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1 HEARING AID AND A METHOD OF NOISE REDUCTION This
invention relates to hearing aids. More specifically, it relates to a system
and to a method for adapting the audiolreproduction in a hearing aid to a
known sound environment. 5 A hearing aid system usually comprises a
hearing aid and a programming device, said hearing aid comprising at
least one microphone, a signal processing means and an output
HEABASGUASE) AND theVERFTAODY e SRS RENS S prmmted to receive audio
signals from the microphone and reproduce an amplified version of the
_input signal by the output transducer, and the 10 programming device
Thmi!ﬂptéﬂm?rdﬁwﬂqe l!ae%'ﬂigraéﬂs_a ma@g@ﬁfomghﬂ&él@fge%% ng%fiaﬁ and to a method
aring aid user, i.e, to adequately amplify bands o
for 4%2%%%%@%%&1 PICRR In A P L LR SSEFESHBH s vironment.
deteriorated. The audio reproduction in contemporary hearing aid systems
example, depending on the spectral

d.during use, for 1 e
16 AL R o B ae i, sid hearing

A

aid qumposingfathieas e dasiptdpleoasdiosigpabgrssiasiip Matel e BURERE transducer,

[ ith respect {o the yser's remaining.hearing. An i
i e AT R ———
repragivgoamamplifigh e eitntaf)dbasinpuiersigiol obyCiteneuipaceSatelucer, and the

hen listening to

og AR Jfadiffe efcy.response may be desired

. 20 spegch ir]gqu?gtgég%gtgnélﬁrégea@ gomn%g&r&??ﬁsﬁ@ﬁi theheaEngaid to fit the

her:zsigi subeagingings usooitd t¢hwq?8?ywm@mm&éﬂﬁencies_ Oiln the user's

hearilE RS SRR ent on the listening situation, e.g. to provide
d'gdicated respog)s%gg ﬁ%t%éit%:n%oﬁﬁ%% person speaking in quiet

surroundings, a person speaking in noisy surroundings, or noisy
The a?iﬂfir@ﬂé]gjﬂﬂﬁ ﬂ\ggw u h. In the followi the term "noise" is used to
denote any unwanﬁtle(ﬁ Is%%?%%% Eone]n%]l \ﬁ/’iangsjyé%f}@ﬁt‘?&% &Fgar“ﬁ@ during use, for
examplee epstigingsorothe tipectidritisisibutitio ds irechigailiqRiensefdigening hearing aid
i hearjng aid systems have

i at itable for use in copjungtion with
o S TR PP DS o S A S B
envirgguanbwithdregpeptitg the asails repradigior g the heminshAhTRbfion of the
sounderc’éﬂﬂﬂfﬁ&ion to the current sound environment may be advantageous under a lot of

circumstances, for example, a different frequency response may be desired when listening to

speech in quiet surroundings as compared to listening to speech in noisy surroundings. It would
thus be advantageous to make the frequency response dependent on the listening sitvation, 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 shori-term
RMS values at different frequencies, the modulation spectrum of the audio signal at diﬁ‘erent

frequencies, or an analysis in the time domain to reveal synchronicity among different
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30 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 syr%chronicity among different 2

frequency bands. All these methods have shortcomings in one way or

another, mainly because none of the devised methods utilize more than a
fredlEle frgct&n%{;&f infor%gat'o available. A'noth,er. inherent problem is

Poise picked (i st IS OB oA TGS R IR B PR A18Y) Ar-aBoshetiansinly because
nonsorfehy, dheisdgirshotishailigise sresheiitendeeMashan et d¥Srormation available

transportation means, air blowers, industrial machinery or domestic '

appliances, or man-made, like radio or television announcements, or

An(ﬂhck@nhmmﬁtcpmﬁmiﬂrﬁﬁﬁeﬁ@pmkﬁIﬂpﬁé@ﬁfg{éi@gﬁﬁg&ﬁgggig)p ﬁl%t&g aid. Tn &
modE a%g%gga%&&ptﬁo.the&g{se icked up by the hearing aid, it may be

advVantageous o subdibide HSHERL Wit bn merhanicel s ransportation means, air
blowifferéndustiisé saviinnment dlaseatcaggHaiogs OB MIRA B hdio or television
amgqﬁ&%%%sdiostr[i)g&t(ion ogjftwh%%%?icular noise in guestion. It is'an object 9? _

the INvention to Implement et ésT5HATHth S siderdos dheeanag aid circuitry to
be ablgdgedzpt @dhlagt;ﬁssi ghﬁlﬁif[@j‘rbpﬂ@eqrem%fg heayi tﬁg@ifgerg.}gymggﬂﬁﬁ to subdivide

t information to a ound processing for improved user

the Igcgrgr%grt. %ﬁt}g%%ﬁzlg oA %ﬁé%}%%’si%ca AR iR enver oRmeRiFasscs paverding to the
natuge wshfibguemiagdstubtidntofdeaibridaieh disieningwiteation among a set

of stored, specified listening situation templates the current listening

situation most closely resembles. The purpose of this categorization is to

Itis g@@bieatf@qh@mmepmhﬁﬁlbmhﬂaﬂﬁmgiés_ Q_ﬁgﬂ’%ﬂlﬁl@@ﬁ@%?ﬂi%‘aﬁd categorize
acoudRll {se%lolﬁlw(l)therers%?gt t&g, eech.intelligibility and user comfort in the
currertt listening situation. H O MR dadderrrs grch information to

adapfnsplod emocrsisegcfvitomment alsssiination. THleRBANHHEN DENRUSHE Senals implies
yrocessing to

toe R T Ty HRD e ot beensiAghsten amon s se
of stovrdpspheifindetistsriimzaciapiing thepiues tRpQSHGHORsIOANE GhaR by closely
resengtgle%fa tﬁ%%?}é.}%%{')%g (g éy‘ellrfoon Teegggz%%%g%lsl%g sec—:lfgéraaflg::%?c%té;are%poornts)g 121 a hearing aid
capable of producing an optimum result with respect to speech intelligibility and user comfort

in the current listening situation.

A further object of the invention is to implement noise environment classification and analysis
methods in a hearing aid system, making it possible to adapt sound processing to reduce the

amount of noise in the reproduced signal.

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 algoritﬁms

in accordance with the current acoustic environment. The specific problems of reducing
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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 hearinﬁ aid comprises a signal analysis

30 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
backgn %?Féﬂddéwgﬂ@éﬁvﬁ%ﬁ%ﬁ@ﬁﬂlﬁ’é‘%é‘éﬂﬁ@ pepridrsedotiesalinmgtzddressed
in pRrckiEHP ARG FPARhimproving speech intelligibility in the reproduced

signal is not addressed in particular by US 5 604 812. In an article

entitled: "Effects of fluctuating noise and interfering speech on the speech
In ad @RI OhETaEhelg iRt opaifechand H ool Qﬁﬁriﬁﬂéﬁgﬁﬁ%@ﬁ%@% on the speech

Plomp, J. Acoust. Soc, Am, 1990, 88, pp 1725 - 1736, the observation is
recopionc ReRActoE EnRAied Suh 8ormBLIRSAHR S nBesssaRd R QgReaterAcoust. Soc. Am,

1990Ji§B;Ubly I7DRLCENSB0BORBEVEASKTS P AOMRENarRReSaM Y SRHalRM hearing

noise than listeners with normal hearing, The noise used is modulated in
loss (e R STHHIHY dB raBbyBE  SeeRinedsa i kerpstng specch or modulated

nois¢ @RSk iRYe nURAhRICKE AR dhbarincaed LOMKRINGIBPRESs ways, and a
Iist;gers. The difference.in the perception of speech masked b

y .
degrefhn Mo AGTERR RO S TRARREA R AT RN BHERing BRth iRpemalhearing and
hearingthrapagednBtarsssTpalieshiar thehdifawpaeinpeseesiien alreetimodulated

asked hy modulated noise. A worst-case example of speech perception

noisq bEhRERR SRR Borl deartre and Ltsrers il braing doss iy whatler than the

diffefadict pesapaikarofifeactimadiaiErsadolibied ablis or her own speech.
In this case, the noise frequencies are similar to the speech to be
perceived, and both normal- hearing listeners and hearing-impaired

A wiistetiges davepRoobbsifiiauiiespttheinerodntinsd Thite id RASYR%SE 'R @e case of
way {Q aidﬁ hearjng-impaired listener, in perceiving and recognizing 20

noisezIasKing ol BATHEIAN hERkaF IHNCH HIRRHESVSTIFR: Yesren nbhisArihes gwaspeech. In
this @RYNcheniionReqiesdssheesiablishddtbRBABIRINASEHREE Ahd both normal-

.certainty by a hearing aid, steps may be taken to compensate for the
hearing, ?é%t?%@ Mﬂa%ﬂ%mrsé) f&sﬁ@ﬁ b el ditficnlGguindhe perception.

environment may be improved.
Thus, a need exists for a way to aid a hearing-impaired listener in perceiving and recognizing
speech in modulated noise. If the character of the noise present in a given sound environment
can be established with an adequate degree of certainty by a hearing aid, steps may be taken to
compensate for the noise type present, and the perception of speech in that sound environment

may be improved.

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 B1 is silent regarding

speech in modulated noise.
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25 EP 1 129 448 Bl 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-tg-noise ratio from the ratio
between a time-dependent mean of thedéignal 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
WOd ﬁé%ﬁ? af?d time-local deviation-from-mean-detectO(s 30.to estimate a
s§ 16-AGISH RSB TBaA akeAtiapraratsHar chgsifietianiotiemixed speech and

noise it ispsReAlin m;gﬁuigtﬁﬁdw&?@mfde,\/ﬂ%ﬁé&?fQ:%ﬁi%ﬁsggébﬁ Is.each of which

method. and an apparatus for classification of'a mixed speech and noise
conigins At 1‘??@_*5% RpRuF AR A phiohdhrrsnaescyignntedulssigluies of this sub
signehafedbidhmebIains akieast HYeyRHRANATRIWERSISS AdNeARe %ﬁrUée;opes of all

th SZi*gnal. Tﬁje nvelopes of this sub signal are formed and so is a measu
© BSHREA BHODS IR SRR R URDaTep ad brathesheld velsigfaislassification

of tfhe spddiganlerm buRgsHaitcaTPa SR ANGSIOKINANG B specch signal. The
IaSSc:IT;}asalliﬂca iQn of the mlzée_d signal as being significantly or insignificantly
ClasHEAVOR K5 e Ripes S grisrortR: to 1 8sHmpiResiented Srauenvih and may therefore
fornrefierbmge Mmamgeﬁ%eweﬁﬁ%&ﬂwm@)ﬁglﬂ?fﬁ'i?ariﬁfﬂ[??%hen this has a
ular

g eeck:]%%l%gmé relatively precise estimate of the noise signal, in partic
PeCHhEntREiEs a speech-like nature. 10 This method is rather complicated,

as a large number of steps are required to carry out the method in
practic ination ide range of sound environments reveals the

This RS i Faler Soommflc o <8 TS )

AL U905t h &AL S HIBIFAIE 1% o iR S LBBFFIE o AT Hemwizdéo carry out the
methestimateckioy. dividing the sound spectrum into a suitable number of

frequency bands and estimating the noise level as the energy portion of

‘the signal in each particular frequency band that lies below, say, 10 % of

 Exantheatatalefnergidéncinge banduldienviothiacht e {0 einerefei 8l 92% foor in a

ow?%eiercentile method, gives good results in practical applications. A

.the |
Pamcuﬁi FU ngvgrf)gﬁﬁ%t Ay rstimetgstby diviging hesnmndsperingo into a suitable

noise

numtderdfdhycrle blatingidedawnsientiesidp RYeRUMALALTRIHENS the signal in
each g%qg:%ﬂar frequency band that lies below, say, 10 % of the total energy in that band. This
method, in the following referred to as the low percentile method, gives good results in.
practical applications. A noise envelope for the actual sound spectrum in question may be

derived by calculating the low percentiles in all the indjvidual frequency bands.

To simplify the calculation, a linear regression 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:

H

Z ((xi ~ Xave ) (,Vi = Yave ))

o= [dBiband] (1)

i (xi = Xave )2

=l
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To simplify the calculation, a linear regression 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 25 into n
bands, the slope of the best linear fit may be determined by the following
expression: ~n/ ((Xi -X.)-(Yi-Y..)) an [dBlband] (1) (x, _X 6/Zr=i5
Where xi is the i'th band, xave the average of band 1 to n, yi is the output
Whegsrw 8t brodniile: tretsaan geafdydlQahs miethgewbtiditowthe low percentile

TS L A A s

measure or number expressing t
information needed: (2) r=~ Getting rid of the dimension dB/band thus

Thi€ PN FRIRIEADIGHA SIRXP £ 3R eo?'?l‘aﬁ?b]ég oL the best 16 §ipe of the
_ fit through the low percentiles representing the noise frequency
lincagditiistheowly infurmatinarnasded: environment, as will be shown in the

following. A sound system comprising a microphone and an audio

processor is used to pick up and store a sound signal. The frequency

spectrum of the recorded sound gtgnal ir']sﬁi}'vided Into a suitable 15

number of frequency bands, sa—yr= bas " anhd ¥fow 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.

GettHpisidasetimthspauaniierdnioaiassification, _E%ﬁyﬁriélﬂe%g QNG the stope

..(2). A subset of typical noise types may be arranged into a noise type
of the Regiiosab it thEnusikhalowmersrpilesiFe paptentingrthe noise frequency distribution in

a particular sound environment, as will be shown in the following.

A sound system comprising 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
number of frequency bands, say, 15 bands, and a low percentile is determined for each band,
1.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:

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
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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Table 1 Noise classification table (from simulations) Noise type Noise
classification output range (a) Car noise (four different types) [-500 ; -350]
Party/Cafe 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 a, or
.linear fit slope; noise sources with a dominant low frequency content will
withe AdnHEve g dersmisassland malbdesdutockage ithititosiopant Righed with this
kndfegeeNCYSioRa Wi d Y sifiye . rme(? with this . .
kngsv%]d )de, q|iffe_trvér11{t(I r%gisg)i}ygge? r%gay%{e tﬁg%ﬁﬁg@ ahd an a a&p%%"e reduction of
COVIRNREYR SolgnirardieBtasesise iysiemiospebasduinymysidsysiatcnag be achieved.
hearing aid systems may be achieved. 5 The spectral distribution of the
signal may be analyzed at any instant by splitting up the signal into a
The distrretn peerieyabamnisternalyriothy ty instantayegiistRMEp the signal
intoVales bR Hf gache @&ﬁfé ngls.. J: ectral istributiﬁr&g
the signal ri?]fthe difgf%rent frég%fgr%l%y bﬂggqg%nglg%g%x%rsg%ngggeggsa Wiioyalues from

eachehhesqrreqyenpychenisisirespertriiyaribn ofthersignel inisithdifent frequency

B s e R G O L

arbitrary 10 Instant

t is YRSIARRSTRLRR GBRECHFLdistibution, that is -much the signal level in _
_aparticular band varies ﬁg%%%e, eysggﬁﬁ?r}ig;é%%rfﬁsé%ﬁﬁr?ﬁ Ti\?oség’?ﬁﬂrﬁbép arbitrary
1nstagf fiscrete frequency bands and deriving the instantaneous RMS values

from these 15 frequency bands in the same manner as previously
_ described and deriving the range of variations from each of the derived

It 1s pisrsnpsiels fornabieh Biiteniregalenayatianssn The stRotr0ralswabaloNStnt is, how
mucthgsrestrahdisiripution may.alsg be expressed as a yector, T(m,...m t), )
Where%{is the freque}#cy %ﬁ%ﬁ%&fgﬁ%‘#ﬁn‘ﬂvﬁg%& #Xe%l’{*ﬁ%ﬂﬁeewh? signal into a
number of discrete frequency bands and deriving the instantaneous RMS values from these
frequency bands in the same mamner as previously described and deriving the range of
variations from each of the derived RMS values from each of the frequency bands. The

temporal variations in the spectral distribution may also be expressed as a vector,
T(ml...m,,,t), where m is the frequency band number, and t is the fime. The vector 7
represents the distribution of the spectral variation of the signal at an arbitrary instant t,. In this

way, the two vectors F and T, with features characteristic to the signal, may be derived. These
vectors may then be used as a basis for categorization of a range of different listening

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 ¥, and T; for each situation.

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:



represents the distribution of the spectral variation of the signal at an
arbitrary instant tx. In this 20 way, the two vectors F and T, with features
characteristic to the signal, may be derived. These vectors may then be
used as a basis for categorization of a_range of different listening
situations. To be able to put this methdd of signal analysis to any practical
use, it is necessary to obtain a 25 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 T for each

sityiien mEeainiRlescphw@ldknown listening situations serving as reference
Iistening]situatjons, i.e. 30 listening situation templates, may comprise,

buth&é Ekslm?éﬁ%mﬂﬁf?@wgﬂ}@%‘i%ning situations: 7 1. speech in

qué@é@ﬂ[@%@{ﬁg;&]&%@h in stationary (non-varying) noise 3. speech

in impulse-like noise 4. noise without speech 5. music A number of

mESSE BRGNSt each of the listening situations are used to obtain the
twahiRicdimensional reference vectors F and T as typical examples of the
vectors Fund T. The resulting reference vectors are subsequently stored

in the memory of a hearing aid processor where they are used for

C ICL#B ing.a real-time.estimate of the, djfference between the.actual F
A ST R R A 10535 g the o -
dimeasjppert ot fhreirveenticior shEy exisl pfp vislecpacheexmyaick oditipistvgons feasd 7'
lgnal processing. means and an output transducer, .
gréa ¥ %ﬁ%gl ug%% Ly B[:%rg 5 ATk QR ogisa earm'g aid

ne microphone. a
The Ioes%{tm r%?er NG St
said signal processing means 0 receive an audio sigha

procdsson Wemibopionsed Her el ctiatisignakeprdiae sistinmeanisthadifl tabieedfetween
the a3GCERESE 1N BRAMPIRIS WL IRORACH 0.2 el gf plored noise
C i e i 1t

?rs ; . )
asses and noise levels; means'tor estimating & noise‘level in the audio

S L e

According to a first aspect of the invention, there is provided a hearing aid comprising at
least one microphone, a signal processing means and an output transducer, said signal
processing means being adapted to receive an audio signal from the microphone, wherein
the signal processing means has a table of signal processing parameters with respect to a
set of stored noise classes and noise levels, means for estimating a noise level in the audio
signal, means for classifying background noise of the audio signal, and means for
retrieving, from the table, a set of signal processing parameters according to the noise level
and the classification of background noise and processing the audio signal according to the

refrieved set of signal processing parameters to produce a signal to the output transducer.

In example embodiments, it 1s possible for the hearing aid to recognize a given, classified
noise situatton 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.



signal, means for classifying background noise of the audio signal, and
means for retrieving, from the table, a set of signal processing
parameters according to the noise level and the classification of
background noise and processing the gudio signal according to the
retrieved set of signal processing parameters to produce a signal to the
output transducer. In example embodiments, it is possible for the hearing
aid to recognize a given, classified noise situation and subsequently take

r inimi ffects of the noise-on the signals reprodyce
The B R R B e R M Backeround
noiseinlinidivdduet Ebetiecteain dhemsiyrai ptive baskgrohmdigeise anatheoskvikeenyironment.

programme in the hearing aid more suitable to the current noise situation,

of.adjustment of compressj arameters jn the.individual channels in the .
Ao B TR 1o B PP 1JHS: BoREHAES MBI the educing
backgzetinhinise Bhaljgaring discrgrapitingsisécarhignie acesilvvs waignal processing
meangRay 2neisubacketoued sitbeimanypeadisiiscemeinnmenhe AsSaiRg Kassifying
differ@lﬁe%%g 8’(?%38%40 ?:I}lvoqgél(?ﬁ t%ﬁﬁdfaﬁf viged a.methad of 1e gf'cc'ggesponding

background nois& in a hearing aid ¢ prisirig at [eAst one microphone, a &
ﬁequ%fiﬁﬁ&ﬁ%@é%Qﬁ«r@mﬁ@%gogﬁfegﬁ%ﬁoaw% akstores dgelpsses, receiving, in a
first sppcessinymsezneg franirnthamemneplorncaskifyifigngdifféehiotypad obise component in

the alRBEKGEHANIBRISAIMD R birAlMQf gﬁﬁﬁ?‘%’f gog%t %zﬁ?ﬂﬁéﬁ%da_‘ Gt of known

frequency response par ters cou rality, of stored npise
back%%%é‘igﬂa%g@iﬁ,ffﬁ?i%?ﬁ”& A e e R Braes that most
closelp| gesiphles s Ied RedecEoRg o iROtRROREI0 251G rRtlapBRgOIeN Gequency
respotise plaasifirgshefukgragnal peisessompooalitg sht ebliepshdiackerodndises.

noise components, finding the set of noises of the stored noise classes

that most closely resembles the classified background noise component,

In exanpladapbiodittmfsehodneyringspidnes patasneter sighthepsigealingoaeasiigrality of
.« according.to the corresponding set of noises. In example embodiment )
differdh, AR ARERRLAEND (R SGHUTPAOE A 5 a Gy BcifYehand noise
classifacaisticlanvinoefoants aybotiineaustenatypisasisthd nbisextkipeitamd Roiseoptimize

classification. In eferred embodiment, the emphasis of this adaptation
SR e e e

alternative embodiments.

Example embodiments will now be described in more detail using examples illustrated in the

drawings, where
Fig. 1 1s 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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Example embodiments will now be described in more detail using
examples illustrated in the drawings, where Fig. | 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 Qifferent noise samples taken
over a period of time, 9 Fig. 3 is a schematic block diagram showing a
signal processing block in a hearing aid with noise classification means
according to the invention, 5 Fig. 4 is an illustration of a set of
predetermined gain vectors derived from different noise classifications at

Figditfesentiavelsdon s feti3e-ak Eﬁ%‘i‘ﬁ% log %3 P?ot?&%gilﬂ% %}Q@Hf%' a hearing aid with

_.network for determining the speech intelligibi ndex gain for
noigglAsRiEr M EseYsHsrRIdiRedh il iRKeaRP™O Fig. 6 shows a simplified
system for analyzing the spectral distribution of a signal, Fig. 7 shows a
. simplified system for analyzing the spectral variation of a signal, 15 Fig. 8
FigsAoly R diigtetign ehrardartinrgdeterminmd ain veaipintdepvkddioatwhitfarent noise
clasiBiclifeRe At aRredatesningd: 9ain Y8 etars fRdith MRRd Fig. 9 shows a
hearing aid according to the invention. 20 In fig 1, a digitized sound signal
fragment with a duration of 20 seconds is shown, enveloped by two
F.ig.Clﬂr‘éﬁ@d}@qu&mﬁeﬁ%fﬁw&edﬁ%ﬁﬁﬁdtﬂ%eéﬁ@ﬁﬁ?ﬁ?ﬁﬂﬁiﬁility index SIT gain for
. .respectively. The first 10 seconds of the sound signal consists mainly of
indiyiqual frequensydimdsieaheBdzithately 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
Fig QEhmwis vffRelighaviendagnelie e dae miotoh derdarine of ashwal
from the signal in the following way: The signal is divided into "frames" of
. equal duratjon, say, 125 ms, and the average level of each frame is
Fig. chiparea tormece sige forarahimegtaespm 3l awiatimeofasieasiay

be realized as buffers in the signal

Fig. 8 shows how the system according to the invention may interpolate between the different, -

predetermined gain vectors in fig. 4, and

Fig. 9 shows a hearing aid according to the invention.

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 fo 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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30 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 H the preceding frame, 10 i.e. a
relatively slow increment. The low percentile may be a percentage of the
signal from 5 % to 15 %, preferably 10 %. If, however, the level of the
curi%ntf ame is lower than the level of the preceding frame, the low

Le. B IelaNE RO ndemehdiklo pareerisiema for, Beipenings tof tensignal from 5 %

to 1§mespileeritiBra0cs DetweesthictaETaR] Sraland-106 eygkol Y8 er than the level of
g

receding frame, i.e, a 5 relatively fast decrement. This way of processin
the BEETEE TG, i Jore SRV b e Tocmiendry dstbat Briot, ary,pine t

ten tﬁﬁi@ﬂﬁﬂi@iﬁﬁ@éﬂ@%éﬂ%@%&ﬂ%%ﬂ%@ imilarlyr g Qxég\%ﬁgﬁr%ame, ie a

tile is derived from the signal by comparing the average

rela &ﬁ?rf%ef%%?gﬁ%%%% s uge s versssting s nyfraraaciidine davevefollowing the
low thergyrdistiitiation isF (4@ sgwer dBaaithad %Yx%@féﬂgsa{?%géﬁgé@me, the

high percentile level is decremented by the difference between the current
level and the level of the preceding frame, i.e. a relatively slow

Similletye theigl froveaer ishednval ebiheren s i BhH LIS
cmrelxel%/?rl of tt@ %ecedin frame, the high pe_rcegrl%le eve#i% Inc emef%t%é%?/ la{lwel of the
c

ConSHENt er,3¥8§2%*?iﬁ%" & ihmpEecasingfraran i Bunlaveh afiéheumernt frame is

loweletteimatic: the db vl it thr@iaag dinent Ame Hish BHERBHMRY st I155<F cremggted by the

. Increment. The high percentjle may be a percentage of the signal from
AiffefieS B oo A SHBPIFYE, THIdls Jevs! probesummsdinmibre. dumerclatively slow

decrapproxiinating e thigeenesediatibtionel hesunatde Qﬁ@fgggh%@ e preceding
framCht?lseﬁ‘ ercentage. As shown in fig. 1, the two curves making up the low
Berce ni#é BRG %‘gﬁﬁ i@ﬁ%&d@?ﬁﬂ@?&ﬁé B wrossipaioistarossd teedigte. times the
differthecibovmatithectarived fsosh Ahe TAO1RESCEPIHER ?ﬂé‘é@&iﬂéaﬂa%?e, Li?@%»?fgeiﬁﬁvely fast
, be or

incres%v?ralLﬁjiff {ﬁgt Waé/s., he low percentile may, for instance use
Fmine GBS MRS shyRarcaMagn cofigepsgahtiomagbhes to 95 %,

eterminin
preferabéyl B Gontrhlingpe iR AISRRENPRNAENS I'&ﬁv@p@ﬁgﬁﬂxﬁ'iﬁ}/ge %éhﬁigh energy’

. . .signal fr overloadin bsequent processing stages. 25
distribution of the s}/gna?%ef)e%dﬁﬁg on ue chopscn perc:?,:gtage.g

As shown in fig. 1, the two curves making up the low percentile and the high percentile form
an envelope around the signal. The information derived from the two percentile curves may be
utilized in several different ways. The low percentile may, for instance, be used for
determining the noise floor in the signal, and the high percentile may be used for controliing 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 noise 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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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 noise source

examples are denoted A to H. Each noisk type has been recorded over a

period of time, and the resulting noise classification index expressed as a

graph. Generally, 30 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.

: ' e AJs th ine noise fram a bus. It is relativel
N L e B M AR Fleney and
congfeidicraisiteandh dbysdfegroamiznsd@ moiss5dedNdisgisalindeenfaplead —500 to —
ssOSNBREVIRENAIARATON A %A SN ARIARIRANLE A0SR EOUCS e to noise

example A and having been assigned a noise Claséication mdex of -45

soutee-55EnNG densbirciagheen pisignisire seiscaltssificetinn indmpid +dliong —550. Noise

tli ' e noise glassification.index of
SO e S D e e AR E ST T s boen
assigisider Jutipecclanaifigntion, iadex fs 1H88 tasdfhddaisacine alassifipdtid is party noise
and RS RRE WSk 20.30¢ 100 1%%}‘%%@%9%&&%@%9'& En'e?ié'" 98 tion index
cleaner and has been assigned a noise classification Thdex o AhGUL B0
of befpra strerdestifple F is the noise of a cooking canopy or ventilator
having characteristics similar to noise source example E, and it has been
assigned a noise classification index of 100 to 150. The noise source

Noiggsouise BRI B iscaaunderingpmaciiies beenieheisntd beefsaskigrifidation index
of aBJIPIS6. A5 icaliRg Ge RS Pb@%é%@é‘%@ﬁ@%ﬂa@%ﬁn@%? ventilator having

example, H, is a hair dryer, which has been assign nois
charppieificstidmila i somwrs spampladiisadibhes beeninsmgindla noise classification

indelf SAUSNCH QBLETRINAECRMPLSA NI B8P .rf&i%%ﬁaéﬁgég%h- e, and it has
indices in fig. 2. These noise classes are incorporated as exaniples orlll?y,
beengsgigradwpfisasesifortinnindes afakewi00 ind iheéstioniseGource example, H, is
a hair dryer, which has been assigned a noise classification index of 500 to 550 due to the more
dominant high frequency content when compared with the other noise classification indices in
fig. 2. These noise classes are incorporated as examples only, and are not in any way limiting

to the scope of the invention.

In fig. 3 is shown an embodiment of the invention comprising 2 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.

The 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 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 25 compressor/fitting block 3 and from the input terminal 1 are
summed in summation block 4. The second stage of the signal

calopisienr dirsbidbk Zbedatitg i Bised charingniblesfiting pisestartastiypantingill not be

desdiiBbanaraantie Klegkirgonnected to a speech enhancement block 6, a
slow reacting low percentile block 7 connected to a noise classification

block 8, a noise level evaluation 30 block 9 connected to a speech

e L e oo Ml 1 e 28 SRR biock 6

are hoth connegtandieincamastionioskil k. e iheoutpenfrentdbiesumengtiondiiock 14 is
condBERIHAGHiLY | | IGhi! 15helatigr] dydng, -
“the fittin mprc‘%é%ﬁ‘?figrﬁ %%QV%%F@ ‘E%O%‘ééésigrli%‘eﬂg {’E%ﬁé;%eétgn iéqrgeaf“t‘"n block
15 lsrﬁ‘@lalﬁ%%&? FremitsTRinek Haiseamising Hploupn0cdribetsigstlapoessing block
20. enhancement block 6 5 are both connected to a summation block 14, and
the output from the summation block 14 is connected to the negative
input of a subtraction block 15. The output of the subtraction block 15 is

The sigaiBBlenaROIAEIOMARHRIBBhd RobRMRYS] 98l ocessi
20 l?{‘g(?cessing blockg%’gk.;rlo The si n?al f%ﬁgﬁgggrﬁgﬁlgég{%%%%%{ggﬁﬁ% essing block

e, G1ofoErPa st aHE rnblastode udiers Ispmproianteatios foe individual frequency
bands@ienEaRaRiEdInTHbRsk 3igNhere s MRS ALORIAN NIhdYAaded to the signal

fréEquency bands are calculated. An input signal is fed to the input

from fhe, SRIMBTERELREAlRshd Bighs) sremate Mleskeds dittnipblosigl from the
sumriatiog BUPRNALoEBIREked 1 1R BULRISIEHAY mmﬁs&m%ggglfalgpk 4
e

is connected to the positive input of the subtraction block 15.
signal from the high percentile fast block 5 is fed to a first input of the

The shgethirenhancemantlieekfe Th& signal fom; theslaw Qe'iﬁ@pt“ﬁ)atovgf the speech
block 7 is fed to a second input
enbancement block 6. The signal from the low percentile slow block 7 is fed to a second input
of the speech enhancement block 6. These percentile signals are envelope representations of
the high percentile and the low percentile, respectively, as derived from the input signal. The
signal from the low percentile slow block 7 is also fed to the input of the noise classification
block 8 and the noise level block 9, respectively. The noise classification block § 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 SH-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 SIl-gain-
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of the speech enhancement block 6. These percentile signals are

envelope representations of the high percentile and the low percentile,

respectively, as derived from the input signal. The 20 signal from the low

percentile slow block 7 is also fed to théﬁnput of the noise classification

block 8 and the noise level block 9, respectively. The noise 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
calg@igtigaibleskcd Riion wodles yprhe aiiblesetaelcbloule® degeimietinghin the individual

ise, deual ol the, sign dved.fro A entile slow block 7,
ﬁe({aﬂﬁﬁe resultinggg%%\% igé%ﬁz%%sggg %r m@%@%ﬁ three sets of
parameters for the SIT-gain-calculation block 10. The gain weighing block

Theléutﬁﬂfgffigﬁmgégﬁ hearing thresholdiigyshPislal Hod éﬁ&a?”-ggégoutput from the

matrix block 12, provides the third of three sets of parameters to

speSiTeghiccancablnskifidakiosupmisatigrablectr htdsdt dicutmdtityysigeal is fed to the
sunhilifgsafuared Wﬂ&éi%@%i%kﬁi SREAHNY &%&f&ﬁwﬁaﬁaﬁg %%R%f#g%d from the

parameters are a set of constants determined by the hearing thres

Sigﬂ@v@%ﬁ@%@éﬁéﬂﬁe@ﬂﬁ’g %@mmé&ga@mspa@m@s puthet terminal 16 of
the §igmlr;[n§&ega&qy'%m bigck10 argdsed asminpgyatakies 5%{%%%%2%? fad fitting-

gain setting in the individual fréquency bands that optimizes

com@mﬁéiﬁwmmn@@m@m asigmatrorrrene G RejdrsigaulEhionloreckitestimated
errolSsRAEEE 19 the auipptLiemihe: JRPESEY ﬁ?@ﬂ?@%g&%@s@%m&k will be able

summation block 14, and the resulting signal is fed summation

to regpe¥R Mmhemged ﬁ&h&‘ﬂ‘fﬂéﬁ‘ﬁiﬂﬁea@gmm%ﬁack 14 is subtracted from
the signal from the summation block 4. The output signal presented on
the output terminal 16 of the signal processing block 20 may thus be

A pelerrderatbadimaent o Bre ssiss shasifinaijoroipenshasdespunssiginegs that equal the
time BT AR SBUMARY pLresn Ok PR SIgNaL 2D %ﬁﬁ%ﬁﬁﬁ%@%m@égﬂ 18 and 2 dB/sec

error signal is to the actual error S|gnal, the more noise thé sigha

whe r&f‘d@é%iﬁ@ ISEREAAIRD AR o\ troritiBdighak e burcleastingfalling. As a
consegslble aHPGSE PIRIgHER SIMBRHmeRt %f@ec@%gsi%?ﬁ%ﬁ?eﬁﬁ%% adequately in a -

system has response times that équal the time constants o

simaﬁ@rb’éf#m@.ﬂrﬁéggitm@?é npis sl sy asstivenirdBively quist/sey, 45dB SPL, to
rolatWBE hiGNG!S AFesiRISHT] ARRIAEBAIYY dinad OB BEMBLRSY RS 0ise level

falling. AS'a
changes from relatively noisy to relatively quiet, the noise classification system is able to adapt

within about 2 seconds.

This enables the noise classification system to adapt the signal processing in 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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consequence, the noise classification system is able to classify the noise
adequately in a situation where the environmental noise level changes
from relatively quiet, say, 45 dB SPL, to relatively noisy, say, 80 dB SPL,
within about 20 seconds. On the other Hﬁnd, if the noise level changes
from relatively noisy to relatively quiet, the noise classification system is
able to adapt 20 within about 2 seconds. This enables the noise

of céassific_atiqn system to adapt the signal processing in a hearing aid

1ivelrrasdicated sbemsyiné ey ualovssdBimioalBdifedBnOnilss dB, 10 dB,

15 ERVARNDICHES 1 {ﬁw_sgfp%géqm%ggéij cati stem may then
be Lised ?y th; t#e%a?ing aid processor to 25 ad p)n%ﬁt%é%}frr}ie%c]%uélr%{n r?%%%gr%\éel of 70 dB
SPL, 8t av4milaeis ifhenscrendintuiah @ndpfontte towsipmal the top represents the

estiltepE0 Guiii et -CONBPERMGEEE10R Madstu Qi Wit ! ; :
. environments. Fig. 4 is a schematic repr(_a%;entatioﬁrﬁﬁcr)%%%%%?{sésgsg%rw ashing machine
DOISE, RATRY TGP ABIOMOBL? S pévearmapativaly HBagiesfifostd grirenidtorcompensation
vecttiie iawe dH&grgmdaq,é :ea meXxales 0Yig £ Alel [fferent, 30 nois .
h levels. Efagf‘fh of the 3 sﬁeiggrage iagr_am(g)showﬁz‘%:htéa}gl ;ié\ %fe{c?ﬁ}%%l% %agﬁ)ésﬁmctmn and
© HOGMRITATD prosieriagddreanalatiagihe drsubeivbecommpahsaiinicvel and noise
typevalues (negative) shown in gray. The upper row of diagrams represents
the estimated gain matrix compensation vectors for the class 14 of white
noise, indicated in gray, at the noise levels -15 dB_, -10dB, -5dB, 0dB, 5
As ci3 b (etid, il $i£1B1, anel V0B dsséﬁ%‘é'i‘@;llyes%}%ﬁ%s& fRYEI ﬁSﬁS%?a%%é’s Rith a level
e

Bl as udﬁd;;ressure level of 70 dB SPL, relatively. !milarly,t e second,
oW itd, BrhdASURHFHRK PO oS esl BEprcgmtsitdkicatingmtbatd din matmndl amount of

commmmsﬁi@@é@ﬂt@&@ﬂﬁ@@ﬁﬁﬁﬂ&iq&%&sz%@%&5&;%&@‘@SP%S‘é’n ‘”E different
ffﬁt;y noise, and automaobile noise, respectively. The estimate

. 5 noise, CLiv
n‘“seg%{]:?'??ﬁ%dg BATSERSEAGIE drd@hevedis BararRsisnifyamb sivingresiatimting that a_
largof2iomspeestysistiabiibnidex (RIRR Dt BaRaise Rl I

guestion and interpolating the result to the current noise level and noise

type. 10 As can be seen _in fig. 4, the vector diagrams repr_esenting
In a gidesaBl NAIIREARPESMENR ?ﬁﬁ'n@ﬁ%&ﬂ?cﬂ@ﬁi@ﬂ%@%&%ﬁ&%@ stored as a
Iook%%@éea’ indicating that only a small amount of compensation IS nee eéi0

B foflsdispied, mamesy 1efctirduranng reidseashancliitidtemt may then use the

estimated gain matrix compensation values to determine the compensation needed in a

particular situation by selecting a noise class and estimating the noise level and looking up the
appropriate gain matrix compensation vector in the lookup table. If the estimated noise
classification index has a value close to the borderline of the selected 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
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noise classes with a level of 0 dB and above has a more significant gray

area, indicating that a larger amount of compensation is needed to

reduce noise at higher levels. 15 In a preferred embodiment, sets of gain

matrix compensation vector values are 5ored as a lookup table in a

dedicated memory of the hearing aid, and an algorithm may then use the

estimated gain matrix compensation values to determine the

compensation needed in a particular situation by selecting a noise class
nupbey.csithiawhpredetermidectbhetring thyooddUupveler 2lnesir op0idte, §dilz, 2 kHz, and 4
KHgnatrix compensation vector in the lookup table. If the estimated noise

classification index has a value close to the borderline of the selected

noise class, say, party noise or washing machine noise, the algorithm
TheRAAISIROIAE O Sefing &&%ﬁwﬁynﬁm@@%ﬁg&'@evﬁs%%&fgﬁ?t Nardt training

values representing the mean valles between two adjacent gairt’ matrix
methas Thindrrspkaprestied ik isminaceteddsa leehhtion valie doseitg set of 100

randBRIRRESAIED hEAdiareniAIseIavEl %%&eég%%%iggﬂg%ﬁggldge%y

interpolate to define a gain matrix compensati
representing the mean between two adjacent gain matrix columns in the

ThelegketpiaR!6,AmSMLAGIMER! md@@@i)qeﬁ&&ﬂ&%@ﬁﬁ(&%b&&%&%ﬁﬁ%&é}ﬁ\m $3.5-

shown in fi(ij. 5asa fullj/ 30 connected neural network architecture w

1962 epdpigutrarited N HiduenHghetisaterthmpridasnmsthods dhe Sutpalanlition of the
speceH aNQEhIB RIP RS 2615 Wﬂ@@yﬁiﬂ%gr%c%ﬁﬁfeqor§9§ﬂmztﬁg ﬂﬁ%ﬁ&ﬁ? hmount of

variables. The Sl gain value is a function of noise class, noise lev

the frnrified pRrab Btptmaben, and thuy thedoradhifntalliglhiiiy inredivsht transmission

systéayeAviabiez ainpRh&givk Wekbrpibizo PRththi ke JREHY Hﬁittﬂaé.@hégeneral may
may preferably be trained using the Levenberg-Marquardt training 5
be f%ﬁﬂ@%@tr&ﬂﬁh@ Khiod [romershansty aFawidatianarvith, 4998.

training set of 100 randomly generated, different hearing losses and
corresponding SllI gain values. The concept of speech intelligibility index

The pispryne Inssersepeldbg iskear Wommapltlinigabiaa, 5r igomanriagenerated randomly
using/ SMERLAPRENNAYGE ARdRIEPIAMIIES BelBRis oL iheaaeHatANaE Neining, the

neural net is preferably embodied as a piece of software in a common computer. After training
of the neural net, the training was verified using another 100 randomly generated, different
hearing losses as examples on which to estimate the parameter sets. This verification procedure
was carried out to ensure that the neural net will be able to estimate the SII gain value for a

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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10 speech intelligibility index, SIT. The Sl makes it possible to predict the
intelligible amount of the transmitted speech information, and thus, the
speech intelligibility in a linear transmission system. A more
comprehensive description of neural net§ and training methods in general
may be found in Haykin, "Neural Networks: A Comprehensive
Foundation", 2. ed., 1998. 15 The hearing losses could be taken from real,

Th cIinic%II datg, Qr they may be generated randomly using statistical
S REWGREL S5 L YREs éﬁ@ﬁﬁ@tﬁ@@@mﬂmﬁﬁrm@u valre. Darinigdnainitgt. The noise

levdhendeiaist ngids BREAREALMGMPALIGHAS R RIgaG AfRofware slg@ﬁg%f E;g%%%nup by the

micso uter. After training of the neural net, the training was ver
SOt 100 randomly generated, different hearing losses as examples
on which to estimate the parameter sets. This verification procedure 20
d out to ensure that the neural net will be able to estimate the

Th was cairri
€ éYF‘ge&?rf’{}%l?e ol &nitrechingré vleaAyams Sonhelyritgdhe apeniat istribution of a

sign#ifieavestikaligd ofih g; hain gLt r raiping.parameters |
he neural net are Ioclgggfl and thggp%é?a&rgeetéé@%glﬂlei%%g{ré%egn?e %%’?ﬁgpﬁequemy

DandR Vithch RS BroRAse flthes B2.rivg the aumasisfest bt tre idenifitaind pass filters
72 isnfudr ' rgQi igd ' f | gai
inudr 26 RefiimbRA TN Side BRSS! é%élf‘@d@tg‘g&ﬂit[ﬁ% aﬁ)tllé[ KM 21%%2 of the signal

calgulation unit 10.in fig. 3. This gives the Sl gain'ca
level 5 sk RAHICHER FEueHey Rl beartieer Sgmeihn 8 glueson s fd summed,

cap

_ _ e digucihnd :
o i v e ST e O SR BB Rl ienpsd e time

varying frtpremny apoeifidetiseos. artigalifivd-asimainahiheeci,0gn fé?%@e%%itge spectral

e wil

el instant..The noise level and noise class changes over ti
dist O el A A FERdEelR gt anh PR or Simraetsyisisqie Bigual
6 is an embodiment of a system for analyzing the spectral distribution of a

hearingitpidt Signal femdheinelsf hankkparsddeis wais rgf

distﬁ&%c% cllse tc?e%%ﬁ' %r%’n? t Cehs?grfalogglell‘éteti r71g1; J{)@egi?lﬂgjégﬁrgfﬁ%%fpljﬁi:r::zc:a;
a number of RMS detectors 73. In the system in fig. 7, the signals from the RMS detectors 73
are fed to a number of range detectors 75. The purpose of the range detectors 75 is to determine
the variations in level over time in the individual frequency bands derived from the band pass

filters 72 and the RMS detectors 73. The signals from the range detectors 75 are summed. and
a resulting spectral variation vector T is calculated in the block 76, denoted the temporal

variation frequency specific vector. The spectral variation vector I 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 classification factor of 50, e.g. originating from a nearby
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level in that particular frequency band. The signals from the RMS

detectors 73 are summed, 10 and a resulting spectral distribution vector F

is calculated in the block 74, denoted the time varying frequency specific

vector. The spectral distribution vector F’represents the spectral

distribution of the signal at a given instant, and may be used for

characterizing the signal. The system in fig. 7 is a simplified system for

analyzing the spectral variation of a signal in a 15 hearing aid. In a
elediigahemslilapttosemag destribad vaith ebfererade ksdigns atindispectrblking the set of

o . ianal.s . . ; .
P e SNBSS B dotted notse
clasgicatigrelagiprate desermaine thoSleiets sretehiae andsteino znd dhehietearted noise level to
t r$ylo | i .

O s e e nmapr a0, Dl LI i value

the variations in level over time in the in

- matkpyfescaibrcharpuioy sy, fihe kezdngntidar®rsst dheotdrtei®lathe thiggals values from

the HRREINE rAROGKIE %%@95%&%%%@%&%{6%3%5% RECYURN the entries in the

variation vector T is calculated in the block 76, denoted the tempora

table, dyimeo Apvgut pepEcife dstestedrneispadessifieatisiofaotsstol e interpolated gain
valubRRIRS RIS Eﬁecﬁaﬁ&éﬁﬁkt\ﬁﬁéi%Eﬂﬁloééﬂﬁv%jﬂf%é'iﬂttﬁegﬁ{ﬁmﬁﬁéﬁ?{e&&%@%’ms in the

also be used for characterizing thesignal. 25 A more thoroug

hearingpid IRSEEON orieosiimized witsm b irpdveniborptiexaineistom the
spectral distribution vector F and the spectral variation vector T. This
accounts for both the spectral distribution in the signal and the variations

Figugs this aiiemiusdisnots shawings bearing aid S f sampesiesAmaietephone 71 connected
to thRGEkEing 48 thRlsyanian iienelates anoptipizest %%ﬁ%@%&f@ﬁ%ﬂgem 19 is

the set of predetermined gain vectors shown in fig. 4, an exemplified noise
conngriefl &t sigiah REoscERE b FBIE WbsiasishoRaetby 6268, eagprising additional

signAEREEE et AsTRS! QMO%&%%‘!@ME,%%%&%{HE AU RBYre the input signal.

electrical kitchen appliance. Using the set of predetermined gain vectors

The gutgubekis eiee! medsewring Sepmoreeddp theinme abcdigtHanslog converter 21,
and ﬁJ@%ﬁftﬁﬁW%ﬁ%%g&éﬁﬂE&ﬁfg‘E@_ﬁd&l%?'@P?§%ﬂ?ﬂ%&&H?ﬂt8%E%JXR&@%‘E% transducer

detected noise level to determine the closest matching noise level in
22. lookup table. Using the calculated gain value 5 matrix described
previously, the hearing aid processor then interpolates the gain values

from the entries in the table lying above and below the detected noise
Audip.igngly grdesngidhemissophone 71 of the hearing aid 30 is converted into analog,

electrical signals by the microphone 71. The analog, electrical signal is converted into a digital
signal by ihe analog/digital converter 19 and fed to the signal processor 20 as a discrete data
stream. The data stream representing the input signal from the microphone 71 is analyzed,
conditioned and amplified by the signal processor 20 in accordance with the functional 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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table lying above and below the detected noise classification factor. The
interpolated gain values are then used to adjust the actual gain values in
the individual frequency bands in the hearing aid processor to the
optimized values that reduces the parti&élar noise. 10 Figure 9 is a block
schematic showing a hearing aid 30 comprising a microphone 71
connected to the input of an analog/digital converter 19. The output of the

ol anaogé%ig[ital conif_rter 19 is connected to a signal processor 20, similar
Fo 'S ieacielitp ranlynaatad ial thryMerprEcaissprgesssandn order to

0
optifniatstimvsipfal ffietagigompissing abHATRIUIA NEOPYSIRIRyis - to an
- The outiut of the signal processor 20_is connected to the input of a
TP RRITAR Sy ERsh veRTarection iy hrre Bt ntrl Beibditigiinsaekon domvanmeduced audio
signZll BhesaneiedriomafacblsbaRutattiHaIREMSED 3R AYdiarsigna ibility index, but
. terlé%(?#hg mlcrgi%hone £1 of the hearing aid 30 is converted into analog,
maY, P fEAHIRE) QAR BotRiciAlcPaprRtters Felpting ia aydinasniednetipnainsalternative
embodimuented into a digital signal by the analog/digital converter 19 and fed to
the signal processor 20 as a discrete data stream. The data stream
representing the input signal from the microphone 71 is analyzed,
In awehiciitiathec cmlsbainpiificotiny hesmgRat MRS IREGh M ACSIARRCE WHilR gain values
e.functlona%l lock |a%ram in fig. 3, and the conditioned, amplifiéd

Y NGt SHRETE R R BV &P bhRT o1 dhean 4hs  s6uEahwelidPose irabies may, for

exangricarisl agtaeleotrindbaignahesficigatly Ruweriehio, diveptRssioN MG, noise reduction

transducer 22 Depending on the configuration of the signal processor 20,
TS o Eaﬁ%cgr‘ﬂ%dfr‘ﬁ@ﬁﬁl%eﬂagﬁt% diveuenenushering, and other

paragg may, inan
paranretestiutBe22tdcetibudibeutstienn agdrioradigial ANt aHc0 WeHlEL 30 may easily
be in;r gntl&%ig%ggptﬁccogdin(? tﬁfhg{{@lention is thus able to adapt its signal
Hrocessing 10 vanatore I HeRhBrrHRRterEitebe o8fksied by the analysis may be
applichanatite listicmahahdagentetionpags @pmaa%?da@ﬂ@a GhERIME SRR Hual user.
of the low percentile. A preferred embodiment has a set of 18 rules
relating to speech intelligibility implemented in the hearing aid processor in

In anottier sitcaptifvizentbediigenl, b acenyingt-ang B25sBOIgS (S HHPMBAIRMIity of gain

f oqjthe nalxs S-toan . .
values based on a training set of a superset of exemplified noise classification values, noise

levels, and hearing losses, instead of using a matrix of precalculated gain values.



improvement in signal reproduction to benefit intelligibility of speech in the
reproduced audio signal. These rules are preferably based on the theory
of the speech intelligibility index, but 5 may be adapted to other beneficial
parameters relating to audio reproduction in alternative embodiments. In
an alternative embodiment, other Ea%rameters than the individual
frequency band gain values may be incorporated as output control
pargmsters from the neural net. These values may, for 10 example, be
attack or release times for gain adjustments, compression ratio, noise
reduction parameters, microphone directivity, listening programme,
fredudnSpdtngheprensisioghé lopa enn SIS ot gRabpabrsaing meamat
incexperaiergaveiaklieidhese palanaiessshameasikihe implamesniegvand
the S(%Ie gon (%ngglcgl arameters y#llll be a&{egtedqbé/ the anallé/sis ma be
apﬁﬁec‘]J yﬂ% earing ard (ﬁ%penéer She tmeo fﬁﬁegs'sfﬁ% 8§anr?nga%ﬁj to
thet#tgigfouignal BecessBa RauwRRISEY Withrranes rabednhuerednpise clastes
n}a&@ﬁ&@tim&?xﬁé&ﬁoﬂlﬁnﬂ' e Wbty ﬁsigf}ieva@méi mgggw,aﬁml HIRgG Sdet
0 rset of exemplifie ise classification, values, noise levels, an
oD TR e R B R S S Rt i,
19 etk 3 set o Henal F SRPRDRIFHRHRATACROEEDS frothaRetsp forkand ignal
pratessingion ednackmehad mikpahdr pragsieg, thaishaignanpracesaiag to
MEANFRRV A93PLe P IGENME: Alaudio sionaliiam g%ﬂ& oY x%‘&t

wherein the signal processing means has a table of si processing
palSHESFE with respect to a set of stored noise classes and noise levels,
means for estimating a noise level in the audio signal, means for

clagsifying:Ragkgsound-aaisecotihe aydigrignalmandneans {seiigying,
froggcthe 1}a{?lltl—:'_a %%hof si%nal rocessin artamtgters accordingé%%the
norea TEvar AR e UaE & A RS ST HE R FHTAh SR B ' B EEEe M the
aulii®aignal according to the retrieved set of signal processing
parameters to produce a signal to the output

3. A heacing aid according to claim 1, wherein the means for classifying
background noise comprises means for estimating the background noise level.

4. A hearing aid according to claim 1, wherein the signal processing means is
adapted to select a set of frequency response parameters based on an interpolation
between a plurality of stored sets of frequency response parameters.

5. A hearing aid according to any one of the praceding claims, wherein the signal
processing means comprises means for calculating 2 speech itelligibility index

gain,

6. A hearing aid according to claim 5, wherein the means for caleulating 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.



transducer. 2. A hearing aid according to claim 1, wherein the means for
classifying background noise utilizes a low percentile estimator to analyze
the background noise. 3. A hearing aid according to claim 1, wherein the
means for classifying background noise comprises means for estimating
the background noise level. 4. A h¥aring aid according to claim 1, wherein
the signal processing means is adapted to select a set of frequency

respoNSENALAREIER RASRALRDAS, W%@ﬁ'%@&c&%‘%%&ﬁﬁﬂégﬁé&ﬁ
stored sets of frequency response para etersglgﬁ@‘} ear F%% aid according

to AMSTHRIEY (D ST RS RRTEFEIATS S PR Ans
corcgiridssimeansiofitaetating d@pﬁmfcmhelhgmnuylmd Gaid. 6. A
hearing aid according to claim 5, wherein the means for calculating
speech intelligibility index gain comprises a trained neural net adapted to
calufhiEaiRe BIASEATING R maRsr YRt e HetiBrearREs SPERT of
mpixtqhmmetwdeﬂ@mﬂ carieiaeng sedtac povckegptadipien ®, vevelam tee
fanesRiRtngAReSAs DIsHIG Ly dndex 901 £RmpHSERBsPeech

|nte igibility mdex gain matrix calculated during the fitting stage as a
function of the hearing threshold level. 8. A hearing aid according to claim
5, Whereringeithesowtic toaloUbat vg bp eowsisdingatliiliwhande g ginans
Corfﬁprd%eaaygqsersméaa@@%da %Taiﬁulﬁ{ﬁﬁ&@f teSREREDS heanng -
intelligipl ain a a of a plur [ amet

gﬁ?% acll %Y&Ortg% any o O%'h% ér)ec f?i/g&clal%lg %v ereln
meﬁﬁ@?@ﬂ@&@%&ﬁﬁ@%ﬁ@é&hﬂ%@ﬁamty index gain mcorporates a
set of hearing threshold levels, the speech intelligibility gain matrix, the
e aASH AP St M2 NRIPR ARTRT SRR, B LR RRIADRIEY

0. A method of reducing background noise in a hearing aid comprlsmg at
leaie microphone, a sipnal processing means and an output wansducer, said signal

processing means having means for classifying different types of background
noise into a plurality of classes and a set of corresponding frequency response
parameters coupled to the plurality.of stored noise classes, receiving, in a fixst
step, an sudio signal from the microphone, classifying a background noise
component in the audio signal, comparing the classified background noise
component to a set of known background noise components, finding the set of
noises of the stored noise classes that most closely resembles the classified
background noise component, and adapting the frequency response parameters of
the signal processing according to the corresponding set of noises.

11. A method according to claim 10, wherein the noise classification comprises 2
step of a speech intelligibility index gain caleulation.

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



one microphone, a signal processing. means and an output transducer,
said signal processing means having means for classifying different types
of background noise into a plurality of classes and a set of corresponding
frequency response parameters coupled to the plurality of stored noise
classes, receiving, in a first step, @ audio signal from the microphone,
classifying a background noise component in the audio signal, comparing

the glassifiecblaskaiaing AGiske GAMHRIRERHIPARELOT KRR tha‘akéy%&ﬂnd
nois com%gnen fln theres%t %ngglses of he stored né;:sée ssezs
thaffostrioseh y FeSEM Ies e classiech %% oafllﬁa TR Fn%% ht,

andiBfegsiidg the frequency response parameters of the signal processing
according to the corresponding set of noises. 11. A method according to
claim 10, wherein the naise classm tion comprises a step of a speech
mtegﬁg‘%lmy ﬁ‘é 8¢ Q?ch&éﬁffa% % Rr?ﬁ%%&;%&%% Bastn of
Wheﬁemﬁa@spééeﬁmﬂimmﬁh@@ma@umsggmpﬂ%m@ép
of takragmset of hearing threshold levels, an estimated noise level, and a
noise classification as input parameters for the speech intelligibility index
gain calculation, and calculating a set of optimized speech intelligibility
index gain values based on the input parameters. 21 13. A method
according to any one of the preceding claims, wherein the step of
adapting the audio signals comprises selecting an adaptation speed of at
least 2 dB/second. 14. A method according to any one of the preceding
claims, wherein the step of adapting the audio signals comprises
selecting an adaptation speed of at least 15 dB/second.



