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Abstract

We describe a generic tool for visualising differences between
two groups of speakers who produce a given word sequence.
We do this by first time-aligning all recordings and then aggre-
gating time-varying information within each group. By that,
we can display prototypical loudness and tempo contours, and
also spectrograms, together with information on variability and
group effect size over time. An optional user-supplied segmen-
tation (just needed for one of the recordings) can be used to
relate local differences to individual phonemes. The system is
validated with a group of speakers with Parkinson’s disease and
an age-matched control group. It will be provided as an open-
source software package to the community.

Index Terms: paralinguistics, atypical speech, pathological
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1. Introduction

When designing an automatic system for detecting or assessing
the degree of atypical speech, it is helpful to obtain a qualitative
description in what way this speech deviates from other speech.
This characterization can be used to build specialised acoustic
features, or specialised statistical models, for improving the re-
liability of the system; it can also be helpful in order to explain
and make credible the apparent success of given systems that
rely on generic acoustic features. Characterizations of atypical
speech are often available as stereotypes, which may be impre-
cise and unreliable; if there is pertinent literature it can be con-
tradictory or incomplete. For a given database, one can listen
through the recordings and obtain a subjective impression; it is
however hard to convert it to a provable characterization. Data-
driven methods can also be applied; for example, automatic fea-
ture selection can identify a small subset of sufficient features
from a comprehensive, generic acoustic feature set. However,
the selected features are typically complex and at the same time
opaque [1]. One reason for poor interpretability is that generic
acoustic features are not very specific in their scope: global fea-
tures are typically more stable and easier to extract; referring
to specific phonemes would give rise to the problem of sparse
data, and blow up even more the typically already huge feature
sets. In this paper, we describe Visual Comparison of Speaker
Groups (VICOS), a method and tool that helps characterising
differences between speaker groups by visualising prototypical
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realizations of each group as well as noticeable differences be-
tween the groups. It does so locally, so that these differences
can be related to individual phonemes, which facilitates inter-
pretability. The method is generic and can be applied to all
kinds of speech, with the restriction that all recordings must
contain the same word sequence. Thus, repetitions, insertions
and deletions cannot be be studied; pauses inserted by just a
subset of the speakers may complicate interpretation.

2. Method

We establish a mapping that tells us when one speaker was pro-
nouncing the same bit of speech as another speaker. To create
this alignment, we apply dynamic time warping (DTW). It has
the advantage of being suitable for any language and speech
atypicality. We use the standard short-time representation Mel
Frequency Cepstral Coefficients (MFCC). Channel and global
speaker characteristics are removed by mean subtraction. To
add context information, we augment each cepstral coefficient
with its derivative (slope of best fit through 5 frames). For some
kinds of atypical speech, these derivatives can have a negative
impact; therefore, we also offer a set-up without them. To im-
prove the quality of the alignments, we use a penalty for each
inserted or deleted frame [2, 3]. To balance penalty and distance
in the space of MFCC + derivatives, we normalize each coeffi-
cient and derivative to standard deviation 1. Thus, we found a
penalty of 1 per inserted/deleted frame suitable for good align-
ments; for the set-up without derivatives, 5 turned out to be ap-
propriate. Apparently, the derivatives have a similar regular-
ization effect as the insertion/deletion penalty, and without the
derivatives, the insertion/deletion regularization needs to be re-
inforced. We align all recordings to a single ‘reference’ record-
ing selected by the user. These alignments now constitute the
common time basis; the user can provide a segmentation of the
reference utterance to locate individual phonemes. We now cal-
culate time-varying quantities of interest from the recordings.
Currently, we provide loudness and spectrogram. Using the
alignments, the time series are then projected onto the ‘timing’
of the reference utterance. We also compute local tempo varia-
tions relative to the reference utterance by counting inserted and
deleted frames in the alignments. After projection, spectrogram
and loudness are normalised and partly smoothed (spectrogram:
Gaussian filter with =5 frequency bins ~ 108 Hz). The loga-
rithm is only taken afterwards to concentrate on speech rather
than silence in the normalization, and to obtain an ‘upper enve-
lope’ effect in the spectrogram smoothing like in MFCC com-
putation [4, Fig. 5 (i1)]. The local tempo is also smoothed, with
o=2.5 frames (25 msec).
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