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ABSTRACT

We report on some recent improvements to an HMM-based,
continuous speech recognition system developed at AT&T
Bell Laboratories. These advances, which include the
incorporation of inter-word context-dependent units and
position-dependent units and an improved feature analysis,
lead to a recognition system which gives a 95% word
accuracy and 75% sentence accuracy for speaker independent
recognition of the 1000-word, DARPA resource management
task using the standard word-pair grammar (with a perplexity
of about 60). With the improved acoustic modeling of sub-
word units, the overall error rate reduction was over 42%
compared with the performance results reported in our
baseline system {1]. The best results we obtained so far,
using the word pair grammar, gave 95.2% average word
accuracy for the three DARPA evaluation sets [2]. The same
improved acoustic modeling techniques was also found
effective for small vocabulary tasks. For the TI connected
digit test, we achieved a 50% string error reduction over out
best result when the improved feature analysis was used to
perform feature extraction [3].

1. INTRODUCTION

The approach to large vocabulary recognition we adopt in this
paper is a pattem recognition approach. The basic speech units
in the system use phonetic labels and are modeled acoustically
based on a lexical description of words in the vocabulary. No
assumption is made, a priori, about the mapping between
acoustic measurements and sub-word linguistic units such as
phonemes; such a mapping is entirely leamed via a finite
training set of utterances. The resulting speech units, which
we call phone-like units (PLU’s) are essentially acoustic
descriptions of linguistically-based units as represented in the
words occurring in the given training set.

In the baseline system reported in [1], acoustic modeling
techniques for intra-word context-dependent PLU’s were
discussed. The focus of this paper is to extend the basic
acoustic modeling techniques developed in [1] to include
modeling of word juncture coarticulation and to incorporate
higher-order time derivatives of cepstral and log energy
parameters into the feature vector in order to improve speech
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recognition performance. A detailed description of the
improved acoustic modeling techniques can be found in [2].

We tested the improved acoustic modeling techniques on
speaker-independent recognition of the DARPA Naval
Resource Management (RM) task using both the word-pair
(WP) and the no grammar (NG) conditions. For the FEB89
test set using the WP grammar, the word accuracy improved
from 91.3% to 95.4%.

2. BASELINE RECOGNITION SYSTEM

There are three main modules in the baseline recognition
system, namely a feature analysis module, a word-level
acoustic match module and a sentence-level language match
module [1]. The speech is filtered from 100 Hz to 3.8 kHz,
and sampled at an 8 kHz rate and converted into a sequence
of feature vectors at a frame rate of 10 msec. Each (24-
element) feature vector consists of 12 liftered cepstral
coefficients and 12 delta cepstral coefficients.

PLU Modeling

Each PLU is modeled as a left-to-right hidden Markov model
(HMM). All PLU models have three states, except for the
silence PLU model which has only one state. The state
observation density of each state of every PLU is represented
by a multivariate Gaussian mixture density with a diagonal
covariance matrix. Training of the set of sub-word units is
accomplished by a modified version of the segmental k-means
training procedure [1-2].

Creation of Context Dependent PLU’s

The idea behind creating context dependent PLU’s is to
capture the local acoustic variability associated with a known
context and thereby reduce the acoustic variability of the set
of PLU’s. In practice, given the set of 47 PLU’s, only a
small fraction of them appear in words for a given task.
However the number of CD PLU’s for a set of training data is
still very large (on the order of 2000-7000), making even a
reasonable amount of training material insufficient to estimate
all the CD PLU models with acceptable accuracy. Perhaps the
simplest way is 10 use a unit reduction rule [1-2] based on the
number of tokens of a particular unit appearing in training.
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