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ABSTRACT

In this paper we will present some experiments to improve
the naturalness of synthetic female speech. A pole/zero pair
has been introduced in the GLOVE synthesiser to better match
analysis data. In this paper we have focused on the
consonants /W, /U, /m/ and /n/. An inverse filtering method,
which includes automatic formant tracking and manual
spectral and time domain matching, generates LF source
parameter, formant and pole/zero data. Analysis data have
been interpreted and resynthesised. Text-to-speech rules
have been formulated according to the hand-edited
resynthesis. These rules have improved the overall quality of
the synthetic female speech according to an informal
listening test.
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INTRODUCTION

Text-to-speech synthesis systems have during the last decade
incorporated more sophisticated speech production models,
including more elaborate glottal source representations. Still
we lack data needed for controlling these new models.
Research is now focusing on collecting data and on
formalising these new data into rules. This is necessary
especially for the production of female and child voices.
More data about natural speech will also make it possible to
produce different voice qualities and speaking styles.

The inclusion of voice source variations in the speech
synthesis has, in earlier experiments, been shown in informal
listening tests to improve the quality [1]. An implementation
of parameter-controlled zeroes in the vocal branch of the
GLOVE synthesiser gives, according to our experiments, a
further improvement of the naturalness of the synthetic
speech. The quality of consonants, in the present paper
nasals and laterals, and vowel-consonant transitions is
enhanced. Natural female speech has been analysed using
inverse filtering. The resulting data have been interpreted
and formalised.
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RULSYs/HISYS [2] has been used to hand-edit rule-generated
speech to incorporate the analysis data. The data are also
generalised as rules that have been implemented in the text-
to-speech system. Examples of such rules are reported and
demonstrated. At the conference, we will present some syn-
thetic stimuli and discuss some results from listening tests.

Synthesiser

The GLOVE speech synthesis model is an improved version of
the OVE Il cascade, terminal analogue, formant synthesiser.
In GLOVE, the LF-source [3], diplophonia, F1 bandwidth open
quotient dependency and noise/voice source interaction have
been added. The LF source pulse is defined by four
parameters: RK, EE, RG and FA. The noise/voice interaction
is specified by the parameters NA and NM. NA specifies the
amount of glottal flow modulated noise added to the glottal
pulse. NM specifies the degree of glottal flow modulation of
the noise source. The higher formants, which in male speech
on the OVE Il model was realised as a higher-pole correction,
are now implemented as three separate formants (F5-F7),
with constant relative distance. These new features have been
proven to be essential for generating natural-sounding female
speech. They have also improved the production of emotional
synthetic speech [4].

A further extension of the GLOVE synthesiser has been tested
in this study. The extensions consist of a pole/zero pair that
has been included in the vocal branch. The pole is
implemented as a formant filter. The zero consists of a notch
filter. Both are controlled by specifying mid frequency and
bandwidth. When the pole/zero pair is not needed, both are
placed at the same frequency and given a very low Q-value
and will thus cancel each other.

The experiments reported in this study were run on a version
of the GLOVE model in a digital signal processor (DSP)
simulator implementation [5]. It can be directly accessed
from the RULSYS speech synthesis development program,
using the speech command in, for example, HISYS edit mode.
Speech stimuli are generated at close to real-time rate on an
HP/Apollo 730. The simulator can easily be transferred to a
stand-alone application with a floating point DSP for real-
time performance in a text-to-speech device.
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ANALYSIS

Detailed analysis of speech, for example using inverse
filtering technique, has improved our knowledge of voiced
speech segments [6]. The main objective of inverse filtering
was to eliminate the vocal tract filter function and to obtain a
representation of the glottal flow in speech, but this
technique has also proved to be valuable for detailed
descriptions of voice source behaviour and of vocal tract
characteristics. The technique is to cancel each formant in
the speech wave with an inverse formant filter, with the
corresponding mid frequency and bandwidth.

To attain a good inverse filtered voice pulse, it was necessary
to cancel extra pole/zero pairs for many consonants and
adjoining parts of vowels. These pole/zero pairs can have
different origins. In nasals and laterals they are due to the
geometry of the vocal tract [7]. Voiced fricatives contain
pole/zero pairs that have their origins in the cavity behind
the frication source. In aspirated articulations, the vocal
cords never close completely. Accordingly, the cavities below
the glottis are not acoustically isolated from the vocal tract.
This will create pole/zero pairs similar to what occurs in
leaky or breathy voices [8].

Analysis data on voice source and vocal tract behaviour for
this study was accordingly collected using inverse filtering
technique. This was performed using an interactive filtering
program. Preliminary formant frequencies and bandwidths
were calculated automatically using the Linear Prediction
auto correlation method. The formants and bandwidths were
then finely tuned by hand, using both time and frequency
representations of the speech wave before and after filtering.
Zeroes and extra poles in the voice spectrum were also
determined. The LF voice source model was then fitted to the
inverse filtered voice pulse by hand. The parameters of the
LF-model for consecutive voice pulses were collected in
tables together with formant, pole and zero mid frequency
and bandwidth values.

These parameter tables were interpreted and formalised to a
small number of data points for each VCV speech segment.
The parameters were then used to produce hand-edited
synthetic speech stimuli. The quality of these stimuli was
modified by interactive editing and listening. Special effort
was invested in the parameter transitions.

The parameter data were further reduced to make it feasible
to write new rules for the speech synthesis. The results of the
proposed rules were continuously checked by generating text-
to-speech stimuli.

RESULTS

The analysis data used for the present experiment are taken
from an ongoing and only partly published study of the
acoustics of consonants in female speech [6]. The speech
material for that study consists of all Swedish consonants
produced in VCV sequences in a carrier phrase. The vowels
were /a/, /u/ or /i/ and the initial and final vowel was the
same. The initial vowel was always stressed. For the present

EUROSPEECH 93, Berlin, Germany, September 1993

experiment, data on the voiced consonants /b/, /I/, /m/ and
/n/ were used. Some data for these consonants in different
vowel contexts are given in Table 1.

Glottal parameters

As can be seen, the LF model parameter FA was lower, that
is the return time was longer, in the consonants that in the
surrounding vowels. (FA denotes the frequency above which
the spectral slope increases by 6 dB/octave.) This implies that
the voice source in consonants contained relatively less high
frequency energy. The lowest FA values were found in the
nasals. FA was also low in nasalised parts of vowels. In
Swedish, /h/ in fully voiced context is voiced. The higher
formants are still to large degree excited by aspirative noise.
FA for /h/ was decided by studying the frequency content
below approximately 2 kHz.

The parameter RK was equal or higher for the consonants.
The higher values for RK are generally found in /m/ in /a/-
context and in /h/. A high RK value means that the first
harmonic is comparatively strong. (RK denotes the time
between peak flow and excitation divided by the time from
glottal opening to peak flow in percent.)

The excitation strength, EE, was about equal for the nasals
and weaker in /h/ and /I/ compared to the preceding stressed
vowels. The consonant /I/ shows a characteristic pattern.
During the first few pulses, there was an additional 1-3 dB
dip in the EE level .

Pole/zero analysis

Pole/zero pairs were identified in the voiced consonants and
in transitions from vowels to nasals and /h/. The most
distinct poles and zeros are listed in Table 1.

In /h/, pole/zero pairs are expected due to the open glottis
and the consequent coupling to the sub-glottal cavities [8,9].
They occur in the transitions between the adjoining vowels
and /b/ and the frequencies do not change. The transition
between /b/ and adjacent vowels is usually slow.

In /l/, a clear pole/zero pair caused by the cavity formed by
the tongue tip and the palate occur [10,11]. This pair is not
seen in the adjoining vowels. Different values were found for
the back rounded /u/ context compared to the other vowel
contexts. This may be due to a different articulation of /I/.
The pole/zero pair in /i/ before /I/ is presumably due to
incomplete glottal closure.

In a transition from vowel to nasal, the passage through the
nose is opened before the oral passage is closed [7]. This
results in poles and zeros in the vowel that are slightly
different from those in the nasal. The differences between /n/
and /m/ are not large except for the zero in back rounded
vowel context.

In earlier experiments by Nord [7] a pole/zero pair at about
500 Hz in nasals was identified. In the present study, this
was simulated by a broadening of the first formant bandwidth
in combination with a low FA. The Nord study and the
present experiment show that the pole/zero pair between
1000 and 2000 Hz has a perceptual impact.
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h/ FP BP FZ BZ FA EE RK
Vowel /a/ 1500 62 45
Consonant 1850 200 1100 300 300 60 50
Vowel /i/ 600 61 36
Consonant 1700 300 1100 300 320 51 55
Vowel /u/ 1150 64 44
Consonant 1650 200 1100 200 450 57 45

1 FP BP FZ BZ FA EE RK
Vowel /a/ 1300 63 37
Consonant 2650 180 2200 250 450 56 40

30 ms from start 59
Vowel /i/ 1780 300 1500 500 650 60 30
Consonant 2900 250 2100 350 400 54 50
30 ms from start 57
Vowel /u/ 800 62 45
Consonant 1850 110 1500 160 300 58 48
30 ms from start [1:)

m/ FP BP FZ BZ FA EE RK
Vowel /a/ 1800 450 900 250 500 61 27
Consonant 1750 200 850 200 300 59 45
Vowel /V/ 1250 300 890 350 600 61 36
Consonant 1300 100 950 200 280 60 37
Vowel /u/ 1900 200 1000 300 600 62 42
Consonant 1800 100 1550 400 300 65 50

i FP BP FZ BZ FA EE RK
Vowel /a/ 1850 200 950 400 500 63 38
Consonant 1875 150 925 175 270 58 37
Vowel /i/ 1200 200 900 400 470 60 35
Consonant 1200 100 1000 250 260 61 38
Vowel W/ 1800 100 1500 300 450 61 53
Consonant 1850 150 1000 200 260 63 41

Tab 1. Data from natural female speech. Frequency and bandwidth values for the pole/zero
pair are given in Hz. FP and BP gives the data for the pole and FZ and BZ the zero data. FA

(Hz), EE (dB) and RK (%) are LF source parameters.

Text-to-speech rules

The data were formulated as rules for the KTH text-to-speech
synthesis, some examples of parameter settings are shown in
Table 2.

For /b/, a pole/zero pair was introduced. The frequencies and
bandwidths were the same for all vowel contexts, according
10 analysis data. The LF parameter FA was set to a low value
and RK was increased. EE was decreased considerably in /i/
and /u/ context, less in /a/ context. The aspiration was
produced using NA, that introduces a modulation of the
noise source.
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For /1/, two different aspects were formalised. The pole/zero
pair was specified in one data point. The specifications were
the same for /i/ and /a/ contexts, for /u/-context the pole/zero
pair as well as the formant values were lower. The excitation
energy was reduced for the first 20 ms of the segment, which
improved the naturalness notably.

For the nasals, /m/ and /n/, three data points for the pole/zero
pair were specified. The first and last of these define the
nasalisation of the preceding and succeeding vowels, the
second defines the nasal. Separate rules modifying the
pole/zero pair had to be formulated for /m/ adjacent to a
back, rounded vowel and for /n/ adjacent to a high, front
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W FP BP FZ BZ EE1 EE2
Basic setting 2690 140 2075 200 -6 -4
After back rounded vowel 1850 150 1510 320 -8 -4

m/ FP BP FZ BZ
Basic setting in nasalised vowel 1200 500 900 300

in /m/ 1510 450 870 190
In back rounded nasalised vowel 1850 600 1560 500
in /m/ after back rounded vowel 1510 90 1470 190
n/ FP BP FZ BZ
Basic setting in nasalised vowel 1800 200 1000 400
in /n/ 1900 150 1000 200
In high front nasalised vowel 1250 150 1000 400
in /n/ after high front vowel 1250 100 1000 200

Table 2. Values of some synthesis parameters decided by rules. Frequency and bandwidth
values for the pole/zero pair (FP,BP / FZ,BZ) are given in Hz. The LF source parameter EE is
given in dB relative to EE in the preceeding vowel. EE1 gives the initial value, EE2 the value

after 20 ms.
vowel. The pole/zero values for the different contexts are [2] Carlson R., Granstr6m B., Hunnicutt S. (1990):
given in Table 2. FA was decreased to a low value, typically "Multilingual  text-to-speech  development and
400 Hz, for the nasalised part of the vowels, and even lower applications”, Advances in speech, hearing and
in the nasal. The nasal branch was not used in this ~language processing (edited by B Ainsworth), Vol. 1,
experiment. The excitation energy was set to about 7 dB less pp. 269-296, JAI Press Ltd., London
than for the preceding, stressed vowel. For /n/ in /i/-context {31 Fant, G, Liljencrants, J., Lin, Q. (1985). "A four-
the excitation was set equal to the excitation of the vowel. parameter model of glottal flow.", STL-QPSR 4/1985,
pp. 1-14.
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quality of the synthetic female speech is still poor. The Spoken Language Processing, pp. 671-674
inclusion of inverse filtering analysis data and the control of [5]1  Carlsson, G., Neovius, L. (1990): "Implementations of
an extra pole/zero pair in the vocal branch have improved the synthesis models for speech and singing." STL-OPSR
quality and naturalness of synthetic speech. In the 2-3/1990, pp. 63-67
experiment reported in this paper we have received good [6] Karlsson, I. (1992): "Consonants for female speech
results for /b/, /I/, /m/ and /n/. We intend to report results synthesis”, Proc. of 1992 Int. Conf. on Spoken
from listening tests at the conference. Examples of the Language Processing, pp. 491-494
synthesis by rules will be demonstrated. ' [7]  Nord, L. (1976); "Experiments with nasal synthesis",
Experiments will be continued with other consonants. We STL-QPSR 2-3/1976, pp. 14-19
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