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The voiced speech waveform may be synthesized by exciting an LPC vocal tract filter with a 
pulse waveform patterned after naturally occurring glottal airflow pulses. Such a pulse 
waveform may be generated by computing samples of a piecewise polynomial curve at equally 
spaced time intervals. In this type of synthesis, the pitch period is commonly restricted to an 
integer multiple of the sample interval. A method is presented for removing this restriction, 
permitting both pulse duration and pitch period to be varied over continuous time. Aliasing 
distortion is prevented by computing the sample values of pulses that have been low-pass 
filtered in continuous time prior to sampling. Applications of this technique include modeling 
glottal pulses by least-squares fit to inverse filter waveforms, the synthesis of calibration 
waveforms for evaluating measures of speech waveform jitter, the perceptual evaluation of low 
levels of waveform jitter, and the synthesis of the singing voice. 

PACS numbers: 43.72.Ar, 43.72.Ja 

INTRODUCTION 

Voiced speech may be synthesized by applying excita- 
tion pulses to a digital filter according to the source-filter 
model of speech production. The natural glottal pulse con- 
tributes zeros to the speech spectrum (Mathews et al., 1961 ) 
which are understood to have perceptual relevance. Pattern- 
ing the shape of the excitation pulses after the glottal pulses 
observed by inverse filtering was reported by Rosenberg 
( 1971 ) and by Holmes (1973) to improve the naturalness of 
synthetic speech. 

We have reported (Milenkovic, 1986) on the use of 
pulses described by piecewise polynomial curves to model 
the voice source. The voice source signal in this instance 
refers to the first derivative of giottal airflow as obtained by 
inverse filtering the speech waveform measured with a pres- 
sure microphone; the model pulses were patterned after the 
shape of the first derivative of the glottal airflow pulse. The 
parameters controlling the pulse shape were adjusted to fit 
the model to the inverse filtered speech waveform in a least- 
squares sense. 

Fully natural sounding speech synthesis may need to 
account for the effects of source-tract interaction. The vocal 

tract driving point impedance has a transform zero at dc 
related to the inertia of the air column, and this impedance 
zero accounts for the skewing of the glottal airflow pulse 
relative to a more symmetric glottai opening area pulse 
(Rothenberg, 1983). The vocal tract impedance also has 
peaks at the formant frequencies; these peaks result in for- 
mant ripple being added to the glottal airflow pulse (An- 
anthapadmanabha and'Fant, 1982 ). 

Recent examples of source interactive synthesizers are 
reported by Sondhi and Schroeter (1988) and by Pinto et al. 
(1989). The Sondhi-Schroeter synthesizer is based on an 
articulatory model that produces a vocal tract area function 
from which both the vocal tract transfer function as well as 

the driving point impedance may be computed. The synthe- 
sizer described by Pinto et al. is based on a formant model 
where the formant frequencies are used to specify an equiva- 
lent circuit model of the driving point impedance. 

Source interactive speech synthesis is restricted in its 
application by the need for articulatory information. The 
formant frequencies do not specify a unique vocal tract area 
function (Atal et al., 1978), and the different area functions 
with the same formant frequencies produce nearly similar 
transfer functions but widely different driving point impe- 
dances (Milenkovic, 1984). While the impedance peak fre- 
quencies are coincident with the formant frequencies, the 
impedance zero frequencies are not set by the formant fre- 
quencies, and the location of these zeros has a profound ef- 
fect on the amplitudes of the impedance peaks affecting the 
formant ripple. 

The effect of source-tract interaction on the acoustic 

waveform can, to a degree, be reproduced by a source-filter 
synthesizer. The skewing of the glottal airflow pulse is easily 
incorporated into a mathematical function describing a 
pulse shape. Formant ripple, however, is related to the dissi- 
pation of the formant oscillations into losses in the glottal 
constriction and subglottal acoustic system (Flanagan, 
1972). Klatt and Klatt (1990) suggest using a pitch syn- 
chronous adjustment of bandwidths in a formant synthesiz- 
er to approximate this effect. On the other hand, the LPC 
multipulse synthesis method (Atal and Remde, 1982) is able 
to match the acoustic speech waveform in a least-squares 
sense using an LPC vocal tract filter that is fixed over one or 
more pitch period cycles. A model combining an LPC de- 
rived filter with a small number of source parameters may 
have sufficient degrees of freedom to approximate acoustic 
waveforms influenced by source-tract interaction. 

Efforts to improve the quality of source-filter synthe- 
sized speech remain a worthwhile endeavor. In light of work 
in source-interactive synthesizers, the source-filter model is 
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still employed to study the influence of the voice source on 
synthesis quality (Childers and Lee, 1991). While the 
source-filter synthesizer may never be as parsimonious as a 
source interactive synthesizer, the parameters controlling a 
source-filter synthesizer may be more readily determined by 
analysis of the acoustic speech waveform in the absence of x- 
ray measurements of vocal tract geometry. While the source- 
filter synthesizer may never give a perfect reproduction of 
natural speech waveforms, we seek to remedy sources of arti- 
fact where possible. 

The process of fitting pulses to the voice source in dis- 
crete time is a source of artifact we seek to remedy. Fitting 
synthesizer pulses to the inverse filter waveform takes place 
in discrete time because that is the form in which we acquire 
speech waveforms for analysis. Because of discontinuous de- 
rivatives at the points of glottal opening and glottal closure, 
the synthesizer pulses will undergo aliasing distortion upon 
computing sample values. This aliasing distortion becomes 
evident when the pulse end points are not aligned with the 
sample points. The end points of the naturally occuring glot- 
tal pulses, however, are not necessarily aligned with the sam- 
ple points. 

We have modeled a glottal pulse with an end point lying 
between two sample points as a weighted aver'age of pulses 
with end points placed at sample points on either side of the 
desired endpoint (Milenkovic, 1986). The pulses in the 
model need to be low-pass filtered well below the Nyquist 
frequency to make this averaging of pulses bracketing the 
desired end point a reasonable approximation to a pulse with 
the desired end point. This scheme gave good least-squares 
fits between synthetic and natural glottal pulses. The pitch 
period estimates obtained by using the pulse weights to inter- 
polate between sample points gave values for jitter well be- 
low the sample interval, jitter being the cycle-to-cycle fluctu- 
ation in the pitch period. While the resynthesized speech 
waveform matched the large scale oscillations of the domi- 
nant formants in the natural speech waveform, the high fre- 
quencies were missing on account of the low-pass filter used 
to interpolate pulse end points. 

We focus attention on devising a glottal pulse model of 
controllable bandwidth and spectrum slope that can be 
aligned between sample points. One solution would be to 
oversample the synthesizer pulse shape, digitally low-pass 
filter, and then resample at the rate of the digital speech 
recording as reported by Hartwell and Prezas (1981). The 
pulse end points would still be aligned on sample intervals, 
but the sample intervals would be much shorter. Another 
solution would be to put fillets or smooth corners on the 
pulse end points. This method was demonstrated by Titze 
(1986) to improve the naturalness of a synthesized singing 
voice. Of course the smooth corners significantly modify the 
voice source spectrum as well as reduce the aliasing artifact. 

We have developed a technique for analytically apply- 
ing a low-pass antialias filter to pulses described by piecewise 
polynomial curves. The filter is effectively applied in contin- 
uous time before the sampl,• values are obtained. We are able 
to compute sample values of polynomial pulse that is low- 
pass filtered close to the Nyquist frequency, allowing contin- 
uous control of pulse duration and pitch period with mini- 

mal levels of aliasing distortion. We also have control over 
the spectral shape of the antialias filtering. 

While the derivation of the technique may seem compli- 
cated, the actual computation of these pulse shapes is quite 
straightforward. Sample values are obtained by multiplying 
vectors containing powers of time t, sine, and cosine values 
by matrices of constant coefficients. The computations com- 
pare quite favorably with computing pulse shapes by over- 
sampling and digital low-pass filtering. There is no design 
compromise between time resolution and complexity be- 
cause the method gives continuous control over pulse shape 
and pulse duration. 

While the new technique for computing excitation 
pulses is motivated by fitting excitation pulses to the inverse 
filter derived voice source, other applications include syn- 
thesizing low jitter speech waveforms for evaluating mea- 
sures of voice aperiodicity (Milenkovic, 1987; Yumoto et al., 
1982; Muta et al., 1988; Titze et al., 1987; Hillenbrand, 
1987), the perceptual evaluation of low levels of jitter on 
voice quality (Hillenbrand, 1988), and the synthesis of the 
singing voice (Titze, 1986). 

L METHODS 

We begin by deriving a formula for computing samples 
of a pulse waveform that has been low-pass filtered. We rep- 
resent a pulse waveform which starts at t = 0 and ends at 
t= T as the piecewise polynomial function p(t)u(t) 
--p(t)u(t- T), where u(t) is the unit step function and 
where the polynomial p (t) has components 

p(t) = Wlp I (3-) -•- ''' q- W,n.p m (3-), ( 1 ) 

for 3- = t/Tand 

Pi(3-) =P• +p.r+ '" +pi,,r". (2) 

Synthesizer excitation waveform samples p,•, [ n] for a pitch 
period beginning at t d will be obtained according to 
p,,,[n] =p(nt• -- t,t ) where t, is the time between samples. 
The parameter Tcontrols pulse length while the parameters 
w• through w,• control pulse shape. 

The pulse waveform may be expressed as 

p(t)u(t) -p(t)u(t - T) = wPT,uf -- wPBT,,u, r r, 
(3) 

where w is the row vector of pulse shape parameters w•, P is 
the matrix of polynomial weightspy, T, is a diagonal matrix 
of elements 1, T-•,...,T-", u, is the vector 
[u(t),tu(t) ..... t"(t) ], u,_ r is the vector [u(t 
-- T),(t- T)u(t- T) ..... (t-- T)"u(t-- T) ], and B is a 

lower triangular matrix of binomial coefficients b•j coming 
from the expansion 

r/={1 + (r-- 1)} i 

=b•o + bil (3--- 1) + '" +bii(3-- 1)" (4) 

A. Antialias filtering 

We compute samples of the pulse at discrete times 
t = nt.,. In order to suppress aliasing, we need to low-pass 
filter to a frequency at or below 1/(2t• ). This low-pass filter- 
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ing needs to be performed in continuous time prior to com- 
puting sample values of the filtered pulse. To show how this 
is done, we note that the filtered pulse 

Ph (t) = h(t)*(p(t)u(t) --p(t)u(t -- T)) 

= h(t)*(p(t)u(t)) - h(t)*[p(t)u(t - T)] 

= wPr. h wPBr,,h ,L T, (5) 
where * denotes convolution, h, is the vector 

[ h( t)*u( t),h( t)*tu( t) ..... h( t)*t "u( t) ] 

and h,_ T is the vector 

[h(t)*u(t-- T),h(t)*(t- T)u(t-- T),..., 

h(t)*(t- T)"u(t- T)]. 

Hence, filtering a piecewise polynomial pulse reduces to 
• i evaluating h(t) t u(t), where h(t) is the filter impulse re- 

sponse. To evaluate h(t) t u(t), we define the linear opera- 
tot 

Lf{g(t)} = g(u)du, (6) 

we note that 

u(t) = •(6(t)}, 

tiu(t) = ?.•f'+ •{6(t)}, (7) 
and that 

h(t)*t 'u(t) = i!• 9•t+ •{h(t)}. (8) 

This last expression may be evaluated in closed form for any 
filter impulse response h(t) that is i times integrable. 

The frequency sampling design (Gold and Jordan, 
1969; Rabiner et al., 1970) gives a finite duration impulse 
response that is closed form integrable. The impulse re- 
sponse has the formula 

h(t) = ho + ht cos(wilt h ) +'" + h k cos(krrt/th ), 

-- to <t4th, (9) 

where impulse response h (t) has duration 2t h . 
We evaluate i!• i+ •{h (t) }, essentially the normalized i 

fold integration ofh(t), in the regions t< -- th, -- t h < t<th, 
and t, < t. In first region, the expression evaluates to zero. In 
the second region, we will obtain a linear combination of 
sines and cosines as well as powers of t through t i + •. In the 
third region, h(t) is zero valued, A'•{h(t)} will be a con- 
stant, and successive integrations will generate powers of t 
through t i. It follows that 

rO, t< -- t h h,-- Cc,r +Ss,r + Ut,r+,, --th <t<th, (10) 
Lrt,,5 <t 

h, r=Cc, r-r+Ss, r-r+Ud,+l, T-t•<t<T+t•, 
(11) 

where we define the vectors 

c, = [ cos ( •rt /t• ) ..... cos (k•rt/t h ) ], 
s, -- [ sin( rtt /th ) ..... sin( k•'t /t h ) ], 
t,+ I = [1,t,...,t"+•], 
t• -- [ 1,t ..... t 

c• T = [cos(•r(t- T)/t h) ..... cos(k•r(t- T)/t h) ], 
s• T = [sin(•'(t-- T)/t h) ..... sin(k•r(t- T)/t h) ], 
d,,+ • = [1,(t- T) ..... (t-- T) "+ •], 

and where C, S, U, and V are matrices of constant coeffi- 
cients. 

The constant coefficient matrices may be computed by 
noting that rows i of matrices C, S, U, and V contain the 
coefficient weights of cosines, sines, and powers of t making 
up t!.L/•+ •{h(t)}. That 

i!o5. •+ '{h(t)} = i•9•{(i - 1)!Z/•'{h(t)}} 

means row i may be computed from row i - 1 by following 
the rules for integrating sines, cosines, and powers of t 

f sin(JJrtldt= --(th)cos(J•-tl+K, (12, \ t h ] \fir/ \ t h J 

f cos(Y=tlat=('")sin(Ytl+K, (13) 
\ t h } \j•r/ \ t•, / 

;t' 'dt=(•.)t'+K, (14) 
where K is the constant of integration in each expression. 
Matrix row i: 0 is thus given by 

So• = (t•,/jr)h• l<•4k, 
Um = h o, (15) 

So•=0 1 <j4n + 1, 
= 0 lq<n, 

while rows i = 1 through i = n are given by 

C o = -- (it•,/j•r)& u lq4k, 

So = (ith/jrr)C• V l<•4k, (16) 
Uq=(i/j)U, ,•_, l<•4n + 1, 

Vo=(i/j) E ,½ , l<•4n. 
The values of the integration constants K are obtained by 
forcing h, to be continuous at t = - th and t -- th. From Eq. 
(10), this condition is satisfied ifCc, r + Ss, r + Ut r = 0 at n+ 1 

t t h and if Cc, r + Ss, r + Ut r Vt r = -- = ,, at t = t h . It fol- n+ 1 

lows that for rows i = 0 through i = n, 
It+ I k 

- v,,, = 7. ( - t,, )% + Z ( - ly%, (]?) 
J-. I 

n+ I k n+ I 

V,o = Z (th)•+ Z (--1)•ci<-- E (th)•Vq ' (18) 
j-o j-• j-• 

Combining Eqs. (5), (10), and ( 11 ), the filtered poly- 
nomial pulse reduces to 

CoC, +So&t +Uotl,r+•, --th <t•<th, 
IJt ,f, t h < t< T-- th, 

ph(t) = vt,r_(C•C•r r+s, sf_r+u, dr ), (19) n+ I 

T-- t h <t4T+ 
with coefficient vectors 
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c o=wPT,,C, s o=wPT. S, u o =wPT. U, v=wV, 

c• =wPBT. C, s• =wPBT. S, u•=wPBT•U. 

These coefficient vectors need to be computed for each pulse 
of new duration T and shape parameters w. 

Once T and w are fixed, the filtered polynomial pulse 
consists of two "fillets," the regions -th <tyth and 
T-- t 0 < t•< T + th, where the pulse is constructed from co- 
sines, sines, and powers of t, together with the region 
t• < t<• T-- t o where the pulse is simply a polynomial, of the 
same form as the original p(t) but where the polynomial 
weights have been adjusted. The computational complexity 
compares favorable with, for example, simply "tacking on" 
fillet regions to the original polynomial pulse p (t). The new 
technique, however, offers greater control over the spectral 
shape of the resulting pulse. 

B. Basis functions 

We control the shape of the piecewise polynomial pulse 
by adjusting the w vector. The elements of the w vector are 
weights for combining basis function polynomials Pt (r) to 
obtain a representation of the first derivative of the glottal 
pulse. As we indicated earlier, we will be modeling an inverse 
filter signal that is the first derivative of the estimated glottal 
airflow. 

The form of the basis functions is derived from a series of 

assumptions about the glottal pulse shape. We assume that 
the glottal flow starts at zero at the leading edge of the glottal 
pulse and ends at zero at the trailing edge. In the case where 
the glottis does not close completely on account of a glottal 
chink (Bless et al., 1986), we assume that glottal flow starts 
and ends at the same constant value. We will regard the 
glottal waveform to be a smooth function except at the 
points of glottal opening and closing, where the derivatives 
may be discontinous. 

The dominant aspects of the excitation signal influenc- 
ing the speech spectrum that we incorporate into our model 
are the pulse duration T together with the discontinuities in 
the first two derivatives of the glottal wave at the glottal 
pulse end points. In the case of a glottal pulse which has a 
continuous first derivative between its end points, the 
asymptotic frequency spacing of the Laplace transform ze- 
roes is controlled by the pulse duration Twhile the asympto- 
tic damping of these zeroes is controlled by the ratio of the 
closing edge to the opening edge slopes (Mathews et al., 
1961; Flanagan, 1972). Our model will control the slope as 
well as the local curvature of glottal airflow at each pulse end 
point in order to better fit observed inverse filter waveforms. 

The slope and curvature of the discontinuities of the 
glottal pulse are equivalent to the step and slope discontinui- 
ties of the glottal pulse derivative at its end points. We seek 
four basis functions of minimum polynomial order to exer- 
cise independent control over the step and slope discontinui- 
ties at the two end points. That the glottal pulse starts and 
ends at the same level imposes the constraint that the inte- 
grated value of each of the four basis functions be zero. The 
minimum polynomial order meeting these conditions is 
n = 4: each polynomial has five coefficients. 

The four basis functions are polynomialsp• (r) through 
P4 (7') for r = t/T where we specify boundary values 

p,(0) = 1, p•(0)=l, p3(1)=l, p•(1)= - 1, 
(20) 

where the remaining boundary values are set to zero. We add 
the contraint 

o • Pt ( r)dr = 0. (21) 
For each Pt (7.), evaluating Eq. (2) at the boundaries gives 

Pt ( 1 ) = Pio + Pi! q- Pi2 '-{'- Pi3 + Pi4, 

p;( 1 ): P,i q- 2P,2 + 3P,3 + 4Pi4, 

pi(O) =Pio, (22) 

p• (0) = 

0 = + + ½,2 + Ip,3 + ½,4. 

Solving this linear system of equations for i = 1 to i = 4 re- 
sults in 

[ 1 
1 0 -- 18 32 -- 15 

0 1 -- 4.5 6 - 2.5 

P= 0 0 -- 12 28 --15 ' 
0 0 -- 1.5 4 -- 2.5 

where P is the matrix of elements Po, and 

(23) 

0 -- 1.5 --4 --2.5 

PB = 0 -- 18 -- 32 -- 15 ' (24) 
-- 1 --4.5 --6 --2.5 

where B is the lower triangular matrix of binomial coeffi- 
cients introduced in Eq. (4). Remembering that P is the 
matrix of coefficients of the polynomials p,. expressed as 
functions of 7. and PB is the matrix of coefficients of the same 

polynomials expressed as functions of 7.- 1, the symmetry 
properties p• ( -- 7.) = p• (r -- 1 ) and P2 ( -- r) 
:/0 4 ( 7' -- 1 ) account for the observed similarities between 

P and PB. 

Representative synthesizer pulses are depicted in Fig. 1; 
the Fourier transform of these pulses are seen in Fig. 2. The 
pulse weights are w• = 50, w2 =0, w3 =- 300, and 
w4 = 1000, and the sampling rate is 10 kHz. The pulses were 
produced under three conditions. The first condition is with 
no filter. The second condition is with frequency sampling 
filter I h =0.6 ms, ho =0.5, h• = 1, h 2 = 1, h3 = 1, 
h 4 = 0.3904, which is a single transition sample low-pass 
design. The third condition is with the filter t h = 0.6 ms, 
h o ----- 0.5, h t = 0.5, which is a filter with a raised cosine im- 
pulse response. This third condition makes the smoothing 
effect of the filter more visually apparent. 

Close examination of the glottal flow pulses in Fig. 1, 
obtained by integrating the sampled glottal flow derivative, 
reveals that the integrated pulse synthesized without the fil- 
ter does not start and finish at the same level of closed glottis 
flow. The integrated pulses synthesized with an antialias fil- 
ter do indeed start and finish at the same level. The antialias 

filter helps the sampled pulse of the glottal flow derivative to 
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(o) 
TIME (ms) 

(o) 

TlUE (ms) 

FIG. I. Synthesized glonal pulses: (a) unfihered, lb) frequency sampling 
design anlialias filter, and (½) raised cosine filter. The top panel is glottal 
flow derivative, and the bottom panel is glottal flow. 

maintain the same zero-dc constraint imposed on the contin- 
uous time version of the pulse. 

mi. RESULTS 

We demonstrate three applications of the proposed 
voice source pulse model. The first is modeling the glottal 
wave by matching the pulse model to the inverse filtered 
acoustic waveform. The second is the use of the pulse model 
to synthesize waveforms used in the calibration of measures 
of voice perturbation. The third is the perceptual evaluation 
of low levels of voice perturbation in speech synthesis. 

A. Modeling the glottal wave 

An estimate of the glottal excitation waveform is ob- 
tained by LPC inverse filter analysis of the acoustic speech 
waveform. We recorded the acoustic wave with a Panasonic 

model WM-063T electret microphone cartridge (Digi-Key 
part P9932) AC coupled to a preamplifier with a high-pass 
cutoff frequency of 2 Hz. The microphone is held in close 
proximity to the subject's lips (5 cm) by a boom attached to 
a pair of safety glasses worn by the subject. The microphone 
is held off-axis to avoid air-blast artifact. Placing the micro- 
phone in the near field maximizes the ratio of direct sound 
energy to the energy of sound reflected from the room, mini- 
mizing artifact resulting from reverberation. 

The output of the microphone preamplifier was low- 
pass filtered at 4 kHz with a four-pole Butterworth filter and 

/-..o- 

(b) 

(o) 

0 1 2 3 4 5 
FREQUENCY (kHz) 

Fica. 2. Fourier magnitude sp½ctrmn of the glonal flow derivative For syn- 
thesized pulses. Synthesis conditions: (a) unfiltered, (b) frequency sam- 
plmg design antialias filter, and (c) raised cosine filter. 

sampled at 8.33 kHz using an A/D with 12 bits resolution. 
The digital speech recording is high pass filtered by two ap- 
plications of a single pole high-pass digital filter with a 20-Hz 
cutoff. The high-pass filter is first applied to the data in the 
forward direction and then is applied to the data in the back- 
ward direction, resulting in a two-pole filter with zero phase 
(Milenkovic, 1987). Use of a zero-phase high-pass filter 
minimizes the waveform droop, making the distinction be- 
tween the open and closed phases of the glottal pulse more 
apparent. 

The inverse filter is determined by applying ten coeffi- 
cient covariance method LPC analysis to the speech wave, 
preemphasized by taking the first difference (Markel and 
Gray, 1976). This analysis is applied to a 20-ms interval of 
the waveform. Applying the resulting LPC inverse filter to 
the unpreemphasized speech waveform recorded with a 
pressure sensing microphone gives an estimate of the first 
derivative of the glottal airflow (Milenkovic, 1987). Inte- 
grating the inverse filter signal gives an estimate of the ac 
component of glottal flow. 

We collected data from four male and four female sub- 

jects in order to obtain representative waveforms. We in- 
structed our subjects to sustain the vowel/a/for I s. We 
employed the vowel/a/because the high first formant fre- 
quency of this vowel reduces the artifact caused by misalign- 
lent of the inverse filter zeros with the vocal tract poles. 
Figure 3 shows both Fourier as well as LPC spectra of the 
preemphasized speech signals for one male and two female 
subjects. We show one female subject having a spectrogram 
similar to the male subject. We show another female subject 
with a speetrogram that is most dissimilar to the male sub- 
ject, exhibiting the elevated first harmonic together with 
broadened formant bandwidths described as typifying fe- 
male vowels (Klatt, 1980; Klatt and Klatt, 1990). 

A computer program identified successive pitch periods 
by comparing the large downward stroke of the inverse filter 
signal against a threshold. The downward stroke identifies 
the approximate location of glottal closure. The computer 
program then fit a five-parameter pulse model to the inverse 
filter waveform in each pitch period. The five parameters are 
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MALE 

FEMALE 

1 2 5 

FREQUENCY (kHz) 

FREQUENCY (kHz) 
2 5 4 n 1 2 • 4 

FEEQUENCY (kHz) 

FIG. 3. Fourier and LPC spectra of the vowel/a/. 

tl and t:, the times of glottal opening and glottal closing, as 
well as w•, w.•, and w4, the weights of basis polynomials p] , 
p•, and p4. We excluded p: by fixing w2 at zero as we were 
able to obtain good fits without this basis function. 

In fitting the pulse model to the inverse filter waveform, 
we employed a raised cosine filter with parameters th = 0.24 
ms, ho = 0.5, h• = 0.5. This filter deemphasizes the higher 
frequencies and has been empirically selected for its effec- 
tiveness in the pulse fitting process. One may readily change 

MALE 

6 1'0 2'0 3'0 •'0 

FEMALE 

lb 2'0 6 a'o 
Time (ms) Time (ms) 

FIG. 4. Voice source waveforms: upper: free-field acoustic pressure, upper 
middle: superimposed pulse model and inverse filter estimate of the first 
derivative of glottal airflow, lower middle: integrated pulse model, and low- 
er: inverse filter estimate of glottal flow. 

the h coefficients to substitute a broader band filter for later 

speech synthesis using the fitted glottal pulses. 
The parameters t• and t2 may be adjusted over contin- 

ous time because of the antialias property of the method for 
computing pulse samples. For each trial valueofG andoft,, 
we obtain values of w,, w3, and w4 by linear regression of the 
inverse filter waveform against the scaled, filtered, and time 
shifted basis polynomials Pl, P3, and P4- We first step 
through values of t• with t, held fixed, then step through 
values of G with t2 held fixed in order to find values oft I and 
t2 that give the best least-squares regression on the linear 
weights w•, w3, and w4. We repeat this process, each time 
reducing the step size used to adjust t, and t 2, until we obtain 
optimal values for all five parameters. 

The results of fitting the pulse model are shown in Fig. 4. 
With the second female subject, we observed cycle-to-cycle 
fluctuation in the value oft•, the glottal opening time. This is 
not unique to females; we show results for a male subject 
exhibiting this condition in Fig. 5. This figure includes a 
contour plot, indicating contour lines of equal least-squares 
regression on the w's for different values of the end points t• 
and t 2 . The contour plot was obtained by sampling t• and t, 
on a grid ten times denser than the 0.12-ms sample spacing 
and by employing the Surfer software package (Golden 
Software, Golden, Colorado). This contour plot indicates 
that there are multiple local minima in G, and these minima 
are of nearly the same magnitude. This suggests that the 
precise moment of glottal opening is ambiguous given the 
degrees of freedom in our model and the degree to which the 

Time (ms) 

i I 

PULSE LEADING EDGE 

FIG. 5. Male subject exhibiting ambiguity in the time of glottal opening. 
The bottom panel is a contour plot of the least-squares fit between the pulse 
model and the glottal flow derivative as a function of the pulse end points. 
The tick marks are placed one sample point (0.12 ms) apart. 
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model fits inverse filter waveforms. This ambiguity is inher- 
ent in the fit between the model and the data and does not 

appear to be an artifact of the search procedure used to find 
optimal values of t• and tz. 

B. Calibration of voice perturbation 

We used the voice source pulse model to synthesize con- 
stant pitch synthetic vowels for purposes of calibrating mea- 
sures of jitter and shimmer. The naturally occurring jitter 
may be as low as l0/rs while shimmer may be under 1% 
(Milenkovic, 1987). Ideally, one would like a synthetic 
voice source where jitter and shimmer may be controlled to 
well below these levels in order to determine the noise floor 

on the algorithms used to measure jitter and shimmer. This 
synthetic voice source should be capable of producing pitch 
periods that are not restricted to an integer number of sam- 
ple points because the natural voice source does not have this 
restriction. 

We employed the same pulse shape and h(t) filter de- 
picted in Fig. 1. The pulse weights were set at w I = 50, 
w 2 = 0, w 3 = -- 300, and/04 = 1000, we fixed the open por- 
tion of the glottal pulse at 0.55 the pitch period, and we 
selected a sampling rate of 10 kHz. The antialias filter was 
given the specifications t h =0.6 ms, he =0.5, h• = 1, 
h 2 = l, h 3 = l, h 4 = 0.3904, which is a single transition 
sample low pass design. The voice source waveform pro- 
duced in this manner was fed into a 12 coefficient LPC syn- 
thesizer. The LPC coefficients were obtained by covariance 
method analysis applied to a 20-ms duration of the preem- 
phasized speech waveform, applied to the vowel/a/pro- 
duced by a male subject. 

Three synthesis conditions were used. The first condi- 
tion is synthesis without the use of the h(t) filter where the 
pulse end points were rounded to the nearest sample point; 
this is the pitch synchronous condition. The pitch periods 
were then adjusted to maintain the average pitch period val- 
ue. The second condition is synthesis without the h(t) filter 
where the voice source pulse is computed asynchronously 
for a pitch period that is not an integer number of sample 
points. The voice source pulse is treated as a continuous time 
waveform which is sampled without regard for the resulting 
aliasing. In the third condition, the voice source pulse is 
computed asynchronously, but this time with the benefit of 
the antialias filter h(t). 

Synthesis pitch periods were selected from two ranges. 
The range around 8 ms is representative era male voice while 
the range around 4 ms is representative of a female voice. For 
each range, pitch period values were selected that were non- 
integer numbers of sample points. The values 8.05 and 4.05 
ms are midway between integer multiples of the sampling 
interval, and we expect synthesis jitter to be greatest at these 
values. 

The values of jitter and shimmer are obtained from a 
250-ms interval era synthesized vowel of constant pitch; the 
analysis was performed according to a method described by 
Milenkovic (1987). Results are summarized in Table I. In 
this analysis procedure, jitter and shimmer are obtained by 
computing the short-term autocorrelation function and us- 
ing parabolic interpolation to find the peak. The interpolated 
peak of the short-term autocorrelation function provides an 
accurate measure of pitch period from which to compute 
jitter, and the amplitude of this peak is used to compute 
shimmer. 

In the synthesis conditions without an h(t) filter, we 
observe considerable shimmer, the value of which varies 
with the pitch range as well as the synthesis method. In the 
pitch synchronous synthesis without the h(t) filter, shim- 
mer is attributable to the jittered overlap of the vocal tract 
impulse response between successive pitch periods. Consid- 
erable reduction in both jitter and shimmer is obtained by 
using the h(t) filter to compute the voice source pulses. 

C. Perceptual effect of aliasing artifact 

The question arises whether the reduction in jitter and 
shimmer afforded by the new source model is perceptually 
significant. We present results of listening tests on the ability 
of subjects to detect differences between vowel tokens syn- 
thesized with and without the antialiasing filter. These tests 
constitute a demonstration that the proposed voice source 
model has perceptual relevance. 

There are two ways to synthesize the voice source pulses 
without the benefit of the antialias filter. In the pitch syn- 
chronous case, we move the pulse end points to the nearest 
sample points; in the pitch asynchronous case, we place the 
pulse end points between sample points and sample with 
aliasing. Looking at Table I, both the synchronous and asyn- 
chronous cases resulted in nearly the same level of jitter. The 
asynchronous case, however, has much higher values of 
shimmer at the low-constant pitch setting. On the other 

TABLE I. Measured jitter and shimmer for the synthesized vowel/a/sampled at 10 kHz. 

Pitch synchronous 
No filter No filter 

Pitch period jitter shimmer jitter 
(ms) (#s) (%) (its) 

Pitch asynchronous 
Low-pass filter 

shimmer jitter shimmer 
(%) (t•s) (%) 

8.02 35 0.31 34 2.27 0 O. 13 
8.05 70 0.60 69 3.23 0 0.09 

4.02 42 3.28 40 3.61 I 0.15 
4.05 87 8.23 86 3.46 i 0.18 
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hand, the pitch synchronous case has higher shimmer at the 
high-constant pitch setting. We attribute this effect to the 
overlap of impulse responses between successive pitch per- 
iods and contructive and destructive interference as the 

pulses are jittered. 
We limited the comparison to two conditions to simplify 

the perceptual task for our subjects. Given the importance of 
demonstrating the perceptual differences at low pitch val- 
ues, where the percent jitter is much smaller, we compared 
these two synthesis conditions. The first condition was pitch 
asynchronous with the antialias filter. The second condition 
was pitch synchronous without the antialias filter. In this 
second synthesis condition, we followed the pulse synthesis 
with the application of a digital filter to match the spectrum 
of the first synthesis condition. 

The two synthesis conditions have closely matched 
spectra as seen in Fig. 6, eliminating spectrum envelope dif- 
ference as a perceptual clue. The two spectra, however, differ 
in the amount the harmonic peaks are separated from the 
apparent noise floor; this difference is inherent in the two 
synthesis methods as this spectrographic effect is not readily 
compensated by post filtering. We seek to determine if such 
spectrum differences are perceptually apparent. 

The good match between spectrum envelopes is a conse- 
quence of the pair of conditions selected for comparison. 
Under the pitch synchronous condition, the waveshape of 
the sampled voice source pulse stays exactly the same from 
cycle to cycle--only the pitch period is changed. This means 
that apart from changes in the spectrum fine structure, the 
two synthesis methods give virtually the same spectrum. In 
the case of pitch asynchronous synthesis without the antia- 
lias filter, the wave shape of the pulse after sampling can vary 
with pulse alignment with the sampling points. By not in- 
cluding this case, we eliminate small changes in spectrum 
shape as a factor in any perceptual differences that occur. 

We synthesized 500-ms tokens of the vowel/a/sampled 
at 10 kHz according to the procedure of the previous section. 
We applied an exponential taper to the amplitude envelope 
of both the onset and offset of each vowel token. The pulse 
amplitudes at onset were given by A o ( 1 -- 0.5 ") ,where A o is 
the steady-state pulse amplitude and n is the pitch period 
number after onset. The pulse amplitudes at offset were giv- 
en by Ao (0.8)"where n is the pitch period number after off- 
set. 

We synthesized vowel tokens with three different pitch 
inflections. The first was a constant low pitch with a pitch 
period of 8.05 ms. The second was a falling high pitch with 
an initial pitch period of 4 ms and a final pitch period of 4.4 
ms. The third was a falling low pitch with an initial pitch 
period of 8 ms and a final pitch period of 8.8 ms. 

We first conducted informal listening evaluation of 
these tokens. The informal evaluation indicated that the first 

condition, with a true constant pitch period, gave a less 
rough sound quality than the second condition, with a con- 
stant average pitch period maintained by aligning pulse end 
points at the nearest sample points. The three tokens, as we 
have ordered them, turn out to be ranked in order of most 

apparent to least apparent for this effect. 
The differences between synthesis conditions were ap- 

Frequency (kHz) 

Frequency (kHz) 

FIG. 6. Fourier analysis of the synthetic vowel/a/. Use of the antialias filter 
to synthesize a vowel with a pitch period that is a noninteger multiple of the 
sample interval is shown at the top. Rounding the glottal pulse end points to 
the nearest sample position and then post filtering to match the spectrum 
envelope is shown at the bottom. 

parent when the tokens were output over a loudspeaker. The 
differences vanished when the tokens were output over head- 
phones. Hillenbrand (1988) reported the same effect in lis- 
tening evaluation of low levels of voice perturbation. Wilde 
et al. (1986) indicated that the roughness ofjittered sounds 
is most apparent in a reverberant sound field or in sound 
presented over headphones with artificial reverberation. On 
the basis of these results, we decided to conduct our formal 
listening evaluation free-field over a loudspeaker. 

We employed six male subjects, ages 18 to 30 years, for 
our formal listening trials. We presented pairs of vowel to- 
kens over a loudspeaker placed 6 ft from the subject. The 
listening was performed in a room typical of an office envi- 
ronment. The pairs of tokens were random selections from 
the set of ordered pairs {AAdlB,BA,BB}, where A denotes 
the first synthesis condition and B denotes the second. The 
two 500-ms tokens were separated by 200 ms. After each 
presentation, the subject indicated "same," "different," or 
"unable to decide" by the appropriate key press on a com- 
puter keyboard. The next token pair was presented as soon 
as the subject indicated a response for the previous pair. 

The subjects were instructed to listen for a smooth/ 
rough distinction in the vowel tokens. They were not given 
any prior training in terms of practice trials. Each subject 
was presented with 100 trials of each of the three vowel to- 
kens, starting with constant low pitch and ending with fall- 
ing low pitch. The results are summarized in Table II. A 
result of 66 or more correct answers is significant at p < 0.001 
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TABLE lI. Discriminations between aliased voice source and antialias fil- 

tered voice source made by six subjects. C: correct: I: incorrect; A: abstain. 

Constant low pitch Falling high pitch Falling low pitch 
Subject C I A C I A C I A 

I 96 2 2 97 I 2 75 18 7 

2 94 4 2 95 2 3 80 14 6 

3 93 6 I 96 4 0 74 26 0 

4 82 13 5 98 1 i 58 40 2 

5 98 I I 99 0 ! 86 g 6 

6 98 2 0 64 36 0 43 50 7 

for the binomial distribution. The first token was correctly 
discriminated by all six subjects, the second by five subjects, 
and the third by four subjects. The subject who failed to 
discriminate the second token also failed to discriminate the 

third token, consistent with our ordering of the difficulty of 
the tasks. 

II!. DISCUSSION 

The proposed scheme for synthesizing voice source 
pulses with end points controllable between sample times 
offers definite advantages when fitting pulses to the inverse 
filter waveform. It permits us to treat the glottal opening and 
closing times as real instead of integer parameters in opti- 
mization algorithms for determining the glottal opening and 
closing times that produce an optimal fit. The more precise 
specification of the pulse end points can improve the fit of the 
source model to the inverse filter waveform. It also aids in 

mapping the least-square error surface as a function of the 
pulse end-point locations, giving insight into the location of 
local minima and the effect of these minima on an optimiz- 
ation algorithm. 

The map of the least-squares error as a function of pulse 
end points indicates an inherent ambiguity in the glottal 
opening transient. The glottai closing transient is marked by 
a strong global optimum of the error. The glottal closing 
transient, however, can be marked by multiple local minima 
of nearly the same least-square error. This ambiguity of the 
glottal opening transient suggests that the pulse model has 
more degrees of freedom than can be resolved from one pitch 
period cycle rather than the fault being with the optimiz- 
ation algorithm. Imposing a smooth variation in the glottal 
opening time between pitch period cycles might be a way to 
resolve this ambiguity. 

We were able to fit inverse filter waveforms of both male 

and female subjects with our pulse model, even though we 
have not encorporated the exponential tail following the 
glottal closing transition, a feature of the LF model (Fant 
and Lin, 1988). The effect of this exponential tail is to 
change the spectral tilt of the speech signal. Klatt and Klatt 
(1990) propose to add the spectral tilt by filtering a source 
pulse without the exponential tail; the filtered pulse will ex- 
hibit such a tail. In our case, where covariance LPC analysis 
is applied to an analysis frame containing at least one pitch 
period, this spectral tilt is incorporated into the vocal tract 
filter instead of the source pulse. 

The acoustic speech waveform is readily resynthesized 

by exciting an LPC vocal tract filter with the sequence of 
pulses extracted from the inverse filter waveform. The voice 
source pulses can have a bandwidth close to the Nyquist 
bandwidth for the sample rate used. The perceptually signifi- 
cant jitter and shimmer that results from aligning the pulse 
end points at discrete sample positions is eliminated. 

In synthesis applications where one is not required to 
align each pitch period with the pitch period in a natural 
utterance, the pitch period could be rounded to the nearest 
integer number of sample intervals. While perceptual tests 
with constant pitch sounds suggest a pitch discrimination 
threshold of 0.3 Hz (Flanagan and Saslow, 1958), experi- 
ments on sounds with varying pitch indicate a threshold of 2 
Hz (Klatt, 1973), and experiments with sentences indicate a 
threshold of 4 Hz (Mack and Gold, 1986). 

These studies of pitch discrimination, however, address 
the issue of pitch shifts between pairs of syllable or sentence 
length utterances. Pitch fluctuations between successive 
pitch periods, known as jitter, is readily perceptable as 
roughness at the level of 1% (Hillenbrand, 1988) ( 1 Hz for a 
pitch of 100 Hz). The jitter levels of natural speech have 
average values on the order of 0.5% (Horii, 1979) and have 
been measured as low as 0.1% (Milenkovic, 1987). Fine 
control of the pitch period is required to produce jitter at or 
below these levels. 

While Klatt and Klatt (1990) argue against the low 
levels of jitter in natural speech being perceptually signifi- 
cant in sentence productions, they incorporate a pitch "flut- 
ter" into their synthesizer, a sinusoidal variation in pitch 
over a long time interval. The accurate synthesis of flutter 
would benefit from our proposed technique. It can be readily 
demonstrated that slow pitch changes in the Klatt synthesiz- 
er (Klatt, 1980) can be heard as a series of steps, and our 
technique can eliminate this effect. The fine control of pitch 
is also important in the synthesis of the singing voice to 
eliminate beats when combining synthesized singing with 
other musical sounds. 

The ability to exercise continuous control of pitch is an 
important tool in both the perceptual as well as algorithmic 
measurement of voice perturbation. One no longer needs to 
make a judgment as to what level of oversampling is ade- 
quate in perceptual experiments of pitch and of jitter and 
shimmer. The proposed synthesis method can also provide 
an accurate standard for comparing different methods of 
measuring jitter and shimmer. 
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