and time-local deviation-from-mean-detectors
to estimate a speech-to-noise ratio, e.g. in a hearing aid. EP 1 129 448 Bl is silent regarding

speech in modulated noise.
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speech signal. The systemis capable of determ ning a
ti me- dependent speech-to-noise ratio fromthe ratio
whedsosn3a ti ne-dependent nean of the signal aPdI/aK2003/000803

ti me-dependent deviation of the signal fromthe nean

of the signal. The systemutilizes a plurality of band

pass filters, envel ope extractors, tine-local nean

detectors and tine-1ocal deviation-from nmean-detectors

to estimate a speech-to-noise ratio, e.g. in a hearing
WO 8l 30EP ddsctiBSs 448etBdd msd s bpprratne far classificarior off aimixed speech and

nodul at ed noi se WD 91/03042 des ri bes éhod an
noise;pipailal e sigapl 1& SRUSHE USRI %WWegmé% Sklh sigfigls cach of which

[

contfify SEAGHORR horhRfic ERMneles ROL Spip TRPLTPREKRidhpes of this sud
s1gneataré foamtd tand st ds aereasuré o€ guehuingsn betwder tispmedohdual envelopes of all

ST R S N N —
of thk [Px‘i’ikc\!d ﬁgﬁ:&l LIRS 0ntB! dr ihAignifibhiB ARRLSR. byTi!Pl@ speech signal. The

synchroni sm neasure is conpared with a threshold val ue
classifmatloﬂl adssfplw wih referdrive terianeehpseagdented Sreguenyy, and may therefore

ant | i nsi.gni f.i can affected by the .
rormpBesis &GO R sl e R Sy Blng{iggy when tis has o
speeSIEfiRE #AGR. t 0 an unprecedented frequency, and may
therefore formthe basis for a relatively precise

esti mate of the noi se signal, in particular when this
has u t
This 68%?(? &a{a : comp 1th%& 1a ln_gé %uﬁ@%lh?g stt!gﬁsa %nze %g{ured to carry out the

metho@ i€ faciceut the met hod in practice. Exam nation of a
wi de range of sound environnments reveals the fact that
t he noi se fI oor in a particular sound environment may
' } { fRAOthe fl
m 34 RS e oA ARSI B e o i
partlﬁlﬂalsﬁ)uhé‘éﬁ{flrcﬁﬁnéﬂ‘ﬂ enayrier gyinpoadtbyodividing the ssughglectrum into a suitable -

each, particuyl ar frequenc and .t bel ow, s
numiy ol AuIeY RBEATLRBRGITE Freifite 15Ul A TRrAMGTENeoRGaR Of G signal in
eachﬁgﬁhcfugﬁ lfﬂe By RhE AR qle% BelB%, ENE 10 O oPRICEBRE bﬁé?%y in that band. This

es good results in act| cal applications. _
methadn o shee émi\]mdnngaerefemedtﬂoeasadmhiw porenutils pectfnpdmgwns good results in-
e derive byc cul.atin ow. . .
pracl GUREFAIGE A TAe PHERTP LA SYBLres i ihdR Quggion may be
derivid 'H?/l c'afcﬁlattlﬂg ticAloGpeddenfbs iRall tREAdIvIRET B8GicAly BAatigTE
be enpl oyed to calculate a best linear fit to the

coI | ected | ow percentiles in the sound spectrum The
To mmf;’l?f?/ tge caﬁulaklorrll g I[mef:artlregreysmn scheme may be employed to calculate a best

linear fit to the collected low percentiles in the sound spectrum. The slope of the linear fit may
then be used in classification of the sound environments. If the frequency spectrum is divided

into n bands, the slope of the best linear fit may be determined by the following expression:

n

PACEEIACES)

o = [dB/band] (1)

n

Z (xi ~Xave )2

i=1




then be used in classification of the sound
environnents. |If the frequency spectrumis divided
WO paos/opiobands, the sl ope of the best |inear fiPCTRK28/000803
determined by the follow ng expression: n (fa -y J) CC
=- '=1 n [dBl band] (1) 1=1Were x is the z'th band, x
the average of band 1 to n, is the output fromthe | ow
percentile in band i, andy the averageof the |ow
percentiles in all n bands. This can be sinplified
Wheew €1is tharitth ®and, Sd,0ER efiga®0bamdor tovy PhBtheFpaisBon ghd 106 percentile
. . Slope of the linear fit is the only_ informtion
in bapdd gyt Vet the gverage ofishe fopgperseatilss ip Ak ndiaRdnsi on dB/ band
t hus establishes a conparable figure expressing the
sl ope of the best linear fit through the | ow
Thispeanclensiidphisied epee $emtidrngintche naswe drreanisn Gxpressing the slope of the

. distributjon_ in a partjcular sound environnent, as
5 lineagifitps the °§ir¥dﬁf?f¥nﬁ“?%€eqd6 1owing. A sound system
conprising a mcrophone and an audi o processor is used
to pick up and store a sound signal. The frequency
spectrum of the recordedgsound ign% is divided into
a suitabl e number of freduénc ahds?)say, bands, and
a low percentile is detefhined for each band, i.e. the
| evel of the lowest 5 %to 15 % of the energy of the
signal in each band. This yields a set of |ow )
Gettingrredeft the dirgension diibandihvsesalishes a ¢rappageldn fighieetkprassiog the slope
10 ofth@ b%%télﬁl%&f 1tctﬁfolugﬂ tlEeaﬁ)r\x%ergeshltige% r%%g?e‘hltlgg tﬂezlidisepfrésqggﬁc distribution in
of "typical nol Se Types nay be arranged 1nto a nors
a paiti¢pRr sdumsisntire@hemnast il e shoka it fie folewsigown in table
: Table 1 Noise classification table (from
simul ati ons) Noi se type Noise classification output

A souflf gfstétﬁllzomprising a microphone and an audio processor is used to pick up and store a

sound signal. The frequency spectrum of the recorded sound signal is divided into a suitable .

15  number of frequency bands, say, 15 bands, and a low percentile is determined for each band,
i.e. the level of the lowest 5 % to 15 % of the energy of the signal in each band. This yields a
set of low percentile data. This data set is then quantified into a classification factor using
equation (2). A subset of typical noise types may be arranged into a noise type classification

table like the one shown in table 1:

20

Table 1

Noise classification table (from simulations)
Noise type Noise classification output range (o)
Car noise (four different types) [-500 ; -350]
Party/Café noise (three types) [-180; -10]
Street noise [-50; 100]
High-frequency sewing machine noise [200 ; 650]

Two things may be learned from this classification table; The noise classification factor range
25  may be either positive or negative, i.e. a positive or negative o, or linear fit slope; noise sources

with a dominant low frequency content will tend to have negative slopes, and noise sources
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Car noise (four different types) [-500 ; -350]

Party/ Cafe noise (three types) [-180 ; -10] Street

wmeis®5103%0 ; 100] Hi gh-frequency sew ng nmachi PET/DERES/000803

[200 ; 650] Two things may be | earned fromthis

classification table; The noi&e classification factor

range nay be either positive or negative, i.e. a

positive or negative a, or linear fit slope; noise

sources with a dom nant | ow frequency content wl|l
witht €idndifand diigh MegadicyeslSpeopals terdneh haves positive cRPes.t Arnded with this

dom nant_hi gh frequency sl o%e wll tend to have . .
knowlsdge @g“fegﬁrgp@@.swma wiay h be havangifisdy eide angpdartivengeduction of
envifb(?%rfe%{atl YBR& ]imdigﬁro%@ﬂ{é slrykt%gl’s sﬁa{jase}féaggggitd' sY§tems may be achieved.

reduction of envifonnental” nolse 1 n audi © processin

systens such as hearing aid systens may be achi eved.

The spectral distribution of the sjgnal .ma e ... i
The amﬁ9§§am§9tl% 9E thestgnat Hw%g ﬁpﬁlwﬁfg Ay 1?%%“21@@5&% up the signal
o £ di L
o ks U TRt eIy i S6 Gt OB ARACHR RIS Galucs from
eachf afethese feguirmy dendsT Ahe spetat distribiusion iob thtei signabin thhelifferent frequency

signal in the different frequepcy bands m¥r be
bancbm;elgas@@r@gecbas\@mcmr F (’7.11m ., ,)t?, Whase & i the freguency band number, and

frequency band nunber, and t is the tinme. The vector F
t is tleptimseiibs vetter Ipmpresants dhe tspédnat idotritoftionhe thie gngdlal at an arbitrary
an arbitrary instant t . It is also possible to
aéi‘ﬁﬁ‘tyze the tenmporal variations in the spectral
distribution, that is, how nuch the signal level in a

_particular band varies over tine, by splitting u the _
It isgilsgnpdssiblet i anahraiibe totpatlswrietiens mcila snesirab aliddbuiiog, that is, how

iving the .insta nepus, RVS val fromi. e - . .
oS5 8, 0 0RO BB OB B e PG e it o
mumBesef dkedteaftenacy vamdy idieddrange thef invaniaatdRMBMY @dlues from these

each of the derived RVS values fromeach of the
freqenel] Ay 1bdhelsanehmanedpesy arewaslyadessabed gogdpderiving the range of

. t LSt i hutj I e p S S ‘
variG3F fidth GLE'IF B4 fiE | Ao EAPLERCAE R irBueney bands. The
tempotaib @briatéond in ithe t fpectralmelistiiheione edayr atsepibes expressetheas a  vector,
_ distribution of the spectral variation of the signal .
T(mat.mgnt)arthiers am yis ithe tfeequency. bind tiberwapgd t fsethewbme. The vector T

vectors F and , with features characteristic to the )
represenisdhe digiputien deihe wpertralMatasionsd thyy sgnm gt athahitiey instagt tx. In this

as a basis for categorization of r.an of different
way) §hg £ \8p VREjors F ang T, v%th features characte?istic togt%e signal, may be derived. These

vectors may then be used as a basis for categorization of a range of different listening

inst

situations.

To be able to put this method of signal analysis to any practical use, it is necessary to obtain a
set of reference vectors to be used as a basis for determining the characteristics of the signal.

These reference vectors may be obtained by analyzing a number of well-known listening

situations and deriving typical reference vectors F, and 7, for each situation.

1

Examples of well-known listening situations serving as reference listening situations, i.e.
listening situation templates, may comprise, but are not limited to, the following listening

situations:
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situations. To be able to put this nethod of signa
analysis to any practical use, it is necessary to
wWo@biogiosi0a set of reference vectors to be used BGT/AK2003/000803
basis for determning the cha{acteristics of the
signal. These reference vectors may be obtai ned by
anal yzi ng a nunber of well-known |istening situations
and deriving typical reference vectors F and T for
each situation. Exanples of well-known |istening
situations serving as reference |listening situations,
i.e. listening situation tenplates, nmay conprise, but
ar 8bagelt 1 quetisEFoMMlinghe fol | owi ng |i st ening
Si ' " o O surroundi ngs 2. speech in
stg#%g%gﬂ§mkﬁbﬁf€§$9?ﬁ6@£ﬁ§%§e 3. speech in
i mppdesteid inkmilsedikeamodse noi se wit hout speech 5. nusic A
nunber of measurements from each of the |istening
si DRigE VoReutsPEcilised to obtain the two ndi mensi ona
refgkence vectors F. and T as typical exanples of the
vectors F and . The resulting reference vectors are
subsequently stored in the nenory of a hearing aid
rocessor where they are ed far calculatin .
A ey SF Rirbout e PO pothg i it SRoiopSiisiRed oo obtain the two m-
dimé%%ltolﬁﬂallnre% I‘g'l’li]c%. Ifec¥oer§: Eﬁrgnda ?:d al igaeffeﬁ(a%?i:eg ofakk Q/reétofs ?’ﬂgld T. The
. € héaring al d‘accordin 0 the tnvention
resul‘fl‘ﬂgﬂéfelse%ge %ctbﬁaﬁg sﬁlgb%gﬁ'érfglryos‘?&@@?m ﬂg‘: ﬁ‘ﬂe%ﬁ% oPh Qe 5 processor
nmedns and an out put transducer, said signal processing
whereethap atreused fad agtwatinga resd dimvee et of itlgndifsrence iretween the actual
. mcrophone, wherein the audi o processing nmeans having
F amgl Eetectofrs andjharefpieneewsstorg panddpt ers mapped to a set
of stored noise classes, neans for classifying
background noi se, neans for anal yzing audi o signals so
. p [ -sqund Vi O : ‘
The Fafife 35 SEbafiR, Bebbdbilon Kol M1eER b BB Rbone,  signal
procbsatiggmeansdamb ius @stpuamdnsdneas shidr siged rjresdssige ancpat befng adapted to
receG gHAOr B S 1o G ior OB ERP A Ry Pi@octsing ihoans Miving a set of

signal processing parameters mapped to a set of stored noise classes, means for classifying

A

background noise, means for analyzing audio signals so as to select among a plurality of sound
environment templates one homologous to the current audio signal background noises, and
means for retrieving a set of acoustic processing parameters adapted for processing sound

homologous to the selected template.

This makes it possible for the hearing aid to recognize a given, classified noise situation and
subsequently take measures to minimize the effects of the noise on the signals reproduced by
the hearing aid. These measures may be adjustment of the gain levels in individual channels in
the signal processor, change to another stored programme in the hearing aid more suitable to
the current noise situation, or adjustment of compression parameters in the individual channels

in the signal processor.
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This makes it possible for the hearing aid to

recogni ze a given, classified noise situation and
waipsesuwent | y take neasures to mnimze the efPEDK2@B/000803

t he noise on the signals reprgduced by the hearing

ai d. These neasures may be adjustnment of the gain

| evel s in individual channels in the signal processor,

change to another stored programme in the hearing aid

nore suitable to the current noise situation, or
Accardjngstonthet inoéntioamitecbairing i fanietr afogprized hdownshrsentileakstimator to
channel s in the sigpal progessor.According to the L
anal g BR RO P &S 4 eH9CHYE Wy of grplyriag dhebackggound noise in an
amngﬁgg@ﬁkhhﬁngstinator to anal yze the background noi se.

This is an effective way of analyzing the background

noi se in an acoustic environment. Further features of

he. hearing _.aid according to the invention appear fro . .

FurthflcfepSS] S Ui LF005 AP HOITTRAO] B AYGRURD APEG YR JhS Rearing aid
subchifi®t hod of reduci ng background noise in a hearing aid

conprising at |east one m crophone, a signa

processi ng neans and an out put transducer, said signha

rocessing .means havin ans for, classifyin . ..

The BB EPEHRT TS P el B e fedoRRPhoit Bihpearipg gid comprising
at 16bt 6hABEODPBGME, & SiBhal Opro€REinE SRS A1d b RAUYRMA G¥ansducer, said signal

response paraneters coupled to a set of stored noise
procgysigsBsany bedng iprgns ifer glapsifying difpent Aipgsook pagkaraymd noise into a

. n

plur%lgg‘gg %feagsteg}aﬁa ;3%9 gﬁ%ﬂrgés@ﬁ% Jr;r?c%.}:egﬁg ge?sﬁ%s%ﬂ%gamgérg %oupled to a set
of stoledswiskictdsdsadcgivtignth fitss step,mdangdpiald Hom temi@bphone, classifying

known background nai se conpaonents, finding the set of )
a bagkegrarmd Ropse: Componeny ip &k apdieugnaly, cempaEng thycdaspified background noise

com@ﬁfeﬁgfooé@ﬁ of %&?ﬂ b BB hoisd 'Egg%gg\?rﬁé '}ﬂldirfégtpé‘ Wio® noises that most

I'gnal's according to"the corres ng set
closdly ecpeanbbas theshosified packanetndrviseTdunspanent) add edgiinghé hedio signals
- hearing aid to adapt t?& signal processing to a
accobqel{}% 19 He GOResPAREING Sehf egBeCy iTeSPORSS PG Bs by
conti nuous analysis of the noise |level and noise
classification. In a preferred enbodi nent, the
Thisenpthad iesaldés thhilsannka pidavi adapt the tstgneppiatessengsiperphurality of different

o S B SR S A S Wi, 1
prefdiRidn@sh G eitd iR Enipghatib 6f tHiy SdbptAdnTRYo HRihBaspeeh ikieMgibility, but

t he met hod subcl ai'ns. _ _
other uses may be devised from alternative embodiments.

Further features of the method according to the invention may be learned from the method

subclaims.

The invention will now be described in more detail using examples illustrated in the drawings,

where
Fig. 1 is a graph showing the low and high percentiles in a speech signal,

Fig. 2 is a graph illustrating the classification of noise by comparing different noise samples

taken over a period of time,
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The invention wll now be described in nore det ai
using exanples illustrated in the drawi ngs, where Fig.
wa 2008/05108¥ aph showi ng the | ow and hi gh per cent PCEPKRI13400803

speech signal, Fig. 2is a grge\ph illustrating the

classification of noise by conparing different noise

sanpl es taken over a period of tine,Fig. 3 is a

schemati ¢ bl ock di agram showi ng a signal processing

block in a hearing aid with noise classification neans

according to the invention, Fig. 4 is an illustration

a set of etermn ain vetors deriyed fro ) iy

Fig. ) 6 AeseBRE PGk U e PhEX TGS 51| RIPFasei i oqepct Bearing aid with
noisé Ofa sﬂﬁialt % sgc%oﬂﬁ td¥le iR Atiof1 9. S5 shows a neural

net wor etern1n g the speech intelligibility

i ndex Sl gal n for individual frequency bands in a

hearl n a SJ ifie r ) :
Fig U 4 getie. epacet B PHRSERTDNTIEBHn Srotaroal -G op gifferent noise
classlﬁ%eﬁ@a@@fbﬂéﬁ{ le%@@oxsav&tte;‘o dPheAn! ¥4, Ny the spectral

variation of a signal, Fig. 8 shows how the system
according to the i nventi on may i nterpol ate between the

i ff d fi-Gy 4. -and :
pie 8 Y6 T Bl SRLEH Thp e a0berBE, el BefliBpnf B s in fr
1nd1\hﬂuzﬂ|ﬁ@qllen?bdh&§ hlmnﬁg)ulﬂd signal fragment with a

duration of 20 seconds Is shown, envel oped by two
curves representing the Iom1percentlle and the high

Fig. gg&%g?lsx:si 1ffeﬁ%2&8ﬁl'f&eéﬁéiyz h{: lsé}e%ha?&iﬁé?{%ﬂﬁor?ﬁf& Bgnal

St's
bet ween approxi mately 40 and 50 dB SPL. The next 7-8
seconds | s &,speech si gn erlnﬁci ed with _noj se,
Fig.  shoyea smnlitigd sy e fon Ya@aapaiﬁﬁ@%u y

45 to 75 dB SPL The | ast 2-3 seconds of the signal in
fig. 1 is noise. The Iow percentile is derived from
Fig. 18h;howis goalthe Blyﬁehn atalrdiogito theviayentibhenas)i igteapolate bdtwdedele different,

d|nto éranes" jﬂgal uration, say, 125 ns, and the
predgGHPIRgE SPBVEFLOT D Mane is conpared to the average
| evel of the preceding franme. The frames may be

~realized as buffers in the signal processor nenory
Fig. 8abdwhaheirimg saad acaobding &f the snwsheen.of t he i nput signal .
If the |level of the
In fig 1, a digitized sound signal fragment with a duration of 20 seconds is shown, enveloped
by two curves representing the low percentile and the high percentile, respectively. The first 10
seconds of the sound signal consists mainly of noise with a level between approximately 40
and 50 dB SPL. The next 7-8 seconds is a speech signal superimposed with noise, the resulting
signal having a level of approximately 45 to 75 dB SPL. The last 2-3 seconds of the signal in

fig. 1 is noise.

The low percentile is derived from the signal in the following way: The signal is divided into
“frames” of equal duration, say, 125 ms, and the average level of each frame is compared to the
average level of the preceding frame. The frames may be realized as buffers in the signal
processor memory each holding a number of samples of the input signal. If the level of the
current frame is higher than the level of the preceding frame, the low percentile level is

incremented by the difference between the current level and the level of the preceding frame,
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current frame is higher than the level of the
preceding frane, the | ow percentile level is
w0 p@ses®se ed by the difference between the curP@nDK2003/000803
| evel and the |evel of the pr cedlng frame,10 i.e. a
relatively slow increnent. ﬁe | ow percentile may be a
percentage of the signal from5 %to 15 % preferably
10 % If, however, the level of the current frame is
| ower than the | evel of the preceding franme, the | ow
i.e. petatignlyislev irvahedtsTitelomepeednétt ingy be @ pesteatnpe batheaignal from 5 %

n Ote imes the difference between the
to 13 ?arpé%?faglavlé? E/Oaﬁ%ilpwqure@sﬂe@fﬂ of Hhe W@%ﬁﬁlﬁs ig Mi‘f?é than the level of
the pre&edir: frﬁjn@tth(\! oW ggﬁ%ﬁtﬂg & EEE&Ecrerﬂ_éHtéd ey cgfth%r\ll’\cli fﬁcgtor, say, nine to

processing frame frame renders a curve fo
ten tirnes thovdlﬁtrencga/be:jwsen ihsuturent bfvelta‘mi the deneel ofl épeprdiatiingframe, i.e. a

et R SR S i A N eREESE L Sotowing e

low ERY8Y digiribufin 6PiHe@inal AGREdILE oh & ABERSGcARYR! of the

precdeding frame. If the | evel of the current fTrame is
| oner than the I evel of the precedlng frame, the hlgh
. el decr he diff.er
Sim ag'[y hlglﬁ gerec\é t}lg rjﬁs d‘fré éﬂﬁéh %ﬁ/ql Y Somparifg Y average level of the
currdhit deedd 100hé hagage level oﬁthé Prédetiing! frarhé. AW tKtERK €N the chifrent frame is
however, the level of the current frane is higher than

lower than thedpvelfofithe Pprceding; fFrgne; thgright precamtilf leﬁélr isedectamented by the
dlffe{r&\ég hhefuheh B e d?efqr]ppync?thg ?eg\/é! \;\ag{he p?%cteeﬁ{%l % Q?ﬁlatlvely slow

ten ti1nes erence Frent et
decramehit If;ehd»w&k thé laviebofthe (C&ﬂéni’tg‘rzfﬂieimﬂnghereharﬁthe level of the preceding
relatively i ncr enment ercentile my be
framg, rhéghPfg@@lt]Zq IEtVﬁ]GIS§pa‘ﬁ]§antﬁi g% agg) apbfagg)rp/gay, nine to ten times the

dlffePén%E BN B ch{‘}en-{hév%hﬁﬂcﬁﬁlquveﬁ 0PG5S eG&hﬁ%ut I o’nl & a relatively fast

curve approxi mating t energy distri
increnient.s The dligld ppeackila gmey b:ehae rehestage mefrthensngxm frd?m 85 % to 95 %,

fig. 1, the two .cur maki n t he
pretaty ot Dh. ol (e, of FrbgrosiEs GHers & FTe ARRroRTgotbe high energy

distrfuBER et i %1g%h9(!fb”1‘>|endﬁ|i§ Sn i QlosBH Ibéi’éle el ved fromthe
two percentile curves may be utilized 1 n severa

di fferent mays The | ow percentile may, for instance,
ermnln the n| e floor

As st B en b€ e et P Sugeraprlechtnfy Pidlghestentile form

an elh\fellﬂﬁe%ﬁro@idgﬁé kigha Thé lﬂma{ﬂo&s%ﬂa&pﬁbmh& B heNemtile th&es may be
i gnal from overl oadi ng _subsequent processing stages.

utlhz@d ax spyirals dderendi weys| s ilpwe aeicoriile smahopr iimstancg, be used for
detegnmmqﬁg nSisY ﬁ%&l 1nqh£ E&Bﬁ[‘ Eln({]%'esh?ghsgel% &ile may be used for controlling a

limiter algorithm, or the like, applied to prevent the signal from overloading subsequent

processing stages.

An exemplified noise classification is shown in fig. 2, where several different noise sources
have been classified using the classification algorithm described earlier. For reference, the
eight notse source examples are denoted A to H. Each noise type has been recorded over a
period of time, and the resulting noise classification index expressed as a graph. Generally,
there is a direct relationship between the high frequency content of the noise source and the
noise classification index, although the two different terms by no means can be considered

equal.
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have been classified using the classification
al gorithm descri bed earlier. For reference, the eight
Wmeis®s®eur ce exanpl es are denoted A to H EachCT/DKS@3/000803

type has been recorded over g period of tinme, and the

resulting noise classificati A i ndex expressed as a

graph. Generally, there is a direct relationship

bet ween the high frequency content of the noise source

and the noise classification index, although the two

different terns by no nmeans can be considered equal . 11

_Noi se source exanple A is the engine noise_froq1a,bus.
Noigetsopxse egpaaplod |1y theotnging poiggtiemcy bundt Bdrixsly lpy i frequency and

s n -

consfft # Farp @ th DA, bt el pBRE) HOEP G RrdRtABp jndy of round 500 to
550.560is€ sorEaapingplBB & théienginginnBe fains @ dar,dreing sianilar rehatgre to noise

simlar in nature_to nojse_ source ex | e A and. hayi ng )
SOUBREHMALS Al daying sk assiensd ?ﬁlptsatciaéﬁ%gﬁmnw QfA‘S‘%_}Stt% =350. Noise

~ | | . . .
sour%egg%néﬁt@ a(‘Ts’Es Rkt ‘?RS%@PL(% Ifég{alt%l t{aﬁ&ﬁf‘%@%ﬂéﬁ r%ﬁhng. This has been

I ng and cutler ng.” Thi s has been
assigned iagmask cassification lirmkesidfi-d 80 ito a1 HhddoisoseutGDexampld FDis party noise

Noi se source. exanple D is par npi se and very. siql.ar . .
and PGYIGRLE 10 GG SoRRs FEFEPIE,Cr Rt e Be BT eeb f fiiaf fbeifiation index
of baRkesE—sd Ansifopcati on i ndex of between - 50 and -100.

Noi se source exanple E is a vacuum cl eaner and has

been assi gned a noi se classification index of about

.50. Noi se source example F is the,nqgise. of in L
NoiS R chRmORH FreareR v DS Pl FieRt FabRRFlspguion index
of ab&litST). NVMCRUENASINDIEF BrHe nbisbag Dewikims 6ar@pe braventilator having

noi se cl assification index of_ 100 to 150. The noi se

chara@ienisties sixailipFenase spurgegexamplest.anddtimgdiermassiaen pwise classification

: S, | fi ' ' . ,

a1 0950 DRSS 5 52031 LGRS b o 1

beerPaskighéd alhyiees classificabioh asdeR@€abag 200 @d the hasi mdse source example, H, is
classifjcation index of 5Q0 to %?O,due to

> he nore
a hayg grysRawhich hahbeen assignrd2 Ruish davsiiigtian &siﬁisg? 300 {5 130 duedo the more
dom%aﬂ?ﬁigﬂ%e?@eﬂy%ﬁefrﬁ GAEA Q&HFQ‘%B Ghfh he oft}}eg nofe cHI&SBation indices in
nol se “cl asses are | ncorporated as exanples only, an
fig. 2r Ehasehoisa changesway incbrpotadterhas exanipdessedpeandfart het in any way limiting
inventigﬁé.ln fig. 3 is shown an enbodi nent of the
to the 3¢ens At shr BEMIIPsi ng a signal processing bl ock 20 with

two main stages. For clarity, the signal processing
bl ock 20 is subdivided into nore stages
In fig. 3 is shown an embodiment of the invention comprising a signal processing block 20

with two main stages. For clarity, the signal processing block 20 is subdivided into more stages
in the following. The first stage of the signal processing block 20 comprises a high percentile
and sound stabilizer block 2 and a compressor/fitting block 3. The output from

compressor/fitting block 3 and from the input terminal 1 are summed in summation block 4.

Thé second stage of the signal processing block 20, being a bit more complex, comprises a fast
reacting high percentile block 5 connected to a speech enhancement block 6, a slow reacting
low percentile block 7 connected to a noise classification block 8, a noise level evaluation
block 9 connected to a speech intelligibility index gain calculation block 10. Furthermore, a
gain weighing block 13 comprising a hearing threshold level block 11 connected to a speech

intelligibility index gain matrix block 12 is connected to the speech intelligibility index gain
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in the following. The first stage of the signa
processi ng bl ock 20 conprises a high percentile and
wa@ewss®Babi | i zer bl ock 2 and a conpressor/fi t PCHDK2003/000803
bl ock 3. The out put fronlconﬁﬁessor/fitting bl ock 3
and fromthe input term nal are sumed in sunmmation
bl ock 4. The second stage of the signal processing
bl ock 20, being a bit nore conplex, conprises a fast
reacting high percentile block 5 connected to a speech
calc@ RGN bRIFR NIO. bifecluttér isausd oduringatii fiiging proeeureotly] end will not be
bl ock 7 connected to a noise classification block 8, a
describedsin fugthen degajbhasat i on bl ock 9 connected to a speech
intelligibility index gain cal culation block 10.
Furthernore, a gain weighing block 13 conprising a
The bgsech igelligitélstyahdexl @ietalbdlaidn blook &6 ted theospacchparahncement block 6
intelligibility index gain matrix block 12 is . .
are hotth GeieEtsdtis a FEEHBRdHOth &) %dgf%xﬂs PPy fopyibs symmption block 14 is
u .
cont el fh B Bal sy o SHAigbh Block R gEigkt PEUE Rbtaction block
15 if avdilable ad @ehaiukpuhéereninal HE, s@epcs$ing teedutpyi dfithé signalrtesessing block
gain cal cul ation block 10 and the speech enhancenent
20- plock 6 are both connected to a sunmation bl ock 14,
and the output fromthe summati on block 14 is

connected to the negative input of a subtraction block .
The gignalThem 6l high pefoentie apdisounsestitihizasibbedk 2 6f thg signal processing block

. i,l abl i nal Y .S .
20 4R Lo BBy B A TNREL o g R0 e qucnc

bandsr@écilb@laftdgAnAHaainal & Rodo Sumgusicalinal 2enhdB$ added2o the signal
of the signal processing block 20 is fed to the

from; hepeasapyesser/fittingnfogl dcik the swrwRationdipske 4s il oufut signal from the
e ¢ _
sumffligh Bkl RS Ko AP S2LEM Bt 15
added to the signal fromthe conpressor/fitting bl ock

3.in the summatjon block 4. The output. signal fromthe
The cSighPhtFOR P obikh pareeniilin st tbleck @ fh ey b3 i3 B anﬁbw? the speech

i . i . i —_—

b ARG S50 GRDAOE 0l Ry JA8-0RRb, 00Dl hcond

of tieppeeth enthacaeemt ilodil @ckhese pdiventsle gipnlalsf aremntdlepd mpresentations of
ercentile slLow plock 7 i.s fed to.a s%%gnd i.n

f f .
the g PEiSRRIR B fin KB BRETBIIE RS eSS Gav b o e hput signal. The

signdll 9518 tRe BIWE pERYANIORRW BRER TR bl oS0 &e Pt 4t t88 noise classification
percentile and the | ow percentile, respectively, as

blockl @randalie hoiserlavhkblpelpitresiegiiedly. Titpenoise classification block 8 classifies the

noise according to equation (1), and the resulting signal is used-as the first of three sets of

parameters for the SII-gain-calculation block 10. The noise level block 9 determines the noise
level of the signal as derived from the low percentile slow block 7, and the resulting signal is

used for the second of three sets of parameters for the SII-gain-calculation block 10.

The gain weighing block 13, comprising the hearing threshold level block 11 and the SII-gain
matrix block 12, provides the third of three sets of parameters for the SII-gain-calculation
block 10. This parameter set is calculated by the fitting software during fitting of the hearing
aid, and the resulting set of parameters are a set of constants determined by the hearing

threshold level and the user’s hearing loss. The three sets of parameters in the SII-gain-
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signal fromthe | ow percentile slow block 7 is also
fed to the input of the noise classification block 8
wapasokwinoi se | evel bl ock 9, respectively. ThECHDK3@®3/000803
classification block 8 cIaSS|§|es t he noi se accordi ng
to equation (1), and the res& ting signal is used as
the first of three sets of paraneters for the
Sl | -gain-cal cul ation bl ock 10. The noise |evel block 9
determ nes the noise | evel of the signal as derived
calcflton bloek [10wrpekedas idpat yhdabléd ackaldulatandgdihaetting in the individual
resuj ti signal is used for _the second of three sets
frequsncyh ?@ﬁ%@%ﬂﬁtlﬁ%?esﬁh?épse%ateﬂl%@ll%mgﬂ .on bl ock 10.
The gain wei ghing block 13, conprising the hearing
threshold I evel block and the S -gain matrix block 12,
The pnqm't digpal frend ther Sllogaihhratmlgmnsblotk pariametied so flor ottpet from the
n-cal cul ati on bl ock 10. .This neter set is
speeginPRpnRTae! odiso i fhersERE GG ekl and ibp YerviEnR giegpl is fed to the
sumﬁlt.t@od@ﬁt:k NG, Jifdre HRAiLNE RS Wld ttﬁﬂmaetn BlocRAUARBLSBHScted from the
a set of constants determ ned by the hearing
s1gna1tfrcenhhﬁ silrhmaedm blodk #th&he setpus sigearpraggntedsm thEpatmit tegeinal 16 of

e 3553, BooBBRS2 Tobl B DAL P HOaRhREH . stng
comﬁ&%&ﬂsﬂ‘ g siéﬁﬁl hﬁ‘x‘}{isVdn_dééﬁtnatédeﬁ&t&n ey n@ﬁé‘ @ﬁgnhh gte closer the estimated
optim zes the speech intelligibility index. The out put
errorssigpredls thrtbernethal eglor siggali theqadreutodseitbhsiBna drocessing block will be able
added to.the o t fromth enhancenent bl ock
to regIoVE Tpfthe JHna fwﬁﬁ 1% f(nglazl&bw%%?%e resul ting signal
is fed to the summtl on bl ock 15, where the signal
fromthe summati on block 14 is subtracted fromthe
A prsfegice] ebagimenteofshenpaise @ilasaﬁ@@twmsysm %teﬁmnsgutg%ﬂ that equal the

tlmegz?)g%tglgté I%g gk&b%%erg%tttwtfhgﬁj " gszllrgotqg imal Elnt%ltw?]en 1.5 and 2 dB/sec

wheg Qo€ agedisiagdardd biprogianngy ri§atoedOld'BJ/sEc sihgmdéveid ares falling. As a
an estimated error- or noi se slgg The . Igéer t he
consggyenARt e RNFoFlagTifiFalion; s #thablaciouglpsy Qg afequately in a

31tua:ti1.9ﬁ WIREEHE ¥hvio ! Qﬁ@llex%[ %éé ﬁout @ﬁ%lyﬂﬁg et Qﬁy, 45 dB SPL, to

pla +0 Termve from the si gna eav audi’ble
relativelyi fidisy, say,A0pdRSRLy widhiarabodl 20esetomds. Onehsmothsehand, if the noise level

cIa sification system has respgnse.ti hat e
changga oM ELLUH A 40 SHAGRLY FIGEh B Gt g oot S ethisable to adapt
withf &oaPPLehaRt el y between 1.5 and 2 dB/sec when |evels

are rising and approximately 15 to 20 dB/sec when

|l evels are falling. As a consequence t he noi se

Thlsaejtégfeétt t%: a%is%néassg?cgtrlgnl gys b} P So tagapctlt gsstgfngl %)rho%esr%%gslen a hearing aid

relatively fast as a user of the hearing aid moves between different noise environments. The

results from the noise classification system may then be used by the hearing aid processor to
adapt the frequency response and other parameters in the hearing aid to optimize the signal

reproduction to enhance speech in a variety of different noisy environments.

Fig. 4 is a schematic representation of estimated gain matrix compensation vectors for a flat 30
dB hearing loss derived from the four different noise class examples in fig. 2 at eight different
noise levels. Each of the 32 separate diagrams shows the 15 frequency bands in which audio
processing takes place with the relative compensation values (negative) shown in gray. The

upper row of diagrams represents the estimated gain matrix compensation vectors for the class
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situation where the environnmental noise |evel changes
fromrelatively quiet, say, 45 dB SPL, to relatively
wooisps103ay, 80 dB SPL, within about 20 secondBCT/OK2003800803
ot her hand, if the noise |eVﬁ| changes fromrel atively
noisy to relatively quiet, t é noi se cl assification
systemis able to adapt within about 2 seconds. This
enabl es the noise classification systemto adapt the
signal processing in a hearing aid relatively fast as
of waitelaeise,dhdichted hegriyng tht doisolesslsbes dBen 0ddl,f-6rdB)t0 dB, 5 dB, 10 dB,
noi se_environnents. The results fromithe noise

15 dBy, aads 29 ABaresrrtiyglyt Athneise levRlhcoEespehiios squng PRessrergyel of 70 dB
ai es; 0 he.: e r
SPLEHaReRE SR arts? o Sfonl Bild, MIMERAYN REPARRE 1B0%pn represents tho
estinsdtghgdin rreyi>odempensatidroveettiaatcesepeecievels fa olasesadfywashing machine
. different nois¥ g&é'ronnents.. [ 4 is a schemati

Fi g. ) .
n0ise, PRFE LRITEAIGH Okt 6P e@&?’%’}gng]?er FSHmAt e g{a]tr%hcompensatlon
vect¥§ Bh P BednUbutl B% gf)p@f?lg%%um GZ?‘Tgl) h 95&cH f‘ﬁ{t.bﬂ'i%ﬂ) lfit?qmléxhhﬁnction and

our different sé Cl ass exa es in fig. 21a el ght

the whifef proitet inngieston end ligterpblating dhe tdsult 3@ the puirertaroise level and noise
; di agranms shows the 15 frequency bands in which audio
YPCprocessing takes place with the relative conpensation

val ues (negative) shown in gray. The upper row of

di agrans represents the estimated gain matrix

As cepbpspamin B8 4dbe vedor dlpgians reprgseiing sliffernt roisroelasses with a level

belo%vngij(??t}%% d!%r{re]%{lg%y I%Bd%gegr%g iag%’, lig%igétgxg é}'%’t d(%ly "2l amount of
comp@spast isvededed Ab lredinke Sidecmeloss koekeTholadrama remugdting different

_pressure level of 70 dB SPL, relatively, Simlarly, . .
nois¢ plassse Bawa leveli of ) dB and pbriethas agnpresigati¢rat gy ared, indicating that a

B R 0 L T
machi ne noi se, party noise, and autonobil e noi se,

respectively, The estinmated gain matrix conpensation
In aigleBrd ebpRimREnsFo0h @alﬁyma%w ARSI IR Y r(%fuftsoara stored as a
it A : : )
ool S 1 BB LK L RGN LB By en e e
estimdtel @air emtrinaiosehsaioh waldesntn sletermpe. thas cemperbetiseareded in a

in fi.g. .4, the vector diagra representin ifferent ..
partp i bEdeIRFETE Snpick SR-gER R BMABE Hissheiee gy king dfgfing up the
appr Stoafl WatfAk ERdmMPeAshtvAt vdiebrt RAtheoMokup tahR! fif WP ¥Emated noise
of conpensation i s needed to reduce noise at |ow

clasdifieation indixehagi agrlnerslose po dwebnrderdineiof the eglected noise class, say, party
noise or washing machine noise, the algorithm may interpolate to define a gain matrix
compensation vector by a set of values representing the mean values between two adjacent gain
matrix rows in the lookup table. If the estimated noise level has a value close to the range of
the adjacent noise level, say, 7 dB, the algorithm may interpolate to define a gain matrix
compensation vector by a value representing the mean between two adjacent gain matrix

columns in the lookup table.

An embodiment of the SII gain calculation block 10 in fig. 3 is shown in fig. 5 as a fully
connected neural network architecture with seven input units, N hidden hyperbolic tangent
units, and one output unit, arranged to produce an SII gain value from a set of recognized

parameter variables. The SII gain value is a function of noise class, noise level, frequency band



10

15

20

25

30

noi se classes with a level of 0 dB and above has a
nore significant gray area, indicating that a | arger
w@emans108d conpensation i s needed to reduce noPGEDER003/000803
hi gher levels. In a preferred_enbodi nent, sets of gain
matri x conpensati on vector values are stored as a
| ookup table in a dedicated nenory of the hearing aid,
and an algorithm may then use the estinated gain
matri x conpensation values to determ ne the
numberyped faf posdeteedited hedrimg thasshokilees] valves at 5@nHbY1 kHz, 2 kHz, and 4
sel ecting a noise class and estimating the noise |evel
Zand | ooking up the appropriate gain matrix
conpensation vector in the |ookup table. If the
estimated noise classification index has a val ue cl ose
The treutahacbor tigr bimay pfeftﬂablysleﬂ geined wmigsthe dlewvssbergMarquardt training

r noi se or chi ne _noi se, the al rithm
metfl i BB eometion WY MR CReR g e iog s Bhh Aine sct of 100
rand\'Sﬁﬂ?}tf Encbited® dbBireheX@hR3sds QR 882EHbAGNS BEl éﬁ@@@alﬁé& ues
etmeen two adj acent gain matrix rows iR the | ookup

table. If the estimted n0| se | evel has a val ue cI ose

T bRl ghserr e T PReY G F 6 Gur R regil pethii g ANSTS3.5-

196 QRREAE AkrdvadedV BBL79N whithasthilab® pk@RARSRBihoNY foheheMBAEulation of the
bet ween two adjacent gain matrix colums in the | ookup

speegly itelligikility m., rEnThe Sk makes)if pesgible tpawrédullchthednteﬂlg@b,lk amount of
the t‘}a%shlnﬁtg %eec% orr Cﬂw r{&ut;ﬂésg VtalnetS ?P%l%cﬁe‘mfté‘i %1-‘611?9 nﬂ]gqltnggr'\‘iransmlssmn

tV\DI‘

systdih.d4l @forb ypmpiehknsive dageptionusti dediral asd agd eraﬁﬂﬁg)ﬂiethd)ﬂls fin general may
arranged to produce an SlI _gain value froma_set

be fouad dpy Haylsig, a&?%mwovﬁr Aé%@régrehqiw&feéiquné%nqm”v%uqsle 1988

a function of noise class, noise |level, frequency
band15 nunber, and four predeternined hearing
The hbzrmgﬁoksés cevdlbevaltenesomatreO€lirditzal ditakéiztheP nkd’ylzbe gameraded randomly

. kHz.. ural net in fi e bl.y
using SGhineRh TR CR® MVt @861 %ﬁ@&é&%g e hf‘ge iR iraining, the .
neura_lhﬂe? id frRfeMEIg ABLMRE 18 $id ARk §5@\%1%(§n b RofMnfdd MRt @N A frer training
a training set of 100 randonly generated,

of thxh mefue:ﬂetmt the draimpg Ivers sesified disorgr aregtpo @0 ngn@irhlyggdnerated, different

hearfi 1Py &5 GRRBEISSRU D i BRELTe HECAIH e TN 1Geition procedure
was S8@Rd ul Rslafrd f1AY tietbuifl héd WlM“F)'e(h'Blesﬁoaé%ﬁﬁfa@e e @8% value for a

met hods for the cal culation of the
given, future hearing loss with sufficient accuracy.

After verification of the training of the neural net, the training parameters in the neural net are
locked, and the parameter values, represented by the N hidden units or nodes in fig. 5, may be
transferred to an identical neural net in a hearing aid, embodied as an integral part of the SII
gain calculation unit 10 in fig. 3. This gives the SII gain calculation unit a capability to
estimate the SII gain value for a given hearing loss when fed a noise class, a noise level, and a
set of individual gain compensation matrix values for the 15 different frequency bands in the

hearing aid.
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speech intelligibility index, SII. The SII nakes it
possible to predict the intelligible anmount of the
WO e@s®moss ed speech i nformati on and t hus, thePGpPDBECIN3/000803
intelligibility in a linear transm ssion system A
nore conprehensive descriptlJ# of neural nets and
training nethods in general may be found in Haykin,
“Neural Networks: A Conprehensive Foundation", 2. ed.,
1998. The hearing | osses could be taken fromreal,
The alumal oetl detista,a qralifibé gstiragte o€ tigesid patnevhluamdo givyn lllfisita[iﬂ The noise
1 E |st|c:i1 t hods aSJstEtS ase w.th th exarﬁ
evel B, PPISE & 6 FBAES 1VRE IR PGS VEHBIOM alfe gl gicked up by the
miclBpE§ RS ably embodi ed as a pi ece of software in a comon
conputer. After training of the neural net, the
training was verifi ed usi ng anot her 100 random y

g)‘ﬁr%%ﬁ all{l Edge é:i IF %fﬁt%r %[0 'gﬁgylgtgriifgs a exa spectrarf distribution of a

signM€ih iafHegBhd M0, PROGEH TRMER ©ahd écﬁﬁ’ceoﬂlt 1sts?11€i'i‘1&51£ BuinP&t of frequency
the neural net will be able to estimte gain

bandgaising & w5t ohbajidveass fittensiiZe amﬁbﬁlmqnl@ﬁlt sigsalvfiroh t]swd‘tlod:‘ bemt pass filters

72 R S L Bt b SRR 5 Mo e s

leve]afnethbt)péiﬁdﬂalaﬁ?éqdehey B@Iﬁcﬁmﬁieﬁdigﬂéﬁd £#65, the RVIS TRcRAs BY are summed,
the N hidden units or nodes_in fig. 5 may be

and @ resuitingr spectrdlalistributitentéctal Fnisucaidulated ir thesblbekar4, ndgnoted the time
ai d, enbodi ed as an integral Fart of the SlII_gain

varypg) leaugnesoppagiic veptpri Fhe ispectia! dipkritartigh westor e 18pteseyats the spectral

I |
GRSy b A SRR bt SRR e BB

a noi se Ievel and a set of individual gain
conpensati on natrlx values for the 15 different
The sysspéhlyg: Danusmphitied syvieariphagpalyzng e prectraé wartioneef a signal in a

hearfi@! 4 ELS aalf:lﬂﬁ‘ér gﬂfﬁﬂr q§.tﬂh5'iafi§scﬁ ed RGiSldre@BLd ¢ atl1 6,%he spectral

a-given instant. e noi se and hoisener &
distriblotiog éssdevived fonnthewigoal sduece/2r bpusioga nubeh6f Bar@giss filters 72 and

o RN ARIT 73 GyEF s afa yib¢ RgnER o RMS detectors 73
are féjd Bl b QP rioe AeRLORA 5. The u.ﬁ)%@é bfifle 2 SE}[}E}O‘T‘% ?5‘ Alto determine

fromthe sound source 71 is Into a
the varietipnsrioyevshnus tins¢ ingtha 1Bd=1mduﬁl heqdngabads idetiesd fréid, the band pass
e set of band pass

3 B Rt HOmNE 222 LN, P22 . v e,
a res%ﬂﬁ& %@trﬂ%e&l%lgﬁ rl/%ctto?ef F%%/BcaYcuialfled thehbelogk g’gadenoted the temporal

variation frequency specific vector. The spectral variation vector T represents the spectral

variation of the signal at a given instant, and may also be used for characterizing the signal.

A more thorough characterization of the signal is obtained by combining the values from the

spectral distribution vector F and the spectral variation vector 7 . This accounts for both the

spectral distribution in the signal and the variations in that distribution over time.

Fig. 8 illustrates how the hearing aid according to the invention interpolates an optimized gain
setting using the set of predetermined gain vectors shown in fig. 4, an exemplified noise level

of -3 dB, and a detected noise cylassiﬁcation factor of 50, e.g. originating from a nearby
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| evel in that particular frequency band. The signals
fromthe RMS detectors 73 are summed, and a resulting
W@ p@sHs@Bo di stri bution vector F is cal cul at ed PET/DRE2003/000803

bl ock 74, denoted the time v 7ylng frequency specific
vector. The spectral distribution vector F represents
the spectral distribution of the signal at a given
i nstant, and nmay be used for characterizing the
signal. The systemin fig. 7 is a sinplified system

electirietl anaby Z0fngorhdesostpeglyl an ehcirivhl ditchén appligieel Weing the set of
hear | ng ajd. In a rmnner hmlar to th&at descri bed

predgiepiined gametretors & 3 lagkup fable, dhespraging 41d ROSESPHIRCH bt dedected noise

NI L LSOV D D BEE i e

detetnnint hiee dysisemaichinlg rgnse?laveﬂ e s Igolalpstableobsinlyehdbdbculated gain value
det ect, 73.are fe nber of rane det ect.ors

matrpg despfife (ialf%glélyofhet ibPHSE6T 1o8 1grpalaty he gain values from

the QRGEY 1 e 818 198 'aﬁé\l'e‘)ﬁ?d bé’lo{VetYl@ ldeR¥RH Ifo'lsgelebé] atnaeche entries in the
I ndi vi dual frequency bands derived fromthe band pass

tablef iyting mbok2 amdh dbekolwe tieMBtaued apise s1aSificTten fcgmalldefinmpolated gain

valugsy ey BaP S ST Bn Drcrte Bl T CIRG aPa Ea R e rsycgends in the

hearit@; aid pRREQEr iohﬁe bﬁtﬁfﬁ%é lyalvad ihdt fel@iicek HROpEeAcasRee. f i C
vector. The spectral variation vector f represents the

spectral variation of the signal at a given instant,
Figuﬁét;? ég? ﬁlg?% é&ﬁ%eaﬁlaﬁg%tvlg : Zhge?xq%ggld%’rdt cﬁonﬂ)glsgn%aa[ 1%1 cggﬂlo'nee 1 connected
to ﬂl@kih@ltrtﬁ“dmkﬁﬁammgltﬁl ragn\tdﬁel V8] Ties olitpaoft the aﬁﬂegﬂfgiiﬂal converter 19 is
di strlbutlon vector F and the spectral varjatjon
connggtef dp a signal Prepessen AP s SBlar B‘bf}f? Qw})@ﬁ@cmr%g 3, comprising additional

s ol A0, LR i

The betpot aftha isrgnalcprocdscrrgZOt i® cbﬂn&cteld\te thid inputi oftasdipitdl@helog @onverter 21,
tlmze%élgaln S ti usi n the set of gredeterm ned
and i PRy itelnalon qopyertes 214 cesnskisdite jpB et output transducer

_level of - 3 dB, and a detected noise classification
factor of 50, e.g. originating froma nearbyl7
el ectri cal rmtor of sone sort, say, an el ectrical

Audify SERS SBPE e Gnicrdpnffk, 71 efrrset%% 1RG5 0L Raset Mo analog,

elect‘r‘ﬁ@lssléﬁhﬂr’s gﬁﬂfé%i@ﬁbp‘ﬂ@h@?l Cﬂ‘lésa%bfo'gcéﬁ:étﬁealfs?éﬂapfs doBverted into a digital
determ ne the cl osest matchi ng noi se type and the

Slgn@lézse&mee@al@@{@@ltal soeverted 18 andrfed tretherrégrel oxesisondd ek |arfgscrete data
n the

vel i tabl e. he cal cul at
s B, A St RS e AR S R s anatyzea,
condifiéhedr Daemgsifiet Bnthe @tg@ap@oaémr 2nén g@bfdaﬁaé Weh the @Mctional block

diagram in fig. 3, and the conditioned, amplified digital signal is then converted by the

digital/analog converter 21 into an analog, electrical signal sufficiently powerful to drive the
output transducer 22. Depending on the configuration of the signal processor 20, it may, in an
alternative embodiment, be adapted to drive the output transducer 22 directly without the need

for a digital/analog converter.

The hearing aid according to the invention is thus able to adapt its signal processing to
variations in the environmental noise level and characteristics at an adaptation speed

comparable to the changing speed of the low percentile. A preferred embodiment has a set of
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the entries in the table Iying above and bel ow t he
detected noise level and the entries in the table
wo giosgs@bove and bel ow t he detected noi se PCT/DK2003/000803
classification factor. The iigerpolated gai n val ues
are then used to adjust the tual gain values in the
i ndi vi dual frequency bands in the hearing aid
processor to the optim zed val ues that reduces the
particular noise. Figure 9 is a block schematic
rulesSRlatingOtoaspeeds im@ligibility Ampismpnitesi gtte heacing pfid peocessor in order to
connected to the input of an anal g/ digital converter
optinyige the Sighal Jupcesting he apfdhe droegiedarichResh & the analysis — to an
1mpr8ﬁ&ﬂ&ﬁt1§ gltghﬁ’l l%gﬁ)'dg&?dnr tf&;l?%%@ﬁtsl ! 11 blll%)? Bt éf%%clf fh hBGeRBGuced audio
signgl; Phesesuleg alﬁepfﬁerébﬂgtbasdsd)m Yhef tlrreofyl bf thei spg¢ch intelligibility index, but

conp eSS|ng a yi ng the input si
may gt ?f[i‘? tedy tot P@“ﬁngiP 315&38 &t 198 P‘P% %6‘ c‘ieBWgPBtlct%El alternative
enm6§8%&s°f a dlgltaI/anang converter 21, and the output
e digital/anal og converter 21 is connected to an
acoustic output transducer 22. Audio signals entering

AL T A O R R —

mayTJQQn&ﬁ?J)ﬁﬂ:d e%'&@ﬁlft'c@ﬁirolspﬁﬁﬁéteﬂssfr&ﬁ HEhéRs] héll Phéde values may, for
nal t he anal og/digital converter 19 and

examnid hepattdels omrgh:a% fimog Seysgain AdjuainentsicomPEIseion plgn, noise reduction

e R B BRI P BB . o

paraBiekd. fAl%dnd@Metelﬂﬂnoﬂirgﬁﬂé tHat GRefRedte %@vdrﬁ]l (&Cﬂhes’ed[&ﬁaﬁeters may easily
with the functiaonal block diagramin_fig

t he
be ingplpaeriedrnd, the plegtionad vngh papmeicrnyill le‘saftf%éﬁﬁl by the analysis may be
apphcég %&og, ﬁéjaln?% ta?d](? aﬁéng%%aﬁa quﬁ% Iﬂ%ﬁfgﬁ‘f?{/ ﬂegdov\g]a tl'attﬂe fAlividual user.
drlve t he out put transducer 22. Dependi ng on the

configurat.ion of the signal rocessor 20, it
In agie AEFRAES SEmeSIH Fural et e be et st Yigopliality of gain

r ol t

oGRS o PSRRI 2 RS ¥ Mt D SR B s, e
levelshandi lreaging lossesj mstehdiof atinga tetradefyire¢dlailatd pah values.

processing to variations in the environnental noise

| evel and characteristics at an adaptati on speed

conparable to the changi ng speed of the | ow

percentile. A preferred enbodi nent has a set of 18

rules relating to speech intelligibility inplenented

in the hearing aid processor in order to
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optim ze the signal processing - and the noise
reduction based on the analysis - to an inprovenent in

W@ e@sak108epr oducti on to benefit intelligibilitPCDDK2003/000803

speech in the reproduced audig signal. These rules are
preferably based on the theo#y of the speech
intelligibility index, but nmay be adapted to other
beneficial paranmeters relating to audi o reproduction
in alternative enbodinents. In an alternative

CLAM®Bdi nent, ot her paraneters than the individua

frequency band gain values may be incorporated as

out put control paraneters fromthe neural net. These

/A YRS AP Yiqg {dh r‘i?ﬁ?%!ﬁ’“% tQhedth 8E, 4 & bt d
];/or ggrlng?algj Ustment , cg?rprgssf 0 roat’i 0, gggfgrg means anc ai
asuplitdtansducp sadeidiogrocdssing pleamebaing eddptad toyreceive audio signals from

i stenin rogra , frequency shapi ng, ,and ot her . .
bhreel WEER s SuhdhBRar T DA Ear do o poh siggal processing
PRMBEEls RippbB eS8 SRV TRIEGIs Mks A Bl dads RE claiBERARPA&Sround noise,

and the sePectlon of which paraneters will be "affected
thganser amdyzped sudiapignelsappisite delogt anhenghe ahiralgy aif dound environment
di spenser .at _the ti of fitti t.he hearin idto
Bl AT OBt O Thi) curreRt Rty 21 Paglyind nbises) and means for
Rfefigmintset dMashastic NpfocBRIngD Pafdictetd h@apdéli UBE PprdEessing sound
plurality of gain val ues based on a training set of a
komplogas tothesgleatsditemeldtenoi se cl assification val ues,

noi se levels, and hearing | osses, instead of using a

matri x of precal cul ated gain values.19 CLAIMS 1. A
heahtarpgalid aconding $o clginatl, Waasin theendine fapdiawifying background noise
si gnal _processjng neans and an_out put transducer, said

HiEED? BroREEd e CTRmer tB@PHQ{Z%@Sé%l%&T?‘H@@B%ﬁ- ve audi o

signals fromthe m crophone, wherein the signa

processi ng neans has a set of signal processing

Jak hemeingrasd aappdidg toclains 5 whérest the atkane feeclaskdgiag dackground noise .

means for classifying background noi se,, neans for
CORHSSS ‘ﬂﬁa%ﬁfg’f %ﬂdﬂ&ﬁgﬂ@a‘gﬂag%@u{l nQige fewpl. anong a
plurality of sound environnment tenplates one

honol ogous to the current audio signal background
hod demngrid aceendmgf torclaiot i whémip the setans flomatjustinigahe audio signals

e e ——
RREPTRI B ihRrsdldidh betwdegr £ighbi OBaAGrell Odets of frequency response

cl assi fyi ng background noi se
parameters.

5. A hearing aid according to any one of the preceding claims, wherein the means for
adjusting the audio signals comprises means for calculating a speech intelligibility index

gain.

6. A hearing aid according to any one of the preceding claims, wherein the means for
calculating speech intelligibility index gain comprises a, trained, neural net adapted to
calculate the speech intelligibility index gain as a function of a plurality of input

parameters.
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utilizes a low percentile estimtor to anal yze the
background noise. 3. A hearing aid according to claim

wda 2oostosr08d n t he nmeans for classifyi ng backgr ouPdI/DER2&S/000803

conpri ses neans for estinatigg t he background noi se
| evel . 4. A hearing aid according to claim1, wherein
the nmeans for adjusting the audio signals fromthe
m crophone nay sel ect a correspondi ng set of frequency
response paraneters based on an interpol ati on between

R Mlhdaddd bid adcofding esl aBetone ff the gaetedily cleispo Wﬂ&rem the means for
paranmeters. 5. A hearing aid according to any one

calcalabing ci?@?% e igrhilitynAdesi gpin HOMAEAS & B?Ct%l JPE&CFFSIQQ adapted to

SR Ik Y GBI 428 kG B Ay of o

pemgstelsng to any one of the precedi ng cl ai ns, V\herel n
the neans for calculating speech intelligibility index
gain conprises a, trained, neural net adapted to

ch%lfi’ﬁnge t;dhgccﬁftg?%tﬂo B %lnE'(Q' tRE &b din dﬁém%a'vsﬂle?e?n Fhe means for

functlo 't ty’ of input paraneters. 20
dabcataltlng the dpa@homd:hlhgbﬂmy amdexogen dhcdrherates ex eeti ufghearmg threshold

s for cal ulatin

Pyl PR FUBRFS p0isF Iiek s Ao R R EEdY. Gaeplparimeters.

processor adapted to cal cul ate the speech

intelligibility index gain as a function of a

9p|A|rraetiho«} fo redn@ng hyakgmcb ngise gn A hgeang migl gpaprising at least one
rflaﬁ]go% dl §1gpa Cﬁéf)g%%gglrﬂean chrlsp:g'C 19‘: t%lnSFPCGT %alﬁ?S]lgi}Ql pI‘OCGSSlng
Ihélﬁﬁ)haﬁﬁg ndaRS Grdas3ifeise Aiff@tn tQFlpd‘Se@ﬂ' baﬂggﬂ)ﬁﬁ@ﬁ&@é ¢hto a plurality of

| evel s, an estimated noise | evel, and a noise

chaspessntliacsst p%wrreégon%frewp@h@ﬁm@e paranetere cpRiedio 2 set of stored
r{ofs%uc‘iéég Qé‘c%MB ﬂ?s't 3ep | Budlo Efg%als”@oﬁ' fle %%ghéﬁé" assifying a

| eas ’one m one, > S| gnal~ processi ng ne

taokg@utiflhoisé &BB@Uﬁﬁft inghe du&b figlaly rooagashg gherelssfied background
havi ng neans for cIaSS|fy| g different types

f .
NORCIGFBARENt {0 P St Sl ™a BIFkTayng §oiss CUMRAISES, Hrding thegset of noises
tﬁét 0% c?ésggﬂgt 06 eﬂég BRUSIGH it GRS End A6 REBbSSn® Uli&Riapting the

a set o
aud10 signals according to the corresponding set of frequency response parameters.

10. A method according to claim 9, wherein the noise classification comprises the step of a

speech intelligibility index gain calculation.

11. A method according to claim 10, wherein the speech intelligibility index gain
calculation comprises the step of taking a set of hearing threshold levels, an estimated noise
level, and a noise classification as input parameters for the speech intelligibility index gain
calculation, and calculate a set of optimized speech intelligibility index gain values based

on the input parameters.

12. A method according to any one of the preceding claims, wherein the step of adapting
the reproduced audio signals in a situation where the environmental noise is increasing over

time has an adaptation speed of at least 2 dB/second.



noi se cl asses, receiving, in a first step, audio

signals fromthe m crophone, classifying a background
wooiseswenponent in the audi o signals, conpariPQI/DE2003/000803

cl assified background noi se %anonent to a set of

known background noi se conpofients, finding the set of

noi ses that nost closely resenbles the classified

background noi se conmponent, and adapting the audio

signals according to the correspondi ng set of

13 equetiod dcesdanse marareaifehs pretedidg chimeadvhereiartie sigp of adapting

to claim?9 er.ei the noi se cl assjfication co

egfaugh

the dersp@ye 11‘:1 At SiupieR Bibere: (pej shyRng gt HPH‘“S@ is decreasing
d§¥% g%gg cl ai m 10,
ﬁﬁé?@?ﬁﬁ% ad éggﬁ PE; |g| ity f%ggx gain
calculatlon conprlses t he step of taking a set of
hearing threshold | evels, an estinated noise |evel,
and a noise classification as input paranmeters for the
speech intelligibility index gain calculation, and
calculate a set of optimzed speech intelligibility
i ndex gai n val ues based on the input paranmeters. 12. A
nmet hod according to any one of the preceding clains,
wherein the step of adapting the reproduced audio
signals in a situation where the environnental noise
is increasing over tinme has an adaptati on speed of at
| east 2 dB/second.21 13. A nethod according to any one
of the preceding clains, wherein the step of adapting
the reproduced audio signals in a situation where the
envi ronnental noise is decreasing over tinme has an
adapt ati on speed of at |east dB/second.



