WO 2012/ 076045PCT/ EP2010/ 069154 1 HEARI NG Al D AND A METHOD OF ENHANCI NG
SPEECH REPRODUCTION  This application relates to hearing aids. The

i nvent i onwormrx7e@eci fically, relates to hearing aids hacrmpemanssi or
enhanci ng speech reproduction. The invention further 5relates to a nethod
of processing signals in a hearing aid. A hearing aid is defined as a
smal |, battery-powered device, conprising a m crophone, an audi o processor
and an acouBEARING AUD AN AsHlEdEIQD cBhENGINNCIN (@ SBEEWSY REPRODUGEKINI t he
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el ectrical signals suitable for 15 driving the acoustic output transducer
according to the prescription. In a digital hearing aid, the reproducible
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per f or m agiegutaic® byndsbys 9 dollcHoNdine pienlity offieritl bhed-pays FitcvArMmhasbandlsptit €. g.
in a cafeteria, at parties, or where background nusic is present, because
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WO 2012/ Oégig%‘ﬁﬁ) 9&[1151%%8819/ pqu%iélé a highly flexible means of processing audio signals.

20
WO-A1-98/27787 presents a hearing aid with a percentile estimator for determining noise
levels and signal levels in an input signal for the hearing aid. A noise level is determined
as a 10% percentile level of the input signal, and a signal level is determined as a 90%
percentile level of the input signal. It is possible for the signal processor of the hearing aid

25  to make an educated guess about the presence and the level of speech given the difference
between the 90% percentile level and the 10% percentile level. In other words, the
difference between the 90% percentile and the 10% percentile determines the level of
speech. In the following, this method is denoted the percentile difference method. This
way of detecting speech works to satisfaction in steady noise or in quiet surroundings, but

30  may not perform adequately in sound environments where the noise varies a lot, ¢.g. in a
cafeteria, at parties, or where background music is present, because the percentile

difference method is rather sensitive to modulated noise.



2 WO Al- 2004/ 008801 di scloses a hearing aid having neans for calculating a
speech intelligibility index (SIl) of an input signal, and neans for
enhanci ngwe 28pageiassi gnal by optim zing the Sl val ue ofctrmPompedissi gnal .
During use of the hearing aid, the SU value is constantly anal yzed and the
signal processing is continuously altered in order to keep the 5 SI1 at an
opti mal value for the purpose of enhanci ng speech and reduci ng noi se. The
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frequencynQ@@gﬁﬂgknghe plurality of frequency bands where the voiced speech
signal level is higher than the detected noise |evel. By applying separate

detection neans for detecting voiced and unvoi ced speech, 25 respectively,
in the speech detector .faster. and rre confident speech detection
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20  the gain level applied to the output signal by a predetermined amount in those frequency
bands of the plurality of frequency bands where the voiced speech signal level is higher

than the detected noise level.

By applying separate detection means for detecting voiced and unvoiced speech,
25  respectively, in the speech detector, a faster and more confident speech detection results,
in turn enabling a faster and more precise gain adjustment of the input signal in order to
better enhance speech signals present in the input signal of the hearing aid. Since fewer
non-speech signals are mistaken for speech by the speech detector, the subsequent
speech-enhancing gain adjustments may be performed considerably faster without

30  worrying about introducing artifacts into the process.

The invention also concerns a method of enhancing speech in a hearing aid. The method
involving the steps of providing an input signal, splitting the input signal into a plurality

of frequency bands, deriving an envelope signal from the input signal, determining at



3 |l east one detected, voiced speech frequency fromthe envel ope signal,
determ ning a voi ced speech probability fromthe nunber of detected, voiced
speech frwquermizsests det erm ni ng an unvoi ced speech | evelpCiimroomioedisaput
signal, identifying the frequency bands3of the plurality of frequency bands
where the speech level is higher than the noise 5level by a first,
predeterm ned anount, and increasing the |level of those frequency bands in
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fundanmental frequency and a finite nunber of correspondi ng harnonic
frequenci es. Unvoi ced speech signals, i.e. fricatives, plosives or
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associated wth recognizing and differentiating between different vowels in
speech, afidqecn2$ bandsi wherai sheeelpaloinenaés wiviet inoiiseg Wwitlfout nthe | iotrodioion 0Hi ced
or unvoi ce ch .thus.optimze its signal processing accordingly in
order to Egﬂﬁgﬁﬁgﬁggﬁﬁnﬁﬁwgﬁﬁﬁherent and conprehensi ve manner, for instance
when the hearing aid is detecting speech in nodul ated noi se. 30 The hearing
aid according to the invention conprises speech enhancenent neans for the
pur pose ofuhglfedtuichgnd prabedmenivard dsclessdvehedlopgndenecleivsfech det ect or. The
speech enhancenent neans adjusts the gain of particular frequency bands
whenever speech is detected. Dependent on the nature of the hearing loss to
be conpensatied-sbycchhepragai.tngvadl douddiecpgiteh Rndanariterdqusanmddginite

i ncrease the _gain of frequency bands containing WO ) ) L

2012/ 076085 PbSy Hreagreapaworgsharmonic frequencies. Unvoiced speech signals, i.e. fricatives,

plosives or sibilants, on the other hand, comprise a broad spectrum of frequencies, and
20  may be considered to be short bursts of sound. As the processing of speech signals is of
major importance in a hearing aid, having means for detecting the presence or absence of
speech in an arbitrary input signal would be very beneficial to the operation of a hearing
aid processor. Formant frequencies play a very important role in the cognitive processes
associated with recognizing and differentiating between different vowels in speech, and a
25  hearing aid capable of utilizing information about voiced or unvoiced speech may thus
optimize its signal processing accordingly in order to convey speech in a coherent and
comprehensive manner, for instance when the hearing aid is detecting speech in

modulated noise.

30  The hearing aid according to the invention comprises speech enhancement means for the
purpose of exploiting the information conveyed by the speech detector. The speech
enhancement means adjusts the gain of particular frequency bands whenever speech is
detected. Dependent on the nature of the hearing loss to be compensated by the hearing

aid, the speech enhancement means may increase the gain of frequency bands containing



4 speech in order to favor those frequency bands at the cost of the
frequency bands not containing speech. In order to increase gain in the

f requencywbanm7edaer e speech is present in a way whi ch ipsTEPc@bsEst and
free of artifacts, a nunber of conditiops have to be fulfilled by the
signal in each particular frequency band. Firstly, the speech detector nust
have detected speech, and the detected speech envel ope | evel has to be
above a psextel én wrdeedo faviirnthosesfrepehce hemlsopeht evslof the fiegeecly hadsaebect ed,
and the sgeech.envg%&Pe | evel is sufficiently high, the particular
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dom nates over the background noise level. This is perfornmed by the hearing
aid processor by utilizing the prior art speech detection strategy
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to enhance speech. Thus, a frequency-band-dependéent |evel difference table

i s used t o skgyglrmodifiad ferddi ti onal gain is exclusively applied by the speech
enhancer to those frequency bands where the speech level is sufficiently
dom nant over the noise level. If the difference between the 90% percentile

| evel andFtdig tHOMpResi&RNbidsentliRé&dh frqueaégBindtibABrivdiea M%fRIRAGR 18¢0rLd i n
t he frequency-band-dependent |evel ditfference table for that 30 particul ar

f r equéhcy sloaht)” aarentledevc! gad & faphy 0 BepcagsptilcddveloThheowr @dupsresntiatyck or
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is calculated as the fast 10% percentile level minus the slow 10% percentile level,
hereinafter denoted the 10% percentile level. Whenever speech is detected by the speech
envelope detector, the difference between the 90% percentile level and the 10% percentile
20  level equals the speech level, and the 10% percentile level equals the unmodulated noise

level.

A frequency band having similar speech levels and noise levels at a given moment in time
would exhibit annoying artifacts if additional gain were applied to the frequency band in
25  order to enhance speech. Thus, a frequency-band-dependent level difference table is used
to ensure that additional gain is exclusively applied by the speech enhancer to those
frequency bands where the speech level is sufficiently dominant over the noise level. If
the difference between the 90% percentile level and the 10% percentile level is larger
than the difference stored in the frequency-band-dependent level difference table for that
30  particular frequency band, additional gain may be applied to the frequency band for the

purpose of enhancing speech.

The invention will now be explained in greater detail with reference to the drawings,

where



fig. 1 is a block schematic of a speech detector form ng part of an

enbodi nent of the invention, 5fig. 2 is a block schematic of a hearing aid
conpri si lyoaoepwewh enhancer according to an enbodi ment pafi/EPR@oiopoaent i on,
fig. 3 is agraph illustrating how speegh detection is perforned according
to an enbodi nent of the invention, and 10 fig. 4 is a block schematic of a
systemw th two hearing aids having speech enhancers. In fig. 1 is shown a
bl ock schematic of a speech detector 10 for use in conjunction with the

i sor | m nBE! s daneas TSR o IrR IRt S of PO AR €f Synal

and it coppih&&s a voi ced-speech detector 11, an unvoiced-speech detector
12, an unvoi ced-speech discrimnator 26, a voiced-speech discrimnator 27,
an OR-gate 28, and a speech frequency conparat or 29. The v0|ced speech

det ect pr | a s nvel Re fi
pana. pass 1 1 00 OEESuRRREEE | pERIR A0 Sebbrbfh sl then Al ER h R
char act er esbbdindt 6f thgueraeyod,0okup table 16, a speech frequency count bl ock
17, a voiced-speech frequency detection block 18, and a voi ced-speech

probability block 19. The unvoi ced-speech detector 12 conprises a |low |evel

noi se di Sg"g' B nat, 0"gra§i1 11ﬁ1s&§c§ ‘1?169/3§;%é%9h dcf‘etté‘cg ersz erfdtnfel! QocbfdsS ! gga

count er zer o-crossi ng average counter a conpar at or

shown i n timpoditnensofthbimdicheat,iandhal transponder |nterface 30. 25 The speech
detecL& 10 serves to determ ne the presence and characteristics of speech,
voi ced”and unvoiced, in an input signal. This information can be utilized

for perforg ng aglﬂgﬁ@&h@ﬁgﬁ@Gﬁm&rﬂ QiR H6 hedithd W l?a\(i‘i:"n%séf)%@&fbnhancers
intelligibility to a hearing ai'd user. The signal fed to the speech

detector 10 is a band split signal froma plurality of frequency 30 bands.
pur pose. of" et Lét Tiea s PREh S SvE cRs S BuERSY |CRRdst kot et e
2012/ 0760%&&8@()@(& Qp&tRHefector 10 is capable of detecting and discriminating voiced
15 and unvoiced speech signals from an input signal, and it comprises a voiced-speech
detector 11, an unvoiced-speech detector 12, an unvoiced-speech discriminator 26, a
voiced-speech discriminator 27, an OR-gate 28, and a speech frequency comparator 29.
The voiced-speech detector 11 comprises a speech envelope filter block 13, an envelope
band-pass filter block 14, a frequency correlation calculation block 15, a characteristic
20  frequency lookup table 16, a speech frequency count block 17, a voiced-speech frequency
detection block 18, and a voiced-speech probability block 19. The unvoiced-speech
detector 12 comprises a low level noise discriminator 21, a zero-crossing detector 22, a
zero-crossing counter 23, a zero-crossing average counter 24, and a comparator 25. Also
shown in fig. 1 is a bidirectional transponder interface 30.
25
The speech detector 10 serves to determine the presence and characteristics of speech,
voiced and unvoiced, in an input signal. This information can be utilized for performing
speech enhancement in order to improve speech intelligibility to a hearing aid user. The
signal fed to the speech detector 10 is a band-split signal from a plurality of frequency
30  bands. The speech detector 10 operates on each frequency band in turn for the purpose of

detecting voiced and unvoiced speech, respectively.

Voiced-speech signals have a characteristic envelope frequency ranging from

approximately 75 Hz to about 285 Hz. A reliable way of detecting the presence of voiced-



speech signals in a frequency band-split input signal is therefore to

anal yze the input signal in the individual frequency bands in order to
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t he doubl e of that envel ope frequency, gn all relevant frequency bands.
This is done by isolating the envel ope frequency signal from5 the input
signal, band-pass filtering the envelope signal in order to isolate speech
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is approximated by: N1 1 R(k). =x (n) x (n - k) n=0 Were k is the
char act er fISAy@CEes diytlenbandripsh dltgededdnsl & Gysper catrelation fnglysis pk
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correl ati ] §eli@@sghawhenever the delay time matches a characteristic
frequency. The input signal is fed to the input of the voiced-speech
detector 11, where a speech envel ope of the input signal is extracted by
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the purpose of detecting the characteristic envelope frequencies is an autocorrelation

15 analysis, and is approximated by:

N-1

1
Rer() = < ) () - x(n = B)

n=0

Where k is the characteristic frequency to be detected, n is the sample, and N is the
number of samples used by the correlation window. The highest frequency detectable by
20  the correlation analysis is defined by the sampling frequency f; of the system, and the
lowest detectable frequency is dependent of the number of samples N in the correlation

window, i.e.:

_ I . 2
fmax—;sa fmin"’fs’ﬁ

25
The correlation analysis is a delay analysis, where the correlation is largest whenever the
delay time matches a characteristic frequency. The input signal is fed to the input of the
voiced-speech detector 11, where a speech envelope of the input signal is extracted by the
speech envelope filter block 13 and fed to the input of the envelope band-pass filter block
30 14, where frequencies above and below characteristic speech frequencies in the speech
envelope signal are filtered out, i.e. frequencies below approximately SOHz and above 1

kHz are filtered out. The frequency correlation calculation block 15 then performs a



30 14, where frequenci es above and bel ow characteristic speech frequencies
I n the speech envel ope signal are filtered out, i.e. frequencies bel ow
appr oxi mawel2912406tmsand above 1 kHz are filtered out. ThechmPouencyss
correlation calculation block 15 then pgrforns a WO

2012/ 076045PCT/ EP2010/ 069154 7 correl ati on anal ysis of the output signal
fromthe band-pass filter block 14 by conparing the detected envel ope
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the characgteristic frequency | aokup .table 1 ducing a correl atian
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conpri ses s@réeh tAE clRdidi@sbtic GRALARY 61T teh1S RBEFBIENNEh PR IhfiHHRAGIESs (1 N
Hz) simlar to the set shown in table 1. 333 286 250 200 167 142 125 100 77

its output.
5
The characteristic frequency lookup table 16 comprises a set of paired, characteristic
speech envelope frequencies (in Hz) similar to the set shown in table 1:
333|286 | 250|200 | 167 | 142 | 125|100 | 77 | 50
- | 142 1125|100 | 77 | 286|250 {200 | 167 | -
Table 1. Paired, characteristic speech envelope frequencies.
10

The upper row of table 1 represents the correlation speech envelope frequencies, and the
lower row of table 1 represents the corresponding double or half correlation speech
envelope frequencies. The reason for using a table of relatively few discrete frequencies
in the correlation analysis is an intention to strike a balance between table size, detection
15  speed, operational robustness and a sufficient precision. Since the purpose of performing
the correlation analysis is to detect the presence of a dominating speaker signal, the exact
frequency is not needed, and the result of the correlation analysis is thus a set of detected

frequencies.

20  If a pure, voiced speech signal originating from a single speaker is presented as the input
signal, only a few characteristic envelope frequencies will predominate in the input signal
at a given moment in time. If the voiced speech signal is partially masked by noise, this
will no longer be the case. Voiced speech may, however, still be determined with
sufficient accuracy by the frequency correlation calculation block 15 if the same

25  characteristic envelope frequency is found in three or more frequency bands.

The frequency correlation calculation block 15 generates an output signal fed to the input
of the speech frequency count block 17. This input signal consists of one or more
frequencies found by the correlation analysis. The speech frequency count block 17
30  counts the occurrences of characteristic speech envelope frequencies in the input signal. If
no characteristic speech envelope frequencies are found, the input signal is deemed to be
noise. If one characteristic speech envelope frequency, say, 100 Hz, or its harmonic

counterpart, i.c. 200 Hz, is detected in three or more frequency bands, then the signal is
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is thus a set of detected frequencies.
as noise by the process.

The number of correlated, characteristic envelope frequencies found by the speech
frequency count block 17 is used as an input to the voiced-speech frequency detection
block 18, where the degree of predominance of a single voiced speech signal is
determined by mutually comparing the counts of the different envelope frequency pairs. If
10  at least one speech frequency is detected, and its level is considerably larger than the
envelope level of the input signal, then voiced speech is detected by the system, and the
voiced-speech frequency detection block 18 outputs a voiced-speech detection value as an
input signal to the voiced-speech probability block 19. In the voiced-speech probability
block 19, a voiced speech probability value is derived from the voiced-speech detection
15  value determined by the voiced-speech frequency detection block 18. The voiced-speech
probability value is used as the voiced-speech probability level output signal from the

voiced-speech detector 11.

Unvoiced speech signals, like fricatives, sibilants and plosives, may be regarded as very
20  short bursts of sound without any well-defined frequency, but having a lot of high-
frequency content. A cost-effective and reliable way to detect the presence of unvoiced-
speech signals in the digital domain is to employ a zero-crossing detector, which gives a
short impulse every time the sign of the signal value changes, in combination with a
counter for counting the number of impulses, and thus the number of zero crossing
25  occurrences in the input signal within a predetermined time period, ¢.g. one tenth of a
second, and comparing the number of times the signal crosses the zero line to an average
count of zero crossings accumulated over a period of e.g. five seconds. If voiced speech
has occurred recently, e.g. within the last three seconds, and the number of zero crossings
is larger than the average zero-crossing count, then unvoiced speech is present in the input

30  signal.

The input signal is also fed to the input of the unvoiced-speech detector 12 of the speech
detector 10, to the input of the low-level noise discriminator 21. The low-level noise

discriminator 21 rejects signals below a certain volume threshold in order for the
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bl ock 18. uiWsicadoipeesh &patahl peqhabty the bytpuakideali fontl $edzeds-ctR€iny coweek Zpeech
probabilitg | evel output signal fromthe voiced-speech detector 11.
Unvoi ced &piBiscHens! dgnkirger thancherquinul sianak fromy e 1281 Gossg pYsage/ssntchgd: pe

regarded ggq Y&l to the output signal from the zero-crossing average counter 24 if the output

20  signal from the zero-crossing counter 23 is smaller than the output signal from the zero-

crossing average counter 24.

The output signal from the voiced-speech detector 11 is branched to a direct output,
carrying the voiced-speech probability level, and to an input of the voiced-speech
25  discriminator 27. The voiced-speech discriminator 27 generates a HIGH logical signal
whenever the voiced-speech probability level from the voiced-speech detector 11 rises
above a first predetermined level, and a LOW logical signal whenever the speech
probability level from the voiced-speech detector 11 falls below the first predetermined
level.
30
The output signal from the unvoiced-speech detector 12 is branched to a direct output,
carrying the unvoiced-speech level, and to a first input of the unvoiced-speech
discriminator 26. A separate signal from the voiced-speech detector 11 is fed to a second

input of the unvoiced-speech discriminator 26. This signal is enabled whenever voiced
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transponder interface 30. From the bidirectional transponder interface 30, a corresponding
signal representing an output signal from the voiced-speech frequency detection block in
the contralateral hearing aid (not shown) is presented as a first input signal, fg, to the

25  speech frequency comparator 29. The signal of the second branch from the voiced-speech
frequency detection block 18 is fed as a second input signal, fa, to the speech frequency
comparator 29. The second input signal fs represents the speech frequencies found by the
voiced-speech frequency detection block 18 in the ipse-lateral hearing aid, and the first
input signal fg represents the speech frequencies found by the voiced-speech frequency

30  detection block of the contralateral hearing aid (not shown).

In the speech frequency comparator 29, the two sets of speech frequencies fa and fy are
compared. If similar speech frequencies are detected within a preset tolerance, the speech

frequency comparator 29 generates a flag indicating that similar speech frequencies are
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frequency detection block 18 is also branched out into two signals fed to a
firstldnpircressed e thepeandtslaterelgheaniag bl agtoresuld offlep mgrease in the speech

probability level is that speech signals originating from a single speaker located in front
of the hearing aid user makes both hearing aids detect the same speech frequencies, and

thus in essence synchronize their speech detection.

20  The block schematic in fig. 2 shows an embodiment of a hearing aid 60 having a speech
enhancer according to the invention. The hearing aid 60 comprises an input source in the
form of a microphone 1 connected to the input of an electronic input stage 2. The output
of the electronic input stage 2 is split between the input of a band-split filter 3 and the
input of a transient detection block 4, and the output of the band-split filter 3 is split into

25  two outputs, one connected to a to a speech detector 10, and the other connected to a
multi-band amplifier 5. The speech detector 10 is connected to a bidirectional
communications link block 48, and the bidirectional communications link block 48 is
connected to a hearing aid wireless transponder 49 having an antenna 50. Three output
lines from the speech detector 10 is connected to the input of a speech enhancement gain

30  calculation block 40 and a plurality of outputs of the speech enhancement gain calculation
block 40 is connected to the input of the multi-band amplifier 5. The output of the multi-
band amplifier 5 is connected to the input of an output stage 6, and the output of the

output stage 6 is connected to the input of an acoustic output transducer 7.
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25  between the fast 10% percentile detection value and the slow 10% percentile detection
value SNR; as presented by the second difference node 44, the minimal signal-to-noise
difference value o; from the minimal signal-to-noise difference table block 46 and gain
correction values G; from the gain correction table 47 to determine if a speech-
enhancement gain factor should be applied to the gain value of the corresponding

30  frequency band of the multi-band amplifier 5. The operation of the speech enhancement

gain calculation block 40 is explained in further detail in the following.

The difference between the fast 10% percentile value and the slow 10% percentile value

represents the background noise level N; in each of the individual frequency bands, the
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respectively, is perforned |ndependently by the speech detector 10. Based
on the detection results, the spee%% 15 SigelNect or 10 generates a speech
flag signal SF for the speech enhancenment gain cal cul ati on bl ock 40

i ndicating the presence of speech, voiced or unvoiced, in the input signal.
Apart fr o dsningnttshecchpemmehisgetsenttin dire frtqugnSPbdndant:t he speech det ector 10,
the s §ech enhancenent gain cal cul ation block 40 al so uses the transient
detection flag T fromthe 20 transient detection block 4, the difference N,
between the fast 10% percentile deteqjgo8 gval ue fromthe fast 10%
percentil e detection block 43 and the slomllowbpercentlle det ecti on val ue
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the maximum speech enhancement gain value G; for
the frequency band i is obtained from the speech enhancement gain value table 47, and a
calculated gain value is added to the gain value of the frequency band i. The speech
25  enhancement gain values added to each frequency band for enhancing detected speech are
dependent of the frequency band 7, the character of the hearing loss to be compensated,
and the level of speech in the frequency band 7, and are typically of the magnitude 2-4 dB.

The maximum speech enhancement gain values G; are not to be exceeded, however.

30 In a preferred embodiment, the conditions SF and SNR; > §; are combined with a timed

delay (not shown). Any sufficiently modulated sound signal having high-frequency
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certain spoken words may be missed by the gain increment, and a faster rate of gain
15 increment, e.g. 600-800 dB/second, has a tendency to introduce uncomfortable artifacts
into the signal, probably due to the transients artificially introduced by the fast gain

increment.

In cases where two identical hearing aids are employed, it is beneficial to include means

20  for mutually exchanging information regarding the presence and frequencies of detected
speech in the input signal between the two hearing aids. For this purpose, the ipse-lateral
hearing aid 60 in fig. 2 has means for collecting relevant parameters intended for a
contralateral hearing aid (not shown) and means for transmitting the parameters via the
bidirectional communications link block 48 to the contralateral hearing aid. The

25  bidirectional communications link block 48 comprises means for converting the
parameters into data packets suitable for transmission via the hearing aid wireless
transponder 49 and the antenna 50 to the contralateral hearing aid. The hearing aid
wireless transponder 49 is also configured for receiving data packets representing similar
parameters wirelessly from the contralateral hearing aid via the antenna 50.

30
The means for mutually exchanging information about speech signals detected in the
input signals of two hearing aids allows several different, beneficial, speech-enhancing
signal processing strategies to be employed. If e.g. a dominating speaker is positioned

right in front of a user wearing two hearing aids, the speech detectors in the two hearing
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aid. The hearing aid wreless transponder 49 is also configured for
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si gnal processing strat%?ies to be enployed. .If e.g. a dom nating speaker
i s positi SHEMCENEHIPTPHI¢G By thoserlaiaral hegsingiaigy thapkS e dhs mytue! axchapgiokpeech
detectors;j t ri 7 /.EP 5 j may
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detect the sanme speéc uencres but hot necessari ct the sane
speech0 | eTals theyg anpevdirftélégbiity mdiasspeiley lascdmay ope spicaxdaht behring dich@sdryvo
hearing aids simultanequsly. If the detected voiced- speech conponent.s
conpri se HECY ??emssp%‘gg OV RRRERE i ereTs g bxng %i\ ‘ieﬁ@?a‘}%@, WPWQﬁOtg‘SWSG

hearing ajggrigfat Jpecdl dniRcipsiegh fromthe 5 same dom nating speaker. |f
both hearing aids then agree mutually to perform speech enhancenent on the

same dom nati ng speech signal, the speech enhancenent gain |evels
| ocal i 7at Fin o 1 hRcRart iy Tbiales inerGreRhfofin e oL AT g
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having a duration of approximately 2.5 seconds, the middle graph shows the amplitude of
an unrelated noise signal (canteen noise) of roughly the same duration, and the third graph
shows the output signal, also having the same duration, from a speech detector according
to the invention operating on a plurality of frequency bands of an input signal generated
30 by a superposition of the speech signal and the noise signal. The frequency bands shown
in the third graph represent a range of frequency bands ranging from low to high,
numbered 1-11 for convenience, with 1 representing the lowest frequency band and 11

the highest. The three graphs shown in fig. 3 are considered to be aligned in time. The



both the right hearing aid and the left hearing aid may indicate dom nating
speech signals, but the voiced speech conponents nmay have different
frequenciwe 2amh7e04g. the i pse-lateral hearing aid rel at ipce/HPeoIe91p€r SON
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aid, and the contral ateral hearing aid may receive noise, or speech 15 from
anot her person further away. This situation inplies that the two hearing
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happenlng at approximately 0.38 seconds. In the speech sanple in fig. 4,
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speech enhancenent IS, suspe When the nqise transient djes out, fhe

speech defightlsrdetrstedcinsthopre frre@%ftn%sfbap% Fhi 4 alsgran wiénafign dbatappicokichnt el y
0.68 secopd %enég) sHEnSERRRCH NPT SBlorkiNE B ROKENSEDE GRACDas a duration of

appr oxi mat e secon rom secon s to apprOX|nater 1.3 seconds of
the sabmple. The second word of the spoken sentence is detected by the

speech detectar, and eech enh cenent ai.n cal cul r erf gain
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speech signals of a somewhat 1onger duration (approximately 0.3 seconds)

are det ectlécﬁreqneItCNé)aﬁdmu@noys peindsh®ughout ghe @iraticd efrible word, dmtlatshBersht
enhancenent a ied to, speech signals detected in those. frequency
bands. - TP s SRR it SRRRR D i, <Rt FP dRelbyr RO agiont i
preseps i Rl cs apdwhiietpedcht 8 Hre&RAkRthGRNFRBGER: thdlde parts of the signal not

considered to be speech by the speech detector.

The fourth word of the spoken sentence has a duration of approximately 0.4 seconds,
from 1.95 seconds to approximately 2.4 seconds of the sample. Here, another speaker
30 (present in the canteen noise) is probably partly masking the beginning of the fourth
word, and speech enhancement is therefore suspended until 2.2 seconds. The detection
resumes for a rather short period when the masking speech ends, 0.15 seconds, where
speech is detected in the frequency bands 6, 7, 8, 9, 10 and 11. These frequency bands are

thus increased by the speech enhancement gain calculator during that period.



The third word of the spoken sentence has a duration of approximately 0.4
seconds, from 1.45 seconds to approximately 1.85 seconds of the sanple.
Here, spewohoizn7émsected in all 11 frequency bands at vaCTmP010069156

t hroughout the duration of the word, but; at different tinmes. This allows

t he speech enhancenent gain calculator to increase gain in the 25frequency
bands where speech is present without affecting those parts of the signal
not considered to be speech by the speech detector. The fourth word of the
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This 10 increases .the r bility of the speech detection and sinplifies
the oper afBHCPPeR REG, E@%ﬁ enhancement gain calculator as it is possible
to maintain a one-to-one relationship between each of the frequency bands
in both the speech detector and the speech enhancenent gain cal cul ator.
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detection block 43A, a first 90% percentile detection block 45A, a first amplifier block

5A, and a first bidirectional communication interface 52A.

25  The first microphone 1A is connected to the first filter bank 3A, and the outputs from the
first filter bank 3A are connected to the input of the first speech detector 10A and the first
amplifier block 5A, respectively, and the output of the first amplifier block 5A is
connected to the acoustic output transducer 7A. The signal from the first filter bank 3A to
the first amplifier block 5A is also branched out to the inputs of the first 10% percentile

30  detector 43A and the first 90% percentile detector 45A, respectively. The outputs of the
first speech detector 10A are connected to the first speech enhancement gain calculation
block 40A and the first bidirectional communications interface 52A, respectively, and the
output of the first bidirectional communications interface 52A is connected to the first

hearing aid wireless transponder 49A.



25The first mcrophone | Ais connected to the first filter bank 3A, and the
outputs fromthe first filter bank 3A are connected to the input of the
first spewohotatremsor 10A and the first anplifier bl ockprPEAEPR@SpPeuSE Vel Yy,
and the output of the first anplifier hlgock 5A is connected to the acoustic
out put transducer 7A. The signal fromthe first filter bank 3A to the first
anplifier block 5A is also branched out to the inputs of the first 10%
percentile 30 detector 43A and the first 90% percentil e detector 45A,
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20  wireless transponder 49B.

During use, the ipse-lateral hearing aid 60A exchanges information wirelessly with the
contralateral hearing aid 60B. The information transmitted by the first wireless
transponder 49A of the ipse-lateral hearing aid 60A comprises a set of voiced speech

25  frequencies as detected by the voiced-speech detector (not shown) of the first speech
detector 10A and the value of the 90% percentile as detected by the first 90% percentile
detector 45A.

The second wireless transponder 49B of the contralateral hearing aid 60B is configured to
30 receive information from the first transponder 49A of the ipse-lateral hearing aid 60A by
the antenna 50B. The way the contralateral hearing aid 60B exploits the received

information is explained in further detail in the following.



25 frequencies as detected by the voi ced-speech detector (not shown) of the
first speech detector 10A and the value of the 90% percentile as detected
by the fiwetoR0fw@er centil e detector 45A. The second w Pelra&P301DO691SPOnder
49B of the contralateral hearing aid 60B is configured to 30 receive
information fromthe first transponder 49A of the ipse-lateral hearing aid
60A by the antenna 50B. The way the contral ateral hearing aid 60B exploits
t he recei Fbd 9if peettilomalus fexplta fustd 901 parcantidr detedtar 45A of ttltfmipSoﬂdtcm ng.
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percentile detector 45B in the contral ateral hearing aid 60B. The voi ced

speech f r eppeeh Eicgucrciny rfqurtsg/by He fins snee@lpé@t@ﬁw Haef ébe 1p@¢<laé¢ralt l&ﬁ@rmg aid

i pse-1l ater hear re

f requeﬁm SQAf ogn T%‘% %ine 1tgle}'(?:hon 1g%de§§?';98§eff éleslg Ctge ngé;ot%ﬁ peF er al
hearing adelteaaBlol?sBfﬂllaeom@alstefhlaaeeﬁtgmd6@13|.uen0| es det ect ed by the
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detected by the ipse-lateral hearing aid 60A, then 10 speech is considered
to be ori t r h owed
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In a binaural configurati on t he speech detection data fromt

contral at érfﬁﬂretheanhmgmmhdarﬁ@alds thseidfdrovatiomds fgporeg, vhe tlsvpp@cemtlém Malneenment
inthe ip | ateral hearing aid 60A, either by nmutually synchronizing the
speech en%%ﬁ@gﬁﬁﬂ?an both hearing aids as in the 20 case where both
hearing aids detect the sanme speech frequencies, or by disabling speech
enhancenment in the ipse-lateral hearing aid 60A as in the case where both
heari hy aldsingaseche dirst varedess tepenoader %y 0é Hisi ipsc-Bifrdaldwadag id @A Hbtges
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level . In cases where con atera earl ardis
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2bdata fromthe contral ateral hearing aid 60B.is no | onger taken into
consi der afPBis used for modifying the speech ¢nhancement in the ipse-latéral hearing aid 60A,
either by mutually synchronizing the speech enhancement in both hearing aids as in the

20  case where both hearing aids detect the same speech frequencies, or by disabling speech
enhancement in the ipse-lateral hearing aid 60A, as in the case where both hearing aids

detect different speech frequencies and percentile values indicate that the contralateral

hearing aid detects the highest speech level. In cases where a contralateral hearing aid is

absent, speech enhancement is still performed by the ipse-lateral hearing aid 60A, but

25  data from the contralateral hearing aid 60B is no longer taken into consideration.



WO 2012/ 076045PCT/ EP2010/ 069154 20 CLAIMS 1. A hearing aid conprising neans
for enhanci ng speech, and a band-split filter, the speech-enhanci ng neans
conpri si yoaoepwewh detector and a sel ective gain 5 contPcolEpPer1p/ 069164
band-split filter being configured for 29eparating an input signal into a
plurality of frequency bands, the speech detector having nmeans for
detecting a noise level, neans for detecting a voiced speech signal and
means for CdetIdY i ng an unvoi ced speech signal in each frequency band of the
plurality of frequency bands of the input signal, and the selective gain
controller being 10 adapted for increasing the gain |level applied to the

out put signaj. by &h@é@i%ﬁl@rcﬂin@ﬁgmg%ﬁ& frenhBRSey §gceeaiengy taadpliofiitdrhe
plurality of frequency bands where the voi ced speech S|gnal | evel is hlgher

than the detect edhﬁé@@éhie@h@lcmgm@mrﬁ@mn@ang ﬁgp@ﬁca dgteetor dndhg selecttvicagam 1,
wher ei pt he rreanscong’oll?e%hect;alng% ft f"l?er eeg Sé)o ?'gure nge a a}%?l‘granslufut signal

envel ope filter foOr ex 't act Bn énve nal .

3. The hearing ai dn®ceQqildiatigy bDfl%h@éﬂ&y%and&]eﬁheldpeédhedéf&ﬂﬂshﬁ\ﬁﬁg dﬁaﬁ@tﬂ)ﬂg a
20 voi ced speech signal conprises means for counting the nunber of
detected, voi ced deetan amoegUerri means fesdsiecting & yRicperdipasnyl grdmeany

means for cal cul FAdcai %%@o&@&?@é&cl@%ﬁﬁ%%h hyfré ¥hdy ﬁeo‘i‘ﬂ?é"p bf2Gity

det ect ed nunmber of speec requenc ear ng ai d accor |ng to
claim 3, wherein dﬂﬁkqma&nﬂmmnsoﬂ&menpmngymhwmdahﬂxﬂ@m@e@an@mmﬂnﬂeﬁbamg

zer o- 0SSi ng rate, co er. and .an averagi ng, zer rossing rate caounter for
detect?ng a I evel 2Pt % iagg e dhn gtk wplied stPgti‘ﬁl SuipsSighd Rbat i ng
aid according to ﬁb@&é&ﬁﬁ%&ﬁh fn ttﬁH%e %a&&ﬁ;,%h&%pfhquﬁmmys&sﬁmﬁéy for

utilizing the voiced speech probability I'evel and neans for “utilizing the
unvoi ced speech |wd$ wherd thdivoated speqhesgnt éevef isslpgkattham thehdetdotgsiunoisd gnal .

level.

15 2. The hearing aid according to claim 1, wherein the means for detecting a
voiced speech signal comprises an envelope filter for extracting an envelope

signal from the input signal.

3. The hearing aid according to claim 2, wherein the means for detecting a

20 voiced speech signal comprises means for counting the number of detected,
voiced speech frequencies present in the envelope signal and means for

calculating a voiced speech probability level based on the detected number of

speech frequencies.

25 4. The hearing aid according to claim 3, wherein the means for detecting
unvoiced speech comprises a zero-crossing rate counter and an averaging

zero-crossing rate counter for detecting a level of unvoiced speech in the input

signal.

30 5. The hearing aid according to claim 4, wherein the speech detector comprises
means for utilizing the voiced speech probability level and means for utilizing

the unvoiced speech level to indicate a presence of speech in the input signal.

6. The hearing aid according to claim 1, wherein the selective gain controller is

35 configured to compare a detected speech level to a detected noise level in each



WO 2012/ 076045PCT/ EP2010/ 069154 21 of the plurality of frequency bands and
increase the gain level by a first, predeterm ned anount in each of those

f requencywban7ed4st he plurality of frequency bands whereTirPeoidetEst ed
speech | evel exceeds the detected noiseill evel by a second predeterm ned
anount. A hearing aid systemconprising a first hearing aid and a second
hearing aid according to claim1, wherein the first and the second hearing
ai d conprises neafstht qrlurlityuaf lfseqesnchidrgids gnid nhocawt the ngarre davetibyge destect ed
voi ced speech frequenci es and detecte peech.l evel s. The aring,.ai d

syst em accor di ng 1%8&’5?%%?“?? r'gj %CE H)Z tF?ﬁﬁsﬁre‘WgﬁW h&mlg?l ‘bpﬁﬁd’lkl]%g%'s%ond
hearing aid are ¢ e84y Bshdk GviBaE Ul dote @4 BRREIE 1dvRf exdvRld MR deaddddhdigk t hose
frequency bands of the plurality of frequency bands in both hearing aids
where the gain Iév@ﬂbﬁ@§e%§@nﬂ¢¥%®@9@éhﬂnmwmethod of enhancing speech in a
hearing aid, involving the steps of providing an input signal, splitting
the input signal |nto.a plurality of.freguen bands, deriving an envel ope
Signal 1 om Ehe i ABierSs By Seteseathrisiier g TRy Prard g e Gertui i Npg by

speech frequency dceodidch® @muel ORRersindha lfirstd@iiansiseiond RaN®i §idosRRREN
probability fromthe nunber of detected, voiced speech frequencies,

det erni ni ng an ureineder Bwtell ckehaapingrinfprmpion raganding daiedtcd vejestt spegéhg t he

frequency bands . ral ity .0 cy bands where the speech |eve
i s higher than tﬁ%eﬁlgﬁcs}gg eFéd\a/dee:tecg?1 Sgeéciﬁlﬁg‘%?ypr edet erm ned anount, and

increagi ng the |l evel of those frequency bands in the output signal of the

hearing aid Qy a FRCRAANg RIENSIRT MchRIh AFRUATM 7, MIRr&fB HROHrsARERMY| APk P
claim9, wherein the step of 'determining a voiced speech probability

i nvol ves the stepbe ofcqush hewrinigngidaarer eepiiaesd comuehalty shclinas yisfosmation he
envel ope si gnal, r‘égérg{n tﬁb@f@@ nfy! A g)%ﬁgl{i‘tgf&fe 080 Barfts 93 Fiotn ' 1
a ased on t ysI's, an

t he envel ope sign € Trequency corre I'on ana

cal cul ati ng a speaeafingnidbabictd thy ghihdencl hss wteh eoitasedl nunber of speech
frequenci es. The nethod according to claim9, wherein the step of
deterh?ning an unvoi ced speech | evel involves the steps of deriving a

zero-crossing ratg Gomgh of gﬁﬂzﬁcmg@ 02/ 25 gR R éﬁ%&%ﬁéﬁ?%@%tﬁﬁt bpput

signal, deriving an averaged zero-crossing rate count fromthe in si gnal
and the zero-crogsbnidingate mpunisignalp nypdirtingg tlichenmer Ogcal omsd rag phadlétycotint
wi th the averaged zero-crosaing(tate count, and cal cyl ati an unvoiﬁed
speech | evel by dEBFRDNIRGNT IPHENS eid- BPELRFnY Pt 8 HiFgHENTt HERE't he
averaged zero- SCIRsHiMdg hRlcSstRMe YRR AL GRAPIBYRhey from the envelope

20 signal, determining a voiced speech probability from the number of detected,
voiced speech frequencies, determining an unvoiced speech level from the
input signal, identifying the frequency bands of the plurality of frequency
bands where the speech level is higher than the noise level by a first,
predetermined amount, and increasing the level of those frequency bands in

25 the output signal of the hearing aid by a second, predetermined amount.

10. The method according to claim 9, wherein the step of determining a voiced
speech probability involves the steps of performing a frequency correlation
analysis on the envelope signal, determining the number of speech frequencies

30 present in the envelope signal based on the frequency correlation analysis, and
calculating a speech probability from the determined number of speech

frequencies.

11. The method according to claim 9, wherein the step of determining an unvoiced

35 speech level involves the steps of deriving a zero-crossing rate count of the
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input signal, deriving an averaged zero-crossing rate count from the input
signal and the zero-crossing rate count, comparing the zero-crossing rate count
with the averaged zero-crossing rate count, and calculating an unvoiced speech
level by determining if the zero-crossing rate is higher than the averaged zero-

crossing rate by a predetermined amount.



