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Absfracf-A digital  formant  is  a  resonant  network  based  on  the 
dynamics of a  second-order  linear  difference  equation. A serial  chain 
of digital  formants  can  approximate  the  vocal  tract  during  vowel pro- 
duction. In this  paper,  the  digital  formant  is  defined  and i ts  proper- 
ties  discussed,  using  z-transform  notation.  The  results of detailed 
frequency  response  computations of both  digital and  conventional 
analog  formant  synthesizers  are  then  presented.  These  results  indi- 
cate that  the digital  system  without  higher pole correction is a  closer 
approximation than  the  analog  system  with  higher  pole  correction. 
Finally,  a set of measurements  on  the  signal  and  noise  properties of 
the  digital  system is described.  Synthetic  vowels  generated  for  dif- 
ferent  signal-to-noise  ratios  help  specify  the  required  register  lengths 
for the  digital  realization. A comparison  between  theory  and  experi- 
ment  is  presented. 
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I. INTRODUCTION 
HE DEVELOPMENT, in recent  years, of the  
theory of digital  filter~,[~l-[31  has  made  it  feasible 
to  simulate a wide  variety of speech  communica- 

tion  devices on a general  purpose  computer. The for- 
mant-type  speech  synthesizer  is one of the  devices  that 
has  been  profitably  sin~ulated.[J]-[’j] I n  this  paper,  digital 
filter  theory is used to  study  the  behavior of a  serial  for- 
mant  synthesizer  for  generating  vowel-like sounds; 
this  type of synthesizer,  using  analog  components, 
has  been used in the OVEril series  and in SPASS.[81 In  
the  digital  simulation of such  devices,  two new problems 
arise,  namely, the sampling  and  quantizing  problems. 
As is well known, a sampled-data  filter is periodic in the 
frequency  domain.  Thus, a digital  formant  network 
obtained  via  simulation  has a different  frequency  re- 
sponse  than  does  an  analog  formant  network. As we 
shall see, the  periodic  frequency  response of a digital 
fornlant  network is actually a desirable  feature,  since i t  
eliminates  the need  for the  higher  pole  correction  used 
with  analog  synthesizers. The  quantization  present in the 
finite-register  length  computer  creates  two  distur- 
bances:  inaccuracies in the  formant  positions,[gl ; ~ n d  a 
wide-band  ‘Lnoise”  caused  by  roundoff  errors  during  the 
execution of the  linear , [ I r ]  These effects 
place a lower l i m i t  on the length of the  registers  used 
and,  therefore,  must  be  seriously  considered in simu- 
lating  digital  filters on computers  with  small register 
lengths.  Also,  the  component  advances in digital  hard- 
ware  raise the possibility tha t  a special  purpose  all- 
digital  speech  synthesizer or  fornlant vocoder could 
become  a  feasible  device;  clearly, the knowledge of rcg- 
ister  length  constraints  becomes  major design informa- 
tion. 

A widely held misconception is tllat dil?iculties arising 
in  computer  sitnulation of speech systems  can I)e 
avoided  by  increasing  the  sampling  rate.  l.Towever, 
quantization  problems will generally  increase  in  severity 
as  the  sampling  rate is raised.  Thus, a sound theoretical 
understanding of the  effects of both  sanlpling  and quan- 
tizing  are  necessary  for  the  design of digital  speech 
synthesis  programs  or  special  purpose  digital  hardware 
synthesizers. 

In  Section I1 of this  paper,  the  digital  formant  net- 
work will be defined and  discussed, and it will be shown 
that  although  linear  analysis,  using  z-transform  tech- 
niques, is applicable,  in  practice  it  is  necessary t o  COII- 

sider  carefully  the  lengths of registers  used  in  the  com- 
putation.  In  Section I1 I ,  the  frequency  response  char- 
acteristics of digital  formant  synthesizers will be studied 
theoretically  and  experimentally,  utilizing  only  the 
linear model. T h e  primary  purpose  is  to  find the extent  
to  which a digital  synthesizer  can  approximate  the 
vocal  tract  transfer  function. I n  Section IV, we will 
derive  the  characteristics of the higher  pole  correction 
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network  used  in  analog  synthesizers. In Section V, the 
quantization  problem will be  reintroduced,  and  theoreti- 
cal  and  experimental  methods will be applied  to  study 
the  register-length  problem. 

11. DIGITAL FORXANTS 

The  transfer  function H(z)  of a digital  formant Can 
be  defined,  using  z-transform  terminology, as 

(1 - 2r cos bT 4- y 2 ) z 2  

22 - (2r cos bT)z + r2 
H ( z )  = (1) 

where T is the  sampling  interval,  and r and b are  defined 
by reference to   the  z-plane  pole-zero  diagram  shown in 
Fig. 1. The  frequency response of the  digital  formant is 
obtained  by  setting . z = e j w T  in (1). Except  for  the  fre- 
quency  dependent  scale  factor in the  numerator,  this 
frequency  response  can  be  obtained  geometrically  fronl 
Fig. 1 by  measuring  the  distance  from  any  point on the 
unit circle (at an angle UT) to  the poles, the  magnitude 
of H ( e j a T )  being  inversely  proportional to  the  product of 
the  distances  from  that  point  to  the poles (and  directly 
proportional  to  the  product of the  distances  to  the zeros 
which, in our  case,  are  unity).  The  significance of r is 
illuminated  by  letting r=e-=T, so that  the  parameter a 
may  be  interpreted as a half-bandwidth  radian  fre- 
quency. I t  can be seen  from (1) that H(1)  =1, which 
shows that  the  digital  formant  has  the  correct  dc gain 
independent of the  resonant  frequency.  This is accom- 
plished  by making  the  numerator  dependent on the 
pole  positions so as always  to  satisfy  this  condition on 
the  dc  gain. 

The  transfer  function H ( z )  can be approximately 
realized in a variety of ways;  “approximately”  because 
no  indication of t he  quantization  problem  appears in 
(1). Thus,  the  recursive relation 

y(7zT) = 2r cos (bT)y(?zT - T) - r2v(nT - 2T) 

+ (1 - 2~ COS bT 4- r’) ~ ( 7 z T )  (2) 

permits  the  variables x ( n T )  and y ( n T )  to  take on any 
real  values,  whereas in the  computer  these  variables  are 
always  contained in finite-length  registers. A conve- 
nient  way of representing  the  computation of (2) is via 
the  “network” of Fig. 2.  The  triangular  boxes  represent 
unit  delays of time T ,  the  rectangular  boxes  are  the 
fixed multipliers,  i.e.,  the coefficients of the  recursive 
equation (2) ,  and  the  sum is represented  by the circle 
with  the  plus  sign.  These  elements  are  the  basic ones 
for  any  general  system of linear  recursions. Computa- 
tionally,  Fig. 2 [and ( l ) ]  is interpreted as follows. A new 
sample x(nT) appears  at  the  input.  This  signal is mul- 
tiplied  by  the  fixed  number (1+r2-2r cos b T ) ;  the 
multiplications  indicated  by  the  other  two  rectangular 
boxes are  carried  out,  all  the  indicated  products 
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Fig. 1. Z-plane  pole-zero  diagram for digital formant. 
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Fig. 2. First  digital  network  representation of a  single formant. 

summed,  and  the  appropriate  register  transfers  per- 
formed,  to  fulfill (2). The  system is now ready  for a new 
input  sample. 

Because of the  linearity of the  network of (l), it is 
possible to  exchange  the  sequence of operations.  For 
example,  Fig. 3 represents a different  sequence of com- 
putations  leading  to  the  same  transfer  function H ( z )  of 
(1). Although  the  difference  between  the  networks of 
Figs. 2 and 3 may seem  trivial, if one remembers  that  
the  actual  computations  involve  finite  register  lengths, 
these  differences may  be  significant. T o  illustrate,  as- 
sume  that  1 +r2-2r cos bT= 0.01 for a given system. 
If an  input  sample x (nT)  of magnitude 20 appeared,   the  
product is less than  unity  and would  be truncated  to 
zero. Thus,   the  system of Fig. 2 exhibits a noticeable 
nonlinear  effect if the  input  signal level is too small. 
I-Iowever, the  same  signal  applied  through  the  network 
of Fig. 3 might  not  exhibit  such an  effect,  because t h e  
first  portion of the  network  (up  to  the final multiplier) 
could have  boosted  the  signal level to well above 100. 
Thus,  although  the  “linear”  behavior of the  networks of 
Figs. 2 and 3 is  identical,  the  actual  behavior of t he   two  
could  be  markedly  different. 

In  the  remainder of this  section  and  until  Section V, 
the  finite  register  length  problem mill  be ignored,  and 
the  frequency  response  characteristic of the  digital  



1 
2r COS bT 

Fig. 3. Second  digital  network  representation of a single formant. 
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Fig. 4. Frequency  response of a digital  formant. 

formant  network will be studied,  using (1) and  Fig. 1 as  
the  starting  point. H ( z )  actually  has  an  infinity of poles, 
occurring at  the  frequencies ( * b / 2 n i n f r )  H z  with 

sponse of the  digital  formant is periodic,  with  a  period 
equal  to  the  sampling  rateJ,.  This  well-known  property 
of sampled  system is made explicit  for the  digital  for- 
mant  by  writing \ W(e.+T) 1 ,  that  is, the  magnitude  of 
H ( z )  a t   any  angle UT on the  unit  circle 

1 N ( e i w T )  j 

[I++- 2 r c o s ( w - b ) T ] q 1 + r ~ - 2 ~ c o s ( w + b ) T ] ~  

n=O, 1, 2 ,  . . . and fT= 1 / T .  Thus,  the  frequency  re- 

1 -2r cos b T f r 2  - - -.  ( 3 )  

1 H(e jar )  1 is clearly  periodic in the  angle U T  with  period 
2n, and  this is equivalent  to  periodicity  in  frequency 
with  period f,.. Also,  the  resonant  effect is clearly seen 
via  the  left  side of the  denominator,  which  becomes 
small  when (w-b)T=nn,  n= 0, 1, + 2 ,  . . . yielding 
the  type of result  illustrated in Fig. 4. 

111. DIGITAL FORMANT SYXTHESIZER 

I t  is, of course, the  repetitive  nature of the  frequency 
response of the digital  formant  network  which  suggests 
t ha t  it  resembles  more  closely  (than does the  analog 
formant  network)  the  repetitive  frequency  response  of 
the  vocal  tract.  The  upper  sketch of Fig. 5 indicates  the 
frequency  response of an  acoustic  tube  excited a t  one 
end  and  open  at  the  other  end. (We have  assumed  equal 
bandwidths  for all  resonances.)  This  simple  model  is a 
representation of an  ideal  neutral  vowel. If the  sampling 

time T is  chosen  to be 0.5 millisecond,  then  a  digital 
f o r m a n t   a t  500 Hz has repetitive  modes a t   t h e   s a m e  
frequencies as the  tube,  while  a  single  analog fo rman t  at 
500 Hz does  not at all resemble  the  tube.  The remaini11g 
sketches of Fig. 5 show  the  comparison  between  five 
formant  analog  and  digital ( T =  seconds)  approxi- 
mations  to  the  tube.  I t  is clear that,  for  this  case,  the 
digital  system is a good  approximation  to  the  tube, 
whereas  the  analog  system  needs  a  correction  network 
to compensate  for  the high-frequenc>i falloff character- 
istics of cascaded  analog  formants. 

A mathematical  representation of the  distributed 
parameter  vocal  tract  system is quite  difficult, and \ve 
are  not  able  (nor  have n e  really  tried)  to  create a purely 
theoretical  argument  for  choosing  either  the  digital 01’ 

analog  formant  as  the  better  approximation to the 
actual  vocal  tract. I-Tonever, it can be argued t h a t  an 
analog  formant  synthesizer,  consisting of a  large  nurnlxr 
of resonators  and  higher  pole  correction,  can  scrve as a 
criterion  for  the  correct  frequency  response charac:teris- 
tic of the  vocal  tract. T h e  standard w e  have  adopted 
uses 10 cascade  resonators  and  an  improved  higher  pole 
c0rrection.l If we denote  this  standard  configuratioI1  as 
system 1, then  the  remainder of this  section  presents 
and  discusses  experimenta.1  comparisons bet\veen system 
1 and  the  following  three  systenls: 

System 2:  10-pole  digit31  formant  synthesizer  using 

System 3: 5-pole  digital  formant  synthesizer  using 

Syste,m 4:  5-pole  analog  formant  synthesizer  with  inl- 

20-kHz sampling; 

10-kHz sampling; 

proved  higher  pole  correction. 

As indicated  previously, w e  have  guessed t h a t  a 
digital  synthesizer  does not need any  higher  pole correc- 
tion,  and no  such netLvork is used i n  systems 2 and 3. 

Fig. 6 represents  system 3. The resonant  frequencies 
of PI ,  Fz, and F3 are varinl,le  and  correspond  to  the  three 
lowest  resonances in the voiced  speech  spectrum,  thus 
determining,  for  example, the particular  vowel sound 
generated.   The fixed  resonators F5 and F 4 ,  with  reso- 
nances   a t  4500 and 3500 Hz, help  provide t,he correct 
overall  spectrum  shape. S(z) represents a formant-like 
digital  network  which  has been recommended as a 
suitable  source  filter,  and  the  transfer  function 1-2-1 

approximates  the  mouth-to-transducer  radiation.  Each 
of the  digital  formant  networks is of the  form  given i n  
Fig. 2 or 3 ,  and  has a transfer  function of the  form of 
(1). Thus,  the  transfer  function of the  entire  synthesizer 
is given by  

1 

F ( 2 )  = S(z)(1 - 2-1) n Fi(2) 
<=I 

1 The  nature of this  improvement is examined in Section IV. 


