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Abstract: TN rletho(;S Cf speeC;i wavs ana I ys i s us 1 ng the
trar,SfOr;Y are discussec;,

Hadamar*;-
The first method is 3 d i r e c t  aoblicati,r/-

Of the hda-wr(1 t,rrpsfgr: for speech  W~VGS. T h e  reason tbi5 trlethod
LielOs poor r-e s L I ts i s dkcussed, Tb second mtc?x! is the
3pDlicathn  of We pagmarci tr3nsform to a } og-ma;jn  i tuf;le frequency
SoQtrW, After We agr~licatlon of the Fo&ier trz-zsforq the
iieCfaWrC trans:‘cry ;s appl Isd to detect a pitch period or to SQt a
SC00 tnec SpecCrlJ~,, This method shows solrle cosltive aspects of the
MaaaUrci traxfcr- for th9 analysis of a soeech wave with regard t o
the red!ictl m7 Gf prxxSSiW the requhed for smoothing,  belt at the -
cost of 12rd~ist317, 0 f0rmWt tracc<ing Dragram far voicad st=esch IS
ho[emerte3 uy t4s;nc this nethod and aq edge following technique used
ir: scene anaiy5is,

Th9 vicbs a-d con~tush~s  Csr?tained in this documqrlt are t5Cre of the
gutPar ana SQofJld r.2: 92 ;43r9retad as necessarily rePr2senti3g the
OffiCial pal icier, aither exmessed or imcliea, of the kjvartced
ges&Ch Projects Apxy,

This rE',ce&rC? dc:3 !Zuup2rt!3: in part by the Advanced HeS83rCh FroJects
AgerCy of t:Tie cff;ce of the 5ecretary of 3efence (SO-183)
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1 Intro&.GtiGn,
decently  pe~~/e  in various fields have paid much attention to the
qaZgfar5. trS.clnsfOrin hnct nave o b t a i n e d  r e s u l t s  f r o m  i t s  aGoI ication in
such ti6lds as filter c;8si9n, voice aralyz3r/zynthealzer a n d
vJtiplexer equignent C13. The Hadamard  (or discrete Walsh) transform
is on8 Gf the (JrthOgona 1 tra!?sform wsing discrete Walsh fuxtions
anU has iI fafjt algorithm sfmllar to the Fourier trznsfor7 C2Lf3L

There are many redsOns why the Aadanard tran;i;;m is attrastive. Two
rraJor re;isons are as follo’~s. First, the tladamard Transform
alSorithm -FhT4 usas Only add / subtract operation, Nltialka.tiOn is
n;ot neccassary for tne Flit, This  makes the calculation of the F I-l T
t2xzreqely !sj:itp;Z  an.j faster t;han the Fas: Fourier Transfer,? - FFTa In
+he F@brif!r TrzrlSfOrlq case one needs Wltipl ication for the
sins-cosine CCeffiCients, sopetjws even With irrational n’Jnk6rSI The
FtiT offers  quit8 a si17nl~ ,2,n!j an apDrocriat8  allioritfim W78~ Using S.
r;il;ital  CoMpUter.,

iecondib, t h e cjiScr8t9 ,:alsn functions give 9s a general bask for
c: qr,a 1 an&lySiS,
rrepency.

qare!y the concept of sequence rather than tyat of
T c, 6,. sezaency o f  discrete Walsh futxtions is defined by

one half of the G-G?rage nJ5ber of Zero crossings per seconzi, This
cor'cept enxIles us to t8plRCe the concept 3f frequency of the
sine-cosine fU?CtiOflS,

because Llf1, this fe;lturC? of the Hadaqard tra'lsform on8 m a y  well t h i n k
gf the ~~sslbillty that AI Droblems .which have been sObed using the _
Fourier traPsform night 38 re -tnterDreted  bY the Liadamard traqsform.
Furtherrtxre, cre night hope for SOm0 hterestP7g new ~fscov8ri8s
5 i Cc8 the &icanard transform might r e v e a l  som new aspect of the
?rc.b ler cowernen,

Frcm %hi:; optiF:istic Stand
af the sF.ef-ct

t h e  atithor h a s  att8mptql-l an analYds
i%ave using &a,;;ll2a!flarti  transform, Sit?11 jar attemrJts

kV8 Ceen 3ade in the 3ast C43r and they h a v e  sgg~estaa same
cossibilitss  about tti8 apDlicat;on  of the hadamard transform to the
5pegch wave Cf y s’7awWJ some c o r r e s p o n d e n c e  between tt;a frequency
SpectrUv arc the sequ3nCY spectrum, Thfs reoort wi II show twc
TethOds of s ;: e e c h wav3 maltisis  u s i n g  the H a d a m a r d  transfort%  tne
Ci rect af?d tne indirect vethods, These two methods show both the
zdvantapw c'r rlf' ?isadvantages Of the Hadamard transform for speech
wave’araiysls,

5ectiOp 7
badaVar<
3u6 to
spectrum,
are known bgt tYas/ at8 co?~liCated to calculate or too simcle to
provide eTc;r32 inforF;atioA, A f e w  exDer/mental results are shoxn in
this secTio;l tn ???onSt,rat3 these facts,
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In this sdftiw $3 kJada.mrd tr?msforn Nili be d i r e c t l y  a  Dlied t o  a
SDeecn mve to yet “,he seq9enCy power si3ectrum. The 8x Stencs o f‘i
SoTa Corr3s~o!~l6~rce b9tWem fr9QUenCy SpeCtrUm end sequW?cy SDeCtrUm
7a.s beer rWort~-j o n C43. As a given vocal ic sound can be
47aracter id zead by tha iocsti.Dn of its first three formant frequencies,
it iS kcjr+,tl investi~atinl 9s ex!stencs of forman+, “SGquQn; i 3s” in
tke t-ladapar? squeng spectrum Instead of formaM frequencfes, A few
?xCetipeFts ;Ji I I 3eTanstrate poor reSUlts and the reason ~*rllI be
liscUSSerl,

2.1 CleflniTiC?r  cf sequmc3 and sequency,

Tke Cl8fini tiw7 of sequence '4~s introduced  by H, F, Harmuth C3J and it
gives a ned oasis from which -LO I n v e s t i g a t e the characteristic  of
3i9q:aiS, & see:;lenc3 n2Mwr of a vWsh function 1s defined by the
ntltT~dr  af st gn m2ngeS g'?r Unit time, Let :: = 2" cansaotitive rf3a I
7uri;ers a(j), ?- 5 j < h!r ns rePresented oy a 1 x N matrix Ca(j)l.
The ilaaa;xr.d trArlgf~rm of Ch(j)J i3

SCC~OJ = (l/‘Xa(J)JH(n) (1)

bvh9r 8 the :J x f; '-ladanarfj  mtrix H(o)  is defined recursively in the
2qdatiOr (21,

t-i ( ‘;: ) = IJlii

'iach coll~mn of i4-7) rePr9sents one of dfscrete ;Ja I sh functions C73.
T-+2 exarpies of G(3) and d(J) 9t-e showy in the Fig, 2.1,

(3)

whey9 x
v

reprt3Sents the
the F~L, 2.1,.

largest integer  Whic)l does n o t  exssed x (see
w.5) 0 1t Is knotin that PWC) takes on at1 values
oetkeen Zero anr; ij*i and q(k) takes all v a l u e s  between Zero and N/2,



H(3) =

11131311
l-1 1-l 1-l l-1
1 l-1-1 1 l-l-1
l-1-1 1 14-l 1
1 1 1 l-l-l-1-1
1-l l-l-l 1-l 1
1 1-1-1-1-1 1 1
l-l-l l-l 1 l-1
L~~~&~~&

Lll11111
1-l l-l l-1 l-l
1 1-1-l 1 1-1-l
l-14 1 l-l-1 1
1 1 1 l-l-l-1-1
l-1 1-1-l 1-l 1
1 1 - l - l - l - l  1  1
1-1-l l-l 1 1-l

1 1 1 1 1 1 1 1
1-l l-l 1-l l-1
1 l-l-1 1 l-l-1
14-l 1 l-l-l 1
1 1 1 -1- l -1-1-1
l-1 l-1-1 l-l 1
1 1-1~1-1-1 1 1
1-l-l l-1 1 1-l

--- sequence of each column: P
-- ggguency of each columnr qI

1 1 1 1 1 1 1 1
l-1 1 - l  1 - l  l-1
1 1 - l - l  1  l - 1 - 1
l-1-1 1  l - 1 - 1  1
1 1 1 l - l - 1 - 1 - 1
1 - l  l-l-1 1-l 1
1 l-l-la-1 1 1
l - l - 1  l-1 1 1-l

- 1 - 1 - l - 1 - 1 - 1 - 1 - l
-1 1-l 1-l l-1 1
-1-l 1  1 - 1 - l  1 1
-1 1 1 - 1 - l  1  1-l
- 1 - l - l - l  1  1 1 1
-1 1-l .l l-1 l-1
-1-l 1  1  1  l-14
-1 1 1-l l - l - 1  1

Fig, 2,l Examples of the Hadamard matrtx,



‘L a t QS i?t;frduc?  ‘;kdo F?c?tat,icns, A(c,p(~)i ana A(s,n(!;)) for k(k),

r\(c,&q)) i f  p(k) i s  even
k(K) =

A(s,&q))  i f  D!k) is O~O,

In analogy Of freaugncy DO’IJV so-tom sequency DOW8r scectruq is
dgflned as follows,

A?O,Q) + d?iS,Q) 0 < a < V/Z (4)

1A(s,h!/z)

. The ParsGv:Ws relation is pressred on the coeffici0n$s A(k) and
a(k>.

&I (n/i)- 1
(i/N> 2iz

2
a f r( ) = A(c,z) + A&Q) + A?s,q)I + ATs,N/2) (5)

K=o
FIL

=

2.2 Strmg Shift-s6nsitiVity  Of thg Yadamarrf sequency rjDectrum,

Sffy~$n,~‘t~~~~~/~~  zp investl ate
s

the
a sseec,

Th~op~~t~o~~wave,
=onsGOuti v9 spac';ra into a

&
char,36 fr;ln3/ vlsuai h?,
sonc3rzr of ssquenf+s, A short ttve soan (12,8 m,) of a digitized
s,eech have (saflr;e rate = 2ii?d%3 HZ,) is UrectlY tranSforqgd intO
sesuency s p e c t r :J .;: , ~ban tne log-magnitude o f  this scmctrun is t a k e n ,
:!s~s short tinz s?qugncy spectra are calculated in this way, are -
acctwlated, arl1 eVentuallY output t0 a video screen.

ExaeriKer!tal rExIts are snoW7 in Tig, 2.2. The upper  Dart shows a
r;g”esh wve to ba ;inqlyZed,  the m i d d l e  part a sonowam of frwUencY
spectr2 3f tlli 5 s;?eeOti  waV+ qnd tha (ouJer  Dart a son0grar.7  ;jf secuency
spectra, It is a3s.V ?g see that the sonograirl of seax?ncY s3ectra (the
lohest one) is rougher thaq that of t h e  frequencies (the mjddb one).
Thd torrrqnt sequeqcy  structure is not clear and tt aDpears to k10 very
rjifficult t9 Wild a saaech wave analysis wstem based on the
extraction of forrxznt co;lrponents us In3 the 4atiamard sequency
S+cWJrr,

The -reason :;*~y t;73 sonoaran gf ssquency sqectra oeqomes so rough and
irre-WIzf= 5 i-p je clear by t3e followna experrflent,  fhe Hadamard
3?!cLw7cy 5fzectfm is calc?rlated for a fixsd time soan (Z2.8 flsac,
Ilong) cc B c;pPecf: wave, The tima soan is shifted rlgqt 5~ lBpl
CcpsgcsnJs for g r2 C9 wccess i ve calculation  of tile swuencY
5,39ctrUr, 16 o%her Words, calculatfon of a seaumcy spectiun Is made
e;lcb  lti2 mlcrcsaccJfj tire-s+ift, A b3quBncY spectrum of ths Fourier -
trarSfOyr:? i s calculatelj in the sane way to *lake comuarision  with
ssc;Lincb s;alztr~~, T5e results are shown in Fig, Z.3.

( 5)



Speech wave
.

Frequency spectrum

Sesuency smctrum

Fi?, 22 Scqograq of sewency and frequency Spectra,
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FreGuency  s p e c t r u m Seauency sp@ctrUn
Frare NO , 1 Frame No. 1
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i ’ 1 ‘l”‘1’ “I” a
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Fig, 2,3 Strong shtft-sensft/vltY  of the
Hadamard sequency spectrum, Each
frame Is calculated each 100
mIcrosecond  time-shift,



From F i s , 2.3 we can easily understand that although the time-shlfi
1s limIted to this small value, the shape of consecutive sewency
spW2tra changes raaidly, The l o c a t l o n  o f  a  o e a k  which appears tg
rePresent  a formant comr2onent changes drastlcally  In ihe next
seauw7cy Spectrum, One cannot eXP8ct these rapid changes fbn
obs8rvatlon  of the or;ginal speech  wave  slnoe the speech wave does
not aPprec/ably change Its shape d u r i n g  la0 mlcroaeoonds,  I n
contrast, In the Fourbr case,
Its shaDe so

a frequency sp8ctrum does not change
much during 100 microseconds, This strbns

shift-sensltfv!ty of the Hadama‘id seauency swctrum c.ausBs the
frrsgularity or rough pattern of a, seuuency sona5ran and makes
~fnPosslbl8 the apglfcatlon  Of the Aten-synshronous method',

Th8 strong time-shift 3ensltivtty of a sesuency sp8ctru;rT alsc can be
exPlain8d theoretical(y, Piohler  f61 shows the Hadamard sWXJ8nCY
sp8ctrW is invariant  under  th8 dyadlc tine-shift:

CbWJ 13 ootaln8d by th8 dY@dic time-shift t

CbW3 = Ca(j @ t)l

whey8 j @ t stands for component-wise  module two addition  (no card
for the binary r e p r e s e n t a t i o n  o f  j and t. Piohlet's iesult is--_
WrItten as follows,

8 2 -2(crq) + d cs,q) = A 2 (c,ql + A
2

(s& (6)

Unfortunately the Hadamard sequency abectrum is not invarlarlt Urld8;
circular tih8-sbift O f the hout CaLjH, If La(J)3 is shifted by t -
oircularly formlng  [c(J)3 we obtalnr

Cc(.PJ  = Ca((J + tH3

wh8re W + t)) Is the principal value of 1 + t module N, In
general

c
2
ho) + c

2 (sra) # A%,q) + A%,,,) (7)

?he exper~msnt shown In Fig, 2,3 1s not the case of clrtula;
t)me-shift but one can easily understand that ihe relatfon of 8Q (7)
oaus8s the strong shift sensltvfty fn th8 Hadamard sequ8ncy sprotrum,
Note that in contrast to the Hadamard seauency fmectrum  a fr8qU8nCy
sp@c-truer of the discrete Fourier transform i s  invariant  unde;
cfto:Ular  time-shift since abgolut8 Value of a shift op8ratbr is One,

283 Difficulties  iI7 calculating shift irlvariaqts
for the radamard transform,

SOW attempts havs b9en mad8 to define circular  ttme-shift jnvar!ants
for th8 Hadamard transforv, OhnsopJ has deffned a complete s8t of
e!rcular t/m@-shift lnvarlants of the Hadamard transform and aiso has



ShOM Intermediate forms wh 1 ch ar8 invariant ta both crroular
tfpe*shlft and dyadfc time-shift, F o r  more detaIled derlvatfon of a
COQ lete set of c:rcular tlm@=shlft invariant8  and its intermediate
fomrr s e e  c73,

AS a first !3t8P, consider intermediate forms, a set {P(k)) which is a
sum of groups of comoonents In CA(k)3 swared such that

P%0) = A*Q)
P2U) = A'(l)

. .

p*(2) = 42Ql + A2t3)
.~D@eror~

In genera
bP (m) = z

2
A(k)

(8)

where  zm-’ I k < Zfl for 1ImLn.

Ex4mPlQ of calculations  of a-set (PI for var fous input w a v e s are
ShOM in Fig, 2.4,
wave for the Hadamard

In the fIgurei:hetq;~;t  time soan of the speech
transform to 12,8 msec, Each

compon8rt o f  a set {P) Is shown as a function of tima 'fn the Ffg,
2.4, Overlao of the time span for the next Hadamard transtorm Is tj,4
msec m The case of a sInusoIdal wave lndlcates  the flltedns
oharacterlstlc  of a set (PI h8Caus8 the position of each oeak moves
to th8 left as k Increases In P(k), I n  other wOrds, the smaller ihe
value of k In eq (81, th8 more likely it Is that the COmOonent P(k)
wi 1 I P a s s the higher frsquency CompOn8nt stnO0 frequency !nCreases
with tlrro passing In the OrIginal Input rJav8. HOWOVert a s the band
Of 8aoh filter 1s determln8d by the number N, which Is the dimension -
OV a n  array CA(k)l, we lose flexfblllty, Although the oaloulailon  of
a set (9) from N compon8nts of CA(k)3 1s strabhtforward,  we oan asi
only 1 + n(= log2N) components of P, For Instance, If N I
can get only 9 cOmponents  of P and one of them 1s d,c,

256 one
comoon8nt.

This means  a great deal of lnformatbn reduction is made and it is
doubtful I f a s8t (P) contains enough fnformatlon to perform speech
wave analysis,

Ohn@rg has defined another complete set of the Hadamard transform
which has 8xactlY W/2) + 1 InvarIants  for a cfrcular ijme-shjft.
(The discrete Fourier transform -OFT- gives a W/2) + i Point
spectrurr,) However It is not a strafghtforward way to calculate the
InvarIants since it includes many matrix multioUcations, According
to -L7! If we let (31 be a auadratfc invariant set of the Hadamrid
transform, then

In the case when & z 8

J'(0) = A'(0)
J'(1) = A*(l)
J*(2) = A2(2) + A*(3)

= A2(4) + A*(6) - A(4)A(7) + A(5)A(6,
(9)

J*(3)
J2(4> = A'(5) + A*(7) + A(4)4(7) - A(5).4(6,

( 9)
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Fig, 2,4 Wcuiatlon  of 8~ (8) for vatfous input waves,



4lthOUgh  thor% is n$ exohrmtlon aoout how these terms (J) a r e
re late0 t:, f rWuW7c8 or squu
f%rsOrS'S I'TI lnva~lants. As ObvorS suwests tt7at tm 0rodnant
?~q=3y  iiq2s of th8 discret@ Faurier  SDecdXUm tanrl! to be exa43erated
ir th8 au;taratlc sDe!Ctrum (J!,

L Ahtwo et al p3?
however multj

four73 En e f f i c i e n t  algorithn  t o  calcdlate  L,n~2sa
t8WS, NlcatlJn Sy a n hrational nuver is in~lucbd in
th9 alsorit;9?l a nd it is mo r e- cOmDlkated than that cf Yadamard
traESfOyY?.



I n  t:liS s8C+,, i (311 t i\ a ‘qna;,strU:cl” techn  i qcre iS intrcdu2ed. The
9aOstrW techn i!que is +I similar teohnlqua to the ceostrurr technicue
9,a(CG!Jt t!-iat *L;hc3  i qVe?sC!

tna lopma3niwAe
fast c(adamard tra;;iOrrn -IFHT- is ay1bti to

f r8quBnCY seectrum the OutPUt 13 ~lled
97aostrum." This ‘;eChr?icjUe  i s  indtr3Ct in' the sense that at first
the FFT (no+,  Ft-iTJ is aDDlied to a shwt time S p a n  of a speech wave to
obtain the scecC,r;lfll  a:d tnen the FkIT is IJSed to extract Ditch Derfod
or to Get snto;>VvQj snectrU13. The strmg time-shift Sensitivity  of
ths I+adamard transform  is removed by tne first aoplidat;on  of Fourier
tr3f,Sf OrCl to s!,cech waves.

This tachn :;I%
trar,SfOrP: F illdSt Att,qS positive aspect of he 'dadamard

3r t?e 2n2 YstS 3.F
3

2 sCeech wwe, especial 1 y s;t,h  regard
+4 tna Srw%+n; 3i 2 spactrtim, A fOrmant VacKinc QrOgraF has besn
iwlam8nts3 usb tqis tecnnique,

T9 s 17 0 ‘h uth t32 a d v a n t a g e s and disadvantages  of t3e hapstrum
ta::rrniC?u? iJQ will ;?eOict tw outline of both the ceostrum and the
ha0StrUfr tachnfwes, 4lthoqh there 1s more than one (JefinitiOn OF--.
til9 C83strtll tecn”rlidue  w3 3i\J8 a tY3fCdl apotiCation in the UPDer
oar+, Of Fiq 3.i. T+e hmStr~J;;l *;e$hnfqus is Shown in the lowet Part
of Fig, 3.1,

.F‘ r 3lT k ic;. 3.1, one can Mar-i/y understand ttie dlffE?r8nC0  be ween oath
tecnnlaues, T% fy3qUerlCY  spe:trUm of a short time soan 0 f a speech
WaVa filtera? 0y 3 4anTi3~ MindOH iS ootained by the discrete Fourjer-
trdnSfOrn -;)fT, Thsn the ios-maanftude of this scectrw iS taKen.
Af t3r ths ,xocsSs i ng# in tne case of tne cepstrum techniaue the
inverse discrete Fo,rriar transform -IDfT-  aqd DFT are aDolled t0 W-t
CitS" Oeriod snd y1)goL;r)eJ  328CtrUt;r, T)n the other h a n d , ’  in the case Of
tna naDstrIJ~.i  tdchi ge the IrIFT and 9FT are reDlacea by the IF!JT and
WT, r e s p e c t i v e l y , A naostruqP b/hlch is ordered in Seouence (not
sewency), Is ootained by the IFHT of a log-mamltude spectrum, From
ti3 r8plaC37n9?bts 3n9 gets the advantage of tne fast calcu!ation  of
-the Cfadanar  1 transforn,  3~9 t o  the e l i m i n a t i o n  o f 1 insar flltQrlwr
C0y’Jt f n’r3 Cost i 5 2vsn f;lrther  reduced by the method,

L3t us note tilqt in t&w capstrum case after the aOpl ka ion Of -the
i q‘4.fj:se  di 32p8t8 7 OJr;ar tFa.dary dJa il8Sd low-pass f i i ter ng oft the
1 g’l‘-?agr i tiJ:(o  O f  th8 3; 3creta Fourier t r a n s f o r m , Dy m e a n s  o f
lp-3aSs f i Itari:\~ a sritO,otbed spectra i s obtained due to the
elkinatioq of f, h 8 fir9 strUctUre Of the SDeCtw~, TWS is
2cCq~fllisli3< by iulttplYinJ the ceostrum bY a 1 OW-D2SS fi It8r
faqztion,

Iq r;Ontrast 30 th3 4:aostrJr7 technique the hapstruq t8Chni ue uses an
i:jt3ai tilt,f?r  as ii IoN-uaS3 filter i'l the seduency dona n ofP the
?7#lStrUK, T’8 ldreP3r8 0’19 qefds 70 3u’tiPlication to cut higher
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a n d  the hapstrum twhnhue,



98qu8nce components, The higher seqiww3  componerlts  are s'fmoiY m a d e
Zero, This also reduces computing cost (the symbois +I- and x in the
figure lndlcate the nwessity of a d d / s u b t r a c t opetatio%  o r
multiplications),

From the author’s experience the calculation  of the FHT is ten t i mes
a 3  f a s t  a s  t h a t  of the FFT, This suW@sts that by using the hap&urn
teChniou8 we can make the calculathn of spectrum smoothh~  at lost
three times a s  f a s t  a s  tbt of  sp-FctrUm smoothing using the cepst;um
teohnique,

HoW8VBb we should be aware that smoothIn by the ceostrum gives UQ a
better approxlmati~n f a r an original log-magnitude spectrum in ihe
98n38 Of least-scwafe errOr crtt8riOn and tha$ smaot~ I ng by the
hapstrum degrades resolution o f beak oosltlon of log- magnitude
SpWWJm, The theoretIcal  reason for th 1 s will b e  dkussed fn
sectIon  3,L

3,2 Wtoh detectton,

f0 extract  a phctr period we have to take a sufficient tlme.span  of a

speech wave to o+ulate a lag-magnitude soecttum, namely long enough
to Include at least two glot ta l  pu lses ,

In our experhents the duration I9 taken to be 25.6 m98c
corresPondin to 512 samples of a digitized 3oeech wave stnoe ihe
s a m p l i n g  r a t e  of G speech w a v e  Is 2000@ HZ ,

Flg, 3,2-a shows a series of ccrpstrum Plot3, A series Of c8mtrUm  are
caiculated for each consecutfve segment of speech wa've one half of
which o v e r l a p s  t h e  previous  sellmant, In the case  of the ceostFum,  to
get. a higher resoiutlon 512 zeros are edded to the next 512 samotes
of a dlgltlted speech wave, Thls means the IDFT and Wt are
c a l c u l a t e d  on 1024 oofnts,

Fig, 3,2-b shows a series of hapstrum  plots, The hacrstrum 1s
aalcUIat8d  Under the Same c ~ndltion as the Cepstrum of Fig, 9, To
taiculate a haPStruR we do not add Zero to the next 512 samDIes of a
speech wave, slnca  on8 cannot get higher resoluslon of the hapstrum
bY adding zeros !see 3.3 In this SectIon), If 512 zeros a& added to
the next 512 samples of a digltlzed Speech wave on8 will get a
hanstrurr such that the component of the sequence (not Ssouer7cy) 21
and'21 + 1 becomes  the s a m e  value, w h e r e  i ig a Posltlve inte98r.
In other words a hapstrum of a speech wave segment with added Ze;os
ls easfly calculaied  fron one wlthout added zero9, This swc'Ia1
feature of the Hadnmard transform Is utilized by the smoothing of ihe
log-magnitude spectrum in the next sectlon, The proof 1s shbwn In
the APPENDIX in more a generalized  fotm,

Comparhg  f i g , 3,2-a w;.th Fig. 3.2-b, we observe that ln the ceg&um
a sharp Peak appears at approximately  4,5 mSec but in the case of ihe

(14)
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Consider  the m e a n i n g s  of filtering by a n  ideal filter in t h e  sequence
dorrain, Lot an array [a(J)3 of dimension N (= ZH 1 ba a disitizad
sigra( In which all components such that N/2 I J < N are set to Zaro.
BY the apolicat;on  of trle FtiT includim s e q u e n c e  ordarlng the a r r a y
La(j)! is transformed Into an array CB(k)Ij such t h a t each a d j a c e n t
corf~onent becor~as  t h e  save, name Iy:

Furtherrare, when a( I comoonan's  s u c h  that W(2
2

Zero the a r r a y  ta(J)J Is trans ovled irito s&h an array CB(kH by theF
) 5 .j < N are set to

apDlkation  of the FHT including sequence ordering

h t c) 1 r: Ed;, = :1(z)  = R(3)
ti!4) = w5, = r7(6) = B(7)

(12)

Eq (11) ana ( 12) are pzneralizad in <A> and (Ei) of APPEWIX,

Both equat i ons sugcest that if CEHk>l is platted a s  a  function of
array hc~x k the curve bc)cones flat as the value of each adjacent
‘cGrrConent  Is the s;im. Eacause of <his flattening  affect !t degrades-
resclutIorl of Deah 3?s::ions in the array C%kIJ. To denonstrata
this ar exanpte is sho."rn in Fig. 3,s. A segment of a soeech wave i s
shakn and ifj ?lnat?/ZG3  by t3f5 har>s',rum techniaua, The tWG 1 GWer
c u r v e s r p, J r c 5 t! 11 t, ‘;ne log-rmgni  tude sDectrrlm and the s m o o t h e d  result
b y  the hagstrur;r tecvC:qL;%

. .
The SFoGthnr, i 0 :3 -:,lagnit2*@ spectrum in Fig,
SrrGGthW'9  effect stat;er! bQfCr0  b y  eq (11). Many

3Ah&onstrates  the
paxma and

*iRlTa callsed by (3 1 o-,tc i ::utsq (or pitch freauency)  in the ori$Cnal
-I cj+FaGln  i ‘;Ll,j8 Spectrdfl a r e dir-liqished in the smoothed spectrum.
Fror: thr, auf,hgr's exoerienca the number af Deaics is decreased  t0 Gn@
h&If tna',  ~6 +hc gr;ainal.

Tbjd- PQortan'; f] IJ z? St;07 is whether  or not
by rasorancc! of a vccal

the proninan+, 3 aks caused
tract are p r e s e r v e d  by the smooth ng,‘1 from

the examle Snown in fig, 3 . 4  w e  c a n  s e e  that tha hapstrum smoothing *
?eun i aud Civas cmolj snoofning with regard to Preserving the
ttrree  forrflfiqts,

first _.

Fig, 3 e 5 3 i v 6 s a n ;) 7; '7 6: 7 F;;rlple which suggests the formant comoonents  c
are preservad ?';zr . snootMng oy the hapstrum tech;7 i oue. The
upw r is a sonogrz,;l of &ecSra Wi-Alout smoothing a n d  t h e  l o w e r iS a
sQ’7cQratr of WlOOthQd  results using the haostrum technique,



Sgjeech  w a v e

Smoothed stiectrum by
the haDstrum tbohnfoue

F i g ,  3,4 SDeech daV8, the log-magnitude SDeCttum and
the smoothed swcttum by the hapatrum trchn/aua,



Us, 3,s Sonoarams of log-magnitude spectra
and their smoothed so8Gra, The upper is
a sDno9ram  Of lO9-m93nftud8  s p e c t r a  a n d
the !o'rJef IS that of smoothed soectra,



Ed'Je fo[ Iwers dJBrC f i rst Ir4plemanted  to reco3nize  9bj8ctS in 8
sO3+, An 423 fsllonar detects A position wh9r8 sham chamu  of
c9Wtast  0 cSI.JrS anA fcllods it successively, A sonograq is just such
a scan8 wit? formalt trajectories  rePresented as dark StrfdeS, BY
aatactln3 l?fk stripes \IJP find ‘9~ tocatl3ns 3f g8atu In a sDectrUm.
sin:2  a So;73Jf=aoi  ;s reorsssnted  a s  ? SQqUWuP  o f  spectra,

T?er? a r e 7arljl diff:cultiQs in imol;tw;f~lr-$
orogram bassd cm a.n edge follower. One i:

i&r;ant tracking
a formant

tf~JWtorY is n3t a straight Iins, out is curV9d. Son9 of the edge
followers Uve trzat,ed objec?s cOl?POSd Only of stratgnt I!nes, such
as cubs. Vtis lilifatio~ Carl be Of U s e  tC a n  e d g e  fOllOw3r. For
i ~st?nCe w2 cafl--~ r+v3qt Yle fol)o;~iM Of th8 wrong path by using the
crfterion 3f CUfVFItlJfB, tie also can forecast the sxistence of edge,
uJ,qizn is hard t0 .j2tact ‘r)ec9’Jsf? of noJs3, cy us i n3 gtraisht line
i n t 9 r p 0 I h t i 0.3 ietn0k AS t h i3 oroductiw 0f a SDeeCh wave i s  8
Oyna;r’iC <innI stoc?r,st! c 0*9sf3ss, the hunan speecn ~2~6 contains much

. nois0,

A 3ecom grqSl27 is that i t  is WrY di:fiCl It to decide
freSU9nCs/ ft0” iota I information,

forlnant
Y de rang3 af OV~;?~P existsY

t?etwwn the r8cjion cf t9e first forxnt fre$JenCy and that of the
SL3COmir i4lsa Da +,:WGI tia secwvd forwnt frequency OIKJ the third. In
tr78 case o f  y vale  VOiCB, tb3 first formant frequency racrges frO!J 2213
71 to 9Cd’  nz,, the second from 553 hz, to 27!80 hz, and the third
frcln 11zr; h2, t3 JijzC  hf,

A Tr.ird Drw3lev is tiat i f  we s e e .  a  sOn3grav in a
- t??re exist to& ni;nj/ Desks

~icroscook ‘*ray
to titscriqinate the forritant CmmnentS, It

i3 cesirabI2 tG have a techniql-le $0 elirginate trivial CM&S whi is
Cr2s9r insV Crcrrrinspt peak-S catls3d Oy tre first thrae formants,
~'8ostrU~ i3 swx7 a‘., tachlni2;le. Qablner and Schafer IId= have
iqalene~te3  2 f?rnant trackif-l!J DrOgram OaS8rj on L,he CePStrUn
t5~h~i~~e, 43 tn2i; qnetngd .-;l;i!<es frame-by-frame  decisions for 9%
first tnre+ fo;3zq;  fraqU8-jcig5, ttlGy We only local iilforqatian  in a

s3~3~r8ir, It is idsIra\bl? to utilke  ~0r8 global infor.vatlgn,



T 7” +3tr-:nt -L r f c c( ; -l ‘J ;ro tra51 ekDlairlad hzrz fol lotis f-larkal’s aoproach
p IJ t N i th n 3:iCIKtrT;Cz;( i n&J mchan I Sm to reL;ovef if 'df  0flg 33th is
fol louJ*a, If d8CiSiUnS are mad8 fra?Ie by fr2me tn&? is no WrG;7CI  day

entranCe problem, :wn i f  Y8 rlab 2! wro93 clGciglO3 in a fraPl3, the
effect aoes n o t r>ronagate  t o the next, However, if WC! ;IS@ the
information from just the previous f ram8 the effect of a Aron
08Cisi0v Wlli PrQ3agzt8, Ta cooe 4th this situation it is necessary
to ?ave a recovery tachnlque drlch utilizes more global infarmation,. .

3.4.1 Logical structure of a formant tracking 3rogram.

‘3iJ r f0rljant
'IETECTOR,

trszkciqg pr~grzvv
CA!V~?I~,A~E: SELECTE,

is composed of four modules n a m e d  PEAK
fRi\CEE& and RECOVERY.  General flow of

the PrOgralll  iS ShoNn in figure 3.6,

PEAA rJtTLCT'j+  accosts  z -J;qiti zed speech wave of a
calculates :!

vocal iC sound #
SVOtQ3d svXtru;ll bY UsbN th8 haPstrl;m tec?niQU8,  and

CetcrnhS  pisks, It sno~ld be noted tha t the ha3StrUm technique is
usec to d8Cr8aS9 ';hc, 3roeeSsing
easily be rsplaGf!d 3~ anot?e

ti.718 required for smoothing, I t  can
r teC3nlgUe sucn as inverse fflterlng Or

the Cer>stru: teC;tvi:de,

For each res ion of the first three formant
SELEU(JR selects at most tnree candidates

frequencies, CAW ItlATE-
f r o m  many peaks detected b y

?EjK DUECTCR and or,ders then PY amplitude of peaks, The third
canaidate ‘A’ h o $ 8 Anne Itude is 7,5 db less than that of the second
canaidate ic removsj oy the ordering 3rxess, These c a n d i d a t e s
se I ectea arL) accumulated  and are used by TRACKEt? and RECOVERY, This
routine reduces the search space,

L TRACKLR,
TRACKER tahes th3 r*sul+,s from CAf’JDIDATE: SELECTOR and vakeS a

-t8ntatlVe aecision for the first three formant fregUenCies, At first
T2ACKER iaoks for a r8aSOnable  olac,e to track, T98re exists a region
C i tb I n ktl i Cl-i an overlao of two formant comoonents never occurs, In
tee case of :i ;riale voice, only the first  formant e x i s t s betwesn 22fl
‘12 .- aPd -”>JII? hz, and r)dy the second and the third formant e x i s t
9etheen 92;”  hz, anti 1 ; :A .y h 2 ) ancl between 27QG hz, a n d  3W?1 ht.,

the f i r s t .if csndidate for a fornant frequency is dthiq tfia first
feEiOn it is reasonable to assuqe that this is th8 peak caused by the .:
f0trrant, After makin? 3-1 initial selectton TRACKE? begins tracking
fcr*aro %r SBCkWJAr(;l,

7qiPCnLl7 uses
next frer;e,

tko CrIterl2
Zagical ly, T?ACKER uses a criterion of mintrum shift

to determine formant freoyenctes of tk~

oeak Cositfon from o n e  frama  t o  t h e  n e x t , T h i s  n e a r e s t  neighSour

(22)



? I
’ c
t A
? N
t 0
’ I

Select at m o s t  three
CandIdate-s  for each
region  of the f 1 rSt
thee forfY:ant  freOU=
encies and Order
them by mplitucfe 1

t 4

t + 0 - W - - A

I
Yt Look for a reasonable o!aCe

t I to track
4 T A
I

?

? i Select next formant f;e*uencles*
bY using the n e a r e s t
n&hborhood criterion I

A

1~
WIthin  a reasonaSIa Lange frbm

9 t 1 +*- lhconslstency  round ?I*-**+*+

t f @ 4 h(ye3) 4
? t v 4 P8rfOrm llnear forecasth L
t t E 4 4 - 4
t ? p ~cctctccccccc~+

t
t

(231





Fig, 3,7 A n  examPi8 of  t h e  f i r s t  thr88 f o r n a n t
traJeOtorl3S  f o r  a  sentenc9  O f  "id8 We?8 away",

(25)





t o oetect a peak cause\?  bY a Ditch DfJriod, is difficult even In the
Case o f  ta m a l e  Voice, The author's original ODtlmistfc standDo!nt was
that the Hadsmard transform  might reveal some new aspect of sD8ech
Waves, However the only gajn found from ustm the Hadamard transform
was the‘peductlon  of processing tjme resulted for smoothing, and thfs

” kas obtained at the cost of ~rWision,

& formant tracking program using an edge fol i0W0r has been desc;ibed
in section 3.4, Wh!le the algorlthfl  is rather soDhistiCat$dr mOSt of
the the Is still devoted to the smooth'fns and peak select/on
procedures.

(27)
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Since I;lf I k 5 (t4/2) - 1 and I ;: k + (N/2)
m o s t  s;gnif;cant  9inwy djglt kn-l and In-1 are
kn-I = II!
In-l = 1 and (A-5)
ki = It f O f i?n-1

From 8~ (A-4) and (A-5)

In-1 = t@ XQR ti = 1 _.
kn-1 = $3 x0!? sl = 0
kn-2 = sl. XOR s2 = tl XOR t2

(A-6)

ki = sn-2 XOR sn-l = tn-2 XOH tn.1

kid = m-1 = tn.1

WS obtafn the fcllc+dnd relation from eq (A-b),

si = t: for 1 5 i I nwlr and

sa = Q and tO = 1 (if sl = 31 (A-7)

SQ = 1 and t0 = G1 (If sl = 1)

Eq (A-7) iv I f3D i s that a s or t 13 In sequence,
In othat wcrfis the dffferenoe of sequence nu!NHr t>etwem
A(k) and A( 1) iS one,

Let hi( b e CE,Fl where

Ek = Cel(h(k))  + CfJ,(h(k))
FK = CeJ(h(k))  - Uj(h(k)) (A-9)
where (h (k ) )  Is the k-WI column of natdx Wn-11,

yrn-
Since 13 our case Cf3 7 CWJ1,,,,l?U

Ek = Fk, namely  A(I) = A(k) for I = k + ('j/2) LEA

(9) tie can genaralfze the result of (A) further,
Zero all components of array Ca(J)J such that
2k 5 j 5 r4 - i ~htwe 1 I k I n-L then

C1Q)=A(2 b = A(242 b( 1) = A(3*;2k 1) = ,,,= A((2(n-k) -lb2k 1
P(l)=A(2’ +1)=A(242h  )+i)=A(3~;2k)+l)=,,,=A((2'"-k)-1)~2k 4)

(29)



& ( i ) Z .I( 2 k +;)=A(24 k, +i)=A(38(2 k, +i)=,,,=A(('Z w- kLl).2k +i 1

and in each ~FOI,JD~ for sxanple ( A(I), A(2'+I),
A(3 o(2 k Pi) r,,,,A((2'"uk'w;),2k  +!I )t 2(n-k) consecutive
sequence nul?rSqs are Included,

Proof:

I

I - It Is apoarent from the recursbe deflnltlon of the
Hadamrd transform matrix given fn 8~ (1) and the &oof
given 1:~ (A),

(30)
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