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C. FORMANT FREQUENCY TRACKING 

The scope of this project  i s  t o  gain experience on various schemes 

of fomnant tracking, i,e.,  automatic extraction of formant frequency data 

from connected speech. 

IPuring the past year we have made some preliminary studies on 

methods of counting zero-crossings and of moment weighting. The moment- 

weighting method was engineered simply by carrying out the analog division 

between the different ia ted speech wave and the undifferentiated speech lave. 

The recent work during the l a s t  three months has been concerned 

with more detai led studies of zero-counting techniques and with a method of 

anti-resonance f i l t e r ing .  Ifhen the zero of an anti-rssonance c i r cu i t  coin- 

cides i n  frequency and bandwidth with a formant pole there i s  perfect  can- 

ce l la t ion  providing the residues from other poles may be neglected. T h i s  

procedure may be regarded a s  the  time-domain equivalent of the pole-zero 

spe ctral-mat ching method developed a t  11. I. T. 

O u r  r e su l t s  are negative i n  so f a r  a s  a l l  the methods mentioned 

above have serious inherent l imitations,  a t  l e a s t  within the experimental 

conditions of our present studies. Our main conclusions are a s  follows: 

(1) Zero-crossing counting. 

a. I f  the frequency of t h s  damped osc i l la t ion  corresponding t o  

a single formant i s  integrated over a period longer than t h a t  of 

a voice fundamental period the measure w i l l  coincide with the 

frequency of the  most intense harmonic within the formant. T h i s  

well-known ef fec t  w i l l  cause objectionable j i t t e r  e f f ec t s  i n  res- 

onance vocoders unless an excessively long time constant i s  cho- 

sen for  the frequency parameter smoothing. 

b. An i n i t i a l  transposit ion of the  speech band t o  higher fre- 

quencies w i l l  make possible the use of smoothing time constants 

much smaller than t h a t  of a voice fundamental period. However, 

the presence of the  discontinuity a t  the  time posit ion of the 

i n i t i a l  voice exci ta t ion and also the frequen; absence of osci l la-  

t i o n  i n  a part  of the cycle w i l l  complicate the measuring proce- 

dure by the need of an in t r i ca t e  sampling system. 



c, The presence of i n su f f i c i en t l y  suppressed residues from oth- 

e r  formants might d i s t o r t  the  measurement owing t o  averaging ef-  

fects .  I f  two frequency components are l e s s  than one octave a- 

par t  t h i s  e f fec t  becomes negligible a s  long a s  the  unwanted sig- 

n a l  i s  more than 5 dB below the  l e v e l  of the  s igna l  t o  be meas- 

ured. As the  frequency r a t i o  increases the  e f f ec t  i s  more pro- 

nounced. I n  the  case of a frequency r a t i o  of F J F ~  = 10 and 

an amplitude r a t i o  of A /A = 19 dB there  r e s u l t s  an e r r o r  of 
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0.15 (F2-Fl). A p r e f i l t e r i ng  continuously controlled by t he  meas- 

ured posit ions of other formants i s  needed i n  order t o  get 

the  best  r e s u l t s  from the  method. A supplemsntary mthod  which 

has been t r i e d  i s  t o  r e s t r i c t  the  time constant of the  f l i p f l o p  

in the  frequency counter c i r c u i t  so a s  t o  avoid synchronization 

on i n t e r f e r i ng  osc i l l a t ions  from high-frequency formants. 

(2) Moment weighting. 

a ,  14oment-weighting and zero-crossing counting techniques a re  

known t o  provide equal r e s u l t s  on random noise signals. I n  gen- 

e r a l  both methods are dependsnt on a p re f i l t e r ing .  

b. Our experiments on the  use of the  simple moment-weighting 

technique of analog divis ion of two speech s igna l s  d i f fe r ing  by 

a p r e f i l t e r i ng  of 6 d~ /oc tave  and subjected t o  l i nea r  rec t i f i ca -  

t i o n  and short-time smoothing, have shown t h a t  the  function i s  

very sensi t ive  t o  the  par t i cu la r  p r e f i l t e r i ng  and t o  the  degree 

of asymnetry of the  formant. I n  case of reasonably symmetric 

formants the  systems tend t o  follow the  leading harmonic. 

c, The moment-weighting procedure may from a systelratic point 

of view be regarded a s  a simplif ied instance of in terpola t ion 

within a band of f i l t e r s  connected -to a maximum selector.  Such 

systems have been t r i e d  with some success i n  England (2' and wi l l  

be eyaluated i n  coming phases of our work. 

(3) Anti-resonance f i l t e r i ng .  

A pklot study on anti-resonance methods of formant tracking has 

recent ly  been completed. The i dea l  system would be one i n  which 

the  speech wave i s  passed through a s e r i e s  of anti-resonance c i r -  

cu i t s  i n  cascade, one f o r  each formant. By proper adjustment of 
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t he  frequency and bandwidth of each anti-resonance it would be 

possible t o  cancel the  damped osc i l l a t i ons  of a l l  formants and 

there  would remain merely a voice exc i ta t ion  function. T h i s  i s  

ac tua l ly  the  method u t i l i z e d  i n  the  voice-source studies,  section 

1-8 of this report,  I n  formant-tracking systems, however, it i s  

necessary t o  adopt a matching c r i t e r i o n  t h a t  i s  independent of a 

human operator, 

O u r  e f f o r t s  have concentrated on the  t heo re t i c a l  and experimental 

study of tracking t he  first formant a f t e r  it has been i so la ted  by 

a p r e f i l t e r i ng  stage. The t heo re t i c a l  approach was t o  calculate 

the  i n t ens i t y  output of t,he anti-resonance c i r cu i t  a s  a continuous 

function of i t s  center frequency set t ing.  The bandwidth of t he  

zero was assumed t o  coincide with t h a t  of the  formant pole but an 

exact match i s  not c r i t i c a l .  The experimental s e t  up consisted 

of measuring the  l i nea r  r e c t i f i e d  and smoothed output of an ant i -  

resonance c i r cu i t  var ied i n  s teps  of 100 c/s between successive 

recordings thus  simulating a bank of p a r a l l e l  channels of  ant i -  

resonance f i l t e r s .  The Ff frequency was selected a s  the  channel 

carrying minimum intensi ty .  A f a i r l y  promising r e su l t  was ob- 

ta ined in a t e s t  with a piece of connected human speech a s  can 

be seen in Fig. 1-4, where the  data a re  superimposed upon a spec- 

trogram. A t heo re t i c a l  analys is  of t h e  anti-resonance method 

provides the  following resu l t s :  

a. There i s  a systematic e r ro r  when t he  low-pass p r e f i l t e r i ng  

range i s  narrowed a s  may be seen from Fig. 1-5. T h i s  e r r o r  i s  

approximately inversely  proportional t o  t he  Q of the  formant and 

amounts t o  10 % when the  cutoff of t he  p r e f i l t e r  i s  10 % above 

the f c m n t  frequency asswning a Q of 5 and fur ther  a very lor? 

F and a negligible influence from higher formants. 0 
b. Systematic e r ro r s  of greater  inportance occur when t he  voice 

fundamental frequency, F , i s  high and especia l ly  when t he  formant 0 
peak f a l l s  halfway between two harmonics. This i s  i l l u s t r a t e d  i n  

Fig. 1-6, which p e r t a h s  t o  the  experimental analys is  of a stand- 

a rd  neu t ra l  vowel [ 3 ] (Fy500, F2=3.500, F '2500 c/s). 3 



A t  t he  pi tch of FOz200 c/s the  s e l e c t i v i t y  i s  very bad and a min- 

imum i s  obtained only with the  widest possible p r e f i l t e r .  

The fundamental weakness of the  approach reported on above i s  

t h a t  only a l imited par t  of the  spectrum i s  allowed t o  contribute t o  t he  

minimum response whereas a frequency s h i f t  of a formant a f f e c t s  the  en t i r e  

spectrum, The s ens i t i v i t y  of the  m2thod i s  upset by incomplete cancella- . 

t i o n  of residues from other formants and from the  vocal-cord wave. A cas- 

caded system of several  anti-resonances, one f o r  each formant, would do 

b e t t e r  but  i s  more complicated f o r  automatic tracking systems. The supple- 

mentary usage of phase information might provide greater  accuracy.* 

H. Fujisaki, A. E s b e r g  

* Such a system i s  t h a t  of Lawrence (personal communication) who works 
with a system of two self-adjusting anti-resonance c i r c u i t s  which con- 
t inuously follow the  first two formants of speech. H i s  c r i t e r i on  f o r  
self-adjustment i s  the  r e l a t i ve  phase between the  output and the  input 
of the  anti-resonance c i rcui t .  
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