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ABSTRACT

Some speech coding schemes are descripted in this paper.
They are based on concepts related to the fractal theory.
Although algorithms for compressing signals have already
appeared in the literature, none of them is concentrated to the
speech signal in particular. It is vseful, instead, to take
advantage of the knowledge concerning classical schemes of
speech coding. The described algorithms are based on the
fractal interpolation and on signal modeling by fractal related
parameters. It will be shown that fractal techniques can
successfully be used for coding speech.

Keywords: fractal interpolation, fractal dimension, speech
coding.

1. INTRODUCTION

The introduction of the fractal geometry, by Mandelbrot [1],
has stimulated a great amount of research directed toward the
analysis and generation of fractal objects and the theoretical
explanation of their properties. Of great importance is the
work by Barnsley of Georgia Tech [2], who introduced the
Iterated Function Systems (IFS) as a method for describing
and generationg fractal objects. An interesting property of the
fractal sets, called self-similarity, is that by increasing the
degree of magnification more and more details are revealed.
This property holds, in general, for real-world images and
also for speech waveforms [2]. It has been shown that images
generated by IFS's are very realistic and indistinguishable
from natural images. The motivation of the work described in
this paper was that by applying fractal models to speech, high
quality and natural sounding signal, could be obtained. In
section 2 a brief review of the fractal geometry will be
described, while section 3 deals with the developed
algorithms; some results are also described.

2.THE FRACTAL GEOMETRY

The fractal geometry extendes the euclidean
geometry and described the objects characterized by a non
integer dimension. It is based on the concepts of compact
metric spaces. More precisely, a fractal object is a compact
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subset of the metric space-Rn or, defining H(Rn) as the set of
compact subsets of R", a fractal object is an element of

H(Rn). The usual distance between two compact subsets is
called Housdorff distance [2], which introduces a metric in

H('Rn). Fractal generation deals with convergent successions

in H(R"). In our case n=2. A succession in H(Rz) is obtained
by an iterative application of affine transformations. An affine
transformation is a deforination of elements of H(Rz) by
means of suitable maps. The maps are typically represented in
matrix form:

€

f

Y =

b
“ "X+
ch

Since a square is transformed in a translated parallelogram, it
cames out that an affire transformation maintains the
parallelism. An important class of affine transformations is
the class of contractive affine transformations [2]. An IFS is
given by a number of affine contractive transformations on

the metric space R2. Let us call W the set of transformation.
W has the following properties: it is itself a contractive
transformation and the succession An=W(A n-l) converges o

a point of H(Rz) called attractor of the IFS or fractal.

An important characterization of a fractal object is made
through a parameter called fractal dimension [1]. It describes
the irregularity of the object and is defined through a limit
operation. In [3] it is reported that long term speech has a
fractal dimension equal to 1.66.

The two classical algorithins for the fractal generation are the
deterministic and the randm iteration algorithms [2]. We are
interested to build fractal objects that represent graphs of a
given function. It can be shown that for an IFS to represent a
funtion, b must be set to 9. Foundamental for this work are
the concepts of fractal in.erpolation. Let us assume that an
interval [xo,xM] is sub-divided into N intervals. Then, a

number of interpolating nodes is generated. By setting
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we obtain N-1 affine transformations. By using a fractal
generation algorithm, one obtains an attractor which is a
continue function and that passes through the given
interpolating nodes. The d n coefficients must obey to the

relation

N~1

Y faal a2 =1
n=]

where D is the fractal dimension. The values of dn can be

then obtained by solving (2). Consequently, the generated
fractal is said to be built at constant fractal dimension. It has
shown that a characteristics of fractal interpolation is that the
bandwith is not limited, as happens in classical interpolation
[91.

@

3. DESCRIPTION OF FRACTAL SPEECH
CODING ALGORITHMS

Several papers have been published (see for example
{4], {5]) concerning data compression by means of fractal
methods. The computer generation of fractal objects is made
by using IFS: The problem of estimating the optimal values of
the IFS maps is referred to as the Inverse Problem for the IFS.
It has to be noted that this problem is very complex and,
although several different solutions have been proposed, it is
an important field of study. One category of the methods
proposed in this paper relies on the fractal interpolation, since
it has interesting features from a spectral point of view. Other
approach, instead, model the speech residual by computing its
fractal dimension. Some of these approaches will be
described in the following sub-sections.

3.1 Fractal Coding Algorithm with Codebook generated
Interpolating nodes

The algorithm is described in fig.1 and is similar, to
some extent, to the one described in [4]. The codebook
contains a suitably selected population of locations.
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fig. 1 Speech Coding Scheme with fractal interpolation.

The block "IFS" samples the speech signal at the given
location and builds the interpolating IFS maps according to
(1) and (2). On the basis of these maps the block "ATT"
computes a sufficient number of points of the attractor by
means of the random iteration algorithm. The generated
sequence can be viewed as a signal sampled at high and non-
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uniform rates. From this sequence, a down-sampled sequence
is obtained, such that its sampling rate corresponds to the
input sampling rate. To this goal we used a very simple
interpolation scheme between couple of samples. A mean
squared error is then computed and the best locations are

selected. The total number of locations is obviously (Z:;J

M being the number of samples in the frame and N the
number of nodes, because there must be one node at the
beginning and another one at the end of the frame.
Nevertheless, this number grows up combinatorially. For
example, if N=50 (5 ms at 8KHz) and N=8, the total number
of possible combination is 2.760.681 which is clearly
unaffordable for a practical system. Constraints must then be
imposed on the codebook creation. The simplest constraint is
10 impose a minimum distance between nodes. For example,
the following number of possible combinations (comb) are
given at increasing values of minimum distances (dis):

dis  comb
20471
8855
3060
715
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This table is related to 30 samples and 6 nodes, which
corresponds to a decimation factor of 5. Another possibility is
to make an extensive experimentation and 1o fill the codebook
with the most probable combination sets.

As regards the computation of the d,, coefficients, we can

make the following consigerations. If we set dp=constant=d,

_Xn"Xn-1 = Ax,

and a4, = then, from (1) we have
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The described approach s similar, to some extent, 10 the
CELP approach becausz a codebook search is made;
however, the signal generation dows not require a modeling
but only the values of the signal at the selected nodes is
required. From this point of view, il has some similarities
with multipulse, in that the problem is to find the best subset
of n out of N locations anc amplitudes. Some examples of the
results obtained with N=3(), 6 nodes, a minimum distance of 4
and D=1.4 are reported in the following figure:

LI mw A

fig.2 Left:original frame (10 samples). Right: fractal
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For coding purposes, the locations and amplitudes must be
coded and transmitted, and the techniques and results that
came from multipulse parameters coding can be used [6].

The decoder is similar to the coder: it takes the values of
location and amplitudes, builds the IFS maps and computes
the attractor.

3.2 High Frequency Reconstruction in RELP with Fractal
Interpolation.

RELP is a technique for coding speech at medium
bit rates [5]. It is attractive from a computational point of
view because it is very simple. It has been surpassed by more
complex and higher quality algorithms.

RELP it is based on the simple idea to excite the linear
prediction synthesis filter with a filtered (and downsampled)
version of the residual. The problem, at the decoder, is to
build a correct excitation for the synthesis, and this means
reconstruction of the high frequencies. The simpler proposed
method was to use the so called spectral folding, which
consists in spectral repetition obtained by interpolation
without filtering. This operation, however, introduces spectral
noise. Other approaches to reconstruct the excitation include
the use of non linear devices. Here, we propose to use the
fractal interpolation for the reconstruction of the high
frequencies.

The fractal interpolation of the decimated and filtered residual
is of course needed to increse the sampling rate of the
excitation signal and it is carried out by setting a given fractal
dimension D. Some results are reported in fig.3.

L

fig.3.  Upper row:left:original waveform. Right: synthetic

Lower row: left:original spectrum. Right: synthetic

The problem with this kind of coder is that the signal
periodicity is not correctly reconstructed. Although it was
noted that the spectrum of voiced sounds is, starting from a
given frequency, random (7], in our case the effect the
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synthetized speech was pzrceptively too noisy. In order o
overcome this problem. we can introduce a long-term
prediction in the proposcd scheme. This leads to a more
correc reconstruction of th> signal periodicities and, since the
spectrum of the residual -s almost flat having removed the
long-term correlations, it is more suitable for a fractal
reconstruction. The greater amount of informations that have
to be sent through the channel and due to the long term
predictor is compensated by the higher degree of
downsampling that it is needed. This last idea led us 10 a
direct coding of the residual, as described in section 3.3.

3.3 Fractal Modeling of the Residual

Modeling of the speech residual , having removed
short and long term correlations, has already been proposed.
In [8], for example, a codebook generation with fractal
functions for CELP has been described and analyzed. In [9],
moreover, it was reported that a direct modeling of the
residual with the fractal dimension gave intellegible synthetic
speech but the quality was too poor. Central in these subject is
the spectral fractal synthesis [10). The modeling of the
residual is made, in this case, by means of the Fractional
Brownian Motion [9], whose spectral density is described by

#, b being the spectral exponent. Its characteristics

described as statistical selt-affinity allows to overcome some
problems of the deterministic fractal, such as their
impossibility to model objects that are not self-similar such as
periodic signals.

The fractal dimension is related to the spectral exponent by
the following relation [10].

D=l+3—';—q

(3)
This relation says that the Brownian fractal function can be
generated by spectral synthesis with a spectral exponent
computed from the fractal dimension, as reported in [8].
However, actual measurement of the spectral exponent b from
male speech gave the results shown in fig.4.

4,00 =~
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fig.4 Actual measurement of spectral exponent for male voice
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These results show that the spectral exponent is not limited in
the range [1..3], as it should be according to (3). The fractal
dimension, infact, ranges between 1 and 2.

Thus, by generating the fractal function directly from the
spectral exponent, a better modeling of the residual is
obtained. The coder is described in fig. 5.

s(n)

B 7 z
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fig.5. The predictor removes short and long term correlations.
The block B estimates the spectral exponent, and the block
realizes spectral synthesis.

In the figure 6, finally, typical results are described.

4.CONCLUSIONS

In this papaer we have described some ideas that aim
to the low-medium rate coding of speech by means of fractal
theory. It was shown that, since speech can indeed be viewed
as a fractal object, the fractal concepts can be used for coding
speech. Some of the methods rely on the fractal interpolation
approach and other on the direct modeling of the speech
residual. The results are encouraging. Further work is needed
regarding the solution of the inverse problem for the IFS's and
the definition of better fractal models of the speech residual.

200.06 -

%0.00 -

EUROSPEECH 93, Berlin, Germany, September 1993

s(n)

100.60

0.0 -

20.00 =

0.0 -

000 =

.00

fig.6. Results of the coder with estimation of spectral
exponent. From the top: original and synthetic frames
waveform; spectra of the original and fractal residuals.
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