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L Introduction.

~ecert!ly peopleinvarlous fields have paid much attenticn to the
“adaltarsd: “ransform ano nave obtained results from its acpl ication in

such fields as filter «esi@n, voice analyzspe/csynthesizer and
ryltiplexer equipment [1]. The Hadamara(or discrete Walsh) transform
Ig ohe of tha orthogona | transforms Using digerete na | eh fuactiagns
and has a fast algopithm similar to the Fourier transform [21,03],

There 2re many reasons why the {adamard transform is attractive, Two
mralJor reasons are as follows, First, the Fast Hadamard Transform
algorithm =FHT- uses only add / subtract operation, Multiplication is
rot neccassary for tne FHT, Thismakes the calculation of the HT
2xTremely simple and faster than the Fast Fourier Transform = FT. In
*he Fourier trepsforin c¢ase  9ne needs multiplication for the

i sine=cO0sine ccefficients, sometimes even with irrational numtéers. The

FHT offers quitea simnle ana an appropriate algoritnm wher using a
cicital computer,

Secondly, the tisgcrete .Jalsn functions give Us a general bask for
s'or4| analysis, namely the concept of sequency rather than that of
treguency, The gseguancyo fdiscrete Walsh functions is defined by
one half ot the average number of Zero crossings per second, This
corcept enaocles us to replace the concept of freguency of the
sire*cOsine furctions,

zecause of this feature of the Hadamard transform oné may well think
of the passlinility +hat all problems which have heen solved using the _
Fourier transform might pe re-Interprated by the Hadamard transform.
Furthernoure, cre might hope for some interesting new giscoveries
sirce the Hacamard transform might reveal someneWw aspect of the
rrch lem concernea,

From this optimistic standpoint, the AULNOL bas attempted an analysisof the sreect wave sing the Hadamara transform, Similar attemnts
have GCeen made in the past [4], and they have sygzestla some

rossibi|ites about the application of the Havamard transform to the
speech wave Cy Showing some correspondence between tha frequency
spnectrur ard the sequesncy spectrum, This report Wil] show twee

rethods of sreeegh wav3d aralysisusingtheHadamard¢transform, tne
ci rect and tne ingirect methods, These two methods show both the
s¢vantages and disagvantades of the Hadamard transform for speech
wave araiysls,

, { 2 i 7 H ,

Detar res an te dhe Rtn BY eB Roa ?BR e821 20, Test
que to the strong shift sensitivity of the Hadamard seqguency
spectrur, Soma shift invariant terms of the seguency power scectrum
are known hut thay araconnlicatedtn calculate or tos simple to
nrovide enzugh information, Afewexperimental results are shown in
this section tn d2mgnstratz these facts,

( 1)



section 3 wili explair the indjrect mathod named tha "napstrum"
tecnnicoye. T~z hapstrum tecnigue is a similar technique to the so
called cepstr-™ technique [5] except that tne FHT 1s a-~pliad to +the

lpd=Tadnitude Trcquancy spactrum, This tachnigue is indipact in the
serge twat at first tne FFT (not FHT) is applied to a shart span of a

SpeecCn wove and tnen +he FHT 13 ysed to detect the pitch period or to
Jet a Sreotned soectrum, This technjoue shows soma positiva aspact of

the Hadamard trinsform for the aralysis of a speech wava with regard
to smoothing cf 4A spectrumn., Some experimental results will]
deTgnNstrate this, |

] A formant tracking orodram nas been implemented using the technigue
2f an eace foliower in gcena analysis combined with ¢he hagpstrum
tecnniage, kawavar, such an approach always contains a pitfall,

. nately the nroclem sf wpanjy way entrance, This will ve discussed
in section 569,

Cinally, in segxion 4 a tentative evaluation wil! be mada of thewadamrardc trarstarna for anaj¥Zing sneagcn waves,
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2 Jiract avunlication of the Hadamard transforn
TO spevcn Wzgve analysis,

In this s3stion the Hadamard transformwillbe directly a oy ied to aSpeecn aava to Jet +heg sejzuency power spectrum, The existence of
SgTe Corr23u0nlderce batween frequency spectrum end sequangy spectrum

"as veer raportesd on [41. As a given vocal1c sound can be

characteri zad by tha location of its first three formant frenauencies,
it is Worth investicatin? *the existengce of formant "saquensiss" in

the Hadamard sequenzsy spectrum instead of formant frequencies, Afew
axcelimMentswi|l demonstrate poor results and the reason Will be
Jiscussena,

2,1 Definitior of sequance and sequency,

The definitian of secuyence was introduced by H. F. Harmuth [3] and it
Jives a new pasisfepom which to Investigate the characteristic of
signals, a seguence numoer of a walsh function is defined by tne

nuTeer of si an ¢cnanges no2r Unit time, Let N = 2" consscutive real
muyrcers a(jy, 3 ¢ j < MM, 98 represented by a 1 x N matrix CatCJj)l.
The Madzgnard transform of [a(j)] i3

CAC<)] = (1/N)la(j)lH(n) (1)

wh2pe the NN x NN Hadamard TatriX H(A) is defimed recursively in the

I olh{n=1) = oo (2)
“{n) =H{N)

HC) orl

tach column of “(a) represents one of discrete Walsh functions [71].
Fhe examples of =(3% and A(<4) area shown in the Fig, 2.1.

The seguency |s dafined by the average nunter of _zero crossings par
Lnit tire fuze Oy 3" Let 5 (R) be tne number of sign changes 12878
relatec to frezusnce or seauency it is desirable tog calculate
cefinedc vy eq,(3)

atx) = [(acxr+1r/2]) (3)

~her8 [x) ranresents the largest integer which does n oOo t exceed X (seeH(3) OF the Fig, 2.1), It Is known that p(k) takes on all values
petween zero ana \=1 and g(x) takesall values between Zero and N/2,
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1 111111311

l=] 11 1-1 1-1

1 1=1=11 1-1-1

1-1-1 1 1=1-=11

H(3) = IIL 1 1 1-1-1-1-1
tel 1-1-1 1-1 1

| lelelel=l | |

1-1-1 1-1 1 1-1

d¢ ¢ 4 & bb 4 4

--- sequence of each columm: P

-- seqguency of each column! a,

1 1111111 11111111
1-1 1-1 1=1 1-1 1=1 1-1 1-113=31

1 1-1-1 1 1-1-1 %Y¥ 1-1-1 1 1-1-1
1elel 1 1=1=31 1 1-31-31 1-1-1 1

111 1-1-1-1-1 1 11 1-1-1-1-1

l1«1 1-1-1 1-1 1 1-1 3-3-1 1-1 1

1 1-1-1-1-1 1 1 1 1=1=1=-1-11 |
1-1-1 1-11 1-1 1-1-113=11 1-1

H(4) =

11111111 -1-1-1-1-1-1-1-1
1=1 1-1 1-1 1-1 =1 1-3 1-11-1 |
1 1-1-1 1 1-1-1 =3=31 1-1-1113
14-1 1 1-1-1 1 =13 1-1-1 1 1-1
111 -1-1-1-1-1 -1-1-1-1 113131
1«1 1-1-1 1-1 1 =11-11 1-1 1-1
1] lelwlel=l 4 1 =3=11 1 1 1-1-1
1-1-1 1=111=1 =1 1 3=321-1-1 1

F19, 241 Examples Of the Hadamard mage!x,
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Lat Mdsingroduceswe notaticnss Alc,p(K)) and A(s,o(k)) fop AC),

Alcsglk)) if p(k)is even
Aw) =

A(ssglk))i folk) is odo,

in analogy Of frequsngy power Spectrum, sequency power spectrum is
dafimed acs follows,

2 |
A(ec,d)

Reig) + £grg) 2 < aq < N/2 (4)
2 ~
A(s,N/2)

‘ The Parsaval’s relation is preserved on the coefficients A(k) and
a(k)

N-| , (W2)- \ aAe } A Z
(Ly D0 Fu) = A(c,d) “20 A(C,q) + A(s,q)]l + A(s.N/2) (5)

K=O 9=1

[t iS _interastin T investigate the_ formant structure In, the
edaldney sfedtruf 3% a s536ch wave, The most conven ent way is to
charde rany s0ns2cuti vs spactra Into a visual form, tnat Is the
soncdrér of ssquencies, A short timespan (12,8 ms,) of a diqitized

speech wave (sanie rate = 22372 Hz.) is Jdlirectly trapsfyrned Iu,
seauenc, spectrun, Then tne log_magnitudeof this spectrum is taken,
4ary short time saguency spectra are calculated in this way, are
accumulated, and eventually output to a video screen,

ExperimMental results are snown in Fig, 2.2. The upperpart shows a
speech wave to he analyzed, the middle part a sonogram of frequency
spectra »>f this speech wave and the |ower part a sonogranof sequency

spectra, Jt ics easy *tnsee that the sonogram of sequency spectra (the
lowest one) is rougher than that of the frequencies (the mlddla one),
The torrantsegquency structure is not clear andlt appears to be Very
difficult to ouilg a sne2ech wave analysis system based on the
extraction of formant components using the Hadamard saguency

snectrumr,

The reason “ny the sonogram of saquency spectra oecomes so rough and
irredular ls me de clear by the following experiment, The Hadamard
secuency spectrum ig calculated for a fixed time span (12.8 msec,
long) ¢f a speech Wave, The <ime span is shifted rignt by 170

ricruseéconds for gagh successive calculation of the  sagquency
snectruUr, In other words, calculation of a seqguency spectrum {is made
gach 1¥Z mlecrcssccing time=shift, A Fraquency spectrum ofthe Fourier -
trarsfoprmi s caljcylated in the Sane way to ake comparision with

c3cuENCY srectrum, The results are shown in Fig, 2.3.
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Frequency spectrum Sequency spectrum
Frame No, 1 Frame No. 1

4,9 - - - mms T 1 1 1 __ I1002 2000 3¢P2 (hz) 0 1200 2000 306% (zps)

/

No, 3 No. 3

— bo ] | i i i ! ] ER

Fig, 2,3 Strong shiftesensitivity of the
Hadamard seqQuengyY spectrum Each
frame |s calculated each 108

microsecond time=shlft,
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From Fis, 2.3 we can casily understand that although the tima=shift
lg limited to this small value, the shape of consecutive sequency
spectra changes rapidly, The locatlon of a oeak whichappearsto
represent a formant compoment changes drastically In the next
sequency spectrum, One cannot expect these rapid changes from
observation of the original speech wave since (he speech wave does
not appreciably change Its shape during 1206 microseconds,I n
contrast, fm the Fourier case, a freauency spectrum does not change
ts shape so much during 100 m croseconds, Thls strbns
shift-senslitivity of the Hadamard seaquency spectrum causes the

fpredularity or rough pattern of a, seguency sonogram and makes
impossible the application Of the sitcn=synchponous method,

The strong time=shift sensitivity of a seguency spectrum alsc can be

explained theoretically, Plohler [6] shows the Hadamard sequency
spectrum is invariantunder the dyadic time=shift:

(b(j)]Is ootained by the dyadic time-shift ¢

(b(Jjl)d = [a(j @ 31

whep® | @ t stands for component-~wise modulo two addition(no carey)

for the binary representation of J and t. Plchier’s result is
weltten as follows,

50) 28%2(e,q) + 3(s)qg) = a2 (coq) + A" (s,q) (6)

Unfortunately the Hadamard seguency spectrum is not invarlant under
eirculap time-shify Of the Input Ca¢j)), If [at(i)] is shifted by t -
circularly formingfe(Jj)l we obtain;

e(JjY] = Ca((] + ¢))1

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

c%(cs a) + c2 (sq? z a2 (¢)q) + A* (5) q) (7)

The experiment shown In FIlg, 2,3 Is not the case of clreular

time=shif¢ but one c¢an easily understand that the relation of 8a (7)
oauUs®s the strong shift sensitvity In the Hadammrd Sequency spectrum,
Note that in contrast to the Hadamard sequency spectruma frequency
spectrur of the discrete Fourlepr transform i s invariant Under
circular time=shift since absolute vajue of a shift operator i$ One,

2,3 Difficulties in calculating shift invariants
for the Hadamard transform

Some attempts have peen mmd8 to define circulartime~shift invariants

for the Hadamard transform, Ohnsopr3d has defined a completeset of
clrculap ¢time-shifst invarlants of the Hadamard transform and a|sohas

( 8)



Shown Intermediate for ns whi¢h are invariant $0 both ciroular
time~shift and dyadic tine-shift, For more detalled derivation of a
comp lete set of circular timeeshlft invariants and its imtermediate
forms see(7],

As a flpst steps consider Intermediate forms, a sot {(P(k)) which ls a

sum of groups of components In [A(k)JIsquared such that

P(g) = a%(p)

P2(1) = AZ (1) )
P2(2) = A%(2) + A“ (3)

EEE EEEER (8)
In genera ybem) = > A(k)

K.

whepe 2M¢ <2" for 1 £m <n,

Examples of calculations of aset (P) for var lous input waves are
showh in Fig, 2,4, In the flgure the short time span of the speech
wave for the Hadamard transform is fixed to 12.8 msec, Each

component of a set (P} Is shown as afunction of time In the Ffg,
2,4, Overlap of the time span for the next Hadamard transform Is 6,4
msec , The case of a sinysoldal wave [ndicates the filtering
characteristic of a set (P)hecause the position of each ©0peak moves
to the Jeft as k Incpeases In P(K), In other words, the smajler the
value of k In eq (8), the more |IK®ely it Is that the component P(K)

Wil Pass the higher fraquency component since frequency Increases
with tIme passing Im the oOrlgimal Input wave. However,as the band
Of each filter Is determined by the number N, Whleh Is the dimensfon -
of an array CA(Kk)], we lose flexibility, Although the cajoulatlon of
a set {(P) from N components of [A(k)]) |s stralghtforward, we canget
only1 + n= JogaN) conponents of P, For Instance, If Ns 256 one
can get only 9 componentsofP and one of them lis d,c, component,
This meansagreat deal of Infoepmatlom reduction is made and 1t ls
doubtful If a set (P) contains enouah Information to perform speech
wave analysis,

Ohngorg has defined another complete s@t of the Hadamard transform

which has exactly (N/2) + 1 Invarlangs for a clrcular time=shift,

(The discrete Fourier transform =DFT= gives a (N/2) + | point
spectrur,) However jt is not a stralghtforward way to calculate the
Invariants since it includes many Mmatepix multip!lcations, According
to ‘C73 if we let {J} be aquadpat!e invariant set of the Hadamard
transform then

in the case when N = 8

JEoy = A? (g)
J2(1) = A% (1)
J2(2) = a2 (2) + A% (3) (9)

J2(3) = A2(4) + A? (6) = A(4)A(7) + A(5)A(6)JE(4) = A2(5) + AZ (7) + A(4)A(7) = A(5)A(6)

( 9)
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Fig, 2,4 Calculation of eqf(8) for various inputwaves,
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Ajthoudh thers is ng explanation aocout how these terms (J) are
re lated to freauence or sequu
Ohrsorg’s [71 Invariants, As Ohnsorg sugdests that {ae prominant
zsn2pdylines of the discrete Fourisrspectrum tand to He exagdderated
ir the quadratic spectrum (J),

N, Ahrea et al (RY) found an efficient algorithm to calculate Shese
terms, however muitiplicatidnoy an Irrational number isircluded In
the algoritnm and it is more complicated than that of Hadamard

transform,

. (11)



% canstrut t3cnigul,

| n tNis section tne "napstrunm" technigue is intrcduced. The
napstrur tachnique is a similar technique to the gcepstrur technigue

2xCeut that whei nverge fast Hadamard transform =[FHT~- 1s agplied to
tn |0og=magnituils frequency spectrum «and tthe outbut = called
"napstrum," Thls %echniguei sindlract in the sense that at first
the FFT (not FHT) ig applied to a short timeSpanof a speech wave to
obtaln the spec rua and tnen the FHT is used to extract pitch period

or to get smoothed spnectrun, The strong time=shift sansitivity of
the Hadamard transfarmis ramoved hy tne first application of Fourier
trarsf Op to suoech waves.

H ~1 ' : ‘ P= 1 h

Inigsrsathnigue [llldstratas 3 008 ENuadslotpetiaP00. +R 78051]
ta tne 3no2tning of a spactrum, A formant Tracking program Has Dean
implemented using tnis taenniquae,

5.1 Cutting,

Ta s30w wo023th tA@ advantages and disadvantages of te hapstrum
tecaniau=2 ~e Will cenict the outline of both the cepstrum and the

naogtrur tachnlaues, Although there Is more than one dafinitionof
the cedstrum tecnyijue w2 dive a typlcal application in the upper
oart Of Flu 3,1, The hapstrun teghnliquas is shown in the |ower part
of Fig, 3,1.

Feom Fig, 3,1, one can 9%asily understand the difference deg ween othtecnniayues, The fr2quency spestrum of a short time span of a speech
wave fliterad oy a Hamming Window is ootained by the discrete Fourler
transform =JFT, Than %he log-magnitude of this spectrum is taken,
Af tar tne 2r0ces55inNng, 1n the case of the cepstrum tegnnigue the
invarse discrete Fogriar transform <IlDFT- and DFT are applied to get
citanpDeriod and smaotnedsoectrum, On tha other hand,”'mn the c¢ase Of
the MNabstruJdn technisue the [DFT and DFT are replaced by the [FHT and
FAT, respectively, A napstrum, Which is ordared in saguence (not
sequencty), |s ootained by the IFHT of a loge=magnitude spectrum, From
th2 replac3ments ne 33ts tha advantage of tne fast calculation of
-the Hadamar § transform, Jue to the elimination of linear filtering,

coTndtlng Cost Is 2van further paducad by the method,

et us note thatin tA8 capstrum case after the Appl ication Of the| 7/373€ dissrate “ogriapr traasform Wwe need low-pass f 1 | tering of <the
lo v=Tagr i tua O f «ha discrete Fourier transform, Py means of
| pwedass f i 1taring a smoothed spectrum ss obtained due to the
eiirination of the fire structure of the spectrum, This ig

acCamMnlisnas hy nyleiplying the cepstrum by a | ow=pass filter
funztion,

In contrast to fhe -sapstrJdm_techniqua, the hapstpum techni me USES an
ideal tilger as a low-pass filter |n the ssquency domal n of the
nanstrur, ThHarefoare ona needs no aultiplication to cut higher

(12)
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sequence conponents, The higher sequencecoOmMponents are simply made
Zero. This also reduces computing ¢ost(the symbols +/=andX in the
figure Indicate the necessity of add/subtract operationso r
multiplications),

From the author’s experience the calculation of the FHT is ten ti mes

a3 fast as that of the FFT, This suggests that bY using the hapstrum

technique we can mmke the calculation of spectpumsmoothlngat most
t hree timesas fast as thatof spectrum smoothing using the cepstrum
technijqus,

However, we should be aware that smoothing by the cepstrum glves us a
better approximation far an original |og=magnitude spectrum in the
sense Of |east-square error criterion and that smoothng by the

hapstrum degrades resolution of peak position of log- magnitude
spectrum, The theoretical reason for thls will b e discussed In
section 3,3,

3,2 Plteh detectton,

Toextractag pltch period we have to take a sufficienttime-spanofa

8p8eCh wave (, caicylate a lag-mugnitude SPeCtrum, nanely long enough
to Include at least two glottal pulses,

In our experiments the duration [9 taken to be 25.6 mgec

corresponding to 512 sanples of adigitized speech wave since the
sampling rateof & speech wave |s20820¢ Hz,

Flg, J3,2-a shows a series of cepstrum plots, Aseries Of cepstrum are
calculated for each consecutive segnent of speech wave ens hal f of
which overlapst he previousseugment, In the caseof the cepstrum, to
det. a higher resojution 512 zeros ape edded to the next 512 sampjes
of a dlgli¢ized speech wave, Thi s means t he I DFT and DFT are
calculated on 1024 points,

Fig, 3,2=b shows a series of hapsterum plots, The hapstrum ls
caleWlated Under the SzMme cdngltion as the cepstrum of Fig, 9, To
talcYlate a hapstrum we do not add Zero to the next 512 samplesof a
speech wave, sinceone cannot get higher resojuslon of the hapstrum
by adding Zeros (see 3,3 In this section), If 512 zeros are added to
the next 512 sanples of a digitized speech wave on8 wll] get a

hapstrur such that the conponent of the sequence (not sequency)2iand 2! + 1 becomesthe same value,wherelligsas positive integer,
In other words a hapstrum of a speech wave segment with added Zepos

ls easl|y calculaiedfrom one without added zeros, Thls speclal
feature of the Hadamard transform Is utilized by the smoothing of ¢he
log~magnl tude spectrumin the next section, The proof ls shbwn In
the APPENDIX in nore a generallizedforem,

Comparingfig, 3.2-a with Fig, 3.2=by we observe that 1n the cepstrum
a sharp Peak appears at approximately 4,5 mseg¢ but in the case of the

(14)
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Consiceptha meanings of filtering bya nidea| filter inth e sequences

domain, Let an apray [2(])] of dimension N (= 27 ) be a digitized
sigral in which all components such that N/2 £ J < N are set to Zero,
By the application of tne FHT includingsequence ordering the array
Ca(j)] is transformed Into an array [B(k)] such that each adjacent
corponeéntbacomesth e same, nama |Yy:?

(gd) = B(1)
R(2) = ©(I) ”

0° 0 00 3 te (11)

BE(N=2) = 2(Ne1)

. 2
Fyrtherrore, when a| components s uch that N/(2 ) S$ J KN are set toZero thearrayfa(J)l Is transformed into such anarray [B(k)] by the
application of the FHT including sequence ordering

E(D) = BE(L) = 3¢(2) = B(3J)
504) = H{(E)=z As) = B(7)

LINE NE RN BET DT ES NE BE (12)

H{ne4) =Z(ve3) = K(N=2) = B(N=1)

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

Both €quat ions slJgcest that if [B(k)) is plottedas afunction of
array Index k the curve becomes flat asthe valueof each adJacent
corponent Is the same, Because of this flatteningeffect !t degrades_
rescl!ution of peak positions in the array [8(k?], To cenmonstrate
this arp example ig shoan in Fig. 3,4, A segment of a speech waveis
shown and is analyzes by tne haps<rum technique, The <¢wo lower
curves represent  <«nejod=-tagni tude spectrum andthe smoothed result

bythe hapsftrum tecnhn:aue.

The sMoothAc joj=magnitide spectrum in Fig, 3.4 demonstrates the
sroothing evfect stated befcreb y eg (11). Many sharp maxima and
mirima caused by gl octai pulses (or plteh freaguency) in the original

Joc=ragni ude spectrdn are diminished in the smoothed spectrum.
From the author's experisance the number of pDeaxs is decreasedto one
half tha+ nf <heariaginal.

The- ifMportant auestion is whatheror not the prominent a aks causedby resorance of a vgeal tractare preserved by the smoothing, From
the exarnle shown im Fig, 3.4 we can see thas the hapstrum smoothing

TeCrNiQue Gives good smootning with regard to preserving the first
three formants,

Fig, $9 gives anginsr exanple which suggests the formant compoments
are pressrvad 2f32r the cemoothing oy the hapstrum tegchnigue, The
UupPer Is a sonogram of spectra Without smoothingand thelower is a

snnograr of smoothed results using the hapstrum technique,

- (10)
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S.4 A formant Teagking odrodram as an application cof
th2 NapstTerdm tesnNnli jue,

A Thormant tragkling prqQ3ra) Nas been imojementsd using the napstrumtachi Gue and aA 5346 tollowar technique as Used IN scene analysis
CLiJe In principle, the formant tracking program presented here
ascants any Kind af smoothing technigue such as cepstrum or (nverse
filtarlng (127,

Ed9s follosers were first Inplemanted tO recognize onjects in 8
sc3n2, An 2dgs follower datects a position where sharp change of
contrast Occurs and folloNs it successively, A sonogram is Just such
a sz3ne with formant trajectorles represented as dark striges, By

datactlimg dark gtripes Wwe find <he locations of pears In a spectrum
Sins2 a sond3ran is resrassnteda Ss a4 s8guence o f spectra,

Tner2 are many difficultias in implementing a formant tracking
program basad on an edge follower. One problem is that a formant
trajd8ctory Is nat a straightling, put Is curved, Sone of the edge
followers navs trzated objects composed only of straight |ines, such
as cubes, Tnislimitationcanbeof Us e t¢an edge follower, For
i nsgancewe can crevant the following of the wrong path by using the
criterion of curvature, 4e also can forecast the axistence of edge,
Wnign is hard to dJda+z2ct necause af nolsa, oy using straight line
fntarpojation metng is, 45 tha production of a speech wave is8
oyramic and stochasti¢c p~ns8ss., the human speech wave c¢ontalns much

. nots8,

A 3eConNg praslenis that, it isvery diffiah It to decide _a formantfrequency from foca | information, A wide ranga3 of overlap eXists
hetwean the region of the first formant freguency and that of the
sacond, also petwaess tna secand formant frequency and the third, In
the caSeo fa malevoice, the flrst formant frequencyrangss from 220
Mz t0 92¢ nz,, tha gerond from 552 hz, to 27498 hz, and the third
freon 1127 pz, to 362° hz,

A Third praonlem te that 1 f We see. a SQNOYram in a microscopic way
- th2re exist tou many peaks to ulscriminate ths formant compoments, It
is ceslpznla tc have a tegchnigue to eliminate trivial p2aks wWhila
creserVing prominent peaks caudsed oy the first thrae formants,

ZeosteuUmr i353 sucn a tachniaus, Rabiner and Schafer r193 have
imojemertes a farmant tracking nrogram passed on +the cepstrum

tasnnique. AS tNair method makes frame-by-frame decisions for <he
first tnre= formanifraquencies,they idse only local infarmationina
shano3drarmr, It is A4desirabl2 to utilizemore 3lobal information,

‘arx2|llc] nas cevainged 31 very 200q t2chnique for getting a smoothed .
snectrur based on tne (d3a of |inear prediction method, He calls it
inverse filtering amy nas :develonac a formant tracking orogram (13)
wiiten usas infarmation froa tha pravious frame when It (5 difficuls

to z2¢2pmina ths fips: +nr28 fopmant freguancises,
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Tae torrent (racking sroilram explained hzre fol lows Markal|’s approach
cyt ~ i th anack+track ind "9chanlsmto recover if r a'reng path is

tolloweg, [If decisions are made frame by frame there isnpopwrocndway

AntranCe problem, Ffvan ifwemnakea Wrong aecision in a frama, the

eftect Goes not pronagatet:t o tha next, However, if we use the
information from just the previous frame the effect of a Wrong
gecision wlli cropagate, To cone With this situation it is necessary
to have a racovary tachnigue which utilizes more giobal information,

3.4,1 Lo3lcal structure of a formant tracking program,

Our foOopmant tracking program is camposed of four modules named PEAK
JETECTOR, CANDIDATE SELECTOR, TRACKER, and RECOVERY. Genera) flow of
the program is shown in figure 3.6,

A, FLAK DETECTOR,

PEAaA DETECTIF accents & di3iti zed speech wave of a voecalig¢g sound,
calculates 2 smjyothad spectrum DY using the hapstrum technigue, and
ceterminpss neaks, !% snodld be noted that the hanstrum technique is

usec to cecrease tha orocessing time required for smoothimg, It can
easily be replaced sy anotwer technique suen as inverse fi|tering or
the CeDstru™ tethniasue,

BR, CANUIDATE SELECTAR,

For each regior of the first three formant frequencies, CAND IDATE-
SELECTUR selects at most three candidates from many peaks detectedby
PEAK DETCZCTCR and orders them oy amplitude of psaks, The third
cancidate whoce amnlltude is 7,5 db less than that of the second

cangidate is removej oy the ordering process, These candidates
sclecteac ar9accyunylatedand ape used by TRACKER and RECOVERY, This
rcutine reaguces the search space,

C, TRACKER,

TRACKER tawes tha recults from CANDIDATE SELECTOR and makes a

-tertative decision for the first three formant frequencies, At first
TRACKER Jooks for areasonable nlagce to track, There exists a region
withinwhicn an overign 2f two formant components never occurs, In

+he case Of a malevoice, only the first formant ex1Sts petwesn 220
nz, ahd 334 hz, and only the second and the third formant exist
netween yy hz, and 11223 hz, and between 2732 hz. and 3223 hz,,
If the first ¢canrsidate for a formant frequency is within the first

region it is reasongole to assume that this isthe peak caused by the i.
formant, after making an initial selection TRACKER begins tracking
feradpQ gor DatCrwarc,

TIACALR uses two criteria to determine formant freauyencies of the
next frame, ©fasicajily, TIACKER uses a criterjon of minimum shift of
nedk Position from one frames to the next, This nearest meigndour

(22)
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criterion !'s ysea cg ony «3 mzpe3ing oT two formant frequercies dees
not  QCclr, ig aor as Merling of two formant freguencies J2CCuUrs,
TRACKER iak2s use of t5e 2<ner criverion toc look for a rcoint cf
separation Lsf=er =~araing, tftar a tentative selection of the next
formant conpenents using the first criterion, TRACKER lcoks for a
Nguk whose pPositiogn (is Within a reasonacle range from the rCeax cne

frars before, 1f TRACKE- can find such a peak 't will select <¢ne

neah Aas tne noint of sepzrationof the two tra ectoriss, otherwise
the two %Lraujectoriesg remain nerged, A Wrong decision by TRACKER is
Corrected Ly the RECOVERY routine, |

J, RECUVIRY,

: “EDLVERY works when some incensistency is recognized by a formant
Tracking HrQygran, An incoasistancy is a discontinuity 2r 3 Sharp
chanseg in fylloviag a Yornany trajectory.

Th8pr€ gr2 we ma op recsons why TRACKER foijaws a path that has a
sha LP Crhanis foam re foane ~0 «he naxg., The Fist re8g0n ig thae a
Srorinért peax caused 2v a formant c¢conronent is often Jost in a
spactrur necalse of the stoznaciic riovement of 3Jlotta! pulses, This
results in a discontinuity in a formant trajectory If the trajectry

lg sfi8ctie ‘nN a ~izroscopic way, This can be reso.vecd by using the
ngighbOriinod infarngtion, A FORECASTER works in this case,

The second reason |s that 2 wrong dacision has bean made |n the past
ny TRACKE:S and « wrong path has ceen followed as a formant
trajectory, For exampie a formant tracking proadram nas mistaxen the
first fo-mnna+% for tre sgcond and the trajectory suddenly enters into
ne? refion where <neg second formant does not exist; namely the resion

ngtwden 2. nz, and 584 hz, Tne other typical example is the
| rol jowlry 1% a wWroma path which is not a formant tra ectory and

ayvaptualily 3.320084rs, Th8se are corrected 27 Using a packtracking
~echanisgr in tha XICOVEPY routine, In the previous example, after
tha RECOVERY POLImre nas recognized an error, 2 trejectory fecllowed

as the sacon? formant is r2piacen ny tne first formant +«rajectory,
Tha~ arnothar 27ak 18 3snicecvec Tor the sacond formant frequency by
SOCCYRRY, Tae rou=iA2  axtends the naa gecond formant trajectory

Jastkwarc JY using TOACKYE=, and FOKECASTER, This is an example 07 now
th2 PaCx ftraskKing MNelhanism «orks.3 can see that ¢tnat =o recovery

orCz€§S hy DAaCK  +pgckins nas To nave a recursive structure, Lut in
yr Case ta Jeo af recoveey 15 Limited to ong,

$.5,4 Xap le,

in oeXaMpie 2° Torsart tan ccing obtained Tron thd procram 3 shown in
Ti3, 3,7. A sny<a- gen<ence 3 "we wer2 away." sore <han 33% of
ranr ins tite fn savactego tg PPAR OETRCTUR and CANDIDATE §FLRECTCR, ’
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4 Canclusin-n,

In tne panep we nave discussed both the advantages anc Jisanvantaqges |
of tne maads7érd transform, as conparedto the Fouri2r transfor, for
1 gnee€ck wav: analysis. Tne experiments in section 2? raveal that
anclicatiye of tng Wedarara trosnsform directly to speech wavas Vvialds

TQ0Cr rPazults, 23 i= fails tc extract important features, Tha snalle:
the nuTper of T2a+turas m22cassary to accurately represent a speech

wave, th2 cevter it ig, In =ne Fourier case, in almost all cases for
2 vecalie sound = 35%ech ~ave is represented hy the first theee

| formant freguensizs ond tn pitch (fundamental) frequency, 2ntyv faur
nararteters are nledleds, woAdver in the Hadamard sequency srectrumn, we

| canrot cnsarve 3nY typical featuras because of the strong -—imae=shif+t
sensitivity Whignh maxes it impossible to a&anply even a pitch

syncAronrous mewncd, In orner words, typical features which are
recoSnizacle ir tne Fourier case are averaged and are scattered away
in a Wide range of a seguencyY power spectrum, Soma of the exzceritants

in section 2,2 damomstraca i%.,

Tite=shift invariants for the Hadamard 323UeNCY SpecIryu™ are KNown,
“ne of tress aufina2i nv aq, (8) so02s5 nat bear enough information to
~arfor®™ a sp2ecn wave analysis since from a uigitized uzpiach wave
coTro9sec of 75¢ rciyis, w2 33t only 9 components, Although each cf
tnase comuomrent: nas ear relationship ~ith an output from a filter

2an«, its trequengy bann ie detgtarmine2 by the numcer of points
transformed, ((nnscrg (74 nas definad anothar complete sat af the
4adaTard +trarstorm which has axactly the same numder of rfor-ponents as_

2 Faurieer fraquungy snectrum and is invariant under 2 circular
tiTe=shifg, Ahmad et al [8] found an algorithm to calculate these
terns, hRowevap multiolication by an irrational numner is jncluded and

is more conpliceted than that cf the fast Hadamard transform, As
shnsorS  sugoests +7at the prominent energy line of the Fourler
spee trim tenus te 32 exaaZarated, it is desiraole to calculate
JAnsor9’s invariartsg for 2 Spesch wave,

In sS8Ctinn 3 Tna Nangtprun technique is introduced, Tyiz te=h1iasue
iz gimij-- %2 tne 32 caliad ceostrun technique axcept that tre FT is
ano lisc 4 she Jga-maanitud2 frequency spectrum, After the
apojication 5% =the Fourier transform the Hadamard transform is
2pd|iac 1) Jatect a pitch pcericd or to get a smoothed spectrum, This
technique sNews z3%g positiva aspect of the Hadanara traasform for
taal angiysls of | sp98ch Nave With regard $0 the reguc+ian 07 the
DrogeSSing viae ra2quirad for smoothing, Good smoothing maxes |.
easy tg exuract tne first three formant frequencies in a2 spactrum, 3
a2 sNouUlc note that smoothing oy tne hapstrum is Obtained 24% tre Cost

nf accUrzcy in Q3ternining peak 20sition of a smoothed szeztrumn, This |

ig exnlaned ny #a (11) or (12) in section 3,5, We can c¢cancldJd2  tnat ’
~r3cis® farasnt fresugngias ara obtained by the cepstrum technigue at
tn2 €C03t of nroacessing tine, while a reduction of processing time 1S
cotainee oy tne nAapstrd technique at the cost of accuracy in
datermirinz: tae Torzant frejuencies, ~oweaver, it is oftan true that
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to Oetect a peak cgausaedby a pitch period, is difficult even In the
caseo famaleVO|Ce, The author’s original optimistic standpoint was
that the Hadamard transform might pevsal some new aspect of speech

waves, However the only galn found from Using the Hadamard transform
was the- reduction of processing time required for smoothing, andthis

: was obtained at the cost of precision,

L formant tracking program using an edge follower has been described
in section 3.4, Whilg the algorithm is rather sophisticated, most of
the tlre Is still devoted to the smoothing and psak selection
procédures,
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APFIMNDIX,

Let us define a few of tie functions us3d here.

Function (J) ts defined as follows?

Lat a bimary representation of U or G(U) De

SCJ) = 4 = Sn=18n=2.,...510G2
d= on=atineZ2,Ly. JU)

Giang yi oe (4,2) (for 1 £1 sn=l)
Anera

sn=1 = UJ K2% 11

Gn=2 = J1 XZ i?

RCT SA IY DN BAY IN I BLITS BEC NC {A=1)
Pc § 8 0 2 BF a? get oe

1 =z Un=Z2 XS Un<-1

LE Un=1 |
(X!3 s*tards far exclusive=op)

Let an Array cad) be (a,f] sJdCh tnat

and [a] = Tal,21,.,.,81=11]

ron the definition of the Hadamard transform

i Jr(n=2) H{a=1)
(40i)) = (L7u)le,fl (AwD)

1d (nel) eH(Nn=1)

1 4] Lg oe
wpnpse No= 2 anc ~o= NZ.

5.1 PF iltarting on the saijyeNce comain,

(AY It array UFJ is LZataeaasd tnNan ACK) = ACH) for | = Kk + 0,
whape 0 < wk < IN/Z)Y = 1, ard the difference of sejyence
nurner tatwaen (1; and Ak) is one.

rroct

Gumntse tne sanyence aumder of ths x-th or !-th 2lerant of
pray CACg)T i= 3 ar ty respectively, Tren ff The ~ninarpV
-e~roesentation of a0 by os or TOS

- = Xp=l «re? ,,, <1 KV
bz med tho, 11}

= = n=l sted... 31 s# (A=3)
= Togas tne ,L, tit

Tier, «= L(1) ars TE US sae (30) (Ae=d)
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Since © < k < (N/2) = 1 and I = k + (N/2)

most significant inary digit Knel and |n=1 are
kn=1 =

In=1 = 1 and (A=5)

ki = || fo i 2 Nn = 1

From ea (A-4) and ( A-5)

In=1 = t@ XQrR ti = 1

kn=1 = s2 X0OR sl = ¢
kn-2 = si XQ0R s2 = tl XOR £2

"8 6 5 0 0 ¢ 0 g 1 gv et BY aude OES (A=6)

K1 = sne2 X0R sn=1 = tn-2 XO0R tn=1

)) = SNe] = thn~l

Wa obtaln the fellewing relation from eq (A=6),

si =ti for 1 <i S£n-1, and

sg = @ and t@ = 1 (if sil = 3) (Aw?)

s@= 1 and 2= @ ¢If sl = 1)

Eq (A=7) impli e that a s opt i383 !in sequence,

In other weeds the difference of scquence number between
A(k) and A( |? is one,

Let LC[A(J)Y) be CEsF1 where

CE F s (EZ EL, soar Cm=1,FC, Fly yee sFm=1] (A=S3)

From aq (A=2)

Ek = [el(h(k)) + [flth(k))

Fx = [el(h(k)) = [fl(h{k)) (A=9)
where (h(k))is the Kketh column of mateplx H(n=1),

. —MN =

Since In Quer CcAge rfl] = [3,844.48]

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

(8) We€ can generalize the result of (A) further,
Z€ro all compoaz2nts of array [a(J)] such that
2k <jg Nai aher81 £ kK £ ny, then

4.

-K

aCgrza(2 kK) = A(2-02"% )) = AC3e(2 X )) 5 LZ a2! h 1y.2K )
atiy=a(2Kety=aca2K retr=a(3 2K )+tr=,, 2A 0(2¢ NK) Lqya2k 4)
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, L(n-kK khivencoKaiyzat2.a Kreirzacz 2 Kowive,,izac2 o1y.2 +1)

az Kyzace.2® Ly=ac3-2K-nsaga-2Kays,, =n en)

and in each group. for example { A(i), A2h +1),
~ K ‘ (h-KkK) . a k (n-Kk)AB (2K +i),0s es A(L2 «11-27 +1) }, 2 consecutive

sequence Numbers are Included,

| proof:

: It Is apparent from the recursive definition of the

Hadamard transform matrix glvenin ea (1) and the proof

given In (A),

| .
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