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Abstract

This paper presents a new method to generate a codebook that
best represents the mapping between articulatory and acoustic
domains. Existing codebook generation methods are relatively
inefficient because of the non-linearities between the two do-
mains. In our method the articulatory space is considered as
composed of several hypercubes where the mapping is linear.
The advantages of such a representation are the lower number of
vectors which compose the codebook and the hierarchical orga-
nization of the codebook in a manner that respects the structure
of the two domains.

1 Introduction

Within the framework of recovering articulatory trajectories
from the speech signal, an articulatory synthesizer (built on an
articulatory model) is generally used to generate a codebook
representing the mapping between acoustic and articulatory do-
mains. Then a table look-up procedure provides startup so-
lutions for further optimization (we have already proposed an
optimization method using variational calculus[1]). The qual-
ity of results depends on the startup solutions obtained from
the codebook. Generating such a codebook consists of obtain-
ing vectors that adequately span both acoustic and articulatory
spaces. We use Maeda’s articulatory model[2] that uses seven
parameters specifying the position and shape of articulators (jaw,
tongue, lips and larynx). Generating codebooks that best repre-
sent the articulatory-to-acoustic mapping is difficult due to the
non-linearity of this mapping. That is why the existing codebook
generation methods are relatively inefficient. In our method,
we try to linearize the articulatory-to-acoustic mapping by us-
ing a hypercube structure. In the next paragraphs, we present an
overview of the existing methods of generating codebook, then
we present our method of generating hypercube codebook.

2 Existing methods for codebook
generation

Spanning the articulatory space is necessary so that the code-
book represents all the possible configurations of the vocal tract.

We experimented three methods to generate a codebook. The
first one is random sampling. The codebook is generated by
sampling articulatory parameters randomly. The inconvenience
is that all the vocal tract shapes have the same probability even
those which are non realistic [3]. In addition, random sampling
does not respect the non-linearities of the relation between artic-
ulatory and acoustic domains, therefore, the codebook no longer
represents the articulatory space reliably. What we mean byre-
liably is a fine sampling of regions where non linear variations
could be found.

The second method for generating a codebook is the root-
shape interpolation [3]. This method consists in sampling the ar-
ticulatory space in a non-uniform manner by sampling the most
probable regions, i.e, those corresponding to the most often ob-
served vocal tract shapes. To do this, two root-shapes are chosen
among predefined shapes, which correspond to vowels, for ex-
ample. The intermediate shapes produced by moving from one
root shape to another linearly in the articulatory space are added
to the codebook. We repeat this process for each root shape
couple. In our study, we used shapes corresponding to French
vowels as root shapes. Of course, it is possible to consider other
kind of root-shapes. The advantage of this method is that it gen-
erates only realistic tract shapes. On the other hand, it is difficult
to ensure that all the realistic vocal tract shapes lie in the vicinity
of a vocal tract shape derived from the root shapes. A second
inconvenience is that moving from one shape to another linearly
in the articulatory space does not give rise to linear transitions
in the acoustic space, although the trajectory produced by the
speaker to move from one vowel to another is linear. The ex-
planation of this phenomenon can be found in [4]. Actually,
speakers anticipate the movements of some articulators to keep
transitions in the acoustic space linear. This explains why the
acoustic space obtained by this method does not cover all the
possible formants produced by the speaker. In Fig. 1, we plot
the acoustic space (F1-F2, F1-F3 and F2-F3 planes) for random
sampling and root-shape codebooks. It appears clearly that the
acoustic space produced with the root-shape method does not
cover the whole possible acoustic space.

The third method for generating a codebook is the regular
sampling of the articulatory space. The discretisation step of
one parameter is a function of the acoustic importance of that
parameter. A small discretisation step is necessary for the jaw
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because a small variation of the jaw position can lead to a large
variation in the acoustic domain. The obvious weakness of this
sampling lies in the vast number of shapes generated even when
the discretisation is relatively rough. Using 16 steps for jaw
and tongue parameters and 8 for the others leads to 6.800.000
shapes after unrealistic shapes have been eliminated. With this
codebook, we obtained almost the same acoustic space as that
obtained by random sampling. Our preliminary inversion exper-
iments succeeded in giving good startup solutions for the op-
timization phase with regular sampling and random codebook.
On the contrary, the inversion failed often when using root-shape
codebook.

Fig.1 Comparison of the first three formants of the root-shape
and the random codebooks. The regions in light gray (resp.
dark gray) represent the acoustic space of the root-shape
(resp. random sampling) codebook. The random sampling
codebook covers a space larger than that covered by the
root-shape codebook.

3 Hypercube Codebook Generation

3.1 Introduction

The difficulty of generating codebooks lies in the presence of
non-linearities in the articulatory-to-acoustic mapping. The ex-
istence of non-linearity in the articulatory-to-acoustic transfor-
mation and its consequences on the inverse problem are shown
and explained in [5]. Two main reasons explains the existence of
such non linearities. The first is due to the physical nature of the
vocal tract which implies several kind of losses (viscous-thermal
losses, wall vibration losses and radiation losses). These losses
increase the non-linearities between articulatory and acoustic
domains. The second reason is the geometrical nature of the
vocal tract which is often divided in two cavities. The formant-
to-cavities affiliation changes according to the coupling between
the two cavities which gives rise to strong non-linearities[5].

As shown above generating a codebook without a sufficient
knowledge of the articulatory-to-acoustic mapping is difficult.
Our approach aims to discretize densely the articulatory space
only in the regions where the mapping is highly non-linear. For
this purpose we use a hypercube structure. In the next section
we define the hypercube codebook and then we explain the gen-
eration method.

3.2 Articulatory hypercubes

A hypercube of orderN is a region of anN -dimensional
space delimited by hyperplanes. We can formalize this as fol-
lows: LetN be the dimensions of the space in consideration.
We denote this space byAN (AN � IRN). A hypercubeHc

is defined by its origin vertexU0 2 AN (i.e. the vertex with
the lowest coordinates) and the length` 2 IR of one edge. We
denote this hypercube byHc(U0; `):

Hc(U0; `) =

NY

j=1

[uj
0
; `]

where
Q

is the Cartesian product,̀ the hypercube edge
length anduj

0
2 IR is thejth component ofU0.

We represent a hypercube by its vertexes. LetVi 2 AN be
one of these vertexes. Thejth componentvji of Vi is calculated
as follows:

v
j
i = u

j
0
+ 'ij`

Where'ij = (i div 2 j)modulo 2 , i = 0 : : : 2N � 1, j =
0 : : : N � 1 (see Fig. 2).

As we can note in the expression ofvji , the only informations
needed to determine the hypercube totally are the origin coordi-
nates and the edge length.

3.3 The hypercube generation method

First of all, we suppose that the articulatory space is contained
in a hypercube. It is the root hypercube, denoted byH1

c (U0; `).
We have to test whether the articulatory-to-acoustic mapping is
linear inH1

c (U0; `) or not. For this purpose we test the linearity
on segments between any two vertexes (Fig. 2). The linear-
ity test is simple: we consider the middle point between two
vertexes and we linearly interpolate the corresponding acoustic



value, then we compare it with the acoustic value given by the ar-
ticulatory synthesizer. If the difference between the acoustic val-
ues synthesized and those interpolated is less than a predefined
threshold, this region (the hypercube) is considered to be linear
concerning the articulatory-to-acoustic mapping, otherwise this
hypercube is decomposed into sub-hypercubes and the linearity
test is repeated for every new hypercube. This procedure is re-
peated recursively until we reach an edge value beyond which
we consider that the obtained hypercubes are sufficiently small
to present a linear articulatory-to-acoustic mapping.
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Fig.2 For sake of clarity we represent a 3D hypercube. Note
that the edge length is̀andU0 is the origin of the hyper-
cube.Vi (i = 0::7) are the vertexes of the hypercubes. The
linearity test is performed on the segments[Vi; Vj ] where
i 6= j (segments represented by thin lines). If the test fails
the hypercube is decomposed into 8 sub-hypercubes (8 is
the number of the vertexes). These sub-hypercubes are rep-
resented with dashed lines. The upper table gives the val-
ues of the parameter'ij for the 8 vertexes indexed from 0
to 7.

We can formalize this as follows: Letf : AN ! AcM

be the mapping function from the articulatory spaceAN (an
N-dimensional space) to the acoustic spaceAcM (an M-
dimensional space). The functionf represents the articulatory
synthesizer; given a set of parameters as data we obtain the
acoustic parameters as a result. Letpa; pb2 ANbe any two
vertexes of the hypercube. LetFa; Fb 2 AcM be the acous-
tic values defined by :f(pa) = Fa andf(pb) = Fb (Fa andFb
are the vectors that represent the first three formants F1,F2 and
F3). The test of linearity between two vertexes is given by:

abs(
Fa + Fb

2
� f(

pa + pb

2
) ) � ��

where�� is the threshold beyond which the mapping of
the points in the hypercube is considered no longer linear. If
this test fails, we decomposeH1

c (U0; `) into 2N hypercubes
H2i
c (U0i; `=2) wherei = 1:::2N . U0i is the new origin vertex

of the sub-hypercube numberi corresponding to theith vertex.
The procedure is repeated recursively for each hypercube.

We assume that this linearity test is sufficient. Nevertheless
we could have used a more accurate test (but far more time con-
suming) which consists in evaluating the curvature along paths
between any two vertexes of the hypercube. The greater the cur-
vature is, the less linear the mapping is.

When we decompose a hypercube, we may obtain a vertex in
a forbidden region[6] i.e. a region with no acoustic parameters
corresponding to articulatory ones, due to too strong a constric-
tion in the vocal tract. These regions correspond to boundaries
of the articulatory space the speaker can access when speaking.
We therefore cannot define the hypercube vertexes in such re-
gions. To solve this problem, we decompose the last hypercube
into sub-hypercubes to surround these regions. As a result, the
forbidden regions are well delimited (Fig. 3).

The result of these successive decompositions is an hierar-
chical structure composed of hypercubes of different sizes; the
bigger the hypercube is, the more linear the mapping is. We
save only the origin of the hypercube (in the articulatory space),
the length of one edge and the acoustic values of the vertexes.
The advantage of the hierarchical structure is to accelerate the
search procedure in the codebook. We can retrieve articula-
tory/acoustic point from codebook quickly by finding the cor-
responding hypercube and then we interpolate linearly the cor-
responding acoustic/articulatory point. To interpolate the search
points accurately, we used two interpolation methods. The first
is the linear interpolation. We approximate the acoustic hyper-
plane defined by the multidimensional functionf by its Taylor
series of the first order. The same method can be used to re-
trieve the articulatory parameters from the acoustic ones. The
second interpolation method exploits the distances between the
unknown point and the vertexes. LetP 2 ANbe the articu-
latory point where we want the corresponding acoustic param-
etersa 2 AcM . Let P1; P2; ::: ; P2N be the vertexes of the
hypercube containingP and leta1; a2; ::: ; a2N be their corre-
sponding acoustic values. To calculatea, we use:

a =

P
2
N

i=1

ai
d(P;Pi)P

2N

j=1

1

d(P;Pj)

where d(P; Pj) is the articulatory distance between two
points in the articulatory space. We use the same formula for
the inversion by just replacingPj with aj . This formula takes
in account the proximity of vertexes to the searched point. As
we can see, the hypercube codebook, allows us to interpolate
the acoustic as well as the articulatory characteristics. During
the inversion (from acoustic to articulatory parameters), we can
retrieve the articulatory parameters from the acoustic ones, by
exploiting information contained in the hypercube structure.

4 Experiments
We have generated hypercube codebooks for 5, 6 and 7 di-

mensions. The last one has the advantage of representing the
whole articulatory space. The threshold�� for the first three
formants is 50Hz for F1, 75Hz for F2 and 100Hz for F3 (which
corresponds in Barks to 0.39 Bark for F1, 0.32 Bark for F2 and
0.25 Bark for F3). In Fig.3, we present 2D-codebook, where��



for the first three parameters is equal to 1Hz. This very small
threshold has been chosen to exhibit the structure of the hyper-
cube in the very simple case of two dimensions and to show how
the boundary between forbidden regions and permitted regions
is approximated.

To experiment the hypercube representation we compare
acoustic trajectories generated with the articulatory synthesizer
only against those generated by interpolation from points ex-
tracted from the hypercube. More precisely, we consider linear
articulatory trajectories defined by two points in the articulatory
space. These trajectories are discretized and the acoustic param-
eters are computed at each point either by the articulatory syn-
thesizer or by interpolation with the information contained in the
hypercube. The evaluation consists in measuring the deviation
between the two acoustic trajectories. It turns out that the linear
interpolation with the nearest vertexes outperforms the distance
based interpolation. To give an error estimation, with the first
method the mean error is 6Hz for F1, 6Hz for F2 and 8Hz for
F3, whereas with the second method the mean error is 15Hz for
F1, 36Hz for F2 and 21Hz for F3.

It clearly appears that our method has the advantage that it
best represents the articulatory space, and takes in account the
non-linearity problems of the mapping between the two spaces.
The hypercube codebook is intended to be used for solving the
inverse problem and more precisely to find good startup solution
before further optimization. The codebook is organised acous-
tically so as all the articulatory shapes corresponding to a given
set of acoustic parameters can be accessed. Compared to pre-
vious attempts with other codebooks our approach ensures that
the recovered trajectories do not contain outliers due to sampling
problems. The next step will be the integration of this hypercube
and the interpolation method in our previous work to improve the
optimization phase. More precisely we want to exploit the sam-
pling density to obtain an evaluation of the deformation of the ar-
ticulatory trajectory which is acceptable in the optimization step.

Fig.3. A 2D representation of the hypercube codebook. For sake
of clarity, we only present jaw and tongue (�1; �2) param-
eters where��=(1Hz for F1, 1Hz for F2, 1Hz for F3). We
can clearly see that there are different regions more or less
linear (i.e the corresponding hypercubes are more or less
big). Shaded regions are the forbidden ones.

5 Conclusion
Unlike existing methods for codebook generation, our method

respect better the non-linearity of the articulatory-to-acoustic
mapping. Also, we reduce the number of points of the codebook
while we increase the information represented by these points.
The hierarchical structure of our codebook reduces the search
time. To well evaluate our method for the inversion, we will
integrate it in our inversion system.
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