1 5 March 2004 Method and signal processor for intensification of speech.
signal conponents in a hearing aid. The present invention generally
relates to a nethod for intensification of speech signal conponents in a
hearing aid input signal including background noise. The invention further
relates to a signal processor for a hearing aid. Mre specifically, the

i nvention, in agfirsP aspect, relates tb a method for intens?Masdt2¢04 of
speech signals conponents in a hearing aid input signal including

backgr ouvidthoal ard sigmgirprecessdrifer sntepsifiohtion @ Sbbpth Gigrad! conputients gnal
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channels is disclosed, in which dynamc automatic gain control is effected

by detection of the input sound |evel and/or the output sound |evel and
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and decreases, respectively, of the input sound |evel by adjusting the
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| nput arftdquenoythand aodrad leastedrse fneduency baal dhieveledidte saidl hight frequency
band and said low frequency band, estimating the level of background noise in said
low frequency band and said intermediate frequency band and adjusting the gain in
said low and said intermediate frequency band in response to the estimated 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 channeis is disclosed, 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 response to the detected sound level by
controlling the gain in each processing channel towards an 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
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.

In a practical implementation of this prior art hearing aid, the dynamic gain

control is effected partly on the basis of the momentary sound input received by the



provi ding sl ow gain adjustnent, at |ow input and/or output sound |levels. In
a practical inplenentation of this prior art hearing aid, the dynam c gain
control is effected partly on the basis of the nonmentary sound i nput

received by the 2 5 March 2004 hearing aid, partly on the basis of a

statistical analysis of the sound |level within a tinme w ndow extendi ng 20
to 30 seconds back in tinme. The actual 4gain adjustnent is cafdaret2Pdby a
conplex algorithmto determ ne the actual gain control in each channel and
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threshold, the sound will be controlled with short attack and release times.

This prior art hearing aid has moreover been implemented 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, whereas 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 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.

US-A-4, 630,302 discloses a method and apparatus for aiding hearing with an
automatic gain control unit having a first section for increasing the amplitude of input
signal segments below a threshold level and a second section for reducing the
amplitude of input signal segments above the threshold level. A noise suppressor
unit having a long attack time and a short release time is responsive to the output

from the second section of the automatic gain control unit and has a threshold level



hearing aids or simlar devices has been disclosed in several prior art
publications. US-A-4, 630,302 discloses a nethod and apparatus for aiding
hearing with an automatic gain control unit having a first section for

i ncreasing the anplitude of input signal segnents below a threshold |evel
and a second section for reducing the _anplitude of input signal segments
above the threshold level. A noise supptessor unit having a ?Mace0tk
time and a short release tinme is responsive to the output fromthe second
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In US-A-5,768,473 an adaptive speech filter is disclosed, in which frequency
components of an information signal from an input signal aléo containing noise is
effected by calculation of the total power in each frequency component, estimating
the power of the information signal included therein and calculating a modified 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 frequency
component being multiplied by said modified gain to produce an estimate of the
power of the frequency component of the information signal and a new noise power
estimate being estimated from the previous noise power estimate and the difference
between the total power in the frequency component and the estimate of the power
of the frequency component of the information signal, regardless of whether there is

a pause in the information signal.

In the noise squelching implemented in the prior art hearing aid of WO
99/34642 the statistical noise estimation in each frequency band will result in a
relatively slow gain reduction, which in case of input signals containing speech and

noise components having comparable sound levels has been observed to reduce



power- estimate and a previous estimte of a noise power, the input
frequency conponent being multiplied by said nodified gain to produce an
estimate of the power of the frequency conponent of the information signal
and a new noi se power estinmate being estimated fromthe previous noise
power estimate and the difference between the total power in_the frequency
conponent and the estinmate of the power‘1 of the frequency co Mesett 244 t he
i nformation signal, regardl ess of whether there is a pause in the
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hearing ,aid of WO 99/34642 the statistical noise estimation in each
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case of input signals containing speech and noise conmponents having

conpar abl e sound | evel s has been observed to reduce 4 5 March 2004 the
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I nput signal also containing noise is intensified to inprove the

per cept i RaTcoptigrpekspeecho neet this object the speech intensification nethod

defined in the preanble is characterized by conprising the steps of
estimating the content of speech signal conponents in said high frequency

band and nodiTy iviegt thie obfeot tiaelspeécre Mtensifidaaion methoddéfRrIIINSAe tReanble
background noi se estimation in said internediate frequency band to reduce
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determined in response to said background noise estimation in said intermediate
frequency band to reduce said squelching of background noise and thereby intensify
the content of speech signals components occurring in said intermediate frequency
band.

The invention is based on the recognition of the fact that the observed
reduction in speech intelligibility referred to above is caused by the effect of upward
spread or masking of noise, by which noise typically occurring in the low frequency
band of the signal processing system is spread upwards to the next higher
intermediate frequency band, which will normally contain frequency components of
significant importance for speech perception. In result, noise squelching will be
effected not only in the low frequency band having the major content of noise, but

also in the next higher intermediate frequency band.

By the modification of the gain adjustment in this frequency band on the
basis of speech components in at least the highest frequency band, in accordance
with the invention, an intensification of the speech content in intermediate frequency
band is effected, which has been observed to provide significant improvement of
speech perception.



The invention is based on the recognition of the fact that the observed
reduction in speech intelligibility referred to above is caused by the
effect of upward spread or masking of noise, by which noise typically
occurring in the low frequency band of the signal processing systemis
spread upwards to the next higher intermediate frequency band, which wll
normal |y contain frequency conponents o significant inportafdaren0@beech
perception. In result, noise squelching will be effected not only in the
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detection, it"is preferred for the nethod according to"the invention that
f ol | owi reffested by ipgsesrtile aslimatieai d i nput signal is subjected to digital

signal processing in each of said frequency bands and said estimations of
the quantity of background noi se and the content of speech signal
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input signal into at least three frequency bands comprising at least one high
frequency band, at least one low frequency band and at least one frequency band
intermediate said high frequency band and said low frequency band, means for
estimating the level of background noise in said low frequency band and said
intermediate frequency band and means for adjusting the gain in said low and said
intermediate frequency bands in response to the estimated level of background

noise to provide squelching of said background noise.

According to the invention, the signal processor is characterized by
comprising means for estimating the content of speech signal components in said
high frequency band and for modifying the gain adjustment determined in response
to said background noise estimation in said intermediate frequency band to reduce
said squelching of background noise and thereby intensify the content of speech

signals components occurring in said one intermediate frequency band.

In the following, the invention will be explained in further detail with reference

to the accompanying drawings, in which

fig. 1 is an exemplified schematic block diagram of a 3-channel hearing aid

signal processor embodying the invention;



input signal into at |east three frequency bands conprising at |east one
hi gh frequency band, at |east one | ow frequency band and at | east one
frequency band internediate said high frequency band and said | ow
frequency band, neans for estimating the |evel of background noise in said
| ow frequency band and said internediate frequency band and neans for

adj usting the gain in said |low and sai ® internmediate frequeneMasghd@d4 n
response to the estimated | evel of background noise to provide squel ching
of said background noi se. According to the invention, the signal processor
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noi se ansignalgeabiyed iydheisignal peocassoein figf1; speech signal s conmponent s
occurring in said one internedi ate frequency band. In the follow ng, the
invention will be explained in further detail with reference to the
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di agram of a 3-channel” heari ng aid signal processor enbodying the
i nvent i o¥pUrsl anak cenrmsedrafdbe speaehl apdaiaise camiposenisprs Blostratedandig 2

sound | e ﬁd g?’% L?SefWvgﬂti&flaljc{isﬁeg%&@é\léﬁﬂé r typical speech and noise

conponent's a conbined 'soun al received by the signal
processor in fig. 1; fig. 4 is a graphic representation of filter

danpi ng/ attenyation for an input sound si.ﬁ;nal conposed of the speech and
noi se conpondifl @ i 3 Prapie serresentatiog. obfilterm damping/atenuationo farean i inpal

noi se sAyilehigdal composed of the speech and noise components as illustrated in fig. 2

and 3 by use of speech intensification according to the invention;

fig. 6 is a graphic representation of the effect on the output signal level of the
AGC and noise squelching illustrated in fig. 4,

fig. 7 is a graphic representation of the effect on the output signal level of the
AGC and noise squelching illustrated in fig. 5 and

figs. 8 to 10 are graphic representations of typical amplitude distributions for

speech, noise and a combination of speech and noise.

Fig. 1 illustrates a 3-channel hearing aid with digital signal processing, in
which sound input signals received by a microphone 1 are supplied to an A/D
converter 2, the digital output signal of which is supplied to a filter bank 3, by which
the digital signals are distributed in three frequency bands comprising a low
frequency band, an intermediate frequency band and a high frequency band as
denoted by the three output lines A, B and C from filter bank 3.

For each frequency band a separate processing channel A, B and C,

respectively, is provided. As shown in the figure these processing channels A, B and



fig 5is a graphic representation of filter danping/attenuation for an

I nput sound signal conposed of the speech and noi se conponents as
illustrated in fig. 2 and 3 by use of speech intensification according to
the invention; fig. 6 is a graphic representation of the effect on the

out put signal level of the AGC and noise squelching illustrated in fig. 4,
fig. 7 is a graphic representation of the effect on the outpuf “@ﬁr%a@o‘?evel
of the AGC and noise squelching illustrated in fig. 5 and figs. 8 to 10
are grapfi arersimilesiensteuctonesaraf ebgtpincildearpketiesiarrdnhgémebtibf AGT tontrofideeech,
noi se and a.ﬁ?or[bi nati on of speech aad noise. Fig. 1 illustrates a 3-channel
heari ng SPIUFAUONINERPSA AN BPISETEEESUQMEY, neise SaHelshingdlaek Bnput si gnal s
received by a mcrophone 1 are supplied to an AID converter 2, the digital
out put signal of which is supplied to a filter bank 3, by which the
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or noi se squel'ching bl ock 5. In each channel, the relevant output signal
fromthe filter bank 3 is supplied in parallel to speech anal yzing neans 6
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processi ng
sound transducer 11, such as a loudspeaker.

From the graphic representation in fig. 2 of the amplitude versus frequency
relationship for a typical speech signal it can be seen, that a significant part of the
sound energy in the speech signal will be located in the intermediate frequency band
B, typically ranging from 800 Hz to 2500 Hz, and that also a detectable portion of the
sound energy will occur in the high frequency band C.

From the graphic representation in fig. 3 of a typical frequency spectrum for
car noise, as perceived by a person inside the car, it may be seen that the dominant
part of the sound energy will be present in the lowest frequency band A.

The graphic representation in fig. 4 illustrates the effect on the normal gain
control, €. g. by AGC, of a hearing aid provided with a conventional noise squelching
system as explained above and receiving a 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 to the

damping caused by the normal gain control means of the hearing aid for a sound



channel A, B or C. The digitally processed output signal fromeach of
channels A/ Band Cis supplied via a sunmation device 9 and a DA or DD
converter 10 to an output sound transducer 11, such as a | oudspeaker. From
the graphic representation in fig. 2 of the anplitude versus frequency
relationship for a typical speech signal it can be seen, that a significant
part of the sound energy in the speecl‘l8 signal wll be I ocat ed Magch Re04
internediate frequency band B, typically ranging from800 Hz to 2500 Hz,
and t hatinput signaletentaniihg fher tspaechf colmponentirshlgner gy withbulochyr rioisd he
hi gh fregquency band C. Fromthe graphic representation in fig. 3 of a

t ypi cal &?@aﬂ'ﬁ%y spectrum for car noise, as perceived by a person inside
the car, it may be seen that the dom nant part of the sound energy will be
present in the | owest frequency band A The graphic representation in fig.
4 il ustrat esAs heerlidnest above, hexpesiemak has showorthablin case of HywoldBE, inplt a
hearin Ld.p Lded wth,a conventional noise squel chin tem as
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2 upwards spread or masking effect from the low frequency band to the intermediate
frequency band and results in a significant damping also of speech signal
components in this band, whereby the perception of speech in the output sound
signal from transducer 11 will decrease significantly for the majority of hearing

impaired users.

By means of the method and signal processor of the invention this
disadvantage can be substantially reduced. As shown in fig. 1, each of three
processing channels A, B and C, in addition to the noise analyzing means 7 as used
per se in known noise squelching systems, comprises speech analyzing means 6 for
detecting and analyzing of the content of speech in the frequency band supplied to
the respective processing 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 design reasons all of the processing
channels A, B and C, which are normally fully implemented as integrated circuits,

should have a similar structure.

The output signals from the speech and noise analyzing means 6 and 7 in
each of processing channels A, B and C are supplied to SIS control logic block 8,



. the out

and 3, the filter danping will be significantly increased not only in the
| onest frequency band, where the dom nant part of the noise energy is
present, but also in the internediate band, even if the noise energy in
that band in the sound input signal in many situations, |ike the specific
exanpl e of car noise, is significantly smaller than in the | owest
frequency band. As expl ai ned above, thi% phenonenon i s caused®Margh2004
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speech signal, conmponents in thjs_band, ereby the perception of speech in
p ﬂ@gpggﬁﬁﬁmn§?§ﬁagCh?Bﬁ?Péd%§ﬂEber 11 wi Il decrease significantly for
the majority of hearing inpaired users. By neans of the nmethod and signal
processor of the invention this disadvantage can be substantially reduced.
As shown in fThe operatievicanfbe expleinedrasciedlowvsg channels A, B and C, in
addition to the noise analyzing neans 7 as used per se in known noi se
squel chi ng systens, conprises speech analyzing neans 6 for detecting and
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be detected and analyzed by noise analyzing means 7, the output signal of which is
supplied via SIS control logic 8 directly to the noise squelching block 5 in the
processing channel or channels affected by the noise to effect conventional noise
squelching as known in the art.

In case of a sound input signal comprising speech in the presence of noise as
outlined above, the detection of speech in the highest frequency band C will cause a
modification of the noise squelching in the intermediate frequency band B, by which,
as shown in fig.5, the increase of filter damping is lowered compared to conventional

noise squelching otherwise resulting from the detection of noise.

Whereas fig. 6 illustrates the effect of conventional noise squelching as
illustrated in fig. 4 on the sound output signal from transducer 11, fig. 7 shows a
significant speech intensification in the intermediate frequency band B.

For a digital hearing signal processor as shown in fig. 1, the speech and noise
analyzing means 6 and 7 are preferably combined and implemented in an integrated
structure employing two percentile estimators 12 and 13. Such percentile estimators

are known in principle from US-A-4,204,260 and their use for automatic gain control



which in response wll supply control signals to the noise squel ching bl ock
5in the respective processing channel A B or C. The operation can be
expl ai ned as follows. For a sound input signal conprising speech without
noise, i. e. typically speech in quiet surroundings, neither the noise
squel ching nor the speech intensification capability of the sign

processor will be active and the normallAGC controlied anpllﬁﬁgﬁ@h@@p4
performance of the hearing aid will renmain unaffected. For a sound input
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anal yzed by.noi se anal yzi ng neans 7, the output signal of which is
Supp|led“§%5 abeYR-rol logic 8 dlrectly to the noi se squel ching bl ock 5
in the processing channel or channels affected by the noise to effect
conventional noise squelching as known in the art. In case of a sound

i nput si gnal famthei pirpgss pé dieh noiset daugicking ane specubi |maermﬁica¢iuhldapeﬂiliab0va
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conpared to conventional noise squel ching otherw romthe

det ect i caNb#0Hoardkbetwarared@ and@s % el putst TGlesnd 96 %f fmecb\ieiy,onvent i onal
noi se squelching as illustrated in fig. 4 on the sound output signal from
transducer 11, fig. 7 shows a significant speech intensification in the

internedi ate Frbﬁﬂwcdnthambtacto?@rua ghdgrBabufpeldigiekals! Wbuﬁﬁl%&?%@%l@s
shown in fig. t he speech and noi se anal ?é[vl ng neans and are
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10 5 Marthwibida time window of a duratlon of e. g. 25 seconds.

As illustrated in the histogram in fig. 8, the amplitude distribution of a typical
pulse-type speech signal in a quiet environment covers a wide range of amplitude
levels corresponding to a relatively large 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 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 presence of noise, the amplitude
distribution formed by overlapping of the histograms in figures 8 and 9 will, as shown
in the histogram in figure 10, form an intermediate between the two extremes of pure

speech and pure noise.

This relationship can be used in a simple way by SIS control logic block 8 to
effect the control of noise squelching block 5 and provide the speech intensification
described above.

Whereas the invention has been explained in the foregoing with reference to

a 3-channel hearing aid in which estimation of the content of speech signal



in hearing aids has been disclosed in W95/15668 as well as in WD 99/ 34642
nment i oned above. For the purpose of the noise squel ching and speech
intensification capability of the method and hearing aid signal processor
of the present invention the percentiles of percentile estimators 12 and
13 can be adjusted to figures between 5 and 40% and between 60 and 95 %

e. g. to 10 %and 90 % respectively. ffom percentile detect o Margh 2004 13
out put signals are supplied to SIS control logic block 8, indicating the
anpl i t udeornpyedrstsfieraffattedipmane IHighdst ffauehRy %ar)dhROinot GfMaw forethe  of

t he input signal analyzed by percentile estimators 12 and 13 within a tine
wi ndow omvgln@qn-alﬂithﬁ cgeeeforgnstance.ceionyli-channel heating@ids havinpemarssthsgr am
in fig. [ i ' [ j.ca

i gnal” 1 Sred GRRREG frbSsdhg sidrals I8 QoD humBLt SF HiagEnaP BBHs.
corr espotiei pgtimatian rafl apeech \sigraal georapprerdtsi couldf bé heffd@edo witd @ ¥ame
percentiles, whereas the anplitude distributjon . of typi cal continuoys

ol so i YRANEGE 11 any R IPUSNER SRR GHINAHOR o8 BaB0S o WhRRSRRRAN | n a
rat her ngpRAVEITABEIHErRS doAfiPAte VAR tHENGILS Il h much smal | er separation of
the 10 % and 90 % percentiles. For an input signal containing speech in the
presence of noise, the anplitude distribution fornmed by overl apping of the
hi stogranms in figures 8 and 9 will, as shown in the histogramin figure
10, forman internmedi ate between the two extrenes of pure speech and pure
noi se. This relationship can be used in a sinple way by SIS control |ogic
block 8 to effect the control of noise squelching block 5 and provide the
speech intensification described above. Wereas the invention has been
explained in the foregoing with reference to a 3-channel hearing aid in
whi ch estimation of the content of speech signal



11 5 March 2004 conponents is effected in the highest frequency band, this
Is not limting for the invention. In the case, for instance, of

mul ti-channel hearing aids having nore than three channels processing
signals in a correspondi ng nunber of frequency bands, the estimtion of
speech signal conponents could be effected with the sane advantage in any
hi gher frequency band or conbi nation of bands for which speech signal
conponent s dom nate over the noise level. 12 5 March 2004 CLAIMS 1. A

met hod for intensification of speech $2gnals conponents in a Hétmarem200d d

I nput signal including background noi se, conprising the steps of

cl assiOLMg said input signal into at |east three frequency bands
conprising at |east one high frequency band, at |east one |ow frequency
band and at | east one frequency band internedi ate said high frequency band
and said |ow frequency band, estimating the | evel of background noise in
sai d owh fm%tt]mélfmyintelnaiﬁdat@ndofsai@ch rsigraise dorapendntse gue rfearibguraitl npelt a'@hast i ng

the sat i RAPRBEAPURHAE eI HRRITS IebSONELSto BNEol i 20BR5E °
backgr odh&en&ewnctmnastmmemtgbqt esfpoinsihigh frequertcgpsandf at dedsit e Iogy t he

cont ent. (o, SRGPEINCLENA)ARIRORERLG Ranal ol LSBYRITDRNG, Bl ana.

nodi fyi ng e ‘gal n adj us response t
noi se estaidriow bagudensy dwind, estineatimgdhatieve toédpaekgrgumthmise n saidUowe fegudncy
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si gnal s conponents oCcUFTI ter me uenc
met hod doieonredialg frequsnay rlmamd it haspowse rto Zbel dstimatedt lefel cbfolvaqhgro&ad choise to

o 22 PEROR Ak 0 o SRl o3 SRt A o EhETER P!
char act eeraﬁzr@&ng rthe h@nte@alqﬂ speethretdneh sompondrds liresald bigh frequency band and
modifying the gain adjustment determined in response to said background noise estimation
in said intermediate frequency band to reduce said squelching of background noise and
thereby intensify the content of speech signals components occurring in said intermediate

frequency band.

2. The method according to claim 1, characterized in that following said classification said input
signal is subjected to digital signal processing in each of said frequency bands.

3. The method according to claim 2, characterized in that said estimations of the level of
background noise and the content of speech signal components are effected by percentile
estimation.

4. A signal processor for a hearing aid, comprising means for receiving an input signal
containing speech signal components in the presence of background noise, means for
classification of said input signal into at least three frequency bands comprising at least one
high frequency band, at least one low frequency band and at least one frequency band
intermediate said high frequency band and said low frequency band, means for estimating
the level of background noise in said low frequency band and said intermediate frequency
band and means for adjusting the gain in said low and said intermediate frequency bands in
response to the estimated level of background noise to provide squelching of said

background noise, characterized by comprising means for estimating the content of speech



background noi se and the content of speech signal conponents are effected
by percentile estimation. 4. A signal processor for a hearing aid,
conprising nmeans for receiving an input signal containing speech signal
conponents in the presence of background noi se, neans for classification
of said input signal into at |east three frequency bands conprising at

| east one high frequency band, at |east one | ow frequency band and at

| east one frequency band internediate said high frequency band and said

| ow frequency band, neans for estimati®g the |evel of backgrduictin@d®e in
said | ow frequency band and said internedi ate frequency band and neans for
adj ust i rgjgndiecoggionents inadaill high dredusadydband endrdshi mbdiffine duepay adastsmenn

response he estimated | evel of backagroun oi se to .provide squel ching
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-freque f iLyi.ng. the, gain adjuys nt determned in
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band to reduce said squel ching of background noi se and thereby intensify
the cegntgnt, of. S h_signal co lents.accurring.in sai ne .i nternedi at e
F r equanclpngiino 2 SRl teo QRIS T 4 cbeliierted B R e s hrafih o
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speech signa



