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1 Introduction,

Recent!ly peopleinvarlous fields have paid much attenticn to the
~adartarsd- “pransform ano naveobtained results from its acpl ication in
sych tislds as fjltep c«esign, Vvoice anralyzer/synthesizZer and
Tyltiplexer equipment [1). The tiadamard(or discrete Walsh) transform
is onhe of the orthogona | transforms using digerete Walgsh fusactians
any has a fast algopithm similap to the Fourier trensform [27,031],

There are many reascons why tie dJadamard transform is attractiva, Two
majJor reasons are as follows, First, the Fast Hadamard Transform
algorithm =FHT~- usss only add / subtract operation, Multiplication is
rot neccassary for tne FHT, Thismakas ths calculation of the 4T
2xTréme|y simpie and faster %han the Fast Fourier Transform - 7FT. In
*he Fourier trzpsforir ¢ase 9one needs nmulitiplication for the
sina=cO0sine ccefficients, sometimas even Wlith 1irrational numters. The
FHT offers quite a simnle ana an appropriate algoritnm Wher wusing a
cigitel computer,

Secondliy, the tisgrete alsn fungtions give us a general bask for
stopal analysis, narely the concept of sequency rather than that of
?recuencu\;. T"&_e sequancy O fdlscrete Walsh fUHCtiOnS fS defined by
one half ot the average number of Zero crossings per second, This
corcept enzoles us to replace the concept of freguency of the
sine~*coO0sine furctions,

fecause of this feature of the Hadamard transform onemaywell  think
of the rassloility ¢hat all problams wnhich have heen solved uysing the

Fourier transform might pe re-Interprated by the 4Hadamard transform.
Furthernoure, cre mignt hope for somg interesting new ciscoverles
inrce the HKacamard transform mlght reveal somenew aspect of the
rchb lem concernea,

3 WKY])

Frem this optimistic $tandEoint, the autho; has attempted an analysis
of the sreect wave ysing the Hadamara transform, Simiflar attemnts
nave Gteen made in the past [4], and they have sygzest2a some

cossibilites avout the application of the havamard transform to <(he
tpeech wave by showing some correspondence between tha frequency

spectrur arc the segquancy spectrum, This report Wil] show twe
mrethods of svee¢h wavd anralysisusingtheHadamardtransform, the
¢irect and tne indirect methods. These two methods show both the

sdvantages and disadvantades of the Hadamard transform for speech
wave araiysis,

section 2 wlil exolal he diract methQd.b applicatian 2f ¢h

aSGQWarc t:;né*or& %enatgpeacﬁ 3aye t.$husyme%nod gives a conr reSUI%
due to the stirong shift sensitivity of the Hadamard sequency
spectrurm, Sors shift invariart terms of the seaquency power scectrum

are known but tnayarsconnlicatedtn <calculate or too simole to
provide nsu3h  information, Afewexperimental results are shown in
this sectiun tn d2mgnstratz these facts,

(1



section 3 wili explair the indirect mathod naned the "Aapstrum"”
tecnnicye. Tme hapstrun tecanigue is a simitar techniques to the so
called cepstrum technigue [35] except that tne FHT i35 azxplied to the
lgd=Talnitude frcquancy spactrum, This tachnigue is indiract in the
sense tmat at iFir3t thne FET (not FHT) is applied to a shart span of a
speecn wzve and tnen the FT 15 Jsed to detect the pitch perlod or to
Set a8 swmecotned spectrum, This technioue shows sona positiva aspact of
the HaGamard transfaem for the aralysis of a speech wava with regard
to smootnling cf 4 spectrun. Some exparimantal results Wil
deronstrate tnis,

A formant trac<ing prodram nas baen implemented usingd the technigue
2f an éace foliower in scena analysis combined with 4the hapstrum
tecnniage, owavar, sueY apn approach always c¢contains a pitfall,
naTely the nroclem gf wprponj way entrance. This will ©ve 4disciussed
in section 3,3,

Cinglly, in se$ti:n 4 a tentajive evaluation will ©be maie of the
“gdamrarc trarsfary for anajyzZing sneAacnh waves,



en of zThe Haca9ard transforn
n:

In thisg sactinn +he Hadanard transformwillbe dlrectlv a.n ied to a

speecn aava tTOo 3Jet +hg sejusncy powWer spectrum, he stence of
soTea CorreiLOHJvFCP betwaen frequency spectrum and sequenuy spectrum
nas beeér raported on [41. As a given voca ic sound can be
sharacter i zad by thg Jocatlian of its first three formant frenuencies,
it is worth investicatin? *he exlistence of formant ‘'“"sequanzizs" in
the Hadzmard sequency spectrum Instead of formant fragquencies, A few
2xceriTents wi| l gemonstrate poor results and the reason Will be

Jiscussen,

2,1 Definitior ¢f sequance and seguency,

sequence was introcduced by H. F, Harmuth [3] and it

The definitian of
w nasisfrom which to Investigate the «characteristic of
cn

Jives a ne

e
S|
signals, A secuence nJmder of a walsh functlion Is defined by the
nyTeer of =i an anges nar Unit time, Let N = 2" consscytive rea|
rurters  alji, .1 < Jj < M, 98 represantad by a 1 x N matrix [a(j)l.

The Hadzgnard tr..l.n;fﬁrrn of EQ(J)] i3

CAC)] = (L/M)Calg)dH(n) (1)

wh2re the ¥ x N Hadamard Matrix H(n) is deflined recursively in the
ggquatior (29,

H{A) (Y
hin-1) = || (
ntn 4(m)  =H() 2

M) = el

tach column of () renrese ts one of discrete Walsh functions [71].
thz examrples of =(3) and A(4) are shown in the Flig, 2.1.

The seguency is defingd by *he ava aqe nunter of ze o ¢ ossing? nar
unnf tire dlviced Dy E Let ) be tne nuymber of gn cﬁanges Zero
relatec to frezusnce or seﬂuency it s dGSIrable to calculate
defined vy eq,(3)

atx) = [(ocar+1r/2) (3)

~hero x) renresents the largast integer which does N O t excesed X (see
W(3) OF The Fic, 2.2). 1t |s known that p(k) takes on all values
petween zero ang =i andq<k) takesallvalues between zaro and N/2,

« 3
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Lat Usingroduce two neotaticnss, Alc,p(K)J) and A(s,o(Rk)) fopr A(%),

. Alcyglk)) 1if p(k)iseven
Alw) =
A(ssglk))i fol(k) is odd,

in analeogy OF fregugngy power spectrum, saquencyY power spectrum s
dafilmed ac follows,

2

a(e,d)

Rerq) + Ksrg) 3 < q ¢ N/2 (4)

A
A(s,N/2)

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

N 2 (W/2)- ) .

p
(1/N)ZEEMK) = Alec,?d) *é?ﬂL A(c,q) + A(s,q)] + Als N/2) (5)
2.¢ Strong shife=gensitivity OF the Hadamard sequency spactrum.

It is nterastin T investigate the formanf ucture ln the
séq;enc§ SEPs tru % 3? a speecg wave., The most onv&n?ang is to

charde rany .OﬂCccuti ve spactra Into a vlsual fOrn. that ns the
sonc3drér of ssquencies, A short timaspan (12,8 ms,) of a diqitized
speech wave (sappie rate = 22873 Hz.,) is directly trapsfgrqed iptg
secuenc, spectrus, Than tne log_nagnitude of this spectrum is taken,
Mary short time saguenmcy spectra are calculated in this way, are
accumMulated, and eventually output to a video screen,

txnerimental results are snown in Fig, 2.2. The upperpart shows a
snheech wave to be apalyzed, the middl|le part a sonogram of freguency

spectra >f thi s spegech wave and the |ower pnart a sonogranmof secquency
spectra, [t is easy *psee that the sonodram of sequency spectra (the
lowest one) is rougher than that of the frequenclies (the mlddlaone),
The tormantseguency structure is not clear andlt appears to be Vvery
difficult t» ouild a sz2ach wWave analysis system based on the
extraction of formant <components using the Aacdamard seguency
snecterum,

reason Wiy tha sonogram of sequency spectra oecomes so rough and
edular Is mede clear by the followin3d experiment, The Hadamard

e

re

cuency spectrum is calculated for a fixed time span (12.8 nsec,
ng) ¢f a speech wWave, Tha +¢ime span is shifted right by 170
icroseconds for Q:ch successive calculation of the  saguency
e¢trur, In other words, calculation of a seaquency spectrum is made
ach 1¢? micrcsscecind time=shift, A Fraquency spectrum of the Fourier
trarsformi s calcylated in  the samne way to 1ake comparision with
sacLéNCy snectrum, The recylts are shown in Fig, 2.3.

¢ 5)
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Freguency spectrum Sequency spectrunm

Frare nNo, 1 Frame No. 1
| \\ A\J/ vxﬂv/\Jj \LVV o
ﬁ&.'|'hl'|'f’| i < A B A S S R L B
b 1202 2000 3gP2 (hz) 7 1202 2000 306® (zps)
No, 2 Ne, 2
L\/\/\ \/
— | ' ‘ ’ ' ' T TL ) T T T

Fig, 2,3 Strong shift=sensitivity of the
Hadamard sequencyY spectrum, Each
frame |s calculated each 100
microsecond time=-shlft,



Feom Fis, 2.3 we can easily understand that although the time=shift
lg IImlted to this small valiue, the shape of consecutive seguency

spectra changes ranidly, The locatlon of a oeak whichappearsto
represent a formant compoment changes drastically In the next
sequency spectrum, One cannot expect these rapid changes from

observatlion of the orlginal speech wave singce the speech wave dees
not appreciably change Its shape during 128 mlicroseconds, | n
contrast, in the Fourler case, a freauency speetrum does not change
lts shape so mUch durlng 100 microseconds, Thls strbns
shift-senslitivity of the Hadamard seaquency spectrum causes the
leregularity or rough pattern of a, sequency sonogram and makes
impossible the application OF the Sitcn=synshronous methed,

The strong time=-shift sensltivity of a seaguency spectrum alsc can be
explained theoretically, Plohler [6] shows the Hadamard seqguency
spéctrumr is invariantunder the dyadic time=shift:

(b{j)] is ootained by the dyadlic time-shift ¢t
(b(Jl)l = [a(j @ ¢)1]

wher® j @ tstands for cOmponent-wi{se moduloc two addition(no carpy)

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

BZ(c.q) + éz(s:c) = Az(cgq) + A2(s.q> (6)

Unfortunately the Hadamard sequency spectrum is not invarlant under

eircuiar time-shify OF <the lnput Ca(j)d, If [a(J)) is shifted by t -
circularly formingfec(j)l we obtaln;

[c(J)] = fa((] « ¢£)131

wherpe ((j+ t))is the principal value of J + t modulo N, In
general

C2(caq) + C2(s:q) 4 Az(c.q) + Az<5pq) (7)
The experiment shown In Flg, 2,3 Is not the case of clreular

time=shif¢ but one c¢an €asily understand that the relation of ea (7)
caus®s the strong shift sensitvity In the Hadamard sequency spectrum,
Note that 1iIn contrast to the Hadamard seaquency spectrunlafrequency
spectrur of the discrete Fourler transform i s Invarlant under
circulap time=shift since abgolute vajue of a shift operator i$ One,

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

Sore attempts hava pegn mad8 to define circulartime~shift invariants

for the Hadamard transform, Ohnsord has defined a completesst of
clrculap time=-shift invarfants of the Hadamard transform and a|sohas

( 8)



shown Intermediate forms whligh are invariant to Dboth clroujar
time~shif¢ and dyadic time-shift, Formore detalled derivation of a
comp lete set of circular timeeshlift invarliants and its intermediate
formssee(7],

As a flprst step, consider Intermediate Torms, a set {(P(k)) whichlis a
sum of groups of components In [A(k)Jlsquared such that

P2(gy = a%¢q)

P2(1) = AZ(q)
P2(2) = A2(2) + A% (3)
L I B B B B I ] (8)
In geneéra 9
PAtm) = O A(k)

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

Examples of calculatlions of a set (P} for var lous input waves are

shewn in Fig, 2,4, Inthe flgure the short time span of the speech
wave for the Hadamard transffomm is fixed +to 12.8 msec, Each
compenent 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
mgec , The case of a slnusoldal wave indicates the filtering
characteristic of a set {(P)hecause the position of each oeak moyes
to the left as k inecpeases In P(k), In other words, the smajler ¢the
value of k In eq (8), the more |lke|y it Is that the component P(Kk)
will Pass the higher fraguency componant since frequency !ncreages
with tIme passing In the orlginal Input wave, However,a s ¢he band
Of each filter Is determined by the number N, whleh Is the dimenslon .
of anaprray CA(K)), we lose flexlibl|l¢y, Although the e¢ajgulatlion of
a set {(P) from N components of C[A(k)] |s stralghtforward, we canget
only 1 + n(s |ogaN) components of P, For Instance, If N s 256 one
can get only 9 componentsof P and one of them lsg d,c, component,
This meansagreat deal of infepmatlion reduction is made and it s

doubtful I f a set (P) contains enouah Information to perform speech
wave analysls,

Ohngorg has defined another complete set of the Hadamard transform
whl¢h has exactly (N/2) + 1 Invarlants for a ¢lrculapr time=shlift,

(The discrete Fourier transform =~DFT= gives a (N/2) + | oo]_.nt
spectrur,) However 1t is not astralghtforward way to calculate the
Invariants since it includes many matepix multip!lcations, According

to 073 1If we let (J) be aaquadratle invariant set of the Hadamard
transform, then

In the case when N = 8

JZay = A% (p)

J2(1) = AP (1)

J2(2) = A% (2) + A% (3) (99
JR(3) = A2(4) + AZ(6) = A(4)A(7) + A(S5)A(6)

J2(4) = A%2(5) + A% (7) + AC4)A(T7) - A(5)A4(6)

¢ 9)
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Ajthoudh there is ng explanatlon aocout how these terms (J} are
re latead to frequence or seguVy

Ohrgopg’s L[7] Invariants. As Ohnsorg sugdests that tne prominant
2n2p3dylines of the discrete Fourierspectrum tand to e exadderated
ir the quadratic spectrum (J),

N, Ahmega et al {
termrs, however mu:
the algori%tnm n
transform,

! found zn efficient atgorithntocalculate 4nese
tipllicationdoy an Ilrrational numoer isincluded in
it is

more- complicated than that of Hadamard

1
-
i
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ans3Trun t3cinigul,

N

I ntNis section tne "napstrum" technique is intrcduced.  The
Nnapstrur tachnique s a similar techniaque to the cepstrur technigue
2xCcent that the i nverse fast Hadamard transform «IFHT- s applied to
th2 |og-magnituds frequency spectrum «and +#he output .5 called

"napstrum." Thls %gchnijgueisindlract in the sense that at first
the FFT (not FHT) is applied to a short timespanof a speech wava to
obtaln the scecrum asd tnen the FHT is used to extract pltch period
or to get smoothed snectrun., The stron3 time=shift sansitivity of
the Hadamard transformis ramoved by tne first applicatien of Fourier
trarnsf opm to sneech waves.,
~11D H .

Inigssgashnlgue [lllgstratas 3 .02
t5 tna snodtaing af a spactrum, A
implamented using tnis teaecnnique,

ositive aspect af fhe
geech wave, especial :
form

dadamar
h redar
mant tracKonv program Ha Dez2

3 aQa

5.1 Gutling,

Ta sA0w wva3th tme advantages and disadvantages of t4e hapstrum
tecaniauz ~e will cenict the outline of both the cepstrum and the
haogtrur tachnlques, Although there Is more than one dafinitionof
the cedswtrum tecniiyue w2 3ive a t¥plcal appiication im the upper
oart OF Fla 3,1, The hapstrun %eghnlqua Is shown in the |ower Dart

of Flg. 3,1,

Feor Fig. 3,1, one can 8asily understand the difference betwean both
tacnniaues, The froquency spestrum of a short time spanm of a sneech
wave fllterad oy 1 4ammiag Wwindow is ootained by the discrete Fourler
transforn «JFT, Than the |0og-magnitude of this spectrum s taken.
Af tar tne 2rocessing, in the case of the cepstrum tecnnique the
inverse discrete fFouriar transform <lDFT- and DFT are applled to get
citenperiod and smaotnedsoectrum, On tha other hand,” in the case Of
the nNabstrun technisue the IDFT and DFT are replaceq by the !FHT and
FHT, respectively, A naopstrum, Which is ordared in ssqguence (not
sequency), |s ootained by the IFHT of a log=magnitude spectrum, From
th? replacaments sne  3ats the advantage of tne fast calculatlon of

-the Hadamar § transform, Jue to the elimination of linear filtering
coTsut I ny Cost |5 2ven furthar raducad by the method,

vet us note that in tae capstrum case after the appl i c ien OF the
i Avarse dissrate ~ogrjar traasform Wwe need low=-pass f 1| terlng of <+he
".J”"dgf‘ltl"'eo feha 3discrete Fourler transform, 7y means of
Jowedass F i 1taring a smoothed spectrum is obtained due t0o <he
e;irination of the fire structure of the spectrum, This s
accomnlisnad by mulslplying the «cepstrum by a |owepass filter
fJﬂ:‘CiOﬂ.

In contrast to tns capster_technnqu@. the hapstrum techni jue uWses an
ideal tilter as a low-pass Tilte in the sequency domaln of the
nanstrur, Tharefdare one ﬁeeds no mu'tiplication to cut higher

(12)
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sequence components, The higher sequencecomponents aresimply made
Zero. This also reduces computing ¢ost(the symbois +/=andx in the
figure Indicate the necessity of add/subtract operationso r
myltiplications),

Frpom the author’s experience the calculatlon of the FHT is ten ti mes
a3 fast as thatof the FFT, This suggests that by using the hapstrum
techniaue we can make the calculation of spectrumsmoothlngat most
three times as fast as that of spectrum smoothing using the ceapsteum
techniaque,

HowevVer, we should be aware that smoothing by the cepstrum glves us a
better approximation far an original log=-magnitude spectrum in the
sense of |east-square error criterion and that smooth|lng by ¢the
hapstrum degrades resolution of opeak position of log- magnitude
spectrum, The theoretical reason for ¢*h!s will b e dlscussed in
sectlon 3,3,

3,2 Pliteh detectton,

Toextract apltch period we have to take asufficientt!me-spanofa

speech wave to caiculate a lag-magnitude spectrum, namely long enough
to |Include at Ileast two glottal pulses,

In our experiments the duration 19 taken to be 25.6 msec

corresponding to 512 samples of adigitized speech wave sinece ths
sampling rate of & speech wave |s2020¢ Hz,

Flg, 3,2-a shows a series of cepstrum plots, A series Of cepstrum are
calculated for each consecutive segment of speech wave ecne half of
whigh overlaps the previoussegment, In the ceaseof the cepostrum, to
get. a hlgher resojution 512 zeros are added to the next 512 samples
of a diglitized speech wave, Thls means the IDFT  and DOFTare
calculated on 1024 polings,

Fig, 3,2=b shows a series of hapstrum plots, The hapstrum l|s
calcUlated Under the same cdndltion as the cepstrum of Fig, 9, To
talcvlate g hapstrum we do Not add Zero to the next 512 samplesof a
speech wave, sincaone cannot get higher resojusion of the hapstrum
by adding zeros !(see 3,3 In thls section), If 512 zeros are added to
the next 512 samples of a digitized speech wave ong wll| get a
hapstrum such that the component of the sequence (not sequency) 2i
and'2|! + 1becomesthe same value,wherellss positive integer,
In other words a hapstrum of a speech wave segment with added Zeros
ls easl|y calculaiedfrom one wlthout added zeros, Thls speclal
feature of the Hadamapd transform Is utlllzed by the smoothing of ¢the
log=magnltude spectrum in the next sectlon, The proof ls shbwn In
the APPENDIX in more a generalizedfoem,

Comparingfig, 3,2=a with Fig, 3.2-bs» we observe that In the censtf-um
a sharp Peak appears at approxlimately 4,5 msec but in the case of the

(14)
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Consic8pthameaningsof flltering bya nidea| filter inth e sequence
doTmain, Let an apray [a(J)] of dimension N (= 27 ) ba a digitized
sigral In which all components such that N/2 € J < N are set to Zero.
By the appiication of tne FHT Includingsequence orderlng thearray
(a(j)] is transformed !'nto an array [B(k)] such that each adjacent
corponeéntbacomesth e same, nama |(y!

o

B(
(

(€2 ) od

() )
(29 )
e ° 0 00 0 8 8 0 ¢ (11)

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

2
Furtherwore, when aj lcomp onen?sS|Jcr\tbat N/C2 ) S$ J <N t
zZgro thearrayla(J)l Is transformed into such anarray (B

application of the FHT including seguence ordering

are set to
(k)] by ¢the

E(J) b

gea)

(1
H(8) = °
LI B I S I B I B (12>

0

Q2
-~
o~

(V) Bd

R{~=4) = Z(ve3) = K(N=2) = B(N=1)
£Eq (11) ana (12) are generalized in (A) and (B) of APPENDIX,
Both equations sugcest that if [B(k)) is plottedas afunction of

arrayY lngex k the cyrve beconmes flat asthe valueof each adjacent
corponent Is the same, Because of *his filatteningeffact !t degrades

rescl!ution of peak pasitions in the array [8(k)J], To cemonstrate
this ar exanpie is shoan in Fig, 3,4, A segment of a speech waveis
shown and is analyzZez by tne haps4rum techniague, The ¢twe lowerp

curves renxrPsent ~nglog=magni tude specirum andtheé smoothedresult
bythe hapstrum techniaue.

The sfoothAc joj=magnitude spectrum in Fig, 3,4 demonstrates the
sroothirg effect stated befcreb yeg(li). Many sharp rmaxima and
mirima caused hv gl ottai nulses (or plteh freguency) in the original
-lo8=ragn i sudespectrdm are dininished in the smoothed spectrum,

Fror the author’s experiance the number of peaxs is decreasedto one
half that nf <heariainal.

The- iMportant auestion is whatheror no*t the prominen%t r akscaused
by resorance of 4 VHcal tractare preserved by the smoothing, From
the exarnle shown in Fig, 3.4 we can see thas the hapstrum smoothling
teCrNiGue Gives good smootning With regard to preserving the first
three tormants,

Figa, 8.5 gives angtaer exanple which suggests the formant componrents
are prassrvad 2f32¢ the smoothing vy the hapstrum technigue, The
upper is a sonogram of spectra Without smoothingand thelower is a
sanoGramr ofsmoothed raesults using the hapstrum technique,
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the smoothed spectrum by the hapstrum technigue,
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Fla. 3,5 Sonograms of log-magnitude spectra
and theilr smoothed specra, The upper is
a sonogramof |log-ma3nlitude spectra and
the |ower IS that of smoothed spectra,
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3.4 s fornant teacking Jrogran as an application of
th2 hapstrum tesnalzue,
h .

A NEERH EIR R ]
principle, <the formant track
any Kini of smoothing techniaqu

ng (12,

in the hapstrym
, USGS nn scene ana?ysls

e
)

3 proQ%ram presented here
sJych as cepstrum or inverse

Edds folloders were first Implemanted t0 recognize objects in 8
s¢3n2, An ¢dga fallower datects A position where sharp change of
contrast Occurs and follows it successively, A sonogram |s Just such
a szone with formant trajectorles represented as 4ark strices, By
datacting darx gtripes we Find <he locations of peaxs In a spectrum
sins2 a song3ran is reor?ssnteda s a seaquenceo fspectra,

Taer2 are many djfficultiss in implementing a formant tracking
program basad on an edde foljower, One prodblem Is that a formant
trajdctory Is not a straightling, but is curved, Some of the edge
followers navs trzated objects composed only of straight |ines, such
as Cubgg, Tnislimitationcanbeof Us e tcan edgefolliower, For
I nstanCe w2 can rtrevant the following of the wrong path by using the
critorion of gurvature, <8 also can forsecast the axistence of edgse,
wnizn is hard to je2xact necause of nolsa, oy wusing straight |line
intarpojatiosn metngis, 45 tha production of a speech wave is 8
oynram™ic and stochasti ¢ p*Nzs8ss, the human speecnh wave contalns much
. npisse,

A 3eCoNg nrnolamis that isvery difftiack |t to decide _a formant
freguengy fro“ {oca | ;nfOrmatuon A wide rangs of overiap e8Xists

betuean the reslom of the TFirst formant freguency and <hat of the
sacgnd, alsas petwesq tne second formant frequency and the third, In
tne caSeo fa malevojce, the flrst formant frequencyrangas fronm 229
"z to 92¢ nz,, tha geecond from 553 hz, to 2748 hz, and the third
fron 1127 prz, to 3427 hz,

70lem is that 1 F wWe see. asonogranm in a microscopic wa
t tou many peaks %o ulseriminate ths farmant compoments, 1

r
xis

rzola tc have a technigue to @liminate trivial npesaks whil
ing rprominent peaks caused Doy the first thrae formants,
CTeosteuUmr i35 sucn a  tachniaus, Rabiner and Schafer [142 have
imolemerted & farmant tracking nrogram pased on +the cepstrum
tashniage, A5 tnair method makes frame-by~-frame decislons for <the
first tnree forman:fraguencies, they dse only localinfermationina
sano3rar, It is 4d4esirabl2 to utillzemore 3lobal information,

y
t
]

arx2|L17] nas ceva|nped 31 very 1300q t2chnique for geztting a smoothed

snectrur Dbased on tne (d43a of |inear prediction metnod, He calls it
inverse filtering amy nas develonac a formant trackingd gprogram (133
wiien usas infarmation fror tha pravicus frame when [t {5 difficuls

to z2t2p~ina ths fipsy «nr2a fopmant freyuancies,
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Tie torrant (rackinvyg sroitram explained hzre fol lows Markal‘s approach
oyt ~i th ansckitrack i ny naechanlsm to recover if r a'rong path is
tolloweg, If decisjons are made frame by freme there isnowrcnaway
antr4nce problem, FEfven ifwWwenakea wrong aecision in a frama, the

eftfect Go0e8s not pronagatet o tha next, However, if we use the
information from just the previous frame the &ffect of a wWrong
agcision wlli cropagate, Ton copnpe Wwith this situation it is necessary

to have a recovary tachnijue which utilizes more global information,

3.4,1 Lo3lcal struczure of a formant tracking orogram,

Oye fopmant Tragking program_is camposed of four madules named PEAK
JETECTOR, CANDIOATE SELECTNR, TRACKER, and RECOVERY. Genera| flow of
the program is shown in figure 3.6,

A, FLAK DETECTOR,

PEas DETECTIFaccents & digiti 2ed speech wave of a vocali¢ sound,
calculates 2 smsothad spactrun DY using the hapstrum tec4nigue, and
cetermipss n2aks, !t snodld be noted that the hanstrum teghnmique s
usec to cecreass tha orocessing time reaquired for smoothimng, | tecan

easily te rsplaced sy another technique suen as inverse fi|tering or
the ¢Ceo9stru™ technizJe.

B, CANUIDATE SELECTAR,

For each regior of thg first three formant frequencies, CAND IDATE-
SELECTUR selects at mgst tnree candidates from many peaks detected by

PEAK DETCZCTCR and opders them by amplitude of paeaks, The third
cancidate whoge amniltude is 7,5 db less than that of the second
cangidate is removej oy the orderind pracess, These candidates
selectea arsaccynylatedand apre ysed by TRACKER and RECOVERY, This
rcltine reoguces the seapch space,

C, TRACKER,

TRACKER tawkes th2 results from CANDIDATE SELECTOR and makes a
-tertative decision for the first three formant freaquencies, At first
TRACKER looks for areasonable nlace to track, There exists a redglon
withinwhicn an overlap of two formant components never occurs, In
+ne case Of a4 malevoice, only the first formant €XiStS petwesn 220
nz, arg 334 hz, and only the second and the third formant €Xist
ngtweer yygs hz, and 1223 hz, and between 2738 hz, and 3229 hz,,
1f the first carsidate for a formant frequency is within the first
recion it is reasongble to assume that this isthe peak caused by the
forrmant, after making an inltial selection TRACKER begins trackling
feraard ¢r DatCrkwarC,

erla _to determine formant freayencies of the
TIACKER uses a criterjon of mimyrum shift of
e frame to the next, This nearest neignbour

TRACAER  uses_ two Crp
mext frare, gasical |y

}
?
neak Positlon from ON

(22)
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criterion 's ysen g tonu w3 m2r3ing ¥ two formant freguercies dees
“noT  occur, is  coor  as 1erding of two formant freguencies oceurs,
TRACKER maxk2s use f £5¢ Q9nNer criverion 1o took for a oint cf
sepgration Lfrer ~aroing, ffiar & tentative selectior of the next
formant conpanents using tne first criterion, TRACKER lecks for a2
PeuK whnoge position s Altnin a reasonacle range from tre rceak cne
frars before, if .rACK “ can find such a peak ‘'t will select the
neah as the point of sepzra%tion of the two ura’ ectorisasg, otnerwise
the two %ruajectorieg rermain nerged, A wrong decision D2y TRACKER is

corrected vy the RECOVIRY routine,

J. RECUVIRY,

HEDLVERY Werks wnem sgme inacnsistency (s recoGnized by -2 formunt
tracKing  rogras, Amn  incoasistancy is a discontinuity 9r 3 Sharop
chanse in fylio~inas a Yornany trajectory.
Tnere ar> Iwe mna or_ reécsons why TRACKER foilows a path trat has a
sha,.p Shands * 0w ors © ame 40 $he ndxg, Tne first'reason ig thay a
Srorinért peax caused 2y a Tormant conconent is often Jost in a
snactrur necesse »f the stosnasiic movement of Jlotta! rpulsss, This
resuits in a discontinuity in a formant trajectory if the trajectry
ig s€iecten ‘n a ~€¢rgsccp2c way, Tnis can be reso:vecd by using *he
ngighbor: 31 inforrigrion, A O"”ASTER WOorxks in this case,

The sececnd reason s that 2 wrong decision has bteen made i{n the past

ne

ny TRACKE: ana « wrond path has ceen followed as a formant
trajectory, fFocr ©xeampi€e n fornant tracking proaram hes mistaxen the
first to-mna% for tre sgconi and the trajectory suddenly enters into
-n2 redion whaere <ine secgond formant does not exist; namely tne resion
ngtwden 22,0 nz, and 585 hZ, Thne other typical example 1is the
followlry 9y 3 erﬂ? path whien is not a formant tralectory and
avaptualiy 3. angiars, Thase are corrected 27 uUsing a backtracking

3107

chanisr in tna XICOYEPY routine, In the previous exanple, after
*ha RECUVERY royiire nas recognized an error, a *trejectory fclioweg
as the sacont forran® is r2placen ny tne first formant +«rajectory,.
Thar~ 3aprothar p7ak s seiectec ior the sacond formant frequency by
FOCCYRENY, TAae rou=iaz extends the naw  second formant trajectory
Jaskwarc DY using TUAUKYx, and FUKECASTER., This is an exa=mple of now
th? hatx fTraskKine MNeshanis™ works, a3 can see +hgt thet =2 recavery
orCz88S hH/ 2aCK +trpackins nhas To nave a recursive structure, But in
syr-case t12 Jephts of recove-y 13 limnited 13 on9,

\-‘-qv’; -X"*“‘l“n

in eXaMpie of forisart Te03<ing obtained fron thd procram i3 shcwn in
Tig. 3,7, Aosoosver cRA%ece i3 "we  werg away." q0re =han 92% of
ranrin: tite 1s o savacte i oto PFar SETECTUR and CANOIDATE ¢FLFCTCR,
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tne panep we n3ava discussed bhoth the advantag8s anC diganvzatages
tNe =3a«7érd 1transform, as conpardd to the Fouriar transfacrn, FOr
snNeeEch wav: analyvsis, Tne experiments in section 2 raveal tThat
nclicatiyn of tne dedamara transform directly to speech wavas vields
o%or ra2zults, fajls tc extract important features, Tha snaller
he nurgepr aof 7 ~22assary to accurately represent a speech

tha: cevter In =ne Fourier cas2, in almost 21| caszes for
vecaliec 3auni #4ve |is pepresented hy <the first tThree
formant frrguenci tna pisch (fundanensal) fraquency, 2nly four
naraTeters are rnledes, no42ver In the radamard sequency scectrun, we
tyoical featuras bacause of the strong T ima=shift
maxes it impossible to anply even a pitch
., In otner wWords, TYpical features wWhich are
recoGnizaclea ir tne Fourier case are averaged anmd are scattered away
in a wide range of a segiuency power spectrum, Some of the exceriiants
in section 2,2 damomstrata i%.
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TiTe=shifs invarianats far the Hadamard 323UenCY SpecIruy™ ar€e KNOwnN,
“ne of trese acfinai v 2q, (8) so2s ndt bear enough informaticn to
~erfor®™ a speecn wave analysis since from a uigitized up3ecn wave
coTrosec of Jo¢ g

ivts5, w2 33t only 9 components, Although each ¢f
tnese comuoment: nas =ear relationship with an output frem a fil+er
D3Nk, its trequergy o2ann ie detadrmine2 by th2 numier of points
trarnsformed, (nnscrg £7] ~as defined anothar <connlete sat aof the
4afaTard 4rarsicrm which has sxastly tne same numder of corponents as
2 Faurier fraquangy spectrun and s invariant under o circutlar
tiTte=-shifg, Ahmad et al (8] found an algorithm to calculate these
terrs, howevar multiolicatlion by an irrational numner is included and
is more conpliceted thar that of the fast Hadamard transfarm, As
shrsorg  suguests to3t  the prominent energy line of the Fourler
speetrUr tenus to 52 exaaZarated, it is desiraole to calculate
Jhnsor9’s invariarts for 3 sSpesch wave,

in s$8Ction 3 tna Nanstrun technique is introduced, Thris teznniauve
iz gimij~- £2 tne 523 ~alia3d ceostrun technigue exceut that t~e T is
anolisc 4u  4he lgn-maanitude frequency spectrun, After the
apojicatian of ha Fourier transfarm the Hadamard transform s

:
22 ) 1@C 1y Jatec

T

n ecT a pite seriocd or to get a smoothed spactrum, This
technijaue sNpWs 237g positivs asnect of the Hadanvara transform for
t~n2: anglyslts of a spasch wave wWith regard t0 the reduc=ian of the
progzessing time ragyirad for smoothing, Good smoothimg =ma<es it
€asy Tg eXur2¢:t tne first three formant fraguencies i 2 spaztrum,
ag shol|c note that smoothing oy tne hapstrum is ohtained 2+ ¢22 Cost
cf actcUrucy in g3teraining peak nosition of a smoothed sceztrum, nis
ig eXnlaned ny ea {(11) or (12) in section 3,3, We can canclJd2  tnat
~r3gise forsnt fresuencias nra obtained by the cepstrum technigue at
tm2 co0st of nrocessing tive, wHile a reduction of processing time s
cotaineec ©y tna Amagstrdm technique at the cost of accurzcy in
datermirin: tdc Torwans frejuensies, However, it is oftanm true that
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to O0etect a peak causedby a opitch period, js difficult even In the
caseofamalevVvoiCe, The author’s original optimistic standpolnt was
that the Hadamard transform might reveal some new aspact of speech
waves, However the only galn found from using the Hadamarc transform
was the-reductlion of processinag time requlired for smoothlng, andthis
was obtained at the cost of preclsion,

A formant tracking program us!ng an edge follower has been described
in section 3.4, While the algorlithm is rathep sophlisticated, most of
the tire Is stilt devoted tO the smoothing and psak sejection
procedures,
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APFINDT
Let us

Function

Let a tlinary

X,
define a few
() 1g def

reporeése

tiha functions uss3d here,

ined as follows:
Je

ntatioan af U or G(U)

G(J)Y = L o= Gn-lsw-ﬁ- ...GlGﬂ

:..i = .Jﬂ"l' “2..0-0\}1

Gi ang i o€ (1,2} (for 1 £ 1 $n=1)

Anerpa

cn=1 = U2 K2R L

Ga=2 = J1l o XoRou?

e 8 0 0 0 0 0 ¥ 9?0t 4y (A'l)

T I I K R T T I U S T I B R ]

1 2 Un=< X353 Unp-=t
W Un=1
(X3 s+tards faor exglusive-op)
Let am Irray [2(j)] be [a,f] sdch tnatg
Le,fJ = CSIJ’ :_,,..,em"l,fﬂ,fl;.'n!fm-lj
ancd [ = Csl,21,.,.,8M=1]
-Y.} = Lfi.'f*)..-'fl"lj
Fron the Zefint+tion of the Hadamard transforw
Jpritn=2) H{=1)
Cali)) = (270 le,fl {A=2)
|4 (nedl) =H({A=1)
n L.
wpBpe W= 2 Anc o= /2.
iiltering on the sijyence domain,
—— A —
It array (FfJ s LZabae.apsd tNan ACk) = a(l) for | = k + 1,
wharpe ¢ < x <€ IN/2)Y = 31, ard  the difference of sejyence
nurner tatwaen (i and A(k) is one.

Lrmego tne sanyence aumasr of tha x=th or !-th 2|lemant of
sprny CACy)T i3 a3 ¢ty respectively, Trmen if tke ocinary
ra~regentatinn of A 1y s 0OF T O4S
- = Xp=l <reZ ..., =<1 gV
o= Imel teoZ o, 11
= = un=1 5"‘: e a1l 527 (A=3)
- T pa-i tn=% L., ti t¢
108 ~ = 5(= arsG R R D vsae (34) (A=a)



(8)

Since £ < k < (N/2) -1 and | = k + (N/2)
most significant 2inary dlgit kn=1 and |n-1 are

kn=1 = ¢
in-1 = 1 and {A=5)
ki = 1|1 fo i 2 n -1

Fromea (A-4) and (A-5)

In=1 = t@ Xo0R t1 = 1
2 X0R si = @
1 X0R s2 = tl XOR t2

DR RO R R RS R B R R B I N R I | (A.é)

K1 = sn=2 XO0R sn=1 = tn-2 XQR tn-1
k2 = sn=1 = tn-1

We obtaln the fcllewing relatlion from eq (a=6),

si =ti fop 1 £ i $£n-1, and
s¢ = @ and ¢Q@ = 1 ((Ff sl =2 (A=7?)
s =1 and +2 = @ ¢if sl = 1)

Eq (4<7) implies that a s or t I3 In sequence,

In other words the difference 0f sequence number pstween
A(k) and A(C 1) is one,

Let [A(I)] be [E,FI where
EEJF] s [EJ,El..o.'EM'l:F@pFlo...uFm'il {A=3)

From 8gq (A=2)

Ek = [el(h(k)) + [flCh(k))
Fk = [el(h(k)) = [fl(h(k)) (A=9)
where (h(k))is the keth column of mnaterlx H(n=1),

— 0
Since in our cage f) = [2,8,,,.,0]

Ek = FKky namejy AC1) = A(K) for | = k + (N/2) Q.£.Q,

We can genaralize the result of (A) further,
Zero all compoasnts of array [a(j)] such that
2k < j $N <1 wherel € Kk S$n=1, then

.
aCer=a2 Ky = a2y = a3e(2® ) = . e a2 KDY Lgyiak

pl1yza2 K wty=ac2. 2% retr=a(3- (2K )et)=,, . 2Ac(2 N K) Lgyaok 4

O 2 0 o 0 g s gt & g 0 5 P8 g0 0 g e O RO 0

(29)



A(;)zx(g“¢;):A(2,(2 k)+i)=A(3¢(2 k)+i)=...=A((2 12

e % g 3 g0 0 08 g0 Yo o r )Y Y

A(Zk )=A(?.-2k -1)=A(3'(2k )'1)=A(4'(2k )-1)=...=l\(2n -1)

and in each group., Ffor sexample { A(i), A(2k +i),

i)
A(3»(2")*i).-..,A((2""k)-l)-2 «1) )}, Z(n'k) consecutlve
sequence numbers are Included,

proof:
It Is apparent from the recursive definftlon of the

Hadamard transform matrix glven in ea (1) and the proof
given ia (A),

(32)

(n- k)_ Kk
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