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ABSTRACT

In this paper two techniques are presented for improving the performance _of sub-word
recognition with open vocabularies. The first technique uses a new sub-triphone unit,
called a honicleI to allow triphone models which have not been encountered in the
training ata to be built from contexts which have been sufficiently trained. The second
uses linear discriminant analysis (LDA) to improve the discrimination between the sound
classes. The two techniqiies have been evaluated for s eaker de endent trainin on an
open vocabulary task. e recogniser is based on hi den Mar 0v modelling HMM)
techniques with continuous distributiom.

I. INTRODUCTION

One of the main motivations for using sub-word units rather than word size units is that the
recogniser may be used with new ap Iication vocabularies without the need to record a
further application specific database. n order to obtain a erformance that is comparable
to whole-word modelling, sub-word units must adequatei; model the phonetic contexts
that occur in the new vocabularies. Most attemrpts to realise this ob'ective have shown
significant falls in performance when moving rom the closed voca ulary (application
specific) case to open vocabularies (new application vocabulary) [1]. One of the reasons
for this difference in performance is the mismatch in the contexts seen in the training set
and those required in the new vocabulary.

This paper describes twO techniques used to improve the performance of sub-word
recognition with open vocabularies. The methods also impmvc the performance in the
closed vocabulary case. The recogniser is based on hidden Markov modelling (HMM)
techniques with continuous distributions.

The first technique is to use a unit smaller than the hone to allow triphones models. to be
built from those sub-tiiiphone particles which have een sufficiently trained. We call these
new units plionicles (P ONetic panICLE . A top-down supewised clusteriri approach has
been emp oyed to obtain an inventory 0 context-dependent phonicles an a comparison
between the phonicle and triphone approaches is presented for an open vocabulary task.

The second technique uses linear discriminant analysis (LDA) applied to speech [2] to
improve the robustness of the models to both the intra-speaker and inter-speaker
variability that occurs in the speech data. The IMELDA representation developed b Hunt
[2] combines LDA with a mel-scale representation and as been found to signi icantly
improve the robustness of word based recognition systems [2][3].
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In this paper, we first describe the training and testing databases for use in the sub-word
evaluations. In section 3, a description of the sub-word training and recognition procedures
is presented. Section 4 details the training and evaluation of the context dependent
phonicle inventory for the open vocabulary tasks. In section 5. the implementation of the
inear discriminant analysis in the sub-word domain is described and its recognition
performance assessed. Finally some conclusions are given in section 6.

2. DATABASES

The database used for sub-word trainin was a set of 200 "phonetically rich“ sentences
spoken by four British En 'sh male spea ers (the sentences also form an of the acoustic-
phonetic corpus in SCRl E [10]). At present only one speaker (gswihas been used for
training. The sentences were desrgned to give adequate coverage of t e biphone contexts

15in Eng h, However coverage of triphones ifioor (of the 3011 tri bones that actually exist
e vocabul of 12 2 words is not based onin these sentences, 1784 occur only once).

any 5 ecific a lication domain. Two databases were use for recognition evaluation. both
base on a word vocabulary for an air traffic control ap lication. The vocabulary
included the international communications alphabet. digits an function words (e.g "to',
"at" etc). The two evaluation databases consrsted of (i) two repetitions of the 98 words
spoken ll'l isolation and (ii) 100 connected sentences. The overlap between the training and
test sets was just 13 words and 33% of the triphones occurring in the test data were unseen
in the training data.

The recordings of the databases were performed in a sound- roof booth usin a Shure
FM—lO microphone. The speech signal was digitised at a samp ing rate of 20 z and the
data was di itally down-sampled to 10 kHz. An FFT Mel-based cepstral analysis [11 was
applied to o tain 12 cepstral coefficients plus an energy term spanmng the ran e 05 2 at
a rate of 100 frames/second. The front-end parameters were augmented wi their time
derivatives, computed as the difference between two frames 5 aced 40 ms apart [4}. For
the isolated test data, word end oints were obtained by emp oyin an automatic energy
thresholding technique. No han labelling of the data at the word evel or sub-word level
was used in the training procedures.

A dictionary containing a single pronunciation of each word in the training and testing
databases was used to obtain phonetic transcriptions of the data from the orthographic
transcriptions, each word was separated by an optional silence. The size of the monophone
inventory was 46.

The recognition performance on the connected lfik was obtained with no grammar.
therefore the perplexig of the task was 98. A dynamic programming al orithm was used to
align the actual wor transcription of the test data With the war 5 output from the
recogniser to obtain the number of substitution NS. insertion Ni and deletion N errors.
Typically recognition results are ‘presented in terms of %word correct (we) and a word
accuracy (wa) which are compute as follows [8]:

wc = (N-Ns-Nd) - lOO/N (r)
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wa = (N - Ns -Nd -Ni) ’ 100/ N (2)

where N is number of words in the test data.

In [8], Hunt points out that the DP scoring introduced bias on the total error measure b
over estimating substitution errors and underestimating insertion and deletions. X
weighted word accuracy measure (wwa was introduced in an attempt to reduced this bias.
The weighted measure is computed as oliows:

wwa =(N-Ns-1/2Nd-1/2Ni)'100/N (3)

The three measures for recognition performance will be used in this paper.

3. TRAINING AND RECOGNITION PROCEDURES

The recognition experiments on the open vocabulary tasks were performed usin an in-
house sub-word recognition simulation. Its development was strongly influenced E work
on tn'phone modelling conducted under the DAR A programmtmqp]. in articu ar, the
simulation encorporates similar features to those used in the Linco n Laborato
recogniser [S] and the SPHINX system at CMU [4]. These include the use of "gran "
variance and embedded training of sub—word models.

The subAword rccogniser is based on hidden Markov modelling (HMM) of sub-word units
using continuous probabilig density functions. Each sub-word unit was modelled using a 4
state HMM multivariate aussian) emplo ‘ng a diagonal covariance matrix pooled over
all states an all models; the silence mode was a single state HMM. A simple left-right
topology was used with self transitions and no skip transitiom.

Training of the sub-word units was accomplished by performing several iterations of a
"sentence level" Baum-Welch reestimation procedure. Sentence HMM models were
obtained by concatenating the appropriate sub-word models using the word pronunciation
dictionary, and the Baum—Welc algorithm was employed to provide a mapping of the
trainin data to the sentence HMM 5. 0n application 0 all the training data, an updated
set of MM parameters was obtained for each sub-word model. Initial estimates were set
by assi ning the mean and variance vectors at each state in each HMM with identical
values 5] computed from the centroid and variance of the entire training data. Five
iterations of the reestimation procedure were found to be sufficient to obtain good
estimates of the context-ind: endent models. Two further iterations were performed to
obtain context-dependent m els 'bootstrapped” from the context-independent models.

During reco 'tion, word HMM models were formed by concatenation of the appropriate
sequence 0 sub-word context models 'using the pronunciation dictionary. A one~pass
dynamicprogramming algorithm employing a beam search was used to perform connected
recognition.
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4. CONTEXT DEPENDENT PHONICLES FOR OPEN VOCABUIARIES

The acoustic realiuttions of phonemes vary greatl depending on the phonetic context in
which they occur. The most important sources 0 co-articulation «in be modelled by a
phone model which takes into account its left and right neighbouring phones i.e a triphone.
Consequentlyl triphone based recognition stems have demonstrate better performance
than any at er sub-word approach[41[5. Most of the work on triphone modelling,
however, has used training and evaluation databases with the same application domain
where there is a large overlap of words occurring in both data sets. e good results
achieved with closed vocabularies are not maintained in open vocabulary tests (i.e when
the test vocabulary is not in the trainin set) [1]. One of the main reasons for this
difference in erformance is that the test ata contains some contexts that do not occur in
the trairting ata; for these contexts it is necessary to use context independent models
which will degrade performance. Current work on open vocabulary recognition has
included (i) recording larger training databases to ensure improved triphone covera e 1
(in many cases, however, it is not practical to collect such large amounts of datai ii)
Obtainin more robust context models by clustering those contexts which are judged to be
similar.[5fi[6] (iii) Use of non-application specific training vocabularies [7].

A new ap roach to the problem of building models for unseen context is to use asub-
tri hone element called the phonicle. The basic premise of the approach is that there are

mponents of a triphone model that share the same type ofcontext dependency
which can be made use of in the training of tri hones and in the construction of unseen
triphones. For example. one might expect that t e states at the left-hand end of a phone
model would be more dependent on the left phone context than on the tight hone context
and that in the ideal case. the distributions would be independent of t e right-hand
context. Similar] the states at the right-hand end of a model will be less dependent on
their left-hand p one contexts than on their ri t. In the ideal case it would be possible, for
each phone to tie the distributions of the le t-hand states of each triphone with the left
context and similarly tie the right-hand states with the same right context together. Having
done this and trained the models for the phonicles, it is then possible to construct an
unseen triphone model from the component pans with ap‘propifiate context. The main
problem is how best to partition the component pans wit a MM phone model into
phonicle units. For the present the phonicle unit is assigned two consecutive states and the
phone model is constratned to have an evennumber of states.

In general. it is expected that the context dependencies will deviate from the ideal
suggested above. To accommodate this and to make the approach more general. the
phonicle model is combined with a top-down supervised clustering al oritl'tm in order to
train phonicle models with more detailed context dependen . The 0 jective is for each
unseen triphone to use the most specific context-depen ent factors which can be
adequatel trained. The method is best illustrated by way of an example. Consider the
phone /l with left context /s/ and right context /n / (as in the word 'sing"). It consists of
three honicle uniLs ll, 12, 13 where I and' l3 mode the transitions between the vowel /l/
and t e adf‘acent phones, and 12 models the steady state of the phone. To build the
triphone s- -n we first try to concatenate the phonicle models wit the same triphone
context ie 5-] -ng, s-lZ-ng, s-l3-ng. if either of these context units do not occur -tn the
training data. more generalised contexts must befound which do occur and can be
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modelled accurately. In the current im lementatiort, five levels of context generalization
are considered. These are shown below or the phonicle unit I1.

L1 monophone context XX—II-XX
LZ reduced biphone ALV'EOLAR-ll-XX
13 biphone context s-ll-XX (XX = don‘t care)
LA reduced triphone s-Il-V'ELAR
L5 triphone context s-Il-ng

Level 5 is the full triphone context. For the reduced triphone context in level four (LA), the
assumption is that t
phone context than the right; therefore the ri ht context has been reduced to a broad class
grouping. Six grou s are currentl used : ilence, vowels and 4 consonant categories
groupe by place 0 articulation [9 . In level 2 and 3. the phonicle is made independent of
right context. Level I is the context-independent case which is used only if contexts in
levels 2 to 5 do not occur.

When the triphone context occurs in the training data, phonicle models with triphone
context are used to build the triplhonemodel; this is equivalent to the conventional
triphone modelling. When the trip one 15 unseen, it will be interlpolated from the most
specific context factors available rather than simply defaulting to t e context-independent
models. For this reason this rocedure is expected to be more robust for the open
vocabulary task. Improved optimization of the context models is also achieved at each
level b using the parameters of the previous level as the initial estimates for the training
irLstea of the context-independent models.

Table 1 summarises a set of speaker-dependent word recognition results (speaker gsw)
obtained on the open vocabulary task for the isolated and connected databases for the
phonicle context modelling described above. The results for the connected task were
obtained without a grammar and therefore represent the lower bound of performance for
this task. The results show the incremental improvement in reco ‘tion performance as the
modelling of context is made more specific (tests 1 to 5). 1%: best performance was
obtained when all five levels of context were used (test 5) with 95.5% and 93.6% words
correct for the isolated and connected tasks respectively. The main source of errors for the
connected task was the insertion of the function words In the recogniser output. Analysis of
the trainin sentences showed that a set of 42 function words (e.g "to", "at", "the' etc)
accounted or about 40—45% of the training words when wei hted by frequency. It is
expected that explicit modelling of the function words [4] shoul improve the recognition
performance.

The phonicle context modellin described above wascompared experimentally with the
conventional ap roach where t e unseen contexts were assi ned t e parameters of the
context-indepen ent model. Reco 'tion results are shown in able 1 (tests 6.7.8). In test 6
the triphone contexts were traine only if the triphone occurred 3or more times. The poor
performance (85.5% and 80.2%) is due to the our coverage (only 18% triphones occur 3
or more times in the training set and 66% tri ones are unseen in the test set). When the
rarely occurring contexts are also reestimate (test 7) the recognition performance is even
worse (75.5% and 75.0%) Although the coverage is improved, the contexts which occur
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very rarely will be inadequately trained. In test 8. the triphone contexts were formed from
the left only and ‘ri ht onl context dependent phonicles. The si ' cant improvement in
performance (93.6 and 1.3%) reflects the good coverage of biphone contexts provided
y the training data. -

The open vocabulary performance was com ared with a closed vocabulary experiment
where word HMM models were obtained or each of the CAA test words using five
repetitions of each word spoken in isolation. The performance was 100% and 75% words
correct for the isolated and connected tasks respectively (test 11). The best open
vocabulary performance was 95.5% and 93.6% on the same tasks. For the isolated task the
poor erformance for open vocabula training is due to the absence of utterance initial
and ma] contexts since the sub-war models were trained on connected data. For the
connected task a si nificant drop in performance was observed for the closed vocabulary
training since the MM word models were trained on isolated data. In order to obtain
comparable performance with the 0 en vocabulary training, a larger training databne
based on connected utterances woul be required which provided adequate coverage of
each word in the test vocabulary.

5. LINEAR DISCRIMINANT ANALYSIS

Linear discriminant analysis (LDA), when applied to speech signals, is used to derive a
linear transformation that will convert the original acoustic front-end arameters to a
reduced representation, which will preserve as much information about t e sounds which
have been spoken, as well as im roving the discrimination between sound classes. One of
the advantages of LDA is its ability to combine heterogeneous sets of parameters into a set
of discriminant functions [2] e.g static and dynamic coefficients. Hunt 2] has developed
the IMELDA re resentatron which combines LDA with a ME scale front-end
representation; 1 LDA has been shown to out-perform many other representations, to
be robu5t for a wide range of distortions and to be computational] simple. IMELDA finds
the directions in parameter space that maximize the ratio of t e between—class to the
within-class statistics where the individual classes are not known. The resulting
transformation has two major benefits (i) 'the average within-clus covariance matrix is the
identity matrix roviding better statistical modellin and allowing Euclidean distances to
be used and (iifonly the transform veCIors whose irections maxrmize the discrimination
between sounds are retrained. This reduces the effect of statistical noise and there are
fewer variables to be trained. As a result less training data is required to obtain the same
performance.

The lMELDA transform was com uted for the 200 training sentences using the context-
independent phonicle models to obtain the within and between class statistics. The least
important 14 dimensions were eliminated'resulting in 12 element transformed feature
vectors. Table 1 summarizes the experiments performed to evaluate the erformance of ,
the lMELDA representation for the context independent model (L1 - est 8) .and the
reduced bi hone context (L2 - Test 9). Comparison of the performance with and without
the lME A transformation (tests 1& 2)Vshow a significant improvement in recognition
performance when lMELDA is applied.
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6. CONCLUSIONS

In this paper we have described two techniques for improving the performance of sub-
word recognition with open vocabularies : a new sub-triphone unit called a phonicle and
an implementation of the IMELDA re resentation in t e sub-word domain. The results
achieved for
conventional tnphone approach; the best performance achieved was 95.5% and 93.5% on
the isolated and connected tasks wit out a rammar §perplexity=98). Improved
erformance was also obtained when using an IME A trans ormation. Future work will

Be involved in extensions and enhancements to the current sub-word recognition system.
Recognition evaluations will also be performed on a larger number of speakers.
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