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1 Introduction,

Recenrtly peopleinvarlous fields have paid much attenticn to the
sadartard: transform ano naveobtained results from its awpl ication in
such ftislds as filter «esign, voice analyzse/synthesizer and
Tyltiplexer equinpment [1). The Hadamard(or discrete Walsh) transform
is one of tha orthogona | transforms Using digcrete Walsh functians
any has a fast algopithm similapr to the Fourier trensform [27,[3],

Thepe are many reascns why the 4adamard transform is attrastiva, Two
maJor reasons are as follows, First, the Fast Hadamard Transform
algorithm =FHT~- ussés only add / subtract operation, Multipligation is
rot neccassary for tne FHT, Thismakes ths calculation of <the AT
2xTréme|y simpie and faster than the Fast Fourier Transform - 7FT. In
*he Fourier trznsforim case 9ne needs muttiplication for the
sine=cO0sine ccefficients, sometimes even With irrational numters, The
FHT offers quite a simnle ana an appropriate algoritnm wher using a
cicijtal computer,

he Giscrete Jalsn fungctions give Us a general bask for
sis, narmely the concept of sequency rather than +that of
treguency., The seguencyo fdiscrete Walsh functions is defined by
one half ot the average number of Zero crossings per second, This
corcept enzoles us to replagce the concept of freguency of the
sine*cosine furctions,

Zzecause of this feature of the Hadamard transform onemay well think
of the possibility that all problams wnich have heen solvecd using the
Fourier transform might pe re~Interprated by the Hadamard transform.
Furthernoure, cre mignt hope for some interesting new giscoverlies
ince the Hkacamard transform mlght reveal somenew aspgect of the
rcb lem corncernea,

) W

From this optimistic $tandaoint, the author has attempted an analvysls
of the sreect wave ysi the Hadamard transform, Simifar attemnts

have GbCeen made in the past [4], and theY have sugzest®a some
cossibilites about the application of the Havamard transform to <the
tpeech wave Ly showing some correspondence between tha frequency

spectrur argd the sequency spectrum, This report WwWil| show twe
mrethods of sreee¢h wavd analysisusingtheHadamardtransform, the
cirect and the ingirect methods, These two methods show both the

s¢vantages and disadvantades of the Hadamard transform for speech
wave araiysls,
Sectiorn 2 wiitl

madarars transt
due to tne 3

dira methQd. b applicatlian of h
aéﬁ 3;ve°t ?hnsyne%nod g?vés gi:oor resal%

e
t sensitivity of the Hadamard sequency
spectrunm, S0 variant terms of the seaquency power scectrum
are known hut tnayareconnlicatedtn calculate or too simole to
nroviage nsu3h information, Afewexperimental results are shown in
this section to d2mgnstratz these facts,

D
f
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sectlion 3 wili explair the indirect mathod naned the "hapstrum®
tecnnicye. Tme hapstrum tecanigue is a similar techniqus to the so
called cepstrum technique [5] except that tne FHT is a-plied to the
lgd=Tadnitude Triquangy spactrunm, This tachnigue is indiract in the
senge tmat at {ir3t thne FFT (not FHT) is applied %o a shart span of a
speecn wzve and tnes the F~=T 13 Jysed to detect the pitch perlod or to

3et a smecotned soectrum, This technjnue shows soma positiva aspact of
the Hadamard trinsfaorm for the aralysis of a speech wave with regard
to smootning cf 4 spectrumn, Some exparimental results Wil
dergnstrate this,

A forrant trac<ing prodran nas baen implemented using the technigue
2f an €ace folidower in scen8 analysis combined with <$he h3apstrum

tecnniage, owavar, sucY apn approach always contains a pitfall,
naTaly the nroclem gf wprponiy way entrance, This will ©e 4discudssed
in s3ction 3,3,

Cinglly, in se$:ign 4 a tentajive evaluation will be nmade of the
Hadamrarc tranrstarn for anajiy¥yzing sneagcn waves,



f <he Haca1ard transfarn
3is,

In this s3zstion the Hadanard transformwillpe dlrectgv a o ied to
t

i
0 3Je+t +he gejuency power spectrum, The stence of

speecn aave

SoTe Corr23u0nderce batween frequency spectrum ang sequan:y spectrum
"as beer raported on [43. As a given vocal ic sound can be
sharacter i zad by the location of its first three formant frenuencies,
it is wWorth investigatin? +he exlstence of formant "sequensi=s" in
tre Hadazmard sequensy spectrum instead of formant fraquencies, A few
2xcerimerts wi|l gdemonstrate poor results and the reason Will be
Jiscussea,

2,1 Uefinitior ¢f sequance and sequency,

The definitian of sequence wWwas introcduced by H. F, Harmuth [3] and it
7ives a new nasisfrom which to Investigate the characteristic of
5ig9nals, A secuence nJmdber of a walsh function is defined by the
nyTeer of st an ¢cnanges nar Unit time, Let N = 2" consscytive real
nurcers a(ji, 3 < j < *, vs represanted by a 1 x N matrix [a(j)].

The HMaQanard tranfﬁrw of [a(j)) i3

14
i
es

Cac<)] = (LyvyCa(g)iHin) (1)

the N x N Hadamard MatriXx H(n) is defimed recursively in the

H{n) A(nY

h(n=1) = (
nen s(n) =H({n) 2

Rl

kach cojlumn of “(a) represents one of discrete Walsh functions [71].
Thz exarples of =(3) and A(3) Are shown in the Fi3, 2.1.

The seguens: s daf ned bv *he ve aqe nunte zero sin a
pnt# t?re d v}‘c . 3 Let (&) Qe unger Of Y gﬁgggésg?zgrg
relatec to fre:;«nce or seﬂuency it s deslrabl teo calcuiate
cefineac vy eq,(3)

alx) = E“‘“’* )/é} €3)
shere x] represents the laryast integer which does n o t ex sed X (see
H¢3) OFf the Fig, 2.1). It Is known that p(k) takes on =all values

petween zero ansg V=1 and q(x) takesallvalues between zaro and N/2,

« 3
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Lat Msingroduce swe neotaticnss Alc,p(K)) ana Als,o(k)) fopr AC(4),

: Alcyglk)) 1if p(k)is even
Alw) =
A(ssg(k))i fo(k) is odo,

in analogy Of frequsngy power spectrum, saquencyY power spectrum is
dafimed ac follows,

2

A(ec,d)

Rora) + Lisrg) 3 < a < N/2 (4)

A
Als,N/2)

The Parsaval’s relation is preservad on the coefficients A(k) and
a(k).

N ) (W/2)- ) . )

A
(10 D) k) = Aie,d) +§“L K(crq) + Rtls.q)] + AlssN/Z)  (5)
2.2 Strong shift=gensitivity Of *the Hadamard sequency spoectrum,

[t is _interestin T invastigate the formanf st ugture !n the
sgcuenCy scP;tru% a? a sneecg wave, The conv n?eng is to

charde rany sonsecuti ve spactra Into a vlsual form, tnat 's the
sonc3drér of ssquencies., A short timaspan (12,8 ms,) of a diqitized
speech wave (sa,nie rate = 222723 Hz,) is directly trapsfgyrqaed It
seauenc spectruy, Thanm tnhe log_magnitude of this spectrum is taken,
Mary short time segyenmcy spectra are calculated in this way, are
accumMulated, and eventually output to a video screen,

Exnerimental results are snown in Fi3, 2.2. The upperpart shows a
sneech wave to he analyzed, the middle part 2a sonogram of freguency

spectra >f thi s spegeh wave and the |ower part a sonogranof secuency
spectra, [t ics wasy *tnsee that the soncdram of seaquency spectra (the
lowest one) is rougher than that of the frequenclies (the mlddlaone),
The tormantseguency structure is not clear andlt appears to be Very
difficult to» oujld a speech wWave analysis system based on the
extraction of formant components Uusing the Hadamard saquency
snectrurm,

e reason wny tha sonogran of saquency spectra oecomes so rough and
redular Is nede  clear by the following experiment, The Hadamard
cLency spectrum is calcdlated for a fixed time span (12.8 nsec,
long) ¢ a speech wWave, Tha ¢ime span is shifted rlgnht by 170
ricruseconds for gzgh successive calculation of the  ssaguency
snectruUr, In other words, calculation of a seaguency spectrum is made
gach 1¢7 migrcsscocind time=snhift, A Fraquency spectrum of the Fourier
trarsfopri s calcylated in the sane way to ~1ake comparision with

c3cL€éNCy scactrum, The results are shown in Fig, 2.3.

¢ 5)
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Freguency spectrun1 Sequency soectrun

Frame nNo, Frame No.

T ™ T |- | L B B

b mzz 2000 3@0@ (hz) 0 121@2 2000 QGW (zps)
No, 2 No,» 2

T,

Fia, 2,3 St¢rong shift=sensitivity of the
Hadamard sequengcy spectrum Each
frame |s calculated each 100
microsecond time=-shift,



From Fis, 2.3 we can casily understand that although the ¢tima=shift
lg iimlted to this smmll value, the shape of consecutive Sequency

spéctra changes rapidly, The locatlon of a oeak whichappearsto
represent a formant compoment changes drastlically In the next
sequency spectrum, One cannot expect these rapid changes from

observation of the original speech wave since (he speech wave dees
not appreclably c¢hange Its shape during 1286 microseconds, [ n
contrast, fn the Fourler case, a freauency speectrum does not change
fts shape so0 much durlng 100 mi croseconds, Thls strbns
shift-sensitivity of the Hadamard sequency spsctrum causs8s the
lpreQularity or rough pattern of a, sequency sonogram and makes
impossible the application Of the citcn=synchronous methed,

The strong time=shift senslitivity of a seaguency spectrum alsc can be
explainred theoretical|y, Plohler [6] shows the Hadamard seguency
spoctrumr is Invariantunder the dyadic timae=shift:

(b(j)] is ootalned by the dyadlc time-shift ¢
(b(J)d = fa(j @ ¢)]

where® | @ tstands for cOmponent-wi{se modulo two addition(no carpy)
for the binary representation of J and t. Plchler’s result s
wreltten as follows,
o) 2
B2(c,a) + Plsra) = A2(cia) + AZ(s,q) (6)

Unfortunately the Hadamard sequency spectrum is not invarlant under

eircuiap time-shify Of the lnput Ca(j)), If [a(J)) is shifted by t -
circularly formingfec(Jj)) we obtaln;

Ce(JY) = CLa((y + ¢)21

where ((j+ t))is the principal value of J + t medulo N, In
general

2

Cz(o.q) * Cz(s:a) Z A®(crqg) + Az(s;a) (7)

The experiment shown In Flg, 2.3 I's not the case of clrecular

time=shif¢ but one can easily understand that the relation of €aqa (7)
oaus®s the strong shift sensitvity In the Hadanard sequency spectrum,
Note that in contrast to the Hadamard sequency spectruma frequency
spectrur of the discrete Fourler transform i s lInvarlant under
circular time=shift since absolute vajue of a shift operator i$ One,

2,3 Difflculties in calcylating shift invariants
for the Hadamard transform

Sore attempts hava pegn maud8 to define circulartime~shift invariants

for the Hadamard <transform, Ohnsor3 has defined a completeset of
clrculap time-shift invarlants of the Hadamard transform and a|sohas

( 8)



shown Intermediate forms whigh are invariant %0 Dboth clrouiar
time~shift and dyadie tine-shift, For more detalled derlvation of a
comp lete set of circular timemshift invariants and its inmtermediate
forms s eel?],

As a flpst step, consider Intermedlate forms, a set {P(k)) whichls a
sum of groups of components In [A(k)Jsquared such that

P23y = A% ()

P2(1) = A% (1)

P2(2) = A2(2) + A% (3)
e ¢ 000 0 9 o0 (8)

In g&neéra o)
P2(m) = > A(k)

) K.
whepe 2" '< Kk < 2™ for 1 € m < n,

Examples of calculations of a set (P} for var 1oUs  input waves are

shown in Fig, 2,4, Inthe flgure the short time span of the speech
wave for the Hadamard transterm is fixed to 12.8 msec, Each
componeénpt of a set {P} Is shown as afunction of time In_tho Ffg,
2,4, Overlap of the time span for the next Hadamard transform Is 6,4
msec , The case of a slnusoldal wave indicates the filterling
characteristlc of a set (P)hecause the position of each opeak moves
to the left as k Incpeases In P(k), In other words, the smajller the
value of k In eq (8), the more |Ik®ely it Is that the component P(k)
will Pass the higher fragquency componant since freguency Increases
with tIme passing 'm the orlgimal Input wave., However,a s the band
Of each fi|ter Is getermined by the number N, whleh Is the di_ans]On -
of an array CA(k))Y, we lose flexIbl|i¢y, Although the cajoulation of
a set {(P) from N components of [A(k)]) |s stralghtforward, w canget
only 1 + n(= |092N) conponents of P, For Instance, If Ns® 256 one
can get only 9 componentsof P and one of themlg d,c, component,
This meansagreat deal of Infepmation reduction is made and it ls
doubtful 1 f a set (P) contains enouah Information to perform speech
wave anajysls,

Ohngorg has defined another complete g8t of the Hadamard transform

whleh has exactly (Ns/2) + 1 Invarlants for a clrculap time=shltt,
(The discrete Fourier transform =DFT= gives a (N/2) * i polnt
spectrur,) However 1t is not a stralghtforward way to calculate the
Invariants since it includes many matepix multip!lcations, According
to ‘€73 1f we let {J} be aaquadrat!e invariant set of the Hadamard
transform then

in the case when N = 8

JAay = A% (g

J2(1) = A% (1)

J2(2) = A% (2) + A% (3) (9)
J§<3> = A2(4) + A2 (6) = A(4)A(7) + A(S5)A(6)

J2(4) = AZ(5) + A2 (7) + AC4)A(7) = A(5)A(6)

( 9)
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Ajthoudh there is ng explanatlon aoout how these terms (J} are
re latead to freaquence or sequl

Ohrsorg’s (7] Invarfants, As Ohnsorg sugdests that <{ne prominant
zn2p3dylines of the discrete Fourisrspectrum tand to 2e exadderated
ir the guadratic spectrum (J),

N, Ahmrea et al (8
termrs, however mult
the algoritnm and
transform,

3 found zn efficient algorithmto calculate 4nese
ipticatiandby an lrrational numper isirgluded in

it is more complicated than that of Hadamard
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anstrun t3cnnigul,

I ntdis section ne "napstrum" technigue is intrcdiuced. _The
napstrur tachnique is a similar techniaque to the cepstrunr technigue
2xCeunt that the i nverse fast Hadamard transform =~[FHT- is apgplied to

tn2 |og-magnitude frequency spectrum «and fthe output ‘>~ called
"napstrum.” This %<echnigqueisindlract in the sense that at first
the FFT (not FHT) is applied to a short timeSpan of a speech wava to
obtaln the srecsrum aad tnen the FHT is used to extract pltch perlod
or to get smodthed spectrun, The stron3 time=shift seansitivity of
the Hadam r3 transfaormis ramoved by tne first application of Fourier
trarsf Oprm to sneech waves.

This tachnl illustratas ? positive aspect. Q, Fhe ,.jadamard
trarber" hr the 1na ¥sis ot a speech wave, esp ecial w“ith regdard
t5 tnNe snod2thing of a spactrum, A formant trackKing orogram has bean

implamented using tnis teenniqua,

T 370w w03th tneé advantages and disadvantages of the hapstrum
tezaniay2 ~e will cenict the outline of both the cepstrum and the
haopgtrur tachnlques, Although there Is more than one dafinitionof
the cedstrun tecnyijue w2 aive a t¥plcal application in the upper
oart Of Fla 3,1, Thwe hapstrun Legchnlgua is shown in the |ower part
of Flgi 3.1-

Feor Fig. 3,1, one can ®asily understand the difference pegween doth
tecnniaues, The fra2quency spestrum of a short time span of a speech

wave fllterad oy 1 4ammiag W“indow is ootained by the discrete Fourler
transforn «0FT, Than the |og-magnitude of this spectrum s taken.
Af t3r tne arocessing, in the case Of the cepstrum technigue the
invarse discrete Fourier transform <lDFT- and DFT are applled to get
citsnDeriod and smootnedsnectrum, On tha other hand,” 'm the e¢ase Of
tne Nabstrudn technisue the [DFT and DFT are replacead by the IFHT and
FAT, respectively, A naostrum, Which is ordared in seguence (not
sequency), |s ootained by the IFHT of a log=magnitude spectrum, From
th2? replacaments ,ne  38ts tha advantage of tne fast calculatlion of
-the Hadamar § transform, Jue to theelimination of linear filtering
coTndt I ny Cost Is 2van further raducad by the method,

tet us note that in the capstrum case after the appl icagicn Of the
i Av3rs3e disasrate ~“ogriar trassform we nead low=-pass f 1| terlng of +he

9 =Ta@rituza O fehg adiscrete Fouriter transform, Ry means of
|owe~dass f i 1%aring a smoothed spectrum s obtained due t0 +the
e!irination of the fire structure of the spectrum, This s
accnmnlicnasd by multiplying the cepstrum by a |owspass filter
f‘Jn:tioﬂc

In contrast to the ~aostr11 technnqua, the hapstrum techni useo an
ideal tilter as a low-pass fTilte in +the sequency doma?l t he
hanstpeur, Tharefare ona ﬁeeds no aultiplication to cut h|9h6r

(12)
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and the hapstrum technique,
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sequence conponents, The higher sequencecomponents aresimply made
Zero: This also reduces computing ¢ost(the symbols +/=andx in the
flgure Indicate the necessity of add/subtract operationso r
multiplicatlons),

From the author’s experienc® the calculatlion of the FHT is ten t i mes
a3 fast as thatof the FFT, Thls suggests that bY using the hapstrum
techniaue we can mmke the calculatlion of spectrumsmoothlng at most
three times as fastas that of spectrum smoothing using the cepstrum
t!ehﬂiquan

HoweVer, we should be aware that smoothing by the cepstrum glves ug a
better approximation far an original log=magnltude spectrum in the
sense of |east-square error criterion and that smooth] ng by the
hapstrur degrades resolution of peak poslition of log- magnitude
spectrum, The theoretical reason for th!s will b ¢ dlscussed in
sectlon 3,3,

3,2 Piteh detectton,

Toextract g pltch period we have to take asufficientt!me-spanofa

8sp8ech wave (o caicylate a lag-magnitude SPeCtruUm, nanmely long enough
to Include at least two glottal pulses,

In our experiments the duration 19 taken to be 25.6 mgec

corr8sponding to 512 sanples of adigitized speech wave since the
sampling rate of & speech wave 1s2080¢ Hz,

Flg, 3,2-a shows a series of cepstrum plots, A series Of cepstrum are
calculated for each consecutlive segment of speech wave ene half of
whigh overlapst he previoussegment, 1In the caseofthe cepstrum, to
get. a hlgher resojution 512 zeros ape edded to the néxt 512 sampjes
of a dlglgized speech wave, Thl s nmeans t he I DFT and DFT are
calculated on 1024 points,

Fig, 3,2=b shows a series of hapsterum plots, The hapstrum ls
calcVlatead Under the same cdndltlion as the cepstrum of Fig, 9, To
talculate g hapstrum we do not add Zero to the next 512 samplesof a
speech wave, slinceone cannot get higher resojuslon of the hapstrum
by adding zeros !(see 3,3 In thls section)., If 512 zeros are added to
the next 512 sanples of a digltized speech wave on8 wll| get a
hapstrum such that the conponent of the sequence (not sequenmcy) 2i
and 2! + 1becomesthe s a me value,wherellss positive integer.
In other words a hapstrum of a speech wave segment with added Zeros
!s easl|y calculaiedfrom one wlthout added Zzeros, Thls speclal
feature of the Hadamapd transform Is utllized by the snmoot hing of ¢he
log=magnltude spectrum {n the next se¢tlion, The proof !s shbwn In
the APPENDIX in mnore a general|lzedfoem,

Comparingfig, 3.2=a with Fig, 3.2=by we observe that In the CODSt_Fum
a sharp Peak appears at approximately 4,5 mse¢ but in the case of the

(14)
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Conslid8pthameanings of flltering bya nidea| filter int h esequence
dorain, Let an =apray [a(J)] of dimension N (= 2™ ) be a disitized
sigra} in which all components such that N/2 € J < N are set to Zero.
By the application of tne FHT Includingsequenceordering thearray
(a(j)] is transformgd 'nto an array [B(k)] such that each adjacent
corponentbacomest h e same, nama |y:

b(d) (1)
R(2) (2)
0 0 00 ¢ 8t 0 o (11)

LI

B
t

[} o

B(N=2) = 2(N=1)

2
Furthernore. when aj lcomponeng{ssuch that N/(2 ) £ J < N are set to
Zgro thearrayla(J)l !s transformed into such anarray [B(k)] by the
application of the FHTY including seguence ordering

E(O)Y = B(L) = 3(2) = B(3J)

#(4) = H(S)=2A(6) = B(7)

LI I B O I B L (12)
R{v=d) = Z(ve3) = K(N=2) = B(N=1)

£Eq (11) ana (12) are seneralized in (A) and (B) of APPENDIX,

Both eguations sugcest that if [B(k)] is plottedas afunction of
arrayY Index k the cyrve beacomes flat asthe valueof each adJjacent
corponent Is the same, Because of shis flatteningeffect !t degrades

resc!ution of peak posisions in the array [8(k)J]. To cenonstrate
this ap exanple ig shoan in Fig. 3,4, A sedment of a speech waveis
shown and is analyZe3 by the haps<rum techniaque, The two lower

curves rearesent <«ngjog-magni tude spectrum andtheésmoothed result
bythe hapstrum techniaue.

The sToothac joj-magnitide spectrum in Fig, 3,4 demonstrates the
sroothinrg erfect stated befcreb y eg(11). Many sharp maxima and
mirira caused by gl ottei nulses (or plteh fregquengy) in the original
-lgc=magdn i sudespectrdn are dininished in the smoothed spectrum.
Frorm the author’s experience the number of peaxs is decreasedto one
half that nf <hpariaginal.

The- iMportant Aaues*tion is whatheror no%t the prominent e akscaused
by resorance of a vgcal tractare preserved by the smoothling, From
the exarnle snown in Fig, 3.4 we can see that the hapstrum smoothlng

tecrNiQue Gives good smootning with regard to preserving the first
three tormants,

Figa, 3.9 3ives angtaer exanple which suggests the formant compoments
are prassrvaed 2f3p2r the smoothing oy the hapstrum technigue, The
upper is a sonogram of spectra Without smoothingand thelower is a
sonograr ofsmoothed results using the hapstrum technique,
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Fla. 3.5 Sonograms of log-magnitude Spectra
and thelr smoothed specra, The uUpper is
a Sonogramof log-magnltude spectra and
the |ower IS that of smoothed spectra,
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3.4 4 formant teacking orogran as an application cof
th2 hapstrdm tegnnizue,

L tsarmant trackln rqdra s been Imn|ementad ng the hapstrym
tecnanique  and g °5348 ?otfowar techn!gue as use in scene ana?ysus
CLlij. In pr!nciple. the formant tracking proQram presented here
aszcants any Kini of smoothing technigue such as cepstrum or (nverse
filtarlng (1237,

Ed9s followers were first Implemanted tOo regognize objects in 8

s¢3n2, An e¢dga fallower datects a position where sharp changs of
contrast Occurs and follows it successively, A sonogram is Just such
a scane with formant trajectorles represented as dark striges, By
gatacting 1arx stripes Wwe find +<hs locations of peaxs In a spectrum
sins2 a spono3dran isresressnteda s a4 seaquence o f spectira,

Tner2 are many difficultiss in implementing a formant tracking
program basad on an edgde foljowser, One prodlem Is that a formant
traj8ctory Is nat a straightling, out is curved, Sone of the edge
followers navs trzated objec*ts composed only of straight |ines, such
ag cubsg, Tnislimitationcanbeof Us e tCan edge folliower, For
i nstance we can crevant tnhe following of the wrong path by using the
critorion of curvature, 4@ also can forecast the sxistence of edge,
Wwnign is hard to de*act necause of nolsa, oy using straight |ine
interpojation metngis., 45 tha production of a speech wave is 8
oyramit and stochasti ¢ p~n%28ss, the human speecn wave contalns much
.noige,

A seconNg oradlenis that isvery diff: It to decide _a formant
frequency from jogal formatson, A wide rangs of overiap eXists

hetwean the reglionm of the first formant freguency and that of the
sacond, alsn petwasq tna secand formant freguency and the third, In
tne caseo fa malevojce, the flrst formant frequencyrangses fron 227
"z to0 92¢ nz,, tha gercond from 553 hz, to 274928 hz, and the third
fron 1122 nz, to 32T hz,

A taird proolem is that if we see. a sonogram in a microscopic way
thare exist too meny peaks to ulsecriminate ths formant compoments, It
is ceslpznla to have a technigue to eliminate trivial opeaks while
creserVing prominent peaks caused Doy the first thrae formants,
Seostedmr i3 sucn a  techniaus, Raoiner and Schafer £133 have
imdjemerted 2 forermant tracking program bpased on <*he cepstrum
tashAniaue, 43 tnairmetnod maxes frame-by-frame decislons for the
first tnree forman:fraquencies, they dse only localinfermationina
san23rar, [t is 4d4esirabl2 to utillzemore 3Jlobal information,

‘ar<2|Ll17] nas revalnped 1 very 13J00a t2chnigue for getting a smoothed
smectrur based on tne (d3a of |inear prediction method, He calls it
inverse filtering amy nas develonac a formant trackind program (132
wirign usas infoprmation froa tha pravicus frame wnhen It |5 difficuls
to z2tepmina thas fipst +nr2a fopmant freguancies,

(21)
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Tae torrant {rackidvg srodram explained hare fol lows Markal‘s approach
Syt oA ulaaﬁcktracknnl machanlsmto recover if » arenmg path is
tolloweg, If decisions are made frame by freme ¢there isnowrcndway

antr4nce problem, ESvern ifwWwenakea wrong aecision in a frama, the

eftect GC0€S not pronagatet o tha next, However, if we use the
information from just the pPrevious frame the &ffect of a wWrong
agcision wllj rropagate, To cone Wwith this situation it is necessary

to have a racovary tachnigue which utilizes more global information,

3.4,1 Lo3lcal stryczure ¢t a formant tracking oprogram,

Oyr fopmant tracking program is camposed of four madules named PEAK
JETECTOR, CANDIODATE SELECTOR, TRACKER, and RECOVERY. Genera) flow of
the program is shown in figure 3.6,

A, FLAK DETECTOR,

PEAs DETECT)Faccents & digiti 2zed speech wave of a vocali¢ sound,
calculates 2 smsothad spectrun DY using the hapstrum tec“nigue, and
ceterminmzs n2aks, !t snodld be noted that the hanstrum technique s
Usec to cdecrease tha odrogcessing time required for smoothirmrg, It can
easily bte rsplaced sy anotner techniaque suen as inverse fi|tering or
the ¢cedstru™ technisue,

B, CANUIDATE SELE

For @acth resiorn of the first three formant frequencies, CAND [DATE-
SELECTUR sejects at most tnree candidates from many peaks detected by

PEAK DETCCTCR and opders them oy amplitude of psaks, The third
cancidate whoege amnllitude is 7,5 db less than that of the second
cangidate ie removesd oy the ordering process, These candidates

sclectea ar9accunylatedand ape used by TRACKER and RECOVERY, This
routine reguces the search space,

C, TRACKER,

TRACKER tawes th2 results from CANDIDATE SELECTOR and makes a
tertatlive decision for the first three formant freauencies, At first
TRACKER Jooks for areasonatle nlace to track, There exists a reglon
withinwhicn an overlan of two formant components never occurs, In
*he case of a4 malevoice, only the flirst formant ex1Sts bpetwesan 220
nz, anrg 334 hz, and only tne second and the third formant exist
ngtween sy» hz, and 1223 hz, and between 2732 hz. and 3223 hz,,
1f the first ecargidate for a formant frequency is within the first
recion it is reasongole to assYme that this isthe peak caused by the
forrant, after making an inltial selection TRACKER begins trackling
foraard ¢or DaCrware,

TIACALK  uses_ two criterla to determine formAnt freayencies of the
nexty frarme, =2asicajiy, TIACKER uses a criterion of mimimum shift of
neak Positlon from one frame to the next, This nearest meigndour

(22)
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criterion s ysen rg tonu -3 m2r3ing of two formant frequercies dces
aeT  occur, ig saorm as Mrding of two formant freguencies Jceurs,
TRACKER axka2as use (f +t5e 9<ner criverion tc ook for a rcoint of
separaticn sfrer =~araing, Pftar a tentative selectior of the next
forrant conpanents using the first criterion, TRACKER lcoks for a
NguKk Whose poSitign  §s Witnin a reasoracle range from trhe peak cne
frare before, if TRACKE- can find such a psakK it will select the
nean as tne point of sepz2ravtion of the two trzjectorisg, otnerwise
the two trajectOries renain nerged, A wrong decis son by TRACKER s

J, RECUVIRY

——
—

HEDLVERY Works wnan sgme inaensis
‘tr_lcv\|n(; 1r\)gr’.“, ,Lr' lxI"O\Si
chanse in fylijowing a Yornant itrsa

tency is recoCnizea by 2 formunt
tancy is a discontinuity o2r 3 Sharp

Thepr€ gzpr°o WG ma . op rzrsons why TRACKEF foifowS a path trat has a
naoo . 2 fraﬁe +0 «he nadxg, Tne f‘r T.or f

2]
crorinért peax caused 2y & formant conronent is often jost in a
Cc ]

snactrur necedse »f the stosnaciic riovement of Jlottal pulsess, This
resuits in a discontinuity in a formant trajectory if the traldectry
ig s€iecgtar ‘n a ":CFJQLCH«C Wiy, Tnis can be resoived by using the
ngigNboriinod infarngrion, A 0""ASTER WOrks in this case,

TAe secend reason is that 2 wrong decision has been made |n the past
ny TRACKEY anad &« wreng path has ceen followed as a formant
trajectory, fFor exampie & fornant tracking proaram heas mlstanen the
first to-mnas for the sgcond and the trajectory suddeniy enters into
“n2 redion where <ting secgond formant does not exist; namely tne resion
ngtwsen 2.0 nz, and B84 hZ, Tne other typical exanmple is the
roljowlry 9% a wrona path which s not a formant tralectory and
evertud;;, SR D“EJrs, Thas® are corrected 27 uUsing & Dpacktracking
~ecranisrn in tnha XOLOGUEPY routine, In the previous exanple, after

tne RECUVE=RY roysire nas recognizad an errorpr, a2 %trejectory fclliowed
ag the zacon?! forman- is r2placen by tne first formant +«rajectory,
Tha~ arnthar 07ak 18 seiectec ior the sacond formant frequency by
HOCCVYRSY, TAae rou=iAae  extends the new second formant traj@ctory
Jactkwarc QY usking TUAUKEx, and FOXECASTER, This is an example of now
th2 Pacxk +4raskKing Nesanist ~“orks, 3 can see +that that = recavery
o2rczess by DaCK  +pgckins has To nave a recursive sitructure, otut in
5yt -Ccase 2 Qephty of recove-y i3 Limited 1o on9,

:.40’- -x“‘l‘l-o

imoeXaMpie af forsart tavs<cing abtalned Tron thd Drotra@m i3 SNCWN 'n
" i3, 3,7 A spsvat. glntence i3 "wp wers away.," qore =han 224 of
runria: tice i savacte i oto PFak OETECTUR and CANOIDATE gFLECTC=,
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4 Conclusicn,

In tne pajer we nave discussed both the advantages anc Jisanvantages
of the =sge<qérd transform, As cConpared to the Fouriar transfarn, for
1 gngech wav: anaglysis, Tne expeéeriments in section ? raveal tThat
anclicatiyn of tng dedamara tronsform directly to speech wiavas vialds
s00r f23ults, 23 i=- fails tTc extract important feastures, Tha smaller
the nuTger of T2a+tyuras =~22assary to accurately represent a  speech
~aVve, tha cetter 1t ig, I[n =ne Fourier cas9®, in almost 2|l cases for
2 vecalie sound = 3pzech #ave s represented hy the first three
formant frrgquencizs znd to2 pitch (funaamental) frequency, 2nily four
narzreters are nleded ~oA2ver in the Hadamard sequency snsectrun, we
canr9ot c¢nsarve 3ay typical featuras because of the stirong tima-shift
sancitivity WMizn maxes it impossible to anply ever a pitch
sSyngcNrornuy Metncd, InooTner wWords, Typical features «hich are
recoaniz tle ir tne Fourier case are averaged and are scattered away
in a wide range of a sa~uewcy power spectrum, Some of the exceristants
in section 2.2 dRrmomstrace 1%,

Tite=shify invariaants f2pr thé Hadamard 323UenCv sSpeciru™ arée XKNown,
“re of trese aufin2: oy =2q, (8) s02s ndt dear enouah informaticn  $o
~grfor®™ a sp28cn  wave analysis since from a uigitized zpiech wave
coTrosec of /Z2¢ rg

i1%s, w2 33t only 9 compenents, Although each ¢f

tnese comuoments nas -ear relationship with an output frem a fil+er

1

2ark, its trequengzy boant i€ detadarmines by tha numser of points
trarnsformed, (nnsceg C7) ~as definad a2anothar <comnlete 338t of the
afaTard tra~rsiorm which has sxastly tne same numder of corponents as
2 Faurier fr2quangy spnectrun and |Is invariant under 2 circular
tirte=-shifg, Ahmgd et al [8] found an aigorithm to calculate these
terms, howevar myltislication by an irrational numner is included and
is more conpliceted tnan tnat cof the fast Hadamard transfarm, As
shmrsorg  suguests toat the prominent energy line of the Fourler
speetrUr tenus te g2 exaadarated, it is desiraole to calculate

Jhnsor9’s invariarts for a spesch wave,

in  s3ction 3 Tna Napstrun technique is introduced, Tyis *e:hﬁigge
iz gimij~- %2 tAae 32 zaliad ceostrun tecnnigue exrept that tre reT s
anoliec  4¢  +%e  Jan-maanitude freauency spectrunm, After the

apojication 2 the Faurier transfarm the Hadamard transform is
2p2)iac 13 thcc: a pitch period or to get a smoothed spactrum, This
schnjaue snows T27g positiva asnect of the Hadanara transform for
ta2” analiysls of a spaech WNava with regard to the redug=ion of the
progessing tiae r2quirad for smoothing, Good smoothimg =maxes (<t
gasy tTg exur2¢t tne first three formant freaquencies in 2 spsstrum,
ne shoulc note that s=moo%thina oy tne hapstrum is ohtained 2+ tr8 Cost
ef accUrzacy in gzteranining npeak 209sition of a smoothed snez+trum, This
ig exnlaned ny &a (11) or (12) in section 3,5, We can canclJacde  tnat
cr2gise farasnt fresugncies nra obtained by the cepstrum technigue at
tn2 co3t of nrocessing tine, whHile a reduction of processiny time s
cotainee t©y tna mapstrun teghnique at the cost of acouracy in
datermirin: tlc forrans frejuensies, However, it is oftan true trat
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to Odetect a peak causadby a pitch period, is difficult even In the
caseo famaleVOjCe, The author’s originail optimistic standpolnt was
that the Hadamard ¢transform might peveal some new aspact of speech
waves, However the only galin found from uslng the Hadamarc transform
was the reductlon of processing time requlired for smoothlng, andthis
was obtained at the cost of preclision,

LA formant tracking program uslng an edge follower has been descrlbed
in section 3.4, Whilg the algorlthm is rathepr sophlisticated, most of

the tlre Is stilt devoted to the smoothing and psak selection

(27)
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APFINDIX,

Let us defimo a few of the functions us3d here,

~

Funetion 5(J) 1s defined as follows:

Lat a binary representation of U or G(U) de

G(J)Y = L o= Sn=-1Ga=d.,...51G3

dOS gn=atime2 . L, . e J1US

Gi andg i e (1,2 (for L £ | S$n=-1)

Anep?

sn=1 s U2 XxQ% it

=2 = Jd1l o xoR U2

LI S I R N I R TR T R L S (A-l)
[N N I BN B R B B N Y T B L BT B ]

1 2 Un=2 X5 Un-1l

LEos Un=14

(X' s+tards far exclusive-or)

Let anm Array [2(J)) bhe [a,f] such tnat
L'eufJ) EQJ, :.n...,am-lgf’ﬂyflloo-’fm-lj
= [al,21,.,.,8m=1]
§

and [e? c
T...‘I L L,fJ,.o.n'fl"l]

Fron the definttion of the Radamard transforw

H(n=2) H(3y=1)
(aCi)) = (7 fe,

114 (ned) =H(A=1)

n . -
wpops Nz 2 Anc o= /2.

P itterting on *+he ssiyyence cdomain.
array (f] s Dl resarid thnan A(k) = A(Cl) for | = kK + 0,
N/ZY - 1, ard  the difference of sejuence

CEE N }

nurber tatwaen (1 and A(k) i35 one.

ant of

gyence aumazr of ths x=th »ar t=-th 2|
2 A f ke sinary

a2
i t, respectively, Tmen |
rr~rogenaninan gf A ly S 0OFr T 1S

-
v

- = kp=l okneZ ,,, <1 K¢
oz tmel tecZ oL, 11 1A
= = _"'l"l ;"’"Z ) '1 s/: CA"})
=T ga=il otreT ., ti %Y
158 « = 5¢=) arc T () vsaee (30) (A=g)
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Since ¥ £ k < (N/2) = 1 and I = k + (N/2)

most significant Dinary dlglit knel and In=1 are

kn-1 = ¢

In=1 = 1 and (A=5)
ki = 11 fo, i #n =1

Fromea (A4) and (A-5)

In=1 = t@ XQR t1 = 1

kn=1 = s2 X0R si = @ .
kn-2 = si XO0R 82 = ti X0R t2
DR R R I RS I I I S S I I NI O B I (A-é)

KL = sn=2 X0R sn=1 = tn-2 XOR tn-1
kg = sn=1 = tn-l

We obtaln the fellewing relatlion from eq (4=6),

si =t fop 1 ¢ i $£n=1, and
8¢ = @ and ¢@ =1 (if sl = 2) (A7)
s@ = 1 and ¢2 = @ ¢if sl = 1)

Eq (4<7) implie that a s op t i3 In sequence,
In other words the difference 0f scquence number between
A(k) and A( |) is one,

Let [AC(J)] be CE,FJ where
[E,F] s EEJtElnlc|lEm’1ng)Fll.oo'Fm'1J (A=3)

Frpom 8gq (A=2)

Ek = [el(h(k)) + [flCh(k))
Fx = [el(h(k?)) = [fl(h(k)) (A=9)
where (h(k))is the ke=th column of magelx H(m=1),

— N
Since in our case [f] = [3,0,.,,,,0]

Ek = FK, namely ACI) = A(K) for | = k + (N/2) Q,E.0,

W€ can genaraljze the result of (A) further,
Zero all components of array [a(J)] such that
2% < j €N <1 where 1l €k $n=1, then

[ )
aCer=a2 8y = (202" = A3e(2® ) =, .2 ac2NK) Lgyiak

pt1y=a2 K etyzacz. 2K rer=a(3 2K )+, 2A0(2 N K) Lgya2K 41

S o 8 o 0 g s g0 0 g 0 3P g0t g NSOt PO OO

(29)



(n-k)_,, ,k

hiirsa(o KeiyzaczoaKrvir=a-2Kasine, 202 12

e % g 3 g0 0 0B g0 e st

a2k yza(2.2K Cqyza3-(2Ky-trzata-2K =, , 22" o

and in each group. for examnple { A(i), A(Zk*“:

A(3 »(2 k)+i),.,.,A((2”‘°k)-1)-2k «1) ), 2("'k) consecutlve
sequence numbers are Included,

proof:

It Is Aapparent from the recursive definitlion of the

Hadamard transform matrix g9lven in 8a (1) and the proof
given 1a (A,

(392)
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