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METHOD AND RECOGNI ZER FOR RECOGNI ZI NG A SAVPLED SOUND

SI GNAL I N NO SE 5 Field of the Invention

The present invention relates, in general, to sound recogni tion, and
in particul arwa99/38yand recognition in a high or  vari ablRCTAR92@43s0
envi ronnent. 10 Background of the Invention
Advanci ng technol ogy is noving steadily towards comer ci al i zi ng sound
recognition by electronic devices such as 1 5 speech recogni zers.
Generally there are two types of speech recogni zers. One perforns

certain operations when_the us I ves short commands. A second type

accepts dictated speeMETHOB(:éN&B&é‘QGHIZE&&OBsRE&OGNIZINGA Most

speech recogni zers nust be t SAMPLED SOUNDSIGNAIDENNOISE:y can
recogni ze words or phrases spoken by the user. These are terned
"speaker dependent" speech recogni zers, meani ng that the speech

recogni zer nust be trained by the « 1 MSES ' ' g fore the recogni zer
can interpret tgjser wor ds and co}-r:rll%laldjncf'gf.r tﬁﬁ'\r@v&lﬁﬁ 8a speech recogni zer

requires a user to 2 5 speak certain words or phrases into the recognizer,
usual l'y many ti nesThé Oprebéit iRverniGie lRldtes, 0| gdieraRNtd aovaad ze the

recognition, and in particular, to sound recognition in a high or
variable noise environment.
10
Background of the Invention

Advancing technology is moving steadily towards

commercializing sound recognition by electronic devices such as

15 speech recognizers. Generally there are two types of speech
recognizers. One performs certain operations when the user
gives short commands. A second type accepts dictated speech
and enters the speech as text.

Most speech recognizers must be trained by the user

'20 before they can recognize words or phrases spoken by the user.
These are termed "speaker dependent" speech recognizers,
meaning that the speech recognizer must be trained by the
user's voice before the recognizer can interpret user words and
commands. Training a speech recognizer requires a user to

25 speak certain words or phrases into the recognizer, usually
many times, so that the speech recognizer can recognize the
user's speech pattern. Later when the user is using the speech
recognizer, the speech recognizer will compare the input voice
signal with various stored speech templates to find a template

30 that most resembles the input voice signal. This method is
called "pattern matching".

A user will generally "train" a speech recognizer in an
environment that has relatively low interfering noise.
Subsequently, most speech recognizers must be used in

35 environments of low. interfering noise. Otherwise, the speech
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user's speech pattern. Later when the user is using the speech

recogni zer, the speech recognizer will conpare the input voice _signal
Wi th various stored speech tenplates to find a tenplate 30 t hat nost
resembl es the input voice signal. This nmethod is. called "pattern

mat chi ng". wo .”3?7% A user will generally "train" a speechﬁﬁﬁwﬁr
hat has relatively low interfering noise.

an envi r onmen
Subsequent |y, nobst speech recognizers nust be used in 35 envi ronnment s of
| ow, - interfering noise. Oherw se, the speech WD 97/ 33273
PCT/ US97/ 04350 recogni zer will not be able to separate spoken
words from back round ?lse Wher e speech recognlzers are used in | ow
- noi se envi r onnent’$COgN ’F"&Fr\”il haefh beaghleoto (separate t sRakens words frem eved. | f

t he speech recogrbaokground rmoise.d Wherel epsdchobecognizérs vared usedvige lawe,
const ant backgroms@%ﬁgr lﬁﬂ?ﬂts, ﬁi[’tg;qﬁgﬁ a|t¥ (H;sggc&(#lﬁgne VI ronrrent
ﬂ&/ const ant Bac

that has the sane ({m groun
recognition rate 3chieve speegly recagnizen i, taiped 1§pée'&¢afleéogn| zers

are used in § }ta\ghgnm Awderate; ocomstdnt batkgroagdt noisesi gwdl - t 0- noi se
[ 10 d & f h h
ALl o8 10y nand SUesEQRRY Sullie'ie biCRPRSfmBREIRAL Aab thé!gge! than Lhe

background noi sev!g 8 traini Nng Sess recognition rate
falls to very | o0 %ebl"@nﬁ'@é‘&rmkﬂr%m Jioise, a hlgh req@g%mqnegptq A%

probl em of backgravhievedhi sHoweverewhemahese speech recognizers are used in
high noise environments with negative signal-to-noise ratios
10 and environments where the noise present is different than the
background noise present in the training session, the
recognition rate falls to very low, unusable accuracy levels.
To correct the problem of background noise, conventional
speech recognizers attempt to estimate the characteristics of
15 the surrounding noise and then determine the effects on the
user's voice. Various techniques are incorporated to build
statistical or parametric models of the noise which are
subtracted from the sound signal. In high and variable noise
environments, these models are very inaccurate.
20
' Brief Description of the Drawings

FIG. 1 is a block diagram of a voice recognizer according
to a preferred embodiment of the present invention.

25 FIG. 2 shows a flow diagram of a preferred embodiment
of the present invention. _

FIG. 3 shows a flow diagram of a method used to calculate
feature values according to a preferred embodiment of the
present invention.

30 FIG. 4 is a representation of a power spectrum of a
sampled sound signal with frequency filters imposed thereon
according to the present invention. '

FIG. 5 shows a matrix of features of the sampled sound
signal according to a preferred embodiment of the present

35 invention.



speech recogni zers attenpt to estinmate the characteristics of 1 5 the
surroundi ng noi se and then determ ne the effects on the user's voi ce.
Vari ous techniques are incorporated to build statistical or paranetric
nodel s of the noise which are subtracted fromthe sound signal. In

hi gh and vari IaS€ environnments, these nodels are
i ngccurat e. Zwﬁﬂﬂs Brief Description of the ’Z‘Gﬁ'&‘s”“
FIG 1 is a block diagramof a voice recognizer according to a
preferred enbodi nent of the present invention. 25 FIG 2 shows a
fl ow di agram of a preferred enbodi nent of the present. i nventi on.

FIG 3 shows a flow di amof a nethod,used to cal cul ate feature
val ues according to a %ﬁé‘f g]rF QW& nd Bt of prosmalized featpress o theyventi on.
30 FI G 4featuresr eprHI€en8 aacaprdirig ao pavpreferpat tembodiinemt of the

sanpl ed sound si gefg bt Bnddfigegncy filters inposed thereon accordi ng
to the present in er?t#%n. FIG 5 shows a matrix of features of

t he sanpl ed sound signal according to a preferred enbodi nent of the
present 35 Hnvention. Detailed Description of the Invention 2 VO
97/ 33273 PCT/ US97/ 04350
A preferred embodiment of the present invention is used
in robust voice recognition for sound recognizers. The
preferred embodiment is well suited for use in cellular phones

10 in antomobiles where a user can keep both hands on the
steering wheel, eyes on the road, and still make a phone call
even with windows down and the stereo system on loud.
Unlike conventional speech recognizers having an unusable,
poor accuracy rate in high and/or variable noise conditions,

15 sound recognizers designed according to the preferred

- embodiment of the present invention are robust and can obtain
a very high accuracy rate in environments which have variable
noise and noise levels greater than the volume of the user's
speech.

20 The present invention shall be described hereafter in
conjunction with the drawings. In particular, the preferred
embodiment shall be :described with reference to FIG. 1 in

. combination with the other figures.
The present invention may be applied to the recognition

25 of any acoustic sound. For instance, the acoustic sound may be
speech, grunting - sounds, sounds made by animals, sounds made
by instruments including percussion instruments, or any other
type of sound. Most commonly, the present invention relates to
recognition of speech.

30 FIG. 1 shows a sound recognizer 100 according to a
preferred embodiment of the present invention. In the
preferred embodiment, an acoustic signal is input to an analog
to digital converter (ADC) 105 of sound recognizer 100 where
the signal is converted to a digital signal and sampled at a rate
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FIG 6 shows a matrix of nornalized features for the features of FIG

3 according to a preferred enbodi nent of the present invention. 5
Det ai | ed Description of the Invention A preferred enbodi nent of °
t he present invention is used i n robust voice recognition for sound
recogni zers._The preferred enbodinent is well suited for use in

cel lul ar pho&S7#7 i autonobil es where a user can keep boPGT/HSATE4358n t he
steering wheel, eyes on the road, and still make a phone call even

wi th wi ndows down and the stereo system on | oud. Unl i ke conventiona
speech recogni zers having an unusabl e, poor accuracy rate in high

and/ or variable noise conditions, 1 5 sound recognizers designed according
to the preferredof 16KHanh&ther rsamyplirigheatesenmyt benwsed iasnappopridtelst and

can obtain suthv 8§ \BK¥gh accuracy rate in environments which have
vari abl e noi se .and noi se Iﬁ\@li reater than the volume of the user's
speech. 20 The™r d; digital; |are IR st ifsatirgeveetorer in

conj unction wit hdevieedl ki which Idividest thaulsamplededigini esigadls into embodi nent
other figurey, ARl O RN dnklySis dridle can bECBROIH 1 Y cifher

r ecogni tigon 25 omt%z)dﬂq% éBﬁhd.’s ﬂg’lmﬁ)nglf dﬁ%yﬁé,bq H\%p&%@%tﬁi@esound
may be Spew gepending wpondsigraducharavtetistivs sucheas, pitchinds made
Dy 1nStrUMENnts | peiody W BRiel UasteRhiniha! FAKIBRY. o TRE 8%l Bint of eabiPC Of
sound. Most conn&qlﬁiéprgl{@e;gag el Veartllgqr;](brgeLg 961'5 Q %cﬁrdir‘fﬁégt%gl I'on of
speech. 3 0 r n bsdo: a
preferred eh@odithenendf point of dhenpreviowsitframe. [In tHee preferreat ef err ed

enbodi ment, an ' | | ahSvh t | Qiat
Corver (o1 (A0 a0 il S B B o cniee pon of e
previous analysis frame.

For each of the analysis frames, feature vector device 110

15 computes a feature vector (210 of the flow chart of FIG. 2). For
any piven number of analysis frames, feature vector device
110 generates an equal number of feature vectors. A feature
vector is a series of values, or plurality of feature values, which
are derived from the sampled sound signal within a given

20 analysis frame. These feature values are representative of the
information contained in the sampled sound signal.

There are many techniques known to those skilled in the
art of speech recognition which may be used to determine
feature vectors. The techniques include Linear Predictive

25 Coding (LPC) Coefficients, Cepstral Coefficients, Log Area Ratios,
and Mel Scale Filterbank Coefficients. The preferred
embodiment of the present invention utilizes the Mel Scale
Filterbank Coefficients method, although the present invention
will operate with other feature vector techniques, such as those

30 listed above. .

Mel Scale Filterbank Coefficients are computed in the
following manner with reference to the flow chart of FIG. 3.

_ 1. The sound signal samples for an. analysis frame are
35 passed through a high frequency pre-emphasizing filter to
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the signal is converted to a digital signal and sanpled at a rate
3 WD 97/ 33273

PCT/ US97/ 84350 of 16KHz. Qther sanpling rates may be used as
appropri at e, such as 8KHz. . The sanpled digital signals
are input to feature vector device 110 which divides t

digital si gnawgﬁ M3 5 anal ysis franmes. Each anal ysis fra%@ﬁp’%‘gg’
chosen to be either of fixed time width (such as 20ns) or nay be of
varied tine wi dt h dependi ng upon signal characteristics such as pitch

periods or other determning factors. The starting point of each
anal ysis franme can be chosen to be either before, at, or after 1 0 the end
poi nt of the prevwbitenf themspectrumhof fghef souns signal samplesi n€31Q aththe

ana ysis frames ofigwC CRERIof F1G° 9. "THBGntidiBes the reMdtile endflsy 9 the
anal ysis frame st 0 Si s

ﬁfllg&)‘s at the end |ng g‘? revi
frane. ngY ¢POPLR ?s% ‘f‘}‘%?@?d Q JI0f ENCREN ice
110 1 5 conput eslow ffaaqmmyveompor(enm oBenkfits |agey obtainedfwhess the) . For

any given nunger ?x‘ef@t‘i@h%hﬁoﬁiﬁ@ﬁﬁ of Qﬁéuﬁl%sléﬁ@tlﬁ{reﬂ%h CR used Wit
generates an equa er o

series of val ues, SBSFCP Eﬁggf‘{ St JUSF fi%ﬁ' ?’5%5“%5"0%‘?%‘8 of speegth

a relatxve energy greater than high frequency components and
the two components are re-balanced in the pre-emphasizing
filter. In the preferred embodiment, the filtering is
10 accomplished according to the equation:.
pi(k) = si(k) - si(k-1)
where sj(k) is the sound signal sample at position k in analysis
frame "i", si(k-1) is the sound signal sample in analysis frame
“i" at the previous position in time "k-1", and pj(k) is the pre-
15 emphasized sound signal sample at position " in analysis
frame "i". One skilled in the art of speech recognition will
recognize that other pre-emphasis filters may be used.

2. The pre-emphasized sound signal samples for each
20 analysis frame are bandpass filtered by a series of filters
covering different frequency bands. The filters may be applied
in any computational manner desired in either the time domain
or the frequency domain. In the preferred embodiment, the
filters are applied in the frequency domain. First, however, a
25 power spectrum of the pre-emphasized sound signal samples
in the analysis frames must be computed (320 of FIG. 3). The
power spectrum is found by: '
a. The pre-emphasized sound signal samples in the
analysis frame are multiplied by samples of a window function,
30 or weighting function. Any window function may be applied.
For purposes of explaining the present invention, a simple
rectangular window is assumed (the window has a value of 1.0
for all samples).



are derived fromthe sanpl ed sound si gnal wthin a given 20 analysis

frame. These feature values are representative of the I nformati on
contained in the sanpled sound signal. There are nmany techni ques
known to those skilled in the art of speech recognition which may be
used to deter Q@B feature vectors. The techni ques |nclude Li near
Predictive 25 ¥ hg (LPC) Coefficients, Cepstral Coeffici BRTUSINUAFOAr ca
Rat i os, and Mel Scal e Filterbank Coefficients. The preferred

enbodi mrent of the present invention utilizes the Mel Scal e Fi | t er bank
Coefficients method, although the present invention will operate with
ot her feature vector techni ques, such as those 3 0 |isted above.

Mel -Scal e Filterbank Coeff bci’Ehe sFeurier dinansfodm roft e pre-ethphasivédg manner
with reference t@ohhg §ibA¥l G f ;Bl sgund si gnal
o igAWl GRaA; geé) ifi! Eacp- windowed gaﬁalgs# fﬂ:ﬂf

sanpl es for an anal 5| rame 5 passed throu requency
pr e- enphasi zi ng fi

WO 97/ 33273 c. Values for the power spectrum aﬁC’ﬁbtﬁﬂid O350
whiten the spgect gHiiaRhgt Bfe SPoMders BARsfR VA58 310 of the flow chart
of FIG 3). This fincreases t he reI at| véfenergyal é\ t he hi gh frequency

conponents as conpared to the energy of the
After the values for the power spectrum are determined,

the band-pass filters are applied in the frequency domain by a
filter weighting value for each of the power spectrum values
10 (330 of FIG. 3). Although many filter weighting functions may
be used within the band-pass filters, the preferred
embodiment incorporates a raised cosine weighting profile
which can be seen in FIG. 4.
FIG. 4 shows a power spectrum, 400 having the raised
15 cosine profile 410 imposed thereon. The frequency bands for
each band-pass filter, or raised cosine profile 410, in the
preferred embodiment of the present invention are laid out
along the frequency axis according to a Mel or Bark scale which
approximates the frequency response of the human ear. The
20 frequency bands for the band-pass filters (raised cosine
profiles 410) are approximately linearly spaced from O to 1KHz,
and logrithmically spaced above 1KHz. Filter spacings other-
than those defined for the preferred embodiment may also be
used. As seen in FIG. 4 for the preferred embodiment, the
25 band-pass filters, or raised cosine profiles 410, overlap. The
outputs for the band-pass filters, or raised cosine profiles 410,
are computed according to:
fij = T Pi(0)B;(w)
where Pj(w) is the powe spectrum value for analysis frame "i"
30 at frequency o, Bj(w) is the band-pass filter weighting function,
or frequency response for filter "j" at frequency w,Z represents
the summation operation over all frequencies o, and fj; is the
band—pass filter output for analysis frame "i" and band-pass
filter "



| ow frequency conponents. Benefits are obtained when the 5 preferred

enbodi nent of the present invention is used with speech signals since
| ow frequency conponents of speech have -a relative energy greater than
hi gh frequency conponents and the two conponents are re-bal anced in

t he pre- enphagioeAsh73 filter. In the preferred enbodi nent ,pd1imessbidsseri ng
Is 10 acconpli shed according to the equation:.

pi (k) = s[err](k) - s[err](k-1) where s[err] (k) is the sound signal
sanple at position k in analysis frame "i", s[err](k-1) is the sound
signal sanple in analysis frane "i" at the previous position in tine

posi-ti on "k: in nhal yafiet "Bt 8, bhid-paRRPHASE <BReRly Yor bty © 2
recognition wil |frame "i'efogni e Whandoeaely band-pasyfitars"i'i (& & d ST )be
useld.- < frame ahav?e ?&a Eﬁﬁ?ﬂf?gﬁﬁeéﬁﬁeswadzrsﬂev?e _aamplcarcnﬂ@reseacgrizg
o Lo e BTSN, Ml ST B S ffAS67 spking SRECT "9
conput at i onaP nulegeef ashr bend-pags fHtar find340 n%fp %@ﬁam- The ggsujtjmay
frelqgegciynd?gi ][Tbe sh&uf:masm Qﬁﬁixe_duaﬁmdth&%ge ilhﬁ;tzrated ihi FIGs § a[ (raum o
? ﬁg Ip(rae- enphasi z%‘g&gggﬁ% ‘gﬁgﬁg{h g'{ai?rt{}'liess tl;la?ﬁqlgyi %nc% ﬁlé 2%%?‘%’%@ fﬁgﬁl&s’ nmust be
conput ed (320 ofhavigg ®)dimension of mawan. spdbiofuthe featureg,yahies within
{1 [ PP Lo Fasioquniaieyh, SaSbiouk fo » sioficfoeus ot
vrrnyndosv func{jlbon yﬁ‘oglhplg‘ﬁlﬂé%. Q_”j’ Hé@oﬁ%hr%%easﬁ)g?&gxsg{]y%g u‘t?hée f[;r'esen%/
i nvention, a sinpl & form gcplusality Af featuxsy vestars siarethy sampled tapndas a
value of 1.0 sigh@t. al | sanples).
5 Once the plurality of feature vectors for analysis frames
"i" = 1 through "n" have been computed, a min/max device 120
15 (FIG. 1) coupled to or incorporated within feature vector device
110 reviews all of the feature values within a frequency band
for band-pass filter "j" and finds the minimum (min;) feature
value and the maximum (max;) feature value for frequency
band "j" for all analysis frames, 0 < i< n (220 of FIG. 2). These
20 minimum and maximum values are used to determine
normalized feature values, 'v~".
Normalizer 130 of FIG. 1 is coupled to min/max device
120 and feature vector device 110. Normalizer 130 normalizes
each of the feature values across a frequency band, or band-
25 pass filter, "j", with the minimum and maximum feature values
for that band-pass filter to determine the normalized feature
values "v~" (230 of FIG. 2). The normalization equation is:
- V~jj = ( vij - min; )/ ( max; - min; )
where v~j; is one of the normalized feature values, vij is one of
30 the feature values, min; is the minimum feature value for the
"jib" frequency band, and max; is the maximum feature value
for the "jtv" frequency band.
In an improved alternative embodiment, the min/max
device 120 finds a weighted minimum (min;) feature value and
35 a weighted maximum (max;) feature value for frequency band

7
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b. The Fourier Transform of the pre-enphasized sound signal sanples
i n each wi ndowed analysis frane is conput ed. C.
Values for the power spectrumare obtained by 5 squaring the Fourier
Transform v

After the values for the povg m ar e
det er m ned, %H(;%m%zﬁse band-pass filters are applied in the frgﬂﬁg%{'#onai n

by a filter weighting value for each of the power spectrum val ues 10
(330 of FIG 3). Although many filter weighting functions may - be used
wi thin the band-pass filters, the preferred enbodi nent incorporates a

rai sed cosine tin frle ich can be seen in FIG 4.
FIG. 4 shows awgléwrél geg‘iﬁlrﬂﬁ f!@@eﬁaor-ﬁgl £hB (220sefdFIG. 2)cothess profil e

410 i nposed t hemeimimunfhend rmgquinas badess fadé computedials beMewpass filter,
or raised cosine profile 41@ in the preferred enbodi nent of the

present invention arglald 3iyveight[K1AiAN$KS he frequency axis according to
a Mel or Bark scale m’%‘&r\ @ %prgr(])@rlng l the frequency response of the

human ear. The 20 freque ¢y Tbands for the band- pass filters (raised
cosi ne profil es 410) e approxi ely linearly spaced fromO to
1KHz, and | ogr |“lmmﬁ1(,=a V"é&g&“‘%b\‘f &€l 1KHz. Fiiter spacings ot her
5 where r is ususally a small value such as 2 or 3, weight[k] is
typically a weighting function where the central point,

weight[0], has a value greater than or equal to all other weight
values and

r
2 weight[K] = 1.0.
ke-r

10 These weighted minimum and weighted maximum values are
used to determine the normalized feature values, "v~". In this
embodiment the normalization equation is:

V~ij = ( Vij - Wminj Y ( ®maxj - ®minj )
where, ©Ominjis the weighted minimum feature value for the

15 "jth" frequency band, and ®max; is the weighted maximum
feature value for the "jth" frequency band.

The result of the normalization process can be shown as a
matrix as illustrated in FIG. 6. Each of the analysis frames "i" of
FIG. 6 represents a normalized feature vector (610).

20 Comparator 140 of FIG. 1 is coupled to normalizer 130
and compares the normalized feature vectors with template
feature vectors to determine which of the template feature
vectors most resembles the normalized feature vectors. Sets of
template feature vectors representing phrases or commands

25 are stored within template feature vector library 150.
Comparator 140 compares the normalized feature vectors from
normalizer 130 with each of the template feature vectors in
template feature vector library 150 in turn (240 of FIG. 2) and
determines which set of the template feature vectors most -

30 resembles the normalized feature vectors (250). This is done




than those defined for the preferred enbodi nrent nmay al so be used. As
seen in FIG 4 for the preferred enbodinent, the 2 5 band- pass filters,

or raised cosine profiles 410, overlap. The outputs for the
band- pass filters, or rai sed cosine profiles 410, are conput ed
according to: £2 where Plerr]([err]) is the poreTRREMLISOM

- val ue for an‘HPfg’P 7?rame "i" 30 at frequency [err], B[err]([err]) is the
band- pass filter. weighting function, or frequency response for filter
"j" at frequency [err], [err] represents t he summati on operation over
all frequencies ([err] and f[err] is the band- pass filter output for
gnal ysts fravrr\% 97 1\3@23@1%%n%n§aa distance fmletnc: bétween the normalized

PCT/ US97/ 04350 feature vectors Adndreagh| of rthebsets - phitemplatee featute westdrsr
each analysis. ngi.&aga of 't e(ngplw fh iurfze{'éd off MV¥hEIEE haifinaass 1! Ler

"IT" (0 [err] | < ave & ure v Ctor eV| ce 110
cal cul at es f edistance, MefEe ‘%/ qu}'mns 'tong’e ﬁ??ploé’ﬁ yhich moghal by
taking the 5 5 | oeseinblesitheandrmpalkized ifeaturef véetory. (mmaerMQ) of The

result may — begghown o%i‘p@ts”?é rd ’be§t‘JﬁP tﬁﬁtchh@hé)'iﬁt 'df' t&ﬁﬁﬁt@%hﬂhgl G 5

structured with i '\'rec‘;itrt])%sl yﬁ'om temp ate ?eatu{‘e vbector Wibra rary 'B(? which most
resembles (has the minimum distance metric) the normalized
feature vectors (250 of FIG. 2).

10 There are several well known methods whereby the
plurality of normalized feature vectors may be compared with
the template feature vectors to find a best-fit match. Studies
- using the preferred embodiment of the present invention show
that comparing the plurality of normalized feature vectors with

15 the template feature vectors in a dynamic time warping
process yields the best results.

As mentioned earlier, the present invention when used in
a speaker dependent, small vocabulary sound recognition
system is very robust and increases recognition accuracy in

20  high and variable noise environments from unusable accuracy
rates to very high accuracy rates.

It should be recognized that the present invention may
be used in many different sound recognition systems. All such
varied uses are contemplated by the present invention.
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havi n—g a dimension of n x m All of the feature val ues within an

anal ys”“lmm w m t hrough v[err], forma single feature vector 10
(as in . "Wlerr], item510), and all analysis frames, 0 < i

[err] n' fbrmiaplurality of featpse.vectors for the sanpled sound

si gnal . Once the pl ugalr S ectors f gy,

franes WQ 973327} ¢ hrough "n" 2 a mn/max device 120 1
5 (FIG 1) coupled to or incorpd [ ire vector device

110 reviews all of the feature values wt Fregfuency band for
band-pass filter "j" and finds the mnimum (mn[err]) feature val ue
and the maxi num (naxj) feature value for frequency band "j" for all
anal ysi s frames, OWh3t jsecldimed( 820 of FIG 2). These 2 0 mininum and
maxi mum val ues are used to determ ne normal i zed feature val ues,
"v-", gﬁm,zer 130 of FIG 1 is coupled to m n/nmax device
120 and feature ve 'vice 110. Normalizer 130 normalizes each of

the feature val ues across a frequency band, or band- 25 pass filter, "j",
with the mnimgm and mpxiAnjfetHodatbhfprisig/ahe steps of0r that band-pass

(31 er o determ ne the 00r Bl bgSng Pt values fob g pybll 7 Foalf! ©
mn[err] ) ( nax[fmmes ofij aff caqoustic signal,wthe featyre valuesecorhputed over
nor mal i ;ed f eat ur ea vplutaKty \6f ff&lmgyokaﬂdﬁ "t he feature values, mnj is
the mexi mim foat ur & val e, foF Pish of thd fladig BEWERGRhcy Banad® " 1T
an i nproved al Qer ndeteyminingowhicht of ¢ the ﬁmwﬁues within ce re3pectivels a
vei ghted m ni mum ( ghé)] of ftB@tpluealiy & Aequénéy bahrdseivh! esiniMbifature
(7max[err]) feature,y uleu%nfio\rvhfiéheqbtieri'ﬁg 't%%ﬂ%‘e values within the respective one
of the plurality of frequency bands is a maximum feature
value; |
15 comparing each of the feature values within each of
the plurality of frequency bands with the minimum feature
value and the maximum feature value of the respective ome of
the plurality of frequency bands to obtain normalized feature
values, wherein all of the normalized feature values for a given
20 one of the number of analysis frames defines one of a plurality
of normalized feature vectors;
comparing the plurality of normalized feature
vectors with sets of template feature vectors to determine
template feature vectors that most resemble the plurality of
25 normalized feature vectors; and
outputting the template feature vectors that most

resemble the plurality of normalized feature vectors.

e

e

heet Has Been Re(:laced

" i
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"1" for O [err] i <n (220 of FIG 2). These
m ni numq Imn m “m‘; are corrput ed as follows: r

[err]mnj*-ferlr]Welght['K]mn[J+ K=-r

r ] = [err] el ght [ K] max|j +k] | PCT/USITASSY 5
where r is usuggff :\g%z; small val ue such as 2 or-3, weightlKk] is

typically a weighting function where the central point, wei ght[ 0], has
a vaI ue greater than or equal to all other weight val ues and

r [err]weight[ K] = 1.0. k--r 10 These weighted
mini mum and wei ght ed Xium v I ues use det erm ne

normal i zed feature val ugs/ Tetho |ﬁ°‘i9fﬁ§‘8 to d@ﬂﬁog Wgﬁ‘f"“?h enﬁtﬂ?ﬁf’fzat i on
equation is: determmmg whichenf]thc feature -v4lpes riithin 3 /respfetivé maxj -

[ﬁrrllgi nj) wh ﬁé of ¢hél dmys gé;r%nehnimmxﬁﬁhw maiae for
ihe 15 e ety e e s Uiaah e,

feature val ue for
t he nornal i zat Son pf drhesplmalnt;bmfs tﬁmqueasyabands is natmaximemi lfeatum avadei n

FIG™ 6. Each of thg, S weightdd minimufth edbufe® VBT %
normal i zed feature ve t gn aratﬁﬁl %4'8’8 1 S
coupl ed to norral | MI8AEE Maxi um, cfeéﬂﬁ:ﬁa?'@gmt p ctors
with tenplate frequency bands.

10 3. A method according to claim 1 wherein the step of

computing feature values comprises:

dividing a power spectrum of the acoustic sound
signal into the plurality of frequency bands;

weighting the power spectrum within each of the

15 plurality of frequency bands according to a weighting function

to obtain filter outputs; and

calculating the feature values from- the filter
outputs. '

20 4. A method according to claim 3 wherein the power
spectrum is weighted in a frequency domain according to a
raised cosine profile.

S. A method according to claim 4 wherein the raised
25 cosine profile calculates the filter outputs according to an
equation: .
fij =  Pi(w)B;(w)
where fj; is one of the filter outputs at an analysis frame "i" of
the number of analysis frames and a frequency band "j" of the
30 plurality of frequency bands, Pij(w) is a power spectrum value
for the analysis frame "i" at frequency w, Bj(w) is a band-pass
filter weighting function, or frequency response, for the
frequency band "j" at frequency w, and T represents a
- summation operation over all frequencies ®.

35
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feature v I ne which of the tenplate feature vectors
nost resﬂiﬂ E“ zed feature vectors. Sets of tenpl ate
feature |ng phrases or commands 25 are stored within

tenpl ate feature vector library 150. Conpar at or 140 conpares the
nornal i zed feat ectors from normal i zer 130 with egghnbridhs

tenpl ate featvﬁ}%r"‘\%%tors I n tenpl ate feature vector library 150 in
turn (240 of FIG 2) and determ nes which set of the tenplate feature

vectors nost 3 0 resenbles the normalized feature vectors (250). This S
done

PCT/ US97/ 04350 WD 97/ 33 73\] coggqiziﬁg‘g a di stance netri c bet ween
the normalized meethod, %chr } ryeheseins the stepnafat e
feature vectors. companﬂigethaetnarmalmeﬁl ieaufea&mersvmtbr&tkladf rteni;:hste
Tesenbl es the nor iﬁf?.“'%‘%d ides 15, detbEie' Yo' PeriBland °Hling Velckor gt °
outputs as a best - Ot NEESEM %i mogmalized) é'f!“#*"’ea‘ﬁi’rt@fs includegect or s from

t enpl at edf eat uSe vemmnparihgbther )noi:ﬁﬁlwedcfem vectors withsahé! sss (ks ]Ehe c
m ni mrum di st ance r ' [ of FI
2. 10 Ther cEmplale 1888 Roioffln o dynaife i MGEhE® préodss!

plurality of nornmalized feature vectors nay be conpared with
7. A method according to claim 3 wherein the step of
calculating the feature values from the filter outputs comprises

10 taking a log of each of the filter outputs.

8. A method according to claim 3 wherein the power
spectrum is divided into the plurality of frequency bands
according to a Mel or Bark scale to approximate a frequency

15 response of a human ear.

9. A method according to claim 1 wherein each of the
normalized feature vectors is found according to an equation:
v~jj = ( vjj - minj )/ ( maxj - min; )

20 where v~j; is one of the normalized feature values
of an analysis frame "i" of the number of analysis frames and a
frequency bands at "' of the plurality of frequency bands;

vij; is one of the feature values at the analysis frame
"i" and the frequency band "j";

25 min; is the minimum feature value for the "j"

frequency band; and
max; is the maximum feature value for the "j"
frequency band.

12



t he tenH!mlﬂu mllﬂmwtors to find a best-fit match. Studies usi ng
the pre e of the present invention show t hat
conparing the plurality of normalized feature vectors with 15 t he
tenplate feature vectors in a dynasc tine vvarp| ng process yields

t he best resu AS —oarets t he pregAiudsieass | on
“when used in ’d&mssz'lg speaker deg 18 BEEdaKjul ary sound recognition
systemis very robust and increast L6 Bn accracy in 20 hi gh and
vari abl e noi se environnents from unusabl e accura v rates to very

hi gh accuracy rates. It should be recognized that the present

i i t ens.
A Such T vari ed (Ssena ol RehnizBE mPRREE coent i nvent ] on
9 [err] : a feature vector device which computes feature
values for a number of analysis frames of an acoustic signal
input to the sound recognizer, the feature values computed for
5 a plurality of frequency bands;
a min/max device coupled to the feature vector
device to determine which of the feature values within a
respective one of the plurality of frequency bands is a
minimum feature value and which of the feature values within
10 the respective one of the plurality of frequency bands is a
maximum feature value for each of the plurality of frequency
bands across all the number of analysis frames;
a normalizer coupled to the min/max device which
compares each of the feature values within each of the
15  plurality of frequency bands with the minimum feature value
and the maximum feature value of the respective one of the
plurality of frequency bands to obtain normalized feature
values, wherein all of the normalized feature values for a given
one of the analysis frames defines one of a plurality of
20 normalized feature vectors, and
a comparator coupled to the normalizer which
compares the plurality of normalized feature vectors with sets
. of template feature vectors to determine template feature
vectors that most resemble the plurality of normalized feature
25  vectors, the comparator outputting the template feature vectors
that most resemble the plurality of normalized feature vectors.

- 13
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. Hu”ﬂﬂm ,mnﬂ he steps of: conmputing feature
vaI ues f al ysi s frames of an acousitc signal. the

feature val ués conputed ovcr a plurality of frequency bands;

for each of the plurality of frequency bands, determning in a

| ogarithm c deupia,ahi ch of the feature val ues Wi t hp@y, ctive
one of the pIuraFBty of frequency bands is a n1n|nun1’?éﬁﬁﬁgg

val ue over tinme and which of the feature val ues within the
respective one of the plurality or frequency bands is a maxi mun
feature val ue over [err]ne; conparing wthin each
frequency band cach of _the feature values with the m ni rmm

feature val ue and the rdxifufound recognizeg aceprdipg) tr clajim ¢ H: whenein t thee
- frequency band t o nostmlizer computes eacheof zhé phaulite ofalneemalizedmel i zed

over time within ggghref egiLe ds, wherein all of the
nornal i zed feature val ue\srectors accor&%ﬁgr o Eﬂé %ﬁﬁgﬁgﬂof t he nunber of

anal ysis frames define one ¥rip= ( vy - lmn, (JrI%PPth'ynﬁﬂj hormal i zed feature

vect ors; 5 w wl}mapar-f jnis tdne othheI néﬂnﬂizdﬂ)fféﬁid ,rgeﬁmﬁggt ure
vectors _ '

tenpl ate dfI:‘eat urefv’isftrgﬁsgp ﬁi rese Jtohﬁaléfg{fr g’lta%i Sﬁd a
norm al i zed frequengy, ha i/é'étdrso atll’?& plurality of frequency bi}&dﬂi] t he

tenpl ate feature vectors thag; iosme of the featwresearhies ﬁhehcplaﬂaaj's;kymfne
normal i zed feat ur @jwgalOfhe frequency band "j"; 10
) 10 min; is the minimum feature value for the "j"
frequency band; and
. max; is the maximum feature value for the “j"
frequency band.

15 12. A sound recognizer according to claim 10 wherein the
comparator is coupled to a template feature vector library, the
template feature vector library containing the sets of template
feature vectors.

14
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2. A nethod according to claim1l wherein

the step of determ ni ng which of the feature values within a
respective one of the plurality of frequency bands is a m ninum
feature val ue and which of the feature val ues W t BcniddSos3so

respecti ve o933 5
feature val ue

of the plurality of frequency bands is a nmaxi num
conprises finding a weighted m nimum feature val ue

and a wei ght ed maxi mum feature value for each of the plurality of
frequency bands. 10 3. A rne*tilzeéjB accordi gg-to crarmm wherein
the step of conputing feature val ues conpri §es:

di viding a power spectrum of the acopgst+e—setre signal {nto the
plurality of frequency i X ' i| GEATURED VECRORpOVET
spectrum wi t hi n eaph—of i pl A&l ity fo 2 queDEYICRand
according to a weighting to gbtaintfilter outpgts; and
calculating the feature val ues from t™Te s out put s. 20
4. A method according to claim3 wherein the power trumis

wei ghted in a frequency domain according to a

MIN/MAX
DEVICE
TEMPLATE FEATURE |
R BT = CONPARATOR I—— NORMALTZER

TENPLATE |
FEATURE
VECTOR LIBRARY

FIG.1

rORMALIZE THE FEATURE VALUES WITH THE MINIMUM AND MAXIMUM FEATURE VALUES

ACCORDING TO V7 = (V;; = MIN/(UAX; - NIN).

v 240
COMPARE TDHE NORMALIZED FEATURE VECTORS WITH ALL TEMPLATE FEATURE VECTOR
SETS AND COMPUTE A DISTANCE METRIC.

— — Z
[ OUTPUT THE TEMPLATE FEATURE VECTOR HAVING A MINIMUM DISTANCE METRIC. |

FIG.2




rai sed cosine profile. 5. A nethod according to claim4

wherein the raised 25 cosine profile calculates the filter outputs
according to an equati on: flerr] =Jerr]:
P[err](mbB[err]([err]) where f[err] is one of the filter outputs
at an anal yswﬁ&gﬁg t he nunber of anal ysiperfusemmsscand a
frequency b of the 30 plurality of frequency bands,
Plerr]([err])) is a power spectrum val ue for the analysis frame
"i" at frequency o, Bj(0) is a band-pass 2//3 filter weighting
function, or frequency response, for the frequency band "j" at
frequency [err], and [err] represents a summmat i on operation over
all, frequencies [err]. 35 [err] WD 97/ 33273

PCT/ US97/ 04350 6. A nmethod accordlng to claim1 wherein
the step of - I'FILTER SANPLE' SGOND 'SICRRES "WHTHER EA i R 09
tenpl ate Teat qm \ N %& m)a qr s
t hat nogt resenble th o 118 ze eat r'e ve

conparing the nornallzed Teature vectors wigh the sets o
feature vectors in a dynamc tine warping p ocess

nmet hod accordln?_La_cLaLnL3_uheLe'n the -stof
DETERMINE POWER SPECTRUM VALUES FOR EACH

PRE-EMPHASIZED SAMPLED SOUND SIGNAL.

WEIGHT THE POWER SPECTRUM VALUES WITHIN EACH FREQUENCY BAND ACCORDING

10: Fyj= IP{0}B;(0)

|

DETERMINE FEATURE VALUES BY TAKING THE LOG OF
THE BAND-PASS FILTER OUTPUTS.

FIG.3
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V«‘z v22 v32 oooooooooooooooo Viz v 12 v.22 v 32 ................ v-iz
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calculating the feature values fromthe filter outputs conprises' 10

taking a log of each of the filter outputs. 8. A nethod
according to claim3 wherein the power spectrumis divided into the
plurality of frequency bands according to a Mel or Bark scale to
approximate a fr ncy 1 5 response of a human ear. PCT/US97/04350 9. A
nmet hod accoraV%ﬂﬁggﬁclainll wherei n each of the normal i zed feature
vectors is found according to an equation: v-ij - (
vierr] - mn[err] )/ ( max[err] - mn[err] ) 20 where V-jj
s one of the normalized feature val ues 8/30f an analysis frame "i" of
t he. nunber of analysis franes and a frequency bands at "j" of the
plurality of frequency bands; vierr] is one of the
feature values at the analysis frame "i" and the frequency band "j"
25 mn[err] is the mninumfeature value for the "j"
frequency band; and maxj is the maxi mum feature val ue
for the "j" frequency band.
12
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[err " rr] | | 10. gAgssaund :g3PMagni zer METORGLA ' _7033053230:#10/11
a feJaE’?TJrhg vector device which conputes feature valu s 97/(02&350
nunber of analysis franes of an acoustic signal input_ t h

sound recogni zer. the feature val ues conputed for dhwué EL/quUN 1998
frequency bands; a m n/ max device coupled to the
feature vector device _to determne in a logarithm c domain which
of the featurd& valdeBethad comprising tthe séepse8becti ve one of the plurality of
frequency bands is a . mnimum, feajure val ue over tine and which
of the feature val ues SOMPUlnNg t\’ﬁﬁ\"ﬁi Y 2{yes toé'sﬁeeﬁﬁ'@gr dtled #lytsﬁe plurality
of frequency BaRAs bF @ acoustic signHPXINAURAASR! ViReY BdtEp g ovd"g | O each
of the plurality of frgque'ncy han‘g‘g acrossdeililgll’ tﬁeomjnber of

anal ysi s franpbirality of frequency bands;a nornalizer coupled to the m n/nmax

devi ce whi ch [err]. within each of the plurality of frequency
bands. each of for tyash f ofafthe plueliy ofnfreguensy dandssum feature val ue

and the pmaxi num feature val ye of the respective one of the
plurality of determining in é‘qﬁi‘%ﬂ?&}} %d‘E’WB“oUE’éﬁlh "r\oﬁ#al‘?"i‘@ff f"é‘gf"&r e val ues.
nor nal i zed Ay 1] i, thi . Of bands, wherein
all of the within 2 r%ﬁ%%#gWPZa¢grgﬁ3§I" egf ?g‘?‘{dz’gﬁgy\%h%mgn% gf t he

anal ysi s frampfnimum featured@hiuae oV tithe 2art Whithtyf hc RaMGIE! vAlQes feature

vectors; and a conparator coupled to the normalizer
which withimnther rospectivee opk uofalthe \plofality rofafiegacndye dande isegt ors with
sets of . tenplate feature vcetors to determ ne tenplate feature
vectors maximappntlcpide ydyenpver dmeep| urality of normalized feature
vectors, the conparator, qutputting the tenplate feature vectors
that nost rcs“é‘l'ﬁlr;?p“‘é“‘cghé"‘m‘ﬂrgﬂﬁ't"‘t>f1 “Hﬂrﬁgﬁzﬁﬁ&fé’gtmee vect ors.
-13-

featurc values with thc minimum feature value and the maximum
feature value of the respeclive frequency band to obtain
normalizcd featurc valucs, normalized over time within cach of
the frequency bands, wherein all of the normalized fcature values
for a given onc of the number ‘of aualysis frames define onc of a
plurality of wurmalized featre vectors; |

comparing the plurality of normalized fcatre vectors

&

with sets of tcmplate Icaturc vectors lo delermine template
fealurg, vectors that most rcsemble the plurality of normalized
feature vcctors; and _

vutputting the template feature vcctors that most

resemble the plurality of normalized fcuture vectors.
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wherein the normal i zer conputes each of the plurality of norrra
feature vectors according to the equati-on: &Nus cG leN ‘[g

Vlerr] - mn[err] )/ ( max[err] - mn[err]) 5 where v-i[err]
I's one of the nornalized feature val ues of an analysis frame "i" of

t he nunber of%@ng Xﬁhﬁdf:re@ 'z@PQoﬁnprising' frequency bands at "j" of the
plurality of trequency bands;: vierr] is one of the-

feature values at the angdateres vetwitdevice which apsipufes TeRarenalndzand "J";
10 mn[ferr] is the mninumfeature value for the "}"
frequency bantor ampmber of analysis framesnwljani acoulde ridgnakumpisbdo the val ue for
the "j" frequency, ban qund r c ni zlg,r accordi ng

to claim 10 reeqemizer. the éé%’ér‘éﬁ"&?‘ icg“@&lﬁﬁséﬂ' t"o Fﬂbl te feature

vect or I|brari,'m ﬁ@ﬁc b,mdterrpl ate feature vector I|brary containing the
sets of tenpl 4t y o

a min/max device coupled to the fealure vector device
to delermine in a logarithmic domain which of the feature values
within a respective one of the plurality of frequency bands is a
minimum f{eature valie over time and which of the fcature values
within the respective onc of thc plurality of frequency bands is a
maximum feature valuc over time for each of the plurality of
[requency hands across all thc number of analysis frames:

a normalizer coupled to the min/max device which
compaices, .within each of thc plurality of frequency bands, each of
the feature valucs with the mismimum feature value and the
maximum featute value of the respective one of the plurality of
frequency bands to obtain normalized fcaturc valnes, normalized
over time within cach of the frequency bands, wherein all of the
-~ normalized feature valucs for a given onc of the analysis frames

| " define™dne of a plurali;jr of normnalized feature veclors; and
a comparator coupled to the normalizer which
compares the plurality of normalized feature vectors with sets of
templatc fcaturc vectors o dctermine terﬁplate fecature veclors
that '_most. resemble the plurality of normaliced feature vectors,
the comparator outputting the tcmplate feature vectors that most

rcsemble the plurality of normalized feature vectors.

<13 -
Substitute—Sheet
/ .

N m b ted Shoct



feature.vectors.

14

PCT

WORLD INTELLECTUAL PROPERTY ORGANIZATION
International Bureau

INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(51) International Patent Classification 6 :
G10L 5006, 9/00 Al

(11) International Publication Number:

(43) International Publication Date:

WO 97/33273
12 September 1997 (12.09.97)

(21) International Application Number: PCT/US97/04350

(22) International Filing Date: 6 March 1997 (06.03.97)

(30) Priority Data:

08/613,269 8 March 1996 (08.03.96) us

(71) Applicant: MOTOROLA INC. [US/US}; 1303 East Algonquin
Road, Schaumburg, IL 60196 (US).

(72) Inventor: FINEBERG, Adam, B.; 12761 Saratoga Glen Court,
Saratoga, CA 95070 (US).

(74) Agents: WOOD, J,, Ray et al.; Motorola Inc., Intellectual

Property Dept., 1303 East Algonquin Road, Schaumburg,
1L 60196 (US).

w
W
w
@
w
»

(81) Designated States: AL, AM, AT, AU, AZ, BA,
" BY, CA, CH, CN, CU, CZ, DE, DK, EE, ES,

58
5E
Ep
Sn
L]
O
A
5
3
285a
3R8
J/kR

&3
B
#3
3

gaBsy
BERgA
g_ucw
3855
abg oy
995 £
SEerf
$5i3s
Zzh% e
ExBEZR
Bg8

AR

533

gL

Published
With international search report.
Before the expiration of the time limit for amending the
claims and to be republished in the event of the receipt of
amendments.

(54) Tide: METHOD AND RECOGNIZER FOR RECOGNIZING A SAMPLED SOUND SIGNAL IN NOISE

(57) Abstract

A sound recognizer uses a featurc
value normalization process to substantially
increase the accuracy of recognizing acous-
tic signals in noise. The sound recognizer
includes a feature vector device (110) which
determines a number of feature values for a
number of analysis frames, a min/max device
(120) which determines a minimum and max-
imum feature value for each of a number of
frequency bands, a normalizer (130) which
normalizes each of the feature values with
the minimum and maximum feature values
resulting in normalized feature vectors, and
a comparator (140) which compares the nor-
malized feature vectors with template feature T
vectors to identify one of the template feature
vectors that most resembles the normalized
feature vectors,
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