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ABSTRACT

Formant synthesis of speech based on Fant’s acoustic model
has proved to give a good approximation to natural speech
spectra. Unfortunately analogue and digital filters do not
behave similarly, especially at frequencies near the half
sampling frequency. This paper deals with the deviation
between Fant’s model and a digital realization and how to
minimize this problem. The emphasis is on female vowels.
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1. INTRODUCTION

Formant synthesis of vowels is in many systems produced by
feeding an appropriate voice source into a number of cascade
coupled, second order lowpass filters. This type of synthesis
has its theoretical basis in Fant’s acoustic model of speech
production [5], which has proved to give a very good
approximation of natural speech spectra.

Fant’s model was originally realized with analogue filters.
The emergence of faster and more powerful computers has
made the use of digital filters advantageous. Thereby a
deviation from the theoretical model has been introduced,
brought about by the inherent properties of digital filters.
This deviation influences the quality of the synthetic speech,
and makes it difficult to transfer parameters measured on
natural voices to speech synthesis in any direct way.
Particularly, the synthesis of female voices presents
problems.

Obviously, for the development of high-quality speech
synthests a high degree of agreement is required between a

theoretical model and its practical implementation. The
purpose of this paper is to state that the deviation between
Fant’s model and its digital realization is significant, and to
show the improvements that can be obtained, especially for
female voices, by eliminating the deviation.

The subject of this paper originates from our work with
developing a male [1] and a female [3,4], synthetic voice for
a Danish text-to-speech system based on the Klatt formant
synthesizer [7].

2. COMPARISON BETWEEN FANT’S
MODEL AND ITS DIGITAL REALIZATION

Our formant synthesis is based on the Fant model, described
in detail in [5]. (The system operates with a sampling rate of
10 kHz, and the voice source used is the LF-model described
in [6]). Fant describes the transfer function of the vocal tract
as an infinite product of poles, each with the transfer function
given in equation 1.

The infinite product of poles can be approximated by a
product of N poles plus a correction for poles of higher order
than N. According to Fant the correction for higher poles can
be approximated by the expression in equation 2.

From equation 2 1t appears that the correction for higher
poles is strongly dependent on the length of the vocal tract.
Based on this theory the vocal tract, the LF-model [6] has
been developed as a model of the voice source. The LF-
model in combination with Fant’s model for the vocal tract
has proved to give a very good approximation of natural
vowel spectra.

A digital realization of Fant’s model is described by Klatt in
[7]. Klatt uses a number of digital lowpass filters with the
amplitude characteristic given in equation 3.
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Equation 1: Transfer function of Fant”s formant poles. F, represents the centre frequency and BW the bandwidth.
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Equation 2: Fant’s correction for higher poles. x=4*f*| /c, in which 1, is the length of the vocal tract and ¢=353 m/s

is the velocity of sound at 37 degrees Celcius.
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Equation 3: Amplitude characteristic for Klatt’s digital filters. T, is the sampling rate.
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Figure 1: Amplitude characteristic for Fant s model and for Klatt“s digital filters at centre frequencies 1000
Hz and 4800 Hz, with a sampling rate of 10 kHz, and bandwidths of 100 Hz. Top: Klatt, bottom: Fant.

The digital filters have an amplitude characteristic similar to
the poles of Fant (equation 1), but the amplification is
stronger. At frequencies below 1000 Hz the deviation is
negligible but it increases with the frequency up to the haif
sampling frequency as illustrated in figure 1. A rough
assumption is that this extra amplification could replace
Fant’s correction for higher poles. We want to investigate
whether this assumption is reasonable by calculating the
deviation between Fant’s theoretical model and its digital
realization. One vowel is realized, first with digital filters,
then with analogue filters including the correction for higher
poles. Then the difference between the two realizations is
calculated. To exemplify the problem we use a female Danish
[a] sound, and a female Danish [i] sound with parameter
values as shown in table 1. In figure 2 the realization of the
vocal tract for the [a] is shown, a) with 5 digital filters, b)
with Fant’s theoretical model for N=>5 and with a vocal tract
length of 16 cm; c) shows the deviation between the digital
realization and the theoretical model. Figure 3 is similar to
figure 2, but illustrating the [i] sound. It appears from figure
2 ¢) and 3 c) that the digital realization produces a significant
deviation from the theory, and that this deviation is formant

specific. Furthermore, the deviation increases with decreasing
vocal tract length. Hence, for a synthesizer with five
formants and 10 kHz sampling frequency, the deviation
presents a problem particularly in synthesis of female voices,
but the problem will be present also for other voice types and
other synthesizer configurations.

3. CONSEQUENCES OF THE DEVIATION
AND POSSIBLE COMPENSATIONS

The deviation implies that a voice source like the LF-model,
which is based on the Fant theory cannot be used directly in
the synthesis of vowels with a satisfactory result. Figure 4.2
shows the spectrum of a natural female [a], and the spectrum
of a synthetic female [a] which has been synthesized using
the parameter values from the natural [a] (table 1). The
parameter values of the voice source (Ra=3, Rg=100,
Rk=40) have been found by inverse filtering. It is easily
realized that there is too much high-frequency energy. The
vowel quality is correct but the voice quality is metallic.

[a] ‘ fundamental frequency /Hz

187
formants /Hz 900 1500 3000 4175 4800
‘bandwidths /Hz 185 345 210 160 2000

[i] | fundamental frequency /Hz 174
formants /Hz 258 2440 3683 4300 4950
bandwidths /Bz 190 100 210 300 500

Table 1: Parameter values: Fundamental frequency, formant frequencies and bandwidths for natural, female [a] and [i].
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Figure 2: a) Digital realization of the vocal tract for an [a] sound, with five digital filters. b) Fant ‘s theoretical
model applied to the [a] sound, for N=35 and a vocal tract length of 16 cm. ¢) The difference between a) and
b), i.e. the deviation between the digital realization and Fant“s theory.
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Figure 3: a) Digital realization of the vocal tract for an [i] sound, with five digital filters. b) Fant s theoretical
model applied to the [i] sound for N=5 and a vocal tract length of 16 cm. c¢) The difference between a) and
b), i.e. the deviation between the digital realization and Fant’s theory.

Figure 4.b presents the same synthetic vowel with a
compensation filter implemented to eliminate the deviation.
This spectrum is a close approximation to the natural
spectrum. The vowel quality is correct, and naturalness and
good similarity with the natural voice are obtained.

Still, it is possible to base an inverse filtering routine on the
behaviour of digital filters and thus develop a voice source
which exeactly matches the digital filters. However, such a
voice source will be dependent on the sampling rate, which
appears unacceptable from a theoretical point of view.

To eliminate the metallic, shrilly voice quality which the
excessive filter amplification produces, different
compensations can be carried out. The effect of the higher
formants can be reduced by increasing their bandwidths to
3000-4000 Hz [3] and the voice source can be given an extra
tilt. This improves the pleasantness and naturalness of the
voice, but decreases the similarity between the natural and
synthetic speech spectra, and neither can the voice source
parameters be found by inverse filtering (based on Fant’s
theory).

It is also possible to eliminate the fifth formant as suggested
by Klatt {8]. Since a very high degree of accordance between
patural parameters and the parameters used in speech
synthesis is aimed at, a small investigation on the fifth
formant in Danish speech was carried out. It appeared that
the fifth formant could not be considered constant, and that
the fifth formant for women could be found both below and
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above 5000 Hz. It is therefore desirable to have a fifth
formant at disposal, for which reason we have kept the five
formant configuration for the female voice. This created a
problem for the vowels in which a fifth formant was located
above 5000 Hz. The solution was to simulate the effect of a
fifth formant above 5000 Hz by placing it below 5000 Hz
(i.e. at 4300 Hz) and increasing its bandwidth until the effect
level in a selected fixpoint was the same. For Fant’s
theoretical poles this gives a very good approximation, as can
be seen in figure 5. It implies that the parameter values for
the fifth formant are not 1n all cases identical to the natural
parameters, but since there exists an injective mapping
between the natural and the synthetic parameter sct in these
cases, we consider it an acceptable solution.

An efficient way of eliminating the filter difference is to
increase the sampling frequency and add an extra couple of
formants to control the spectral tilt, and finally to filter out
the . highest frequencies, so that the filter deviation in the
resulting bandwidth of the signal is negligible [2].

A simpler solution is to implement a series of compensation
filters. Two second order lowpass filters have been
implemented with an attenuation at 5000 Hz of 15 dB and 30
dB respectively. Depending on the magnitude of the deviation
the vowels are either not filtered or filtered with one of the
two compensation filters. In this way, no vowel has a
maximum deviation from theory of more than 7.5 dB, which
is barely significant.
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Figure 4: a) Spectral envelope of synthetic female [a] without compensation filter, and natural female [a] as
reference. b) Spectral envelope of synthetic female [a] with compensation filter, and natural female [a] as
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Figure 5: —— Formant pole for F, = 5800 Hz and BW = 250 Hz, Fant model. — Same formant simulated

with a digital filter, F_ = 4800 and BW = 2000Hz.

4. CONCLUSION

The digital realization of Fant’s acoustic model of speech
production introduces a systematic deviation from theory. For
both male and female voices the deviation is audible, and it
clearly affects the quality of the synthetic speech. The use
of natural parameters does not produce satisfactory results.
Especially for the female synthetic voice the deviation
presents a problem.

The deviation may in each case be calculated, and it can be
compensated for by a lowpass filter, bringing the speech
synthesizer back into agreement with Fant’s theory of speech
production. This makes it possible to transfer natural
parameters directly to synthetic speech with good results.
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