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ABSTRACT

The acoustic properties of phonologically equal vowels show
a large range of variability, so that automatic classification
methods have achieved limited success in identifying vowels.
The only secure basis for obtaining absolute vowel quality is
to rely on judgements of a jury of phoneticians being well
experienced in Daniel Jones’s familiar Cardinal Vowel dia-
gram. Because of the exclusiveness of this procedure a desire
to replace the expert jury by automatic methods existed for
a long time (Fant, 1978 [4]).

In this paper an algorithm (WVT) is proposed for calcu-
lating absolute vowel quality from the speech signal. Since
the results of this algorithm are equivalent to those of the
jury and meaningful in phonetic terms, it can replace the
jury. The algorithm can be applied to complex utterances
and can display which vowel targets are really reached in
the Cardinal Vowel diagram and how the trajectories run.
So this tool can be used for research on diphthongs, under-
shoot/overshoot, coarticulation, assimilation and reduction,
as some preliminary investigations show.

1 INTRODUCTION

The basic principle of vowel identification research usually
consists in relating the acoustic properties of vowels with
the corresponding phonemes. The problem is matching a
continuous physical domain with an abstract descriptive do-
main that comprises relatively few discrete elements. Fur-
thermore, the phoneme to which any phone in an utterance
belongs is determined by higher-level knowledge: by pho-
netic and phonological, but also by morphological, syntac-
tic, semantic, pragmatic, sociolinguistic and finally dialec-
tal knowledge — in brief: by the competence of the native
speaker. This knowledge is necessary for resolving the acous-
tic variability of a phoneme caused by speaker characteristics
(sex, age, dialect, mood, intention, and anatomy of articu-
lation organs), by communication process (speaking tempo,
coarticulation, word stress, word class, sentence accent, place
within a sentence, and semantic and pragmatic context of a
sentence), and by signal transmission. Each of these factors
has its own systematic effect on acoustic variation permit-
ting the decoding of information on speaker characteristics,
communication process, and transmission channel.
Nevertheless, the general approach to automatic vowel
identification is to divide vowels taken from a training corpus
into the corresponding phoneme classes followed by calculat-
ing a single prototype representing each class (e.g. described
by centroid, covariance matrix, and a priori probability; Za-
horian and Jagharghi, 1991 [15]). Depending on the rich-
ness of the corpus, identification tasks usually yield consid-
erable error rates owing to an obvious proportion of strongly
overlapping vowel features belonging to different classes and
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large distances within same classes. The wish to have a re-
duction of variability led to the normalization problem —
and many investigations have addressed it. But normaliza-
tion is the attempt to introduce higher-level knowledge of
the speaker characteristics mentioned above to the lowest
layer of speech recognition models. In fact, this knowledge
is rather unexamined and moreover very complex so that
simple normalization methods fail (Hieronymus, 1991 [5]).

1.1 Phonematic vs. narrow phonetic transcription

The abstract descriptive domain that identification research
mainly uses is the layer of phonematic transcription. This
layer is language specific and requires competence. There
is a layer below which is called the narrow phonetic tran-
scription. Maximally it allows the use of the complete set of
IPA symbols and diacritical signs, and is carefully derived
from the speech signal by a highly experienced phonetician
who has learnt to ignore his competence. Although there
is a lack of prosodic transcription symbols this layer offers
many classes and only normalizes sex and age of speakers so
that articulation by other phoneticians on the basis of such
a narrow phonetic transcription leads to nearly the same
utterance as the original one.

In case of isolated monophthongs the relation between
these two layers is relatively simple: each vowel phoneme
taken from the vowel system of any language subsumes a set
of narrow vowel transcriptions. Because transcribers are not
always consistent (Eisen et al., 1992 [2]) overlapping appears
again. The question arises as to whether there is a transcrip-
tion method producing results that are just as valid as the
phonetician’s but more reliable.

1.2 Automatic narrow transcription

Since the task of determining absolute vowel quality is per-
formed best by phoneticians who have learnt to make use of
only phonetic knowledge, the idea was to develop an algo-
rithm only on the basis of phonetic knowledge that is able
to calculate absolute vowel quality from the speech signal.
So the algorithm has to meet the following four constraints,
which guarantee implicit knowledge:

1.2.1 Limitation to the essential acoustic cues

It is well known that the formants F1 and F2 are the most
important acoustic cues for vowel perception. Klatt (1982,
[6]) showed that formant frequency changes influence per-
ceived phonetic distance more than any other changes, e.g.
formant bandwidth changes, spectral tilt changes, and high-
pass, low-pass or notch filtering. Following Fant (1970, [3])
formant amplitudes and the overall spectral shape are pre-
dictable from the formant frequencies. Therefore the focus
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lies on the frequencies. The roles of F3 and higher formants
have not yet been investigated exhaustively so this approach
should rather disregard them than give them unsupervised
influence.

Miller (1953, [9]) measured the amount of phoneme
boundary shift related to fundamental frequency varia-
tions and reported a strong effect. All studies on this topic
support this result. Consequently the main acoustic features
of vowels, F0, F1, and F2, must be taken into account.

1.2.2  Suitable relations

There are several frequency scales (Bark, mel, linear, loga-
rithmic, and Koenig scale) and formulas (formant distance,
formant ratio, and absolute formant values) for entering vow-
els in a formant chart. Miller (1989 [8]) chose formant ra-
tios on the logarithmic scale to transform vowels into his
auditory-perceptual space. But the logarithmic scale weights
changes in 1 below 500 Hz too much, whereas the Bark
scale warps a frequency spectrum in a way that a just no-
ticeable modulation of formant frequency has always the
same quantity along the whole Bark scale. As many ex-
periments have shown {Traunmiiller, 1981 [14], Syrdal and
Gopal, 1986 [13], Di Benedetto, 1987 [1], Rooney et al., 1993
[11]) the Bark-transformed F1-F0 distance represents the
vowel height, and the Bark-transformed F2-F1 distance cor-
responds to the place of articulation. Bark distance calcula-
tion allows the most suitable relations between differences in
the formant chart and changes in perception and therefore
it is the method of choice.

1.2.8 Reversible analytical expression

The formula for transformation from the Bark distance based
formant chart to the absolute vowel quality has to satisfy
three conditions: i) linearity to avoid distortion of the above
mentioned suitable relations, i) reversibility in anticipation
of vowel synthesis, and 4) simplicity for causal connection
and therefore analytical calibration. A formula similar to
standard viewport transformations familiar from computer
graphics, which I want to name warping viewport transfor-
mation (WVT), fulfils the conditions but it requires a con-
tinuous perceptual space as the target.

1.2.4 Perceptual-phonetic meaningfulness

Isolated vowels with static vowel quality allow a narrow pho-
netic transcription using Daniel Jones’s Cardinal Vowel dia-
gram. Firstly, well trained phoneticians are familiar with it.
That means they can produce a vowel according to a given
position in it, and they can locate the position according to
a perceived vowel. Secondly, a graphic transcription is more
exact and unambiguous than a symbolic one and leads to less
confusion errors (Pfitzinger, 1994 {10}), and thirdly, it can
serve as the required continuous perceptual space because it
needs no higher-level knowledge for using it correctly, and in
addition, it reflects perceptual-phonetic meaningfulness.
From that follows the universal principle to calibrate a
knowledge-based algorithm to a perceptual-phonetic space.
This calibration is done by minimizing the difference between
the results of the calculation and the reference positions de-
rived from perceptual experiments. This principle is shown
in Fig. 1. It leads to quantitative knowledge that can be
used in speech analysis and synthesis. )

EUROSPEECH ’95, Madrid, Spain, September 1995

jury of x

/ phoneticians

X
<
calibration /
\

A 4

vowel X
stimuli formalism
coe]ﬁcients+
\ knowledge - X
based >
algorithm X
X

Fig. 1: Vowel transcription and calibration arrangement.

2 PROCEDURE

Based on these preliminary considerations, the first step of
my procedure for developing the algorithm was to get ref-
erence positions in the Cardinal Vowel diagram by having a
jury estimate numerous vowel stimuli in a perceptual exper-
iment. These natural spoken isolated monophthongs were
systematically varied in vowel height, place of articulation,
fundamental frequency and duration.

2.1 Stimulus generation and presentation

A well trained male phonetician was asked to pronounce
twelve vowels with two very different fundamental frequen-
cies but with the same short duration, vowel quality and
intensity. The vowel stimuli corresponded to the following
phonemes of the German vowel system: /i/, e/, [e/, [a/,
/a/, [/, [0/, [/, /1], [e/, [¢/, and [u/. The stimuli were
digitized at 48 kHz. Poor articulation was immediately re-
jected through interactive perception tests.

The stimuli had durations between 170 ms and 245 ms
(=208 ms +18%). From this set a second set of 24 vowel
stimuli was generated: each of the stimuli was shortened to
50 ms by automatic steady state detection and subsequent
fading in and fading out taking into account open and closed
phase of phonation and temporal masking. The resulting 48
stimuli were low-pass filtered at 8 kHz, replicated five times,
randomized and presented to a jury of 20 experienced pho-
neticians via a high-quality loudspeaker. The listeners were
seated in a sound-treated room and responded by marking
the perceived vowel quality in Cardinal Vowel diagrams on
prepared answer sheets. The 4800 response marks were mea-
sured, de-randomized, and statistically analysed giving 48
reference positions (see Fig. 2).

2.2 Calibration

Then F0, F1 and F2 were extracted from the signals of the 24
basic stimuli, Bark-transformed and the distances were listed
in a formant chart. Finally the reference positions were used
to calibrate the WVT by varying its transformation coeffi-
cients. This task was done automatically by minimizing the
weighted Euclidean distances between the reference positions
and the positions that result from vowel quality calculation.
Since a shortened stimulus and its corresponding normal
stimulus have the same F0, F1, and F2, they lead to the same
vowel quality. Hence the distances between the response
marks to shortened vs. normal stimuli as well as the standard
deviations gave the weights to the Euclidean distances.

418



Fig. 2: Transcription results of the vowel stimuli. The el-
lipses show standard deviations each calculated from 100
judgements giving a total number of 4800 judgements. Dura-
tion: 208 ms (upper row) vs. 50 ms (lower row). F0: 105 Hz
(left) vs. 230 Hz (right).

3 RESULTS

Fig. 2 shows the transcription results of the perceptual ex-
periment. The difference between shortened vs. normal stim-
uli is obvious. The shortening leads to a significant increase
of the standard deviations (F' = 1.37 > Fp.o2;1109/1100
1.19, x) and a very significant decrease in perceived vowel
openness (f & 2.639 > fg.01,2308 ~ 2.581, x%). But a ten-
dency to centralize could not be observed (F = 1.12 <
Fy.10;1199/1100 & 1.13, n.s.). More results are presented and
discussed in detail in [10].

3.1 Calibration results

The results of the calibration procedure are presented to-
gether with the equations of the WVT. All constants in the
equations have been automatically calibrated. F0, F1 and
F2 must be in Bark. The calculated vowel quality is repre-
sented by the coordinates (I,k), which define a position in
the target coordinate system shown in Fig. 3.

hg = F1~0.5F0 — 1.775
—0.1 : hr<-01
h hR . hR Z —-0.1
N 4.08 + 0.385F0
h=10(1 — hy).
Ip=F2—F1—-15-0.2h
In = _
AT
1=12.25(1 — Ly).

4 APPLICATION

Since the WVT makes no use of temporal information of
the speech signal it could be applied to one single analysis
frame of a complete utterance. In this case the calculated
vowel quality is equivalent to the vowel quality that could be
obtained from presenting a sustained monophthongal vowel,
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Fig. 3: Cardinal Vowel diagram for the jury of phoneticians,
and perceptual target space for the vowel quality determi-
nation formalism.

which was synthesized from the original frame, to a jury of
phoneticians. The application of the WVT to whole utter-
ances leads to the dynamic vowel quality of an utterance.

In Fig. 4 the sentence Neun Uhr, which has been spoken
by the same phonetician who uttered the reference vowels,
was taken from the PhonDat corpus and analysed via FFT,
LPC and Cepstrum. The formant and pitch curves have
been smoothed using median filtering. Then the WVT has
been applied to the Bark transformed data leading to the
dynamic vowel quality curve shown in Fig. 5.

The results of the application to the isolated spoken diph-
thong /oi/ are presented in Fig. 6. The H&H-theory (Lind-
blom, 1990 [7]) can explain why the trajectory of the diph-
thong /oi/ in the word Neun /noin/ never comes near to
the first Cardinal Vowel while the diphthong /oi/ which is
phonologically the same really reaches it. The WVT pro-
vides the basic data for higher-level knowledge theories and
for experiments to investigate them.

140 HzA ’HJJI‘_,JJ—'&"‘-L._H_
120 Hz k‘“—&\ﬂ_\‘

i
100 Hz L
80 Hz A : . : .
0.0s 0.1s 0.2s 0.3s 0.4s

Fig. 4: Signal analysis of the PhonDat sentence no. 720:
Neun Uhr (= Nine o’clock): narrow phonetic transcription,
speech signal, sonagram, Bark transformed F1 and F2, and
fundamental frequency.
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Fig. 5: Dynamic vowel quality of the PhonDat sentence
no. 720: Neun Uhr [nosnuia]. Numbers representing the
time in ms and the vowel targets are shown.

5 CONCLUSION

In this paper an algorithm for calculating the absolute vowel
quality was proposed (WVT). It was shown that the appli-
cation of the WVT to complex utterances leads to the con-
tinuous dynamic vowel quality layer which is placed between
the speech signal layer and the narrow phonetic transcrip-
tion layer. It is directly related to the speech signal but it
has perceptual-phonetic meaningfulness.

It was also shown that taking into account only F0, F1,
and F2 leads to a suitable simulation model of the perception
of static vowel quality. The dimension of lip rounding is
under research and will be reported later.

An informal experiment, in which the WVT was applied
to 16 utterances of the same sentence spoken by 10 male
and 6 female speakers, gave an indication of a sex and age
independence. The differences between the dynamic vowel
quality curves of the utterences could be explained by the
dialect of the speakers and the communication process. This
phenomenon is under research as well.

The proposed formalism displays which vowel targets are
really reached in the Cardinal Vowel diagram and how the
trajectories run. Therefore it should allow new statements

on the main current theories of vowel perception (Strange
1989 [12]).
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