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ABSTRACT

An articulatory synthesiser has been developed that uses
the Kelly-Lochbaum filter structure. The vocal tract area
function is generated from nine ‘quasi-articulatory’
parameters. Sets of parameters obtained for several
vowels by magnetic resonance imaging have been used
to mark the ends of vowel-vowel transitions. A codebook
has been obtained for several transitions using an inching
technique designed to ensure a uniform coverage in
formant space, and that smooth changes in area function
occur along straight formant tracks. A non-linear
regression technique has then be used to obtain an
approximate cubic relationship between formant
frequencies and synthesiser parameters. Synthesis of
several target tracks have produced synthetic tracks that
are similar.

1. INTRODUCTION

There is a great demand of natural sounding synthetic

speech. Modern text-to-speech systems tend to be based
on formant synthesisers, which model the human vocal
tract as a set of tuneable resonators. Articulatory
synthesisers, which attempt to directly model the human
speech production mechanism, promise greater
naturalness, but have the disadvantage that obtaining
synthesiser parameters is a difficult task, requiring a high
computation burden. The synthesiser used for the present
work is based on the Kelly-Lochbaum model [1].

Articulatory synthesisers require a set of areas, known as
an area function in order to function. These areas may be
generated from a small set of articulatory parameters,
which specify the vocal tract geometry. In order to mimic
natural speech, it is necessary to somehow extract
synthesiser parameters from the natural speech
waveform. This problem is further complicated by the
non-uniqueness of this mapping. A reasonably successful
approach is to generate a large database of area functions
along with a representation of the spectral output of the
vocal tract filter impulse response [2]. The codebook can
be searched using a dynamic programming technique [3]
to-obtain a sequence of area functions which minimise a
spectral distance measure, and prevents large changes in
vocal tract area occurring between successive frames.
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The codebook is usually obtained by a random sampling
process. This means that large areas of acoustic space are
not covered by the codebook, while some regions which
are not used by a given speaker may have a large
coverage. In previous work [4] it has been shown that
these problems can be reduced if several codebooks,
each designed to cover the region of space defined by a
given articulatory gesture are used. It was found that
overall speech quality was still limited by the non-
uniform coverage of acoustic space, and the fact that the
mapping is only defined at certain points.

In this paper a method of generating small codebooks of
uniform density to cover the region of acoustic space
defined by a vowel-to-vowel transition, is described.
These codebook entries are then used via a non-linear
regression technique to obtain a polynomial
approximation from formant frequencies to synthesiser
parameters.

2. GENERATION OF A MAPPING FUNCTION

2.1 VOCAL TRACT MODEL

The vocal tract outline produced by the nine parameter
model is shown in figure 1. The parameters are: the area
at the larynx, the position and area of extremum one, the
position and area of extremum two, the position and area
of the base of the tongue tip, the area at the tip of the
tongue and the area of the lips. The sublingual well is
defined by the position of the tongue tip. The curves
joining the larynx to extremum one and joining the two
extrema are raised cosines, the curve joining extremum
two to the tongue tip is a cubic, the tongue tip is a
straight line of 2cm length, and the lines defining the
sublingual well are straight lines.
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Figure 1: A model generated outline

In previous work, magnetic resonance imaging [5] was
used to obtain vocal tract area function for the six
vowels: /i/, /&/, /a/, lu/ , [3/, /5] from the words heat, hat,
hard, who’d, heard, and hoard. Model outlines were
fitted to each of these area function to provide six sets of
model parameters which were used to seed the
codebooks.

2.2 Codebook Generation

A codebook was generated for each vowel-vowel
transition by connecting both vowels by a straight line in
formant space. This was then divided into 10 equal
divisions. An additional set of synthesiser parameters
were generated at each of these points. This was
performed in such a way that only monotonic change in
parameter values occur along the tract. This ensures that
smooth vocal tract transitions are produced. The model
parameters for each point are given by:

A =P +29(p8) - p), 0=, <3¢ <1 ¢y

where P/S") is the »’th model parameter (n=1,2,..,9) for
point k£, p and pl") are the n’th parameter for the
starting and ending points respectively. The step size
Al was found using a slightly modified pattern search

using the constraints defined in (1). Figure 2 shows the
results of applying this inching technique around the
vowel triangle. It can bee seen that is possible to obtain
parameters for points on these straight lines.
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Figure 2: F1/F2 tracks obtained by inching model
parameters

In order to extend the codebook; a square was defined
around each point along the tract and orthogonal to the
track. Fight additional points were then selected: the
corners and the points half way along the edges, as
shown in figure 3. A set of synthesiser parameters were
obtained for each point to give a total codebook size of
90. This procedure was carried out for every combination
of vowels in the database resulting in 15 codebooks.
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Figure 3: Three dimensional grid of points

2.3 Non-Linear Regression

A function, f(x) can be approximated as a linear sum of
N basis functions {g (x)} :

i

£,(x)= 'Z:: a,g,(x) @

were {ai}are the weights. For M observations of the
function (x,,f(x,)), then the square error in the

approximation is given by:

B=3[tx)- 1) ®

By differentiating the above, and equating to zero, it is
possible to produce N simultaneous equations in N
unknowns:

56 (5)tx) = Y Teln )efse). k=128 @

r=1

These equations are known as normal equations, and can
become ill-conditioned for certain types of function. A
more robust method is to use a singular value
decomposition (SVD). The M observations can be
written as M simultaneous equations in N unknowns:

N

f(x,)=2agx,),

r=1

r=12,,M ®

This can be written in matrix from as:

f(xl) gl(x,) gz(x]) gN(XI) q
i) |_|&lx) &) - elx) “@  ©

f(X.M) gx(xu) gz(;‘M) gN(xM) ay

=Ga N
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This system can be solved by expressing G in the form:

G =UDV” ®)

where U and V are orthonormal matrices, and D is a
diagonal matrix whose elements, {Gi} , are known as the

singular values of G. These are the eigenvalues of the
square matrix GG', and hence are real and positive.
Equation (7) can be written in the form:

£=UDV'a ©
The solution is given by:
a=vD’U'f (10)

where D’ is a diagonal matrix with elements {1/}, and

1/o; replaced by 0, if 6, is below a given threshold. A
typical choice for the threshold is 106, Where Oy is
the maximum singular value. It can be shown that in this
way a least square solution is obtained [6].

It was decided to represent the model parameters as
polynomial function of formant frequencies. Thus each
parameter is estimated from an equation of the form:

RERY ) g od ol n=12,-9 an
ij.k

ik

ij
i+ j+k<m

where pis an estimate of parameter 7, alp) is a

polynomial coefficient, m is the polynomial order, and
F;, F,, Fs are the first three formant frequencies. It was
found that setting m=3 gave an acceptable degree of
accuracy. Thus for each codebook, a set of nine cubic
were generated.

3. FORMANT EXTRACTION

Formant frequencies and bandwidths were obtained by
from the poles of an LPC predictor [7] by:

F
F, = E;_arg(zk)
(12)
F
B, = ———“ln]zkl
T

where {zk} are the poles, p is the prediction order, and
Fj is the sampling frequency.

The method chosen was to apply 14°th order covariance
analysis and sort the poles according to the following
criteria: For frequencies less than 1kHz, only poles with
a bandwidth below 350Hz were accepted; for frequencies
between 1kHz and 2.7kHz, only bandwidths below
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600Hz were accepted; for frequencies above 2.7kHz,
only bandwidths less than 28% of the formant frequency
were used. The remaining poles were sorted into
frequency order and the first three chosen as the three
formant frequencies.

3.1 Testing the Mapping Function

The mapping functions were tested by selecting tracks in
the defined space, that contained points not in the
original codebook. The points were then used with (11)
to obtain parametric model parameters. An outline was
generated and sampled to obtain an area function. This
was then used to drive the synthesiser and a synthetic
portion of speech was produced. The formant frequencies
were then extracted and compared to the original.

3000 Track: fis/

]
8

Frequency (Hz)
a N
g 8

1000
]
1 2 3 4 5 6 7 8 9 10
Segment Number
. Synthetic Traget
(@)
3500 + Track: /faif

Frequency (Hz)

1 2 3 4 5 6 7 8 9 10
Segment Number
Synthetic

Traget |

3000 Track: fus/
2500 -

T 2000 -

<

e

£ 1500

s

g

oo
s+

o

Segment Number
......... Synthetic

Traget

©

Figure 4: Comparison of synthetic and target formant
tracks: (a) track /i3/, (b) track /ai/, (c) track /uo/.
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Figure 5: Change of area function along track /ai/

A comparison of the variation of synthetic and target
formant tracks for three transitions are shown in figure 4.
It can bee seen that there is only a slight deviation
between the two tracks. For track /is/ the mean absolute
deviation is 1.4%, for track /oi/ it is 2.2%, while for track
fud/ it is 6.9%. The higher result for the third track was
mainly due to some slightly larger deviations in the F,
track. The change in area function along the track /ai/ is
shown in figure 5. Here it can be seen that the change
produced along each step is fairly small, and that a
smooth transition is made along the track. This should
result in smoother sounding speech.

4. CONCLUSIONS

An articulatory synthesiser based on the Kelly-Lochbaum
structure has been developed. A nine parameter ‘quasi-
articulatory’” model is used to generate vocal tract
outlines, which can then be sampled to obtain an area
function suitable for driving the synthesiser. Data from
magnetic resonance imaging has been used to obtain
model parameters for six vowels, spaced around the
vowel triangle.

A technique has been developed for generating
codebooks containing points uniformly spaced in
acoustic space. Each codebook only covers a small
region of acoustic space: that defined by a vowel-to-
vowel transition. The end points are obtained from
magnetic resonance imaging and an inching technique is
used to generate parameter sets for intermediate points
along this track. This is done in such a way that there is a
monotonic change in model parameters along the track,
S0 as to ensure a smooth area function transition. The
codebook is extended into three dimensional formant
space using a slightly modified inching technique. These
codebooks are then used, with a least squares technique,
to generate an approximate cubic relationship between
the first three formant frequencies and vocal tract
parameters.

Tests using the polynomials to recreate tracks containing
points not within the original codebook have shown that
in general it is possible to obtain a good approximation,

typically within a few percent. The next stage of work -

EUROSPEECH ’95, Madrid, Spain, September 1995

involves using these techniques to on data obtained from
natural speech. Investigations need to be carried out into
improving the technique, possibly using cubic splines.
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