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Reduction of vowel chaos 
RolfLindgren and Bjorn Lindblom 
Department of Phonetics, Stockholm University 

Abstract 
A previous study showed that classifying vowel data from spontaneous speech with 
statistical clustering methods and artificial neural networks gave poor results. 

In this study a diflerent approach was tested. A production model (the under- 
shoot model) was used to explain the large variation of F2 in vowel data from 
spontaneous speech. Expanding the model to also include regressive assimilation 
and formant peak velocity showed a signijicant improvement in predicting F2 
values. 

Background 
The project "Speech Transforms" has as its 
object to study the acoustic-phonetic variation 
in spontaneous speech and to formulate trans- 
form rules relating the pronunciations of words 
and phrases in reference speech (as in a standard 
laboratory recording) to their variants in spon- 
taneous speech. This enormous task has of 
course been only partly covered and this report 
deals with some aspects of the study of the 
vowel system in spontaneous speech. 

The problem at hand is illustrated by figure 
1, which shows the vowel systems of one 
speaker in spontaneous and reference speech. 
The dramatic overlap of different vowel catego- 
ries is quite obvious. This "system collapse" is 
also, mutatis mutandis, transferable to other 
domains in the speech signal, when comparing 
to reference speech. 

Vowel reduction 
Numerous investigations have shown a 
speaker's vowel system in read speech to have a 
large, but systematic variation, governed pri- 
marily by contextual factors. As shown in figure 
1 the variation in spontaneous speech is 
extremely large. Often the term 'vowel reduc- 
tion' is used for this variation, since the for- 
mants of the vowels seem to be "reduced" to- 
wards a central point in the vowel space. As can 
be seen in figure 2 this also seems to be the case 
for the average of F1/F2 of the vowels in our 
spontaneous speech material. The most common 
explanation for this 'centralisation' being 
variations on the theme that the consonants have 
a 'centralising effect', i.e. However, this doesn't 
account for the many cases where the formant 
values actually goes away from this central 
point. So, the term 'vowel reduction' in this 
report should be interpreted as meaning 'a 
vowel deviating from its (theoretical) formant 
target'. 
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Figure I. Vowel space of one speaker from 
spontaneous speech ( le f )  and reference speech 
(right). Each ellipse represents the variation of 
FI and F2 for each vowel and covers 95% of 
the variation. 

Figure 2. The mean of FI/F2 for each vowel in 
re$ speech (larger dots) connected to the mean 
of the corresponding vowel in spontaneous 
speech (smaller dots). 
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Classification of vowel data 
Given the vowel data in figure 1, it seems like 
an impossible task to identify any FlJF2-point 
as belonging to a specific vowel. One may 
object that a F1F2 plot is too simple a graph to 
separate the different vowel areas. But adding 
F3 and showing the vowel variations as volumes 
in a 3-D space, gives much the same result as 
the 2-D ellipse graph. 

Artificial Neural Networks Classifiers 
In a previous study (Lindgren & Eismann, 1994) 
we tried to resolve the vowel overlap using 
Artificial Neural Networks (ANN) of two 
different types: supervised (a back-propagation 
net) and unsupervised (a Kohonen Feature 
Map). If there are hidden patterns in the formant 
data, even if not revealed by statistical cluster 
methods, an ANN should be able to find them. 
However, in a exhaustive series of experiments 
with ANN, the amount of correctly identified 
vowels varied between 42-57% only. This 
should be compared to the 97% correct classifi- 
cation of vowels from reference speech. This 
led to the conclusion that we needed to find 
other parameters than formants to feed the ANN 
or to add more formant-related data. 

Explanation of vowel data 
A problem with ANN is that, even if they are 
very efficient making complex transformations 
from one set of data to another, it is often diffi- 
cult to interpret the inner workings of the 
trained ANN and it may therefore be impossible 
to estimate the importance of certain parameters 
in detecting hidden patterns. 

Another approach is to find a explanation for 
the variation in formant patterns via a speech 
production model. The advantage of this 
approach is that it can be independently moti- 
vated by the biomechanics of the articulators 
and not being a simple curve fitting or an un- 
known transform function. 

We decided to run a series of experiments, 
starting with an empirically validated produc- 
tion model in its most basic form, and then ex- 
panding it if necessary in trying to fit the data 
from spontaneous speech. The most obvious 
model to use in this particular case is the 
"undershoot model" of Stevens & House (1963) 
and Lindblom (1963, 1968). This model was 
developed to explain the variation in vowel 
formant patterns as a systematic shift away from 

a hypothetical target. A mathematical model, 
based on the bio-mechanics of articulation, was 
fitted to observed data demonstrating that the 
variation (or deviation from target) was depend- 
ent primarily on two factors: vowel duration and 
the extent of the CV transition. This model 
could also handle the cases where the formant 
does not 'centralise', but drifts away from the 
centre of the vowel space. 

The basis for the mathematical model is that 
several investigations (e.g. Henke, 1966; Lind- 
blom, 1967; Ohman, 1967; Perkell, 1974; Saltz- 
man & Munhall, 1989) have made successful 
attempts to model articulatory trajectories in 
terms of critically damped mechanical system. 

The maximum excursion (x-) of such a 
system is dependent on: (1) A; the extent of the 
input force, (2) D; the duration of input force 
and (3) a ;  the systems time constant: 

(Eq. 1) x, = ~ { e x ~ [ a ~ / ( l - e T ]  - 
exp[aoel( 1-eaD) ] } 

If we assume that there is a straightforward 
relationship between the F2 and tongue move- 
ment, then the variation of F2 could be de- 
scribed in terms of a of critically damped 
mechanical system. In Moon & Lindblom 
(1994) the analogy between a mechanical 
system and the speech production system is 
made explicit, in that x, and the maximum 
excursion of F2 is compared and A = locus- 
target distance, a = F2 rate of change and D = 
vowel duration. This means that the excursion 
of F2 is dependent upon one or more of these 
factors. 

Model 1: duration dependency only 
Not to complicate things unnecessarily, we 
begin with the simple assumption that only du- 
ration would have an effect on F2. Applying this 
to eq. 1 allows a simplification calculating the 
predicted value of F2 (F2,,): 

where F2i is the F2 value at the initial part of the 
vowel ("locus"), T is the underlying target and 
D is the vowel duration. Except for T, these 
values are all known from measurements. In 
order to get 'a' and 'a', eq. 2 is rewritten as: 

(Eq. 3) ln[(F2,-T)/(F2i-T)] = ln(a) - a D  

Using linear regression, 'a' and 'a' can be cal- 
culated since the left hand side is a linear func- 
tion of D. The target T has somehow to be esti- 
mated. 
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Target estimation 
According to eq. 2 the speaker should converge 
on the target, given that the vowel duration is 
long enough. So one approach to determine 
target is to simply consider target equal to F2, 
(i-e. F2 at mid-point in the vowel) in vowels 
with long duration. However, this seems to 
anticipate the answer to the question we ask: 
does F2 vary between F2i and the asymptote 
F2,? 

Another approach was to calculate F2c1 
according to eq. 2, letting target vary between a 
certain range, and picking as target the value 
that gave the best fit with observed F2,. This 
method could not be used consistently, since in 
many cases the best fit was found with targets at 
very odd values (e.g. F2 of [i:] at 1300 Hz) and 
the choice of a reasonable target value seemed 
arbitrary. 

Finally we decided to simply use as target 
observed F2, values from reference speech, 
similar to Moon & Lindblom (1974). This 
choice should be considered only tentative as 
the question of target has yet not been resolved. 
It could be defended as being a rather strict test 
of the model. 

Types of transitions 
To calculate 'a' and 'a', (F&-T)/(F2i-T) must 
be > 0, because of the logarithm. It should also 
be I 1; otherwise it means that F2 drifts away 
from target, i.e. the original 'undershoot' model 
covers transitions only of the following types: 

In the spontaneous speech several other types of 
transitions were found (see figure 3), that were 

excluded when estimating 'a' and 'a' in linear 
regression This means that only a subset of each 
vowel was used to calculate 'a' and 'a'. 

The results from using Model 1 shows a 
rather large spread when correlating the ob- 
served F2 (=F2,J and the predicted F2 (=F2,,), 
e.g. r = 0.15 for [el and r = 0.71 for [el. For 
detailed results, see Table 1. 

Model 2: considering final locus 
The ambiguous results from the experiment with 
Model 1, showed that it was necessary to add 
yet another component to the model. Model 1 as 
expressed with eq. 2, takes into consideration 
only the initial transition. It seemed logical to 
also consider the final transition, since the 
speaker should not only move from F2i towards 
T, but also from the observed F2, to the final 
locus, F2f, i.e. a regressive assimilation. Ex- 
panding the model to include also final transi- 
tions, means that the possible types of transi- 
tions (c.f. figure 3) is increased. In order to 
handle this, model 2 assumes that the formant 
movement during the vowel is composed of two 
parts: F2i + F2, and F2, 4 F2*, which are 
added together. Assuming also that the final 
transition can be modelled in terms of a criti- 
cally damped system, it should be possible to 
predict F2 in this model with: 

(Eq. 4) F2c2 = a * (F2i - T) *eaD + 

The terms 'b7 and 'P' for the final transition 
corresponds to 'a' and 'a' in the initial transi- 
tion and can be estimated with linear regression 
in the same way: 

(Eq. 5) ln[(F2,-T)/(F2rT)] = ln(b) - PD 

Figure 3. Schematic illustration of transitions from initial to middle part of vowel, Only transitions 
falling into type l a  or 2a are covered by original undershoot model. 




