WO 01/ 26418 PCT/ DK99/ 00531 Method and signal processor for intensification
of speech signal conponents in a hearing aid. The present invention =~
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In a practisal thel e'lrﬂamlat odn backyreupdi aiobsd in said lowest
frequency band and at least one intermediate frequency
band and adjusting the gain in said lowest and said one
15 intermediate frequency bands in response to the esti-
mated level of background noise to provide squelching
of said background noise.
In WO 99/34642 a hearing aid having a signal
processor with multiple processing channels is dis-
20 closedq in which dynamic automatic gain control is
effected by detection of the input sound level and/or -
the output sound level and adapting the output sound
level in respdnse to the detected sound level by con-
trolling the gain in each processing channel towards an
25 actually desired value of the output sound level. The
gain control is effected at increases and decreases,
respectively, of the input sound level by adjusting the
gain towards the desired value with an attack time and
a release time, respectively, which in response to the
30 detected sound level are adjusted to a relatively short
duration providing fast gain adjustment at high input
and/or output sound levels and to a relatively long
duration providing slow gain adjustment at low input
and/or output sound levels.

35 In a practical implementation of this prior art



WO 01/ 26418 PCT/ DK99/00531 2 hearing aid the dynamic gain control is
effected partly on the basis of the nonentary sound input received by the
hearing WPAY2¢3%t |y on the basis of a statistical anal ySCIRIPRL sound

|l evel within a time window 5 extending 20 to 30 seconds back in tine. The
actual gain adjustnent is calculated by a conplex algorithmto determ ne
the actual gain control in each channel and the rate of control. This
dynam ¢ gain control has appeared to of%er 10 signi ficant advant ages
conpared to known AGC nmethods for hearing aid ai n control. At |low sound
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or noise squelh%fyhn% en tr}ea%rslf%q': af'ucliuscto:l.ronS Ipr?olv%.rde%e\él %%mpressor cha-
racteristic and the reproduced sound is sensitive to
pumping or vibrating sound effects at varying gain the

15 sound will be controlled with long attack and release
times, whereas at high sound levels at which the repro-
duced sound approaches the clipping or pain threshold
the sound will be controlled with short attack and re-
lease times.

20 This prior art hearing aid has moreover been im-
plemented with an effective noise suppression based on
detection of the contents of speech and noise in each
processing channel. In the absence of noise, the noise
suppression or noise squelching is not effective, whe-

25 reas at the occurrence of heavy noise in a frequency
band the gain adjustment otherwise resulting from the
dynamic gain control is modified towards a reduced
gain. Thereby, the advantage is obtained that use of
the hearing aid in a noisy environment in a relatively

30 long time is made possible without causing unacceptable
discomfort to the user.

In general, the use of temporary noise suppression
or noise squelching in hearing aids or similar devices
has been disclosed in several prior art publications.

35 US-A-4,630,302 discloses a method and apparatus



has been disclosed in several prior art publications. 35 US-A-4,630, 302

di scl oses a met hod and apparatus WO 01/ 26418 PCT/ DK99/ 00531 3 for aiding
heari ng wWeé py/sgagaut omatic gain control unit having a firstT/PKRes0ss1 f or

i ncreasing the anplitude of input signal segnents below a threshold |evel
and a second section for reducing the anplitude of input 5 signal segnments
above the threshold | evel. A noise suppressor unit having a |l ong attack
time and a short release tine is responsive to the output fromthe second
section of the automatic gain control unit and has a threshold | evel of
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power estimate andr, yg_p-4,852,175 a hearing aid signal processing

system is disclosed, in which noise squelching in each

15 of a plurality of frequency bands is effected by esti-
mation of the absolute quantity of noise by monitoring
the amplitude distribution of sound events in each band
and comparing the absolute quantity of noise in a cur-
rent frequency band, in which gain is to be adjusted,

20 with the absolute quantity of noise in a next. higher
frequency band, whereby the gain in the current fre-
quency band is reduced, if the noise quantity in this
band exceeds the noise quantity in the next higher band

. by more than a predetermined threshold value.

25 In US—A—5;768,473 an adaptive speech filter is.
disclosed, in which frequency components of an informa-
tion signal from an input signal also containing noise
ig effected by calculation of the total power in each
frequency component, estimating the power of the infor-

30 mation signal included therein and calculating a modi-
fied gain for each frequency band as a function of the:
total power, the information signal power estimate and
a previous estimate of a noise power, the input fre-
quency component being multiplied by said modified gain.

35 to produce an estimate of the power the frequency com-



a previous.-estimate of a noise power, the input fre- quency conponent being
multiplied by said nodified gain. 35 to produce an estimte of the power
the f reqﬁ@l@f}zﬁétﬁn WO 01/ 26418 PCT/ DK99/ 00531 4 ponent of PERPKIPMBat i on
signal and a new noi se power estinmate being estinmated fromthe previous
noi se power estimate and the difference between the total power in the
frequency conponent and the estinate of the power 5 of the frequency

component of the information signal, regardless of whether there is a
pause in the informa- tion S|gnal. In the noise squelching inplemented in
the prior arporenfiaf the snfgpmebiencsignhd st bsiriemlnmcsieepov&@r
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cont ai ni ng nohe n % 391I ntensified to inprove the perception of speech. To
neet this objéec speech Intensification nethod of the invention is
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nodi fying the gain a t ment caused roun
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compo- nents sofgcrlfé ngo{rxgaigllngors];%elerc]:therarzr-ledfi Ir?cgfse comgceagggggy haavlng
comparable sound levels has been observed to reduce the
perception of speech in certain situations, e.g. when
15 the hearing aid is used during car driving.

On this background, it is the object of the inven-
tion to provide a signal processing method and a signal
processor for a hearing aid, in which the content of
speech in an input signal also containing noise is

20 intensified to improve the perception of speech.

To meet this object the speech intensification
method of the invention is characterized by the steps
of estimating the content of speech signal components
in said at least one said higher frequency band and

25 modifying the gain adjustment caused by said background
noise estimation in at least said one intermediate
frequency band to reduce said squelching of background
noise and thereby intensify the content of speech
signal compo- nents occurring in said one intermediate

30 frequency band.

The invention is based on the recognition of the
fact that the observed reduction in speech intelligi-
bility referred to above is caused by the effect of
upward spread or masking of noise, by which noise

35 typically occurring in the lowest frequency band of the



The invention is based on the recognition of the fact that the observed
reduction in speech intelligi- bility referred to above is caused by the

ef fect ofvooipéssd spread or maski ng of noi se, by which n®CIDKB003ADI cal |y
occurring in the | owest frequency band of the WO 01/26418 PCT/ DK99/00531 5
signal processing systemis spread upwards to the next higher internediate
frequency band, which will normally contain frequency conponents of
significant inportance for speech percgption. In result, noise squel ching
wll 5 be effected not only in the | owest frequency band ha- ving the ngjor
content of nshgaalbproabssihg siyeteextiis bpgead hpwamdsdtatEhbraquency band.
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provide signitica ovenent. of, speech perce tion. 15 Whéreas the
est i mat i onSobengitfechtd e LY ginl the ohpbeeht STedReBEY cPREEL 88 by a

variety of nmghhgdehek AibP orfttants ueh ﬁlsié,s%@sedlsa ¥ 98k34642, e. Q.
FFT anal ysis_qr peak detectj.on, it is refg d for the nmethod according

to the i nvenPtgheEnad 5“?9%?5 £xequsscy i cation said input signal is
subj ected to dlglBytahesmgdaflpabmensofmﬁhelg&mﬂ1aﬂjusﬁm§ﬂﬂwmmuehap bands

and said estimations o e _qu [ f r d d.the,cont ent
of speech S|5589u88ﬁ36% Etsogrgﬂg SQ eg% e%#%eﬁpl gigggg %I%ﬁ 25 For
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signal proceggary QEneloFeaéhnﬂn@éﬁsifuPé@%éx@% Ml eRecRPEbReEnkEans for..
receiving an |npu signal "contal ni ng speech ¢
in intermediate frequency band is effected which has

been observed to provide significant improvement of
speech perception.

15 Whereas the estimation of noise and speech signal
components can be effected by a variety of methods
known per se, such as disclosed in WO 99/34642, e.g.
FFT analysis or peak detection, it is preferred for the
method according to the invention that following said

20 classification said input signal is subjected to digi-
tal signal processing in each of said frequency bands
and said estimations of the quantity of background .
noise and the content of speech signal components are
effected by percentile estimation.

25 For the performance of the speech intensification
method of the invention a signal 'processor for a
hearing aid is provided, which comprises means for
receiving an input signal containing speech signal
components in the presence of background noise, means

30 for classification of said input signal into at least
three frequency bands comprising atleast one higher
frequency band, a lowest frequency band and at least .
one fre- quency band intermediate said higher frequency
band and said lowest frequency band, variable gain

35 adjustment means for controlling the gain in each of



conmponents inthe "presence of background noi se, neans 30 for-classification

of said Lgnal into at least three frequency band oS k470
B aedh PR

at | east one er frequency band, a | owest frequency ban | east
one fre- quency band internedi ate said higher frequency band and said

| owest frequency band, variable gain 35 adjustnent neans for controlling
the gain in each of WD 01/26418 PCT/ DK99/ 00531 6 said frequency bands and
means for estimating the |level of back§round noise in said | owest
frequency band a at | east one internedi ate frequency band and adj usting
the gain in s%#ldme% %65 GRe MREBENEAr 2Bt EMRE 2RgeRRY HAFRS i n
response to td® leatkgrdend| rutseolin badlorowedtndrrepicndy vase ssael ching

of said back-_grpound noise. Accordi to the invention he.si gnal
processor isaghg?% e??%e?ﬁ?’?%‘gﬁ%a‘ﬁ’ée?‘éelﬁ% %‘é‘g EI‘%‘% UMY 0 ting
the content dfhspgedm signaaisbnpowests andsaiad dat oheasiniereméd {pnes
frequency éﬁﬁg r 9pdatving I g adjust saipd
backgroundqﬁggge eé%?%a- t[%niﬁnrggﬁFgggt@ga?@%bﬁ%ﬁﬁthgﬁggﬁgg%lf$%quency
band to redderckgieurduBPEafngoofPAratids osade hohtrgand & itchcpadly-

i ntensify thﬁ%@%op&e.speech signal s conpo- nents occurring in said one
I nternmedi ate Trequency _pand. In the follow ng, the invention wll be

expl ai ned in furtMFOEEIRT | tQi Eher dpyeskdent o thee T PTPPESSQD
drawi ngs, in idichkafactediiad am exei®lnddes Sehortided! o6k digpram of a
3-channel _hear] ng idrc}iggr% |%rocessg):il er,rbgggi gg thg igvsntion' fti:gs. 2
and 3 are 35H? 1$Eb PonEPEFCEo fHEN225CPBPRNERES 41N FR1E R of
frequency forldasi cahe shighér afileqnensy bangoneid Forf modiigeime dclsound
i nput si gnal ééﬁn adjustment caused by said background noise estima-
tion in at least said one intermediate frequency band
to reduce said squelching of background noise and
15 thereby intensify the content of speech signals compo-
nents occurring in said one intermediate frequency
band.
In the following, the invention will be explained
in further detail with reference to the accompanying
20 drawings, in which
fig. 1 is an exemplified schematic block diagram
of a 3-channel hearing aid signal processor embodying
the invention;
figs. 2 and 3 are graphic representations of sound
25 level as a function of frequency for typical speech and
noise components of a combined sound input signal re-
ceived by the signal processor in fig. 1;
figs. 4 and 5 are graphic representations of fil-
ter damping/attenuation for an input sound signal com-
30 posed of the speech and noise components as illustrated
in fig. 2 and 3 by use of conventional noise squelching
and by speech intensification according to the inven-
tion, respectively;
figs. 6 and 7 are graphic representations of the
35 effect on the output signal level of the AGC and noise



ceived by the signal processor in fig. 1; figs. 4 and 5 are graphic
representations of fil- ter danping/attenuation for an input sound signal
com 30 Re§etheis t he speech and noi se conponents as ill uspeEbro/G0831 i g. 2
and 3 by use of conventional noise squelching and by speech

I ntensification according to the inven- tion, respectively; figs. 6 and 7
are graphic representations of the 35 effect on the output signal Ievel of
the AGC and noi se WO 01/26418 PCT/ OK99/ Q0531 7 squelching illustrated in
figs. 4 and 5, respectively,. and figs. 8 to 10 are graphic resprentations

of typical ag@héié;@fnghﬂiwwam {zprffgf@ew anPise wdbedt fr&PPhi nati on

of speech and hoise. In fig. 1 a 3-chan heari ng aid with d|g|ta1 si gnal
processing i saRrdh i n which sound input sig- nals recelved by a
m crophone 1 are Sﬂméi ed t aan1k/ DareonyeapRic?2, réderengat fbnsutefit si gnal

of which is 10 su |ed o a.fil b n 3. by. which the diqgital ignals

are distri butt'e@}%gjf PR ﬁ‘é‘a en Vrb?ﬂ?}% B 5 sﬁ%ege | oﬁé:'s €1#%¥Quency

band, an |rEeanwn}aimat1cbmeqﬂe$med:iammhmbns¢u ghest frequency band as

denoted by the t Qut put i ge a | tan 3. For
nd&‘ é Y a3l H€¥hannel a e At

each frequency ba parate processing.
respectivel y,signat oprq@qssmgshamﬁhown t he Wb@@beﬂ%’é‘%ia agrm&as%mg

channel s A B, and :?e@éfve&']@}'@rmi&o'ﬁﬁdﬂé W%@%W&é&%&d&.& Ay/peries
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means 6 and ngigﬁéf“a' ggsggggutgdsgﬁpkﬁreg frequency bands com-
prising a lowest frequency band, an intermediate.
frequency band and a highest frequency band as denoted
by the three output lines A, B and C from filter bank
i5 3.

For each frequency band a separate processing
channel A, B and C, réspectiVely, is provided. As shown
in the figure these processing channels A, B and C are
similar in structure and each includes a series arran-

20 gement of AGC controlled amplification means 4 and a
noise reduction or noise squelching block 5.

In each channel, the relevant output signal from
the filter bank 3 is supplied in parallel to speech
analyzing means 6 and noise analyzing means 7 supplying

25 output signals to a speech intensification or SIS
control logic block 8, from which control signals can
be supplied to the noise squelching block 5 in the
respective processing channel A, B or C.

The digitally processed output signal from each of

30 channels A, B and C is supplied via a summation device
9 and a D/A or D/D converter 10 to an output sound
transducer 11 such as a loud speaker.

From the graphic representation in fig. 2 of the
amplitude versus frequency relationship for e typical

35 speech signal it can be seen, that a significant part



25 qutput _signals to a speech intensification or SIS control |ogic block
8, fromwhich control signals can be supplied to the noise squel ching

bl ock 5 WO 126418 especti ve processing channel A B or C. PGERDKIMIFY |y
processed output signal fromeach of 30 channels A B and Cis supplied
via a sunmation device 9 and a DA or DD converter 10 to an output sound
transducer 11 such as a |oud speaker. Fromthe graphic representation in
fig. 2 of the anplitude versus frequen8y relationship for e typical 35
speech signal it can be seen, that a significant part WO 01/26418

PCT/ DK99/ 0053 theyfsqund fNgngenidt gihe reperck pekgmaltighhl bel Lobe-| oca-

ted in the i i f { RENLREN d d‘,)éqi I r ngi : 0 Hz to
2500 Hz, and%%ﬁgl ?olfea {'jlgt ec- ?E%I@g é)f?ret I on dé? % reldsg'ndegﬁg%ggh%ol I
occur in the TaRFingh FryBH Hh AR 220FHm 13rd gkhphi @1epredekesti on in

fig. 3 of a dagli€apotteaHedFy HLCEOUANT @netdfy NPLEE, cRewRer£gi ¥ad by a

person inside the car, it i§ se on one hand t.hat the dom nant part of

t he sound esng'ilgq?‘vﬁclﬁq"beencﬁf Mnc’lo in the |owest frequency band A. The
graphi c represent édam thef igraphiid | tspresestatbenefifectig@n Bheofoamal gain
control, e.g. . ' | i vided with a_conventionagl noise
squel chi ng syt elnébézcii(s: feg%quaﬁgg%%%e%ﬂf#rgc%ﬁ i %1%815"‘%08%50??1363 si gnal
conposed of the = pesiomidsidies shecoaponaht $si seent oat edei hahidgsha and 3.

Control 1 ng (1T T HEEE PatTpl "ERECSBuRl eid:tly IAPEL Mk ChyBegHEl ¢
caused by Ifoilge iy Tcnpanay éwmcg Ahe danping caused by the nornal
gai n control neansrhofgtdniearéppesdidcieion $aUHdd NPt $ig8akac@Bt ai ning
the speech Cotrﬁ)eoneefnéecotnlgri tll‘iee'novg:n'nga Ougtaiiir?ycorlrgtln?cael, e.g. by AGC, of
a hearing aid provided with a conventional noise
squelching system as explained above and receiving a
15 sound input signal composed of the speech and noise
components illustrated in figs. 2 and 3. The three
columns indicate the increase of filter damping of a
gain controlling filter in each of the three processing
channels A, B and C caused by noise squelching compared
20 to the damping caused by the normal gain control means
of the hearing aid for a sound input signal containing
the speech component only, i.e. without any noise
component.
As illustrated, practical experience has shown
25 that in case of a sound input signal containing speech
as well as noise components. e.g. as illustrated in
figs 2 and 3, the filter damping will be significantly
increased not only in the lowest frequency band, where
the dominant part of the noise energy is present, but
30 also in the intermediate band, even if the noise energy
in that band in the sound input signal in many situa-
tions, 1like the specific example of car noise, is
significantly smaller than in the lowest frequency
band. As explained above, this phenomenon is caused by
35 an upwards spread or masking effect from the lowest



conponent. As illustrated, practical experience has showmn 25 that in case
of a sound input signal containing speech as well as noise conponents.
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significantly increased not only in the |owest frequency band, where the
dom nant part of the noise energy is present, but 30 also in the
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speech si gnatompompatent sni rtltils sbbadd, wierety the ppen@@ptmnofof speech
L0 the oul pulo3gupd 3 9Rd Lﬁeggv%% YHE A1 dda P #hbh d26hEANRCs! A f cantly

for the ngj ofP y of hear] aired users y neans of the nmethod and
si gnal pr o&ews&ﬂ- df—'crhesel ﬁ%«gm—féﬁaﬂﬁﬂ-y fpx aEharmaiiRr dan de hagsdtghtial |y

redu- ced. gggyygdl Qskh@. 1. each of three processing 10 channels A B
and C conprises in addi tion to the noise aJ ZI n means 7, thed per se
in known noi se sab(eméﬁpﬁgogygb%n‘ﬂet]%‘ﬁ‘ée%% MEFRCH Forr et ect i on

and anal yzi nslnofeni:hesnc@mltlenm@hd&am@@e rah®e fgwmm reidupl i ed to
i st buti onCBf rf SBHD | FPudin el ‘e GReTn O ot hBe Phns b |y
spoken oniy bhafnheagvant :Bganﬁocdempurm anal@dzhttm t@orl:tl'@ntnooisespeech in
:):]gcgisgihngr g%ﬁ%ﬂg%ég%ndmgangu%,f 01, 520, 8BY1 QS SIJMCEHN ln LGRS Y LAch of
squelching systems, speech analyzing means 6 for
detection and analyzing of the content of speech in the
frequency band supplied to the respective processing

15 channel.

In view of the normal spectral distribution of
noise, as illustrated e.g. in fig. 3, it may strictly
spoken only be of advantage to detect and analyze the
content of speech in the high frequency band C, but for

20 obvious structural reasons each of processing channels
A, B and C, which are normally fully implemented as
integrated circuits, should be similar in structure.

The output signals from the speech and noise
analyzing means 6 and 7 in each of processing channels

25 A, B and C are supplied to SIS control logic block 8,
which in response will supply control signals to the
noise squelching block 5 in the respective processing
channel A, B or C.

The operation can be explained as follows.

30 For a sound input signal comprising speech without
noise, i. e. typically speech in quiet surroundings,
neither the noise squelching nor the speech intensifi-.
cation capability of the signal processor will be in
function and the normal AGC controlled aplification

35 performance of the hearing aid will remain unaffected..



A, B and C, which are normally fully inplenented as integrated circuits,
should be simlar in structure. The output signals fromthe s ee@Q and

noi se A¥RAPYZHYy neans 6 and 7 in each of processing chah F@Bmg k, B and
C are supplied to SIS control logic block 8 which in response will supply
control signals to the noise squelching block 5 in the respective
processing channel A B or C. The operation can be expl ained as foll ows.
30 For a sound input signal. conpri si ngifpeech W thout noise, i.

e.
typically speech [n quiet surroundi ngs nei t her .t.he nai se ;squel chi ng nor

t he speech intensF?F-acﬁPPB &888%i§3@?a&fqﬂﬁ§%ﬁﬁiﬂﬂ %ﬁwﬂﬁ%ékwo i1 be in
functi on andthé8enndsenlcoformemts obiEH bl dbteatednall perdlyrzeahdsy of t he

hearing aid wikl _r | f d.. 0 8 R 9 3L 10 For a

sound i nput g?éﬁ%lSggggfgggngg%%%nnggﬁ%hﬁéﬁgﬁééEﬁggggKé%%Sgﬁén §&§AII be

det ect ed andseppljeddviig SAS scengxally Ziagy meakirectile toutthe ndigel of

whi ch is §“$§LE§gh¥h§ ?1%&0@ o éﬂgigrécggggﬁgl ¥:hbAnkle d301 Sgare-
squel chi ng bl'éc I n~the processing channel or Than- nels affected by the
noise to effeeilsCaﬁﬁeﬁtzﬁéngy HRe seoigg Ued f FRFlacomatienaharakse | n case

of a sound iggyklehenal agORRioWsl HGh HREGYL I N the presence of noise as
outlined abové the defec- 10 tion o s_ii;lpeech_in he hi ghest frequency band C
will cause a nodi fPcS8FEN° fatﬁgqﬂﬁ Ry S 1RaTy SRS 101 [T at e

frequency banfl Bhebpradictlveasohmabse nasf bgtlinkle abdtecatre ddetfedt er
damping is_ | ogwered com ed _to..conyentional_.noise squel chi ofherw se
re- 15 su%?iﬁéopréﬂftﬂgeggﬁeéfﬁd%h%f ﬁgﬁgég WRSRRRGY .a%giﬁgdﬁ% tes the
effect of coowese td omedihdcstisgulathi bheanoiise usqualehling fing.tle on the
sound OUtpUtiﬁkggﬁEdEEQ@tffﬁﬁ“@ﬁgylﬁaﬂagh,7b§h%ﬁidi as shown in

fig. 5 the increase of filter damping is lowered com-

pared to conventional noise sguelching otherwise re-
15 sulting from the detection of noise.

Whereas fig. 6 illustrates the effect of conven-
tional noise squlching as illustrated in fig. 4 on the
sound output signal from tranducer 11, fig. 7 shows a
significant speech intensification in the intermediate

20 frequency band B.

For a digital hearing signal processor as shown in
fig. 1 the speech and noise analyzing means 6 and 7 are
preferebly combined and implemented in an integrated
structure employing two percentile estimators 12 and

25 13. Such percentile estimators are known in principle
from US-A-4,204,260 and their use for automaic gain
control in hearing aids has been disclosed in WO
95/15668 as well as in WO 99/34642 quoted above, the
disclosure of which is incorporated herein by refer-

30 ence.

For the purpose of the noise squelching and speech
intensification capability of the method and hearing
aid signal processor of the present invention the per-
centiles of percentile estimators 12 and 13 can be ad-

35 justed to figures between 5 and 40 % and between 60 and



significant speech intensification in the internediate 20 frequency band
B. For a digital hearing signal processor as shown in fig. 1 the speech
and noi o @realgzi ng neans 6 and 7 are preferebly conbi e/ ooss! enment ed
in an integrated structure enploying two percentile estimators 12 and 25
13. Such percentile estimators are known in principle from US-A-4, 204, 260
and their use for automaic gain control in hearing aids has been discl osed
in WO 95/15668 as well as in WO 99/ 3#642 quoted above, the disclosure of
which is incorporated herein by refer- 30 ence. For the purpose of the
noi se squel gehi g ang. speerh %ian@nso f$ catéspectpadiyity of the method and
hearing aid si of . the present _invention the per-. centiles of
percentile esti gn%?%?&%égéﬁgﬁl dceé:rt%cotg)_rasda%af’gs?gdo‘ﬂtbp??gﬁf%%ajo%t ween 5
and 40 o ansréesvpphied &ed SAS 09mGAdIB lo@PXF/ bReekod®63indidatingy e.g. to
10 % and 90, pesprE iy ché(-lé:-!}-é’ﬂépféﬁﬁ:‘r}ﬁ" ;9% put
signals - g?egs%gg ie‘g to SIS contro qafﬂpc %ﬁé%%\%{%%g?n%:ﬁthe
anpl i tude | ¥Yefs XATRIGFAMF, | PFi Ehef gnmuy- signahngnglyged, by.
respecti vel yor&ént ife | sWtmSt &Rnl1 233 180wh¥ hinP8r €8R& | i n&Sk igmt ors 12
and 13 within_a tipe wi ndow of _a duagilon of e.g. 25 seconds. As
i |1 ustrated®i FERLPRPHGF a%n i #° 198O 8 he anplitude distribution of a
typi cal pul se-tyme dndesitratedsi pmakhen laisibPraenynr oFFENt sCakegEs a wi de
range of anplijude.levels cprresponding,to.a_relatively |arge eparation
of the 10 ;@H& %RF%@%%F%EH?F#%%? ﬂge?eﬁgpfca}h€9%ﬁ57ﬁgﬁﬁa %i5% bution of
a typi calo coignaliois anasietsignalrodidntascorems anwtilde hisstgegrafm in figure
15 9 be confj LA, a r |t I | th rmuch
smal o sepiroyiade P 1ERLIE (ineRichIdg To AMPrehdtivery Akl
separation of the 10 % and 90 % percentiles, whereas _ -

the amplitude distribution of a typical continuous
noise signal will as shown in the histogram -in figure
15 9 be confined in a rather narrow range of amplitude
levels with much smaller separation of the 10 % and 90
% percentiles. _
For an input signal containing speech in the -pre-
sence of noise the amplitude distribution formed by -
20 overlapping of the histograms in figures .8 and 9 will
as shown in the histogram. in figure 10 form an inter-
mediate between the two extrémes of pure speech and
pure noise.
This relationsship can be used in a simple way by
25 SIS control logic block 8 to effect the control_. of
noise squelching block § and provide the speech inten-
sification described above. -
Whereas the invention has been explained-in the
foregoing with reference to a 3=channel hearng aid in
30 which estimation of the content of speech: signal -
components is effected-in the highest frequency band,
this is not limiting for the -invention. In the case,
for instance, of multi-channel hearing aids having more -
than three channels processing signals in a correspon-
35 ding number of frequency bands the estimation of speech



% percentiles. For an input signal containing speech in the--pre- sence of
noi se th de distribution formed by 20 overlappin

t he- - hi s'?‘(l)(g‘r??rfdéi#n figures--8 and 9.will as shown in the ﬂC'P (l)(é%/%ﬂﬁ%l_i n
figure 10 forman inter- nmediate between the two extremes of pure speech
and pure noise. This relationsship can be used in a sinple way by 25 SIS
control logic block 8 to_ effect the control - of noise squelching block 5
and provide the speech inten- sification described _above. - \Wereas the

i nvention hassggﬁgle%‘@émté ndo@ g fBEeg@fﬁ?ct‘f’\% h Jﬁ{l’?r ¢p%e £9nd
3-channel hearng aid in which estimation o e_content "of Speech:
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“limting for &ﬁebahﬂﬂenfbﬁnWHlﬁﬂﬂﬁbééﬁﬁf51§ﬂﬁllé@ﬁ Poeent & aBHk hhrehanne
heari ng aids haV|nﬁ gree channel s processing signals in a
correspon 35 GYRg Hﬁb@?lﬁ? F¥Gtency bands the estination of speech WO
01/ 26418 P&/ DK99/ 00531 12 signal conponents could be effected with the
same advantage in any higher frequency band or conbination of bands, for
whi ch speech' signal conponents dom nate over the noise level. 5 W

.01/ 26418 PCT/ DK99/00531 13 1tttrrrerrrrerverrrererertrtt ~mMSsS PATENT
CLAI MS 1 Anethod for intensification of speech signals conponents
in a hearing aid input signal including background noise, conprising the
steps of classifying 5 said input signal into at |east three frequency
bands conprising at | east one higher frequency band, a | owest



frequency band and at |east one frequency band inter-nediate said higher
frequency band and said | owest frequency band, estimating the |evel of"
backgr ouweo 61@6418i se in said | owest frequency band and at PCEEKI98981

i ntermedi ate frequency band and adjusting the gain in said-+ewest__and said

one internedi ate frequency bands in response to the esti evel of
background noise to provide squel ching of said backgroungD ls ”m"”m
racteri zedby the steps of estli3mating the contentyOrg

signal conponents in said at |east one higher frequency band and modifyihg
the gain adjustnment causedP By Bak dNbBckgEolind foMs& estimation in at

| east said one inter ' f e : ; (%Bg§% | | ching -
of background noi Eslé ggkb?hgﬁieggr ﬁ&%%%ﬁﬁil%(%%%nt 0 lzgéeg%a signal s
conponents COBRPREAYSI niBaidd BRABYiATerdhdi 40U e§igRBY bERELUIINA nethod

as claimed i Baﬁkgir&ﬂi_d @dise,! compridilgltheZsteps Bf f@laé@ifﬁﬂlﬁf}‘g said -
classification

. .25 said input. sjgnal is_subjected to digital sign _
processing5iﬁaé§cﬂn@Pts£¥éa§ka yaBa%8§stn% f&d T TRty ébé% t he
| evel of backempuhdingi ae dedsthenechbiyker bBfegperch lsagdal achowpesients are
effected, by__percentile estinnt}] 3,..A g I rs a.hearing
aid, compri- fEE%‘eHﬁXni)af% F5 %ée)(?]é?glgﬁgbgﬁ ;%% <& aﬁ;%:%gn Jg?%:l: ng |
speech si gnamedtapenesdasdi highepr Eévequencly bbakdr andl saddselowesihs (3)
for classifi i sgiLdasin : S [ ast gt SaMgncy
bands conpri §?Eﬁ88§§8&t %‘ggf él.)énget%n% er freg%eﬁe%%gjegangf rCljgﬁl&g‘fyiliowest WO
01/ 26418 PCThPKSe/ Ges33aid 11owest ~freguenqay |band | and| ak) feash qne

frequency bangditpheandral fredffer?ie B4RIUSAGY aBg0EL(BY tHY efdmdiate said
hi gher frequency band and said | pwest .

said lowest and said one intermediate frequency bands

in response to the estimated level of background noise

to provide squelching of said background noise, ¢ h a -

1s racterized by the steps of estimating the
content of speech signal components in said at least
‘one higher frequency band and modifying the gain
adjustment caused by said background noise estimation
in at least said one intermediate fre- quency band to

20 reduce said squelching of background noise and thereby
intensify the content of speech signals components
occurring in said one intermediate frequency band. .

2. A method as claimed in claim 1, char ac -
terized in that following said classification

25 said input signal 1is subjected to digital signal
processing in each of said frequency bands and said
estimations of the level of background noise and the
content of speech signal components are effected by
percentile estimation. | '

30 3. A signal processor for a hearing aid, compri-
sing means (1) for receiving an input signal containing
speech signal components in the presence of background
noise, means (3) for classification of said input
signal into at least three frequency bands compfising

35 at least one higher frequency band (C), a lowest



frequency band, variable gain adjustnent means (4) for controlling the
gain in each of said frequency bands 5. and.means-(5, 7) for estimating the
l evel of Eﬁﬁﬁgpﬁund noi se in said | owest uency barf§TAME405east one
i nternedi ate frequency band andumug “Lﬂ Uﬂtﬁmﬂl nin saidlowest and said
one intermedi ate frequency band the estima- ted | evel of
background 10 noi se to provide sque chlng of said background noise, ¢ h a
racter szedinthat neans (6, 8 is provided for estimating the

content of eech s o oneqts | sai d at Least one higher frequency
band and fﬁ %P?:}bali‘%e?)gg i d?Es #RAE eBEs&yesyersyd bandyd&igr ound
noi se esti rra.mmrmedmté mitd &mghme?:eqﬁardyeddaai@ afrfde@aelra:nowa@ to

reduce sald d_noi se.and. t he eb |nteqa t he
cont ent Speec gna corrpon%%:| getlr FRAYSERSBL ( Afedi at e

f requency bamltazalhngx bbar igagnai ih segahl o;frmaastofrequehaynbdmds claim
3, ¢chag d s | n es

per cent 1 & oo mcads (%, 00 £ Lpfimlihg BHe TRV o RA%KERS

background TS Hhdaid m%‘ﬁtfm sgeenty sbgndl audrrp@né.a’ast me
intermediate frequency band and adjusting the gain in

said lowest and said one intermediate frequency bands
in response to the estima- ted level of background

10 noise to provide squelching of said background noise,
characterized in that means (6, 8) is
provided for estimating the content of speech signal
components in said at least one higher frequency band
and for modifying.the gain adjustment caused by said

15 background noise estimation in at least said one
intermediate frequency band to reduce said squelching
of background noise and thereby intensify the content
of speech signal components occurring in said one
intermediate frequency band.

20 4. A hearing aid signal processor as claimed in
claim 3, characterized in that  said
estimation means comprises percentile estimator means
(12, 13) for estima;ion of the level of background
noise and the content of speech signal components.

25



