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Abstract

We introduce a set of speaker dependent features derived from
the positions of vowels in Mel-Frequency Cepstral Coefficient
(MFCC) space relative to a reference vowel. The MFCCs for a
particular speaker are transformed using simple operations into
features that can be used to classify vowels from a common ref-
erence point. Classification performance of vowels using Gaus-
sian Mixture Models (GMMs) is significantly improved, regard-
less of which vowel is used as the target among /A/, /i/, /u/, or
/@/. We discuss how this technique can be applied to assess pro-
nunciation with respect to vowel structure rather than agreement
with absolute position in MFCC space.
Index Terms: vowel assessment, classification, normalization

1. Introduction
Pronunciation assessment is an important component of Com-
puter Aided Language Learning (CALL) systems. CALL sys-
tems frequently employ model scores to produce some mea-
sure of pronunciation quality. However, these scores can be
very sensitive to intrinsic speaker differences that may not be
the result of mispronunciation. Native and non-native speak-
ers exhibit systematic differences in pronunciation. We explore
here the possibility of exploiting these systematic differences
to improve classification and measure pronunciation quality of
non-native speech. We propose a simple normalization proce-
dure that anchors the MFCC spaces of individual speakers to a
common reference point. We justify this normalization for as-
sessment by showing improved classification performance and
improved correlation of statistical model distances to the rates
of vowel substitutions provided by expert human labelers.

2. Background
Numerous approaches have been proposed to normalize speech
to account for speaker dependent variation. Vocal tract normal-
ization (VTLN) techniques model the length of the vocal tract
and warp the acoustic signal to match a reference. In previ-
ous work, Nordstrom and Lindblom [1] scale the formants of
the signal by a constant factor determined by an estimate of
the vocal tract length from measurements ofF3. Fant [2] ex-
tended this by making the scale factor dependent on formant
number and vowel class. These methods require knowledge of
the formant number and frequencies. More recently, Umesh et
al. [3, 4] introduced two automatic methods: one uses a fre-
quency dependent scale factor that does not require knowledge
of the formant number, and another based on fitting a model re-
lating the frequencies of a reference speaker to frequencies of a
subject speaker.

In contrast to operating on the acoustic signal, Maximum
Likelihood Linear Regression (MLLR) [5] attempts to accomo-
date speaker to speaker variation by adapting the means and

variances of existing acoustic models given a relatively small
amount of adaptation data. It accomplishes this by estimat-
ing linear transformations of model parameters to maximize
the likelihood of the adaptation data. Some normalization ap-
proaches work directly on the MFCCs extracted as features for
speech recognition. Cox [6] implements speaker normalization
in the MFCC domain utilizing a filterbank approach to shift
MFCCs up and down in the spectrum. He shows that this is
a form of vocal tract normalization, and has similarities to a
constrained MLLR. Pitz and Ney [7] showed that frequency
warping vocal tract normalization can be implemented as lin-
ear transformations of MFCCs.

Our approach is inspired by the work presented in [8, 9],
which used the Bhattacharyya Distance [10] to compute the
overall structure of speakers’ phonetic spaces. This was con-
ducted in the spirit of work by Jakobson [11] who argued that
the study of the sounds of a language must consider the structure
of the sound system as a whole. Thus, the structure created by
Minematsu et al. modeled a phonetic space in a holistic fashion,
as opposed to the typical method for modeling acoustic spaces
using MFCCs or other localized features. They used this struc-
ture to measure the distortion between Japanese accented En-
glish and General American English and found a positive cor-
relation with human assessments of pronunciation quality. One
of the limitations of their technique was that it was unable to
individually classify or assess sounds.

3. Approach
We hypothesize that vowels may be produced by humans via an
internal relativistic model that attempts to maximize discrim-
inability, akin to the principles in [12]. With this idea in mind,
we decided to investigate a very simple normalization method
based on relativizing the Cepstral coefficiants to those of a tar-
get reference vowel. We therefore propose a simple scheme that
intuitively works by anchoring vowel spaces to a common ref-
erence point on a per speaker basis. Since speakers are using
a common language, common phonetic inventory, and hence a
similar vowel space shape, this anchoring should have the effect
of shifting speaker vowel spaces into closer proximity.

We consider anchoring points at the vowels /A/, /i/, and /u/,
as these quantal vowels [13] exist at relative extremes in the
Universal Vowel Space [12], are found in nearly all languages,
and should provide relatively stable points of reference. We
also considered the use of /@/ as an anchor, as Puppel and Jahr
argue that one of the forces acting on the location of /A/, /i/, and
/u/ is a thrust away from the neutral /@/ in order to maximize
discriminability and Diehl [14] notes that in some respects, /@/
is slightly more stable.

Anchoring the vowel space entails computing the difference
between the mean MFCC values for each anchoring vowel and
the MFCCs for a sample under consideration. Mathematically,
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