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ABSTRACT

The theory of fractional delay wave-
guide filters (FDWF) is presented that is
proved to solve the fundamental problem
of the fixed sample-position lattice found
in traditional discrete-time simulation of
transmission-line type systems. Thus the
approach is well suited to vocal tract
models, in particular to articulatory
modeling and speech synthesis, where a
simple relation between model parameters
and articulator positions is desired.

INTRODUCTION

In the days before digital computers
the human vocal tract was modeled by
analog circuits and physical equivalents
of the real system. Transmission-line type
models were considered as being contin-
uous, at least in time but generally in
space as well. The corresponding analytic
mathematical models of speech produc-
tion, e.g. [1], reflect the same non-dis-
crete character inherent in many macro-
scopic physical systems. It was natural to
simulate the vocal tract by a chain of tube
sections (e.g. two and three-tube models)
that had relatively direct correspondence
to the positions of the articulators,

Computers and digital signal process-
ing changed the picture by providing very
accurate and flexible numeric methods to
deal with vocal tract modeling [2]. One
specific characteristic in digital simulation
of continuous-time systems, however,
was not flexible at all. Unit delay, the
interval between subsequent samples,
dictates much of the behavior in discrete-
time systems at high frequencies. Signals
must be bandlimited and the high-fre-
quency characteristics of analog systems
can in a general case be only approxi-
mated.

This limitation is particularly promi-

nent in transmission-line models of the
vocal tract. When the sampling frequency
is fixed, the physical positioning of
known sample points in space is fixed as
well. Even a detailed adjustment of the
vocal tract length to this digital grid has
been somewhat difficult and discussed
only in relatively few papers. Earlier
techniques for this partial solution of the
problem are found in [3], [4], and [5].

We may well accept the discrete-time
nature (since speech and hearing are
bandlimited) but we do not have to accept
the discrete-space characteristics in trans-
mission-line modeling. What we need is
fractional delays, mathematically equiva-
lent to ideal bandlimited interpolation.
This turns out to be possible to approxi-
mate and implement using digital filters.
Allowing somewhat increased computa-
tional costs one can have a whole bunch
of discrete-time models that are virtually
continuous in space.

We have developed some basic prin-
ciples and building blocks for modeling
transmission-line type systems, such as
acoustic tubes of arbitrary and varying
shapes, including the human vocal tract
[6]-[10]. In this paper we present how to
use digital signal processing to build tube
sections of varying lengths and Kelly—
Lochbaum type tube models with variable
Junction positions. It will be shown that
not only cylindrical but also conical tube
sections can be used, thus leading to
more natural shape approximations. The
only addition that conical tubes introduce
to the KL scattering junction is that a
simple reflection filter is needed instead
of a real-valued reflection coefficient.

The new fractional delay filter struc-
tures (we call them Fractional Delay
Waveguide Filters, FDWF) are natural
candidates when building vocal tract
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models for articulatory speech synthesis
since moving articulators may be associ-
ated directly to subsections of the system.
The increased computational cost can be
compensated by the ever increasing per-
formance of modern signal processors.

GENERALIZED KELLY-
LOCHBAUM MODELING

We start by considering a generalized
version of the Kelly-Lochbaum (KL)
vocal tract model [11]. Figure 1 depicts a
one-multiplier KL scattering junction
where the traveling wave components are
summed, multiplied by the reflection
coefficient r, and injected back into the
delay lines. This is a traditional formula-
tion and easily implemented as far as the
junctions are aligned with the natural
sampling positions.
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Fig. 1. A one-multiplier Kelly-Lochbaum
scattering junction.

Let us consider a case where the scat-
tering junction is located in an arbitrary
position along the delay lines. Taking a
signal value out of a delay line between
sample positions is equivalent to interpo-
lation. An ideal bandlimited interpolator is
an infinitely long FIR filter with coeffi-
cients according to the sinc function [10].
(If the junction is precisely at a sampling
point then only that single coefficient
Temains non-zero.)

The insertion of a signal back into the
delay lines, when the insertion point is
between the sampling points, is called
deinterpolation [6]. As an FIR filter it is
the transpose of the interpolation filter.
The value to be inserted is multiplied by
each filter coefficient, these results are
added to the sample values in the delay
line, and the sums are written back into
the sample positions. With ideal interpo-
lators and deinterpolators this precisely
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implements a bandlimited KL junction in
any fractional position.

The two-port KL junction of Fig. 1
can be generalized to a three-port junction
that is applicable to the modeling of the
nasal tract branch [10].

FRACTIONAL DELAYS

In practice we cannot realize ideal
interpolated junctions but have to approx-
imate the infinite series of sinc coeffi-
cients by finite order digital filters. Two
specific cases are of special interest: (a)
Lagrange interpolators of FIR type [3],
[5] and (b) allpass filters with maximally
flat (at zero frequency) phase delay. All-
pass filters have an ideal magnitude
response and some other advantages
[10]. However, since FIR interpolators
are straightforward and conceptually
more intuitive, we will consired only
them below.

Figure 2 shows the implementation of
third-order FIR filters for (2a) an interpo-
lator and (2b) a deinterpolator.

a) Output
AW

Fig. 2. Third-order FIR filter implemen-
tation of (a) an interpolator and (b) a
deinterpolator.

When the position of an interpolated
junction is moved, the locations of the
FIR taps on the delay lines and the values
of the filter coefficients must be updated.
Notice that there may be any number of
fractional delay KL junctions attached on
a pair of delay lines. The tap regions of
the junctions can also overlap as far as the
junction operations are done on a ‘read
all, compute the scatterings, write all’
basis [6].

The filter structure including the delay
lines and any number of interpolated
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scattering junctions is called the fractional
delay waveguide filter FDWF). A special
case is a terminating junction where only
one interpolation (out) and one deinterpo-
lation (in) is needed. The interpolator of
Fig. 2a as such finds many applications
where a fractional delay is needed.

The application of finite order interpo-
lators introduces appoximation errors in
the waveguide filters. With odd-order
Lagrange interpolators the maximum
error occurs when the junction is in the
middle of two sampling points. An error
analysis [10, pp. 93-95] shows that third-
order Lagrange interpolators yield good
results in speech synthesis up to about §
kHz when the sampling rate is 22 kHz.

CONICAL TUBE MODEL

The approximation of the vocal tract
by cylindrical sections only has been
another fundamental limitation of tradi-
tional transmission-line models. We have
generalized the KL model to allow for
conical sections as well (see Fig. 3),
since this makes a better match to typical
vocal tract shapes that are continuous and
relatively smooth functions [9], [10].

fVocal Trafct Proﬁle:5

Fig. 3. Conical section approximation of
a vocal tract profile.

The difference between cylindrical and
conical sections is that instead of plane
waves the conical sections carry spherical
waves. The derivation of pressure wave
scattering at a junction between conical
tube sections results in the traditional KL
formulation of Fig. 1 except that the
reflection coefficient r is replaced by a
reflection filter R(z) and the signals from
the upper and lower delay line are added
(instead of subtraction). The filter R(@2)is
a first-order IR filter that is computation-
ally efficient and does not essentially add
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to the complexity of implementation.

A natural step towards further general-
ity is to combine the freely movable frac-
tional delay ports and the conical sections
[91.

ARTICULATORY N-TUBE
SYNTHESIS MODEL

Vocal tract modeling using the FDWF
techniques is a natural candidate for
articulatory speech synthesis [7]. The
traditional thinking of the tract as a
decomposition of sections related to the
articulators [1] is well supported since the
section lengths and cross-sectional areas
are freely adjustable. Figure 4 shows the
case of a three-tube model and the related
control parameters.

Fig. 4. A three-tube model of the vocal
tract. Arrows indicate the variable parts.

The n-tube model parameters have a
relatively straightforward mapping from
articulatory parameters. In [7] we have
proposed a case for a set of five articula-
tory parameters and a five-tube vocal tract
model.

One inherent problem in speech syn-
thesis with models of variable length sec-
tions is that there is no simple method
known for the analysis of the parameter
values from speech signals. Thus iterative
or nonlinear estimation techniques must
be used.

IMPLEMENTATION ISSUES

We have experimented with the new
principles of vocal tract modeling in order
to implement real-time synthesis on the
TMS320C30 DSP processor.

The computational complexity of the
fractional delay waveguide models is
relatively high due to the need of interpo-
lation and deinterpolation as well as a
relatively high sampling frequency. On
the other hand, less tube sections are
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needed to match a vocal tract profile than
with the original KL model.

We have implemented four and five-
tube models on the TMS320C30 (33
MHz) floating-point signal processor.
Updating of the model parameters has
been carried out by a host computer
(Apple Macintosh). There is a graphical
user interface where the user can move
the sections, boundaries, or related articu-
lators by a mouse. We have noticed that
the update rate of the parameters should
be relatively high (at least every 15
samples when the sampling rate is 22
kHz) in order to avoid audible transient
problems. From a theoretical point of
view there is need for an analysis of
transient-free section length and port
position controls in a similar way as was
done in [12] for fixed junction models.

So far we have synthesized primarily
vowels as well as nasals including a nasal
tract. The mouse-controlled vowel syn-
thesizer has been found a useful device
for demonstrations and experiments in
articulatory phonetics. A full-scale syn-
thesizer with all phoneme classes remains
to be developed.

SUMMARY

A non-mathematical introduction to
fractional delay waveguide filters has
been given and the theory of vocal tract
modeling based on them has been pre-
sented. The approach allows for a flexible
method to implement articulatory speech
synthesis using variable-length tube sec-
tions. Modeling of the vocal tract by
conical tube sections is introduced as
another major extension to the theory. A
teal-time synthesizer with manual tract
control has been demonstrated.
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