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ABSTRACT

The KELLY-LOCHBAUM reflexion-type line analog
(K-L model) is a temporal speech production model
which has the advantages of a low computational cost
and of a simple and clear physical interpretation.
But it has an important drawback : it is not
designed to handle a continuous variation of the
vocal tract length. In this paper we present a
strategy to solve this problem : the vocal tract
length variation is dealt with as a variation of the
working sampling frequency and then this variable
sampling frequency is converted into a constant one.

The sampling frequency conversion is achieved
by means of a time-varying FIR filter, designed to
minimize the computational cost. The performances of
the algorithm are evaluated with simple sinewave
signals and with synthetic vowels. Finally, since
for a practical application we should use frames
within which the sampling frequency is constant, we
extend our algorithm to a frame to frame basis and
solve the problem of the FIR filter definition when
moving agross frame boundaries.

INTRODUCTION
In human = phonation, the phonological
informations are encoded by both vocal tract
configuration and 1its dynamic variations. For

synthesis purposes, a vocal tract configuration is
. described as an area function, including naturally
the information of vocal tract length. Several
models have been proposed for the acoustic
simulation of the Vocal tract in the time domain

©. (/2/, /4/). For computational cost reasons, we use a

KELLY-LOCHBAUM (K-L) reflection-type line analog to
develop our research. Since the K-L model and even
its recent developments (LILJENCRANTS, 1985) do not
take into account the possibility of variation of
the vocal tract length, we have made a attempt to
develop this feature. 1In the first section of this
paper, we present the basic idea for the spatially
continuous length variation of the vocal tract, i.e.
sampling frequency conversiorn, and we test the

method. In . the sg;ond section, we extend this
algorithm to a frame to frame based temporal
variation.

1. SPATIALLY CONTINUOUS VARIATION OF THE
VOCAL TRACT LENGTH

1.1 The Problem -

Since the vocal tract length .vary rough
between 16 and 19 cm during speech, we need -
include this feature in any vocal tract acoust
simulation. For a K-L type of vocal tract tempor
simulation (or improved versions, /3/), all t
tubes have the same length (spatial sampling step
and the sampling frequeney of the temporal sige
produced is inversely proportional to this length.
continuous variation of the vocal tract length ¢
be achieved by a continuous variation of the tub
length around a given value, which leads to
related variation of signal sampling frequenc
Therefore, if we wish a signal sampled with
constant frequency, we need a system to convert t
signal sampled with the variable frequency into
signal sampled with the constant frequency. In th
first section, we reduce the problem to the me
conversion from a constant input sampling frequex
Fi to a constant output sampling frequency Fo.

1.2 The Sampling Frequency Cenversion

In a classical way (/1/), we decompose t
sampling frequency conversion into two steps : fif
we convert the discrete input signal x(n) saml

with F. into a continuous signal x (t), and thent¥
sample this continuous signal with F .
To reconstruct x (t) from x(n¥, we only né

to low-pass filter x(ﬁa with a cutoff frequemYﬁ
equal to F./2. The theoretical = formula ¢
interpolation’by an ideal low pass filter is :

+o0

y (t) =+ .1 x(n).h(t-nT,) f
c F i
i n=-=
where
sinZnFCt [
t) = 2.F —F—7—

h(t) 2 Fc ZWFCt
is the impulse response of the filter, '%
T, = 1/F,. This impulse response beeing infin®

(1.I.R.)1and non causal, we need to approximaté W
filter by a F.I.R. (Finite Impulse Response) fil*
by using a windowing function w(t). This leads *
certain distortion of the frequency response of ¥
filter.
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- easily and independently varied.

In the second step, we need to sample y(t) at
F , and thus, to avoid aliasing we need.to insure
tRat F_ is lower both than Fy72 and than F_f2. Then
we obtain the formula :

2F N2 sin(ZUFC.(mTO-nTi))
y(m)=§i—] 2 x(n).w(mTo—nTi). 27F .(mT _-nT,) (3)
i n=Nl c o i

where w(t) is the windowing function, and N1 and N2
are'detecﬁined as functions of Fi and Fo, and of the
length of the window. Finally,” the global system
described by eq. (3) is a time-varying low-pass
digital filter (/1/), implemented as g E.I.R.
filter. The method of windowing the impulse'résbonsg:i
of an I.I.R. filter for F.I.R. filter design -
provides the avantage that the F.I.R. length, ang.
thus the computational cost of the filter, can be
At the same time,
it makes it easy to compute the coefficients of the
filter for each frame.

We know that the type and the length of the
window used influences the properties of the filter.
Therefore we need to evaluate quantitatively this
influence.

1.3 Evaluation of the Transformation

In order to evaluate the performance of the
sampling frequency conversion, we have made tests
with sinewaves of different frequencies, and with
synthetic vowels generated by our K-L line analog.

Sinewaves analysis R .

The influence of the transformation on a
single sinewave has been analyzed for different
fundamental frequencies, two sinewaves with the same
fundamental frequency, amplitude and phase, SFi’
sampled with the system input frequency F,., and SF ,
sampled with the system output sampling f%equency o
have been generated. Then S_. has been converted
into S! by the system, and %inally the following
parameters have been compared for S and S'

(1) the difference of amplitude between ~ the
sinewaves, (2) the difference of phase, and (3) the
Signal/Distortion (S/D) ratio.

Because of the nature of the low-pass filter,
an undulation is introduced in the pass band of the
filter transfer function : it is always smaller than

*1 dB, which can be considered negligeable. Since
the window we use is symetric around the origin
point, the impulse response is symetric and thus a

linear phase filter is insured : the transformation
has no effect on the signal waveshape.

) As expected, the S/D ratio increases with the
window length. An informal analysis (by visual
inspection of the FFT spectrum of S'. ) has shown
that the distortion is mainly due’ "to harmonic
Components corresponding to frequencies such as
Fo + n-(FO—F.) or F_ + n.(F ~F,)/2, where F_ is the
frequency® of the Osinevaw%, 1 and that the non-
correlated noise is very much below this distortion..
Therefore the S/D ratio is defined as the ratio
between the energy measured in a 300 Hz band
centered on the sinewave fondamental frequency and
the energy outside this band (up to 5 kHz). Fig. 1
shows the evolution of the S/D ratio as a function

of the number of points for the window, for a
S?CtangU1ar and for a Hamming window, for two
ifferent sampling frequency conversions. For short

“indows (i.e. 4-5 points), there is less scattering
;" the S/D ratio for a rectangular window than for a
amming window, and for longer windows, the opposite

phenomenon happens we conclude that rectangular
windows lead to better results than Hamming windows
for short windows, and that Hamming windows give

- better results for longer windows.

Synthetic vowel analysis

The transformation has alsq been tested with.

vowels synthesized with our K-L model. The signals
for the synthetic vowels [a], [i and[ 4 have
been converted into signals sampled with various
frequencies ; the corresponding spectra (obtained by
the Cepstrum method) have been compared with the
original -spectra visually and by means of a

."gdistance" defined by

. 1024 A, (NAF) - A, ___(NAF)
- ‘p= g dB dBref (4)
N=1 - 1024 - = .
where the missing points of A (NAF) are evaluated

by linear interpolation (since the frequency steps
for the two spectra are different, due to different
sampling frequencies). On the curves (see example in
Fig .2) we can see that the system retains the
formant characteristics very well, the
appearing mainly in the spectrum valleys.
The error measured by eq. (4) converges toward
a non zero value when the window length increases,
depending on the vowel configuration and on the
sampling frequency change.
long window the error must be very small, we
conclude that this bias is due to our '"distance" and
to the linear interpolation, and we normalize the
results in relation to this convergence value for
each case. Fig. 3 shows that finally, there is no
obvious difference between a rectangular and a
Hamming window. In every case, there is a rather
abrupt decrease of the scattering of the normalized
error for windows longer than 4 points : we conclude
that a rectangular window with 5 points is optimal.

2. FRAME TO FRAME TEMPORAL VARIATION OF THE
VOCAL TRACT LENGTH

2.1 The problem

T In real speech, the length of the vocal tract
varies continuously with time, for instance in
transitions from rounded vowels to unrounded ones.
Following a classical approximation, we suppose that
the vocal tract area function is constant during a
short time interval, and thus its length. This is
the basis for a frame by frame simulation of the
vocal tract in most of the models. Thus,
apply the frequency conversion developped in the
previous section on a frame to frame basis : the
input sampling frequency F, must be considered
constant for each frame, but may vary from one frame
to the next one, according to the length variation
of the vocal tract. This leads to the problem of the
realization of the filter defined by eq. (3) when
the window w(t) overlaps the boundary between two
frames.

2.2 The solution

We first try to solve theoretically the
problem for a system with only two input sampling
frequencies. We suppose that the input signal is
given with a sampling frequency F, from -e to O,
and with a sampling frequency F, from O to +ee.
Thus, we can suppose that *he corresponding
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errors

Since we know that for a

we should

:
1l




Fig.1

342

10 R | "
_A - - . '\ . . _ . . j
3 — - . ] . *— [

g 2 W
= 4 L 1 < A 2 ? -
- T z g

RN i ool !
i He
“ 16
. !. . . is®
o - . . S d

_{4kHz -> 16kHz conversion 14kHz -> 16KkHz conv. (Ham.)

0 Wiodw Length Goints) & o Nindov 1ength (points) 2

. dignal/Distortion ratio against window length (expressed as a number of points) for sinewaves wi

frequencies ranging from 50 Hz (symbol 1) to 4.5 kHz (symbol 9) by 500 Hz steps

(Ham. = Hamming windowing, otherwise rectangular windowing).
o e e T Y v e Bt Rt MR
koA i
Fioadi
y & 18
"

A |4
1 1’;". Mﬁr Yass

-42 |

j\ -59 4
A \NJV\WV\/V\\/“/\»aJWW\/\V\HUANAn/\J\ \ _
1 2 3. 4 - S 6 ? & 9 16

‘Fig.2 : Spectra of a synthetic vowel /a/ (continuoué line, F,=16.55kHz), of the signal resulting from tt
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continuous_ input signal x (t) has been
by . an appropriate-step windowing into
(t) and xci(t) defired by":’ -

decomposed,
two signals

cl

fé} - <t < 0, X

_ Cl(t) =x (%) and x_,(t) =0
for 0 $t <+, X

c - e '
1(t) =0 and xcz(t) = xc(t).
(t)and x 2(t) are sampled
,.into X (n) and x,(n).
(3)°to these two disCrete

Then, we suppose that x
respectively with F.. an

Thus, we can apply. edq,
signals, ~ with the-_corresponding 2.FC/Fi and
2.F /F.,. factors,. and them sum up the resuits to

recgns%nzct the complete signal,
filtering is a linear operation.
the window is entirely included in one of the two
frames only, eq. (3) applies directly. Otherwise,
taking into account the instants where x and X, are
zero, we obtain the following equation :

2F  NO sin(27F_ .(mT_-nT
y(m)=——su £ x(n).w(mT -nT,.). ( e (n 0 il))

F o il 27F .(mT -nT,,)

c o il

il n=N1"

2F N2 sin(ZﬂFc.(mTo—nTiz))
27F . (mT _-nT
c o

knowing that the

+ ==, 1 .xa(n).w@T_-nT,,). (5)

P12 n=NO+1 o 12 12)
where NO is the last sample of the first frame and
NO+1 the first sample of the second frame.

We see that eq. (5) means that for output
samples close to the frame boundary, it is just
needed to take into account the contributions from
the samples in the two frames with the suitable
coefficients. Nevertheless, we understand that the
abrupt step windowing defined above will introduce
some spectral distorsion in the two filters, which
leads practically to some distortion for the signal
near the boundary. We can anyhow check that eq. (5)
reduces to (3) in the case where F,. =F . =F,,
which could be expected. i1 iz *

The problem beeing solved for one boundary, we
can extend the method to the frame to frame basis
mentioned above, as far as the window length is
shorter than the frame length, to avoid to include
two boundaries in the same window. We have chosen to
keep the cutoff frequency F_ of the interpolation
filter independant of- the ihAput sampling sampling
frequencies we take the half of the smallest of
all the input and output frequencies.

2.3 Evaluation of the method
In this section, we give describe the tests
that we used in order to check the validity of the
algorithm.
Triangle waveform
) In order to evaluate the distortion of the
signal at the frame boundaries, we have generated
constant frequency triangle waveforms with sampling
frequencies varying from one frame to the next one.
Then, we have applied our frequency conversion
algorithm to obtain- a signal with a constant
sampling frequency. Thus, whenever a segment of
straigth line crosses a frame boundary, it is easy

to measure the departure from linearity. We have
méde this evaluation directly on the processed
signal, and also on its second derivative which can

be expected to be an series of Dirac impulses
corresponding to the inversions of slope in the
triangle waveform when the signal departs from a
straigth line, the second derivative is not null any
longer and shows up as a noise.

oo

In the case where

In different experiments, we have shown that
the~amplitude of'the distprtion at the boundary :

11) depends, very little]on " the*wiitdow *tength {the. . -
length of the segment where distortion. éppears is

longer for longer windows) ;

" (2) is roughly proportional to the amplitude of the

signal at the boundary ;

(3) is proportional to the sampling frequency
variation between the two frames ;

(4) is roughly independant of the input and output
sampling frequencies. )

In the reality, the vocal tract length does
not vary quickly : thus .the sampling frequency
variation from one frame to the next one never
exceeds one or two percent. For these type of
variation, the departure from linearity is less than
one percent.

Vocalic transitions

Finally, we have elaborated « few vocalic
transitions such as [1]l = [ul, [a]l +lu). The signal
produced is high quality, and it is impossible to
detect any boundary problems either by listening or
by visual inspection of the signal.

We conclude that our algorithm is well suited
to our practical speech application.

CONCLUSION

We have shown that it is possible to solve the
problem of the spatially continuous variation of the
length of the vocal tract by a sampling frequency
conversion method. This method leads to good results
even with rather short windows (4-5 points). It has
been succesfully extended to a simulation based on a
frame to frame decomposition. Thus our K-L model is
not limited any longer by a constant vocal tract
length. The study has been done for a "quasi-
static" model now it i: needed to extend our
algorithm to a fully dynamic model.
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