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INTRODUCTION

Useful application of speech-recognition devices within systems demands that
recognition accuracy muat be high and training by the speaker must not be
unnecessarily complicated or tedious, Indeed, to be practical, any man-machine
system must allow the user to achieve his goals with 100% success. However, no
automatic speech recogniser can of itself achieve the required performance:
not even humans can recognise speech with perfect accuracy and, unavoidably,
speakers will occasionally mis-speak. Therefore, adequate error detection and
correction procedures must be incorporated to convert an imperfect device into
a 100% accurate system: the provision of appropriate feedback to the user is
an effective way of allowing errors to be détected. Since error correction is
essentially unproductive, however, users should not be required to invoke
these procedures too often; a consideration which leads to the notion of an
acceptable error rate.

One technique is often suggested for keeping errors within acceptable limits =
the use of adaptive recognition. For instance, Underwood [1] states:
"In designing a system that will interact with a man by means of
speech, one cannct regard the user as having characteristics that do
not change with time. For instance, fatigue may affect a user's
voice pattern. ... Thus, a good speech recogniser needs to bhe
responsive to the kind of changes a person is likely to make to his
voice When speaking.”
One way to make the recogniser responsive to such changes is to use recent
input utterances to update the stored templates, thereby improving recognition
accuracy. This adaptive approach to recognitien offers other possible benefits
in addition to reduced error rates - such as simplifying prior training and
giving a degree of speaker independence.

In this paper, we make scme general remarks on adaptive speech recognition
before discussing a particular template adaptation scheme which we have
implemented. We cutline finally the many possibilities for useful future work,
Before considering adaptation in the sgpecifiec context of speech recognition,
however, it is worthwhile making a few comments about adaptive man-machine
interfaces in general,

ADAPTIVE MAN-MACHINE INTERFACES

In his seminal work, Wiemer [2] considered the mechanisms by which biologleal
systems adapt to their environment - so-czlled ontogenetic learning. Wiener
was also interested in the possibility of bullding machines which could mimic
the adaptive, or learning, behaviour of living systems. He concluded that:
"In general, a learning machine operates by non-linear feedback."

The importance of the notion that feedback processes lie behind adaptive
behaviour, in both man and machine, 13 that the need for stability of the
updating process 1s emphasised. We will return to this central lssue below.
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The situation 13 considerably complicated in the case of man-machine
interaction when both the man and the machine are capable of adaptive
behaviour, Now the non-linear feedback necessary for adaptation may or may not
be internal to the system (man or machine) {tself: it could in addition be a
global feature of the interface. We have already mentioned in the Introduction
how this latter sort of feedback, in the form of information relayed from
recognition device to speaker, ls essential to good man-machine system design,
even with a non-adaptive recogniser.

Edmonds [3] has considered this general case in detail, again stressing the
importance of feedback (and stability) by stating:
"If a system is to be adaptive, it must contain a mechanism for
providing negative feedback {our emphasis]. In looking at the
adaptive design of man-computer interfaces we need, therefore, to
consider evaluation in order to provide the feedback,"
Edmonds classifies the various types of adaptive interface according to the
source of the feedback. In most of the cases considered, the source is a human
(e.g. computer gpecialist, any user). In one case, however - called "self=-
adaptive" {see also Innccent [4]) - the interface changes automatically in
response to its experience with users. Thus, at least part of the feedback is
internal to the computer or its input device. It is this sort of system which
is our principal concern here,

Before leaving the general topic of adaptive interfaces, one particular issue
should be mentioned. Again, quoting from Edmonds [31:
"In all forms of adaptive interface .., a particularly difficult
problem 1is that the human and the computer both try to adapt to one
another. Such situations require very careful handling if problems
are not to arise, and it would seem that considerable work remains
to be done in this area.’
We will return to this issue below but for the moment we note the implication
that stable adaptation requires both man and machine to have access to
adequate medels of the interaction process,

ADAPTIVE SPEECH RECOGNITION ~ GENERAL COMMENTS

Adaptation 1s frequently suggested as a means of reducing recoagniser error
rates: however, little work has been reported on the tople. This is
undoubtedly due to the extreme complexity of any recognition system in which
both man and machine display adaptive behaviour. An understanding of such
systems requires detailed knowledge of the psycholegy of human-computer
interaction by speech, and the theory of non-linear control systems. In the
absence of adequate understanding, empirical studies aimed at ansWering quite
basie questions about the utility of adaptive recognition are valuable.

Recogniser Training

We have, 30 far, considered "adaptive" as synonomous with "learning". Of
course, a sert of learning process - the'training phase - is a necessary
precursor of 3peaker-dependent recognition and, indeed, some writers actually
refer to speaker-dependent systems as "adaptive" (e.g. Martin and Welch [5].)
Although this is arguably a semewhat naive interpretation of the description,
recogniser training is important in the context of adaptive systems,
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The current generation of speech recognisers are essentially statistical
pattern-recognition devices, and the training process can be viewed as the
system "learning” the statistics of the command utterances. The simplest case
iz when there is only a single training pass through the vocabulary. This
simple scheme cannot be expected to work particularly well, because the high
inherent variabllity of speech means no one training sample 1s ever likely to
be representative of all possible eccurrences of a particular utterance. In
attempting to cope with this variability, it has become fairly commen practice
to use multiple training passes through the vocabulary, averaging the
resulting templates. There is, however, some evidence from applications
studies that recegnition accuracy is not significantly improved as a result,
in spite of the more protracted training. (See for example references [6] and
[71). This disappointing experience i3 no doubt due to the difficulty of
ensuring that the averaged templates are indeed truly representative of the
respective utterances i.e, the difficulty of ensuring stablility.

An alternative, but extremely simple-minded, approach i5 to store multiple
templates for each utterance; one set of templates for each training pass
through the vocabulary. This works reasonably well in practice (as we would
expect, knowing the high degree of variability of the input utterances), but
the penalty of increased training time persists. In addition, template storage
requirements .are increased and there are more templates to search and compare
to the input utterance in order to determine the best match,

With the above training procedures, therefore, it seems certain that the
‘recogniser does not learn the statistics of the input utterances in anything
"1like the best way. In particular, it is worthwhile considering moments of the
distribution of order higher than the mean - perhaps by including variance
measures as components of the feature vectors. Again, training has to be
sufficlently comprehensive to zllow stable estimates of the statistical
moments to be made.

Distance Metrics

It is certainly possible to improve recognition performance by using in the
classification process a distance metric which takes account of higher—order
statistical moments. One such metrie {3 that due to Mahalanobis [8], which
incorporates a covariance-1ike measure. (The populations are assumed to be
Gaussian.) The Mahalanobis metric has been used with success by Jescorsky for
speaker identification {91, and by ourselves for isolated-word recognition
[10]. Once more, these improvements are obtained at the expense of much
longer, more tedlous pre-training.

Integrated Recognition and Training

The benefits of basing recognition on statistical knowledge can be retalned
without the penalty of unacceptably protracted pre-training. Traditionally,
training has been viewed as an "enrolment” process to be completed before the
recognition phase can commence. However, it is somewhat incongruous to place
such emphasis on collecting utterance statisties in prior training when, once
recogniticn commences, there are any number of utterances available to the
recogniser. The idea is starting to emerge that training should continue
throughout use 1.e, the system should be adaptive {e.g [6)). Elsewhere [11],
we have argued that:
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"... training and adaptatioen ... can in some senses be viewed as

similar processes. Adaptation 13, in effect, a training procedure

which is integrated with normal operation.!
However, the Mahalanobis metric appears unsuitable for such adaptive
recognition (quite apart from the Gaussian assumption) for two reasons.
First, updating of the covariance metric on an utterance-by-utterance basis is
non-trivial. Second, the metric implicitly assumes the statistics toc be
stationary (time-invariant); a very questionable assumption in the case of
speech. More realistically, we expect the statistical mements to drift, and it
is these variations which the adaptive system shouild follow,

© PREVIOUS WORK

As stated above, there is little reported work on adaptive speech recognition.
One exception is the paper by Green et al [61, which deseribes significant
performance improvements obtained by template adaptation. This work is
interesting for the attention paid to the problem of stability. For instance,
the authors state:

".. a successful adaptive system requires a reliable error signal,

to measure the d1screpancy betueen the target and the observed

output: a means to control the output to reduce the error signal;

and a guarantee of stab1lity ves”
Various ways of deriving the® error. signal were considered, Initially, to prove
the value of adaptation, a €100% correct) error signal was supplied by the
experimenter, who 1nform dlthe system whether the recogniser's word
identification had been co¥ffect or not. If correct, the input was used to
update the respective te 1ate.fHesu1ts showed that very 51gn1f1cant
performance improvements could he ;80 obtalned

To be practical, however.'some measure of -"self-adaptation® is needed; with
the system generating its gwn error- signal Green et al at first attempted to
do this by only updatlng{%emplates when the word identified had a law
associated distance i.e, it . Was belou a tightly ~set "rejection limit". This
scheme was, however, unstable = performance was poorer than for the non-
adaptive case - since the probahilistic recogniser was bound to identify some
utterances incorrectly but uith -] hxgh goodness of=fit level. Their most
successful arrangement was. rather ﬂomblex and used four separate templates
for each word in the vocabulary.* ~oﬁal vocabulary was divided into two
equal parts - each contalning tw for every word. For updating to
' {“With a high degree of confidence as
ﬁ,)Vocpbularles. Updating was effected

ferent version of the same word in
aLternated bet.ween sub-vocabularies.
_us effect of an incorrect update

one of the two sub—vocabulari
With this complicated seheme'

e of the four templates in
template will no longer
”?y putting that template ocut of

1
mis frecognitions were not made any
h«identificationa would gradually

commission for a while
more likely,
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procedure and the need to store four templates per command. These
disadvantages should not be overstated, houever. Quite a small set of commands
is usually sufficient for quite elaborate voice-control applications, and
users may not be able to remember a large command-set.

Green and his co-workers do not ccnsider the problem, referred to above, of
speaker and recogniser attempting to adapt to one another. Indeed, We have
found no reference in the literature to this problem in the specific context
of speech recognition. Underwood [1], however, mentions work dene in his
laboratory with non-adaptive recognisers which i5 relevant. Speakers were
observed to see what they did when misrecognised. Underwood states:

"Our preliminary findings indicate that the only stratagem adopted

by speakers is to speak more loudly. If the design of the machine is

such that chapges in amplitude do not affect its performance, then

such a stratagem will not improve the recognition performance for

that user with that machlne ..."
Evidently, the (presumably naive) speakers had a very inadequate conceptual
model of the automatic recognition process. It seems elear that the feedback
given should assist the speaker to form an appropriate conceptual model of the
interaction, and this will be additionally important in the case of adaptive
recognition.

CLUSTER ANALYSIS AND ADAPTIVE RECOGNITICON

In previous work [10], we have examined the use of cluster analysis in
isolated-word recognition. The basic notion was to cluster the input
utterances into similar sets and assign a template to each. (Of course, the
simple strategy described earlier of using multiple templates, one for each
training pass through the vocabulary, does not of itself guarantee that each
template 13 in any way representative,) Each cluster formed was the set of
training samples for which the distance between the cluster centre and the
samples was less than some "distance limit", L. In splte of the superior
performance achieved, we felt thils approach to be unsatisfactery for routine
use, because of the necessity to collect multiple tralning samples and the
inconvenience this would cause to the user.

The work, however, suggested that the principle of clustering input utterances
could be extended - with the aim of Iintegrating the train and recognise modes
of operation in an adaptive system - so as to improve performance and simplify
prior training. The approach, simplified as much as possible to ease
microprocessor implementation, is:
train the recogniser with a single pass through the vocabulary. In
most cases, this sample will be adequately representative of the
largest cluster. If not, this should become apparent in later use,
when any words causing problems will have to be retrained.
* recognise lnput utterances according to a sultable classification
rule. In our system, the simple Chebychev distance metric was used
for classification because of its computational simplieity.
*  uypdate the template of the recognised word only if the input i3
vsimilar® in some sense Lo the template. The similarity criterion
must be sufficiently strict to assure stability of the templates.
For a number of reasons, updating was by simple averaging, Not only is
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averaging easily implemented, but the weights of the feature vectors forming
the templates have the useful property of reflecting temporal arder. The
updating rule was: .

if ( ( DOX,T) <L ) and ( X vefified as correctly recognised ) )
then update ( X, T ) .
else continue

Here, X is the input feature vector, T is the tempiate of the word recognised,
and D signifles the Euclidean distance, This metric was used because of its
simple geometric interpretation as "distance™ in the feature dpace. This rule
constitutes the non-linear feedback by which adaptation is effected. The way
that X was, in fact, verified as correctly recognised was by direect
confirmation by the speaker, who responded "yes" or ™a" to the recogniser's
selectian, (This has been called "secondary feedback" by XKnight and Peckham
[12].} Thus, our system is only partly gelf-adaptive, since the feedback i3
not entirely internally generated.

Experiments .with this system showed that significantly lowered error rates
could be achieved as a result of adaptation, although performance was
sensitive to the value, L, of the distance limit. A single, global L value was
used, although we believe that better performance would result from use of
different L-values for each word. Plotting error rate against L revealed a
distinct minimum at the optimal L value. If the updating eriterion was too
strict ( L too small), however, performance tended towards that af the non-
adaptive system. If L was too large, the templates degenerated with time and
adaptation was unstable. Subsequent work showed that in the purely self-
adaptive case (primary feedback only, without a confirmation phase}, stable
operation can be achieved if the limit, L, is set very strictly.

Our results have been obtained with only one speaker, one of the authors
(5LM), and sc we cannot be sure that they are generally valid. In particular,
it seems certain that the eptimum limit value will vary wWith vocabulary and
speaker. We do believe, however, that our general approach is sound, and
performance improvements can certainly be expected with adaptive recognition.

Problems of divergent adaptive behaviour between speaker and recogniser were
not encountered: on the contrary, the adaptive interface was pleasant to use
and the improved performance was subjectively noticeable. This may be because
the speaker, as a system designer, was in a position te form a rather
sophisticated conceptual model of the interface.

FURTHER WORK

The topilc of adaptive recognition has received little serious attention, and a
great deal of work remains to be done, At the simplest level, 1t is necessary
to. establish the generality of our findings by conducting experiments with a
larger number of speakers. D

Theoretical (rather than empirical) treatment of stability criteria is
urgently required, This is particularly so if, as seems likely in view of the
non-stationarity of speech statistics, parameters in the feedback equation
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(updating rule) need to be time variant for optimal performance.

Our work has concentrated on isolated-word recognition using linear time-
normalisation. Recently, however, we have been using non-linear normalisation
(dynamic programming) to make recognition less sensitive to variability in
end-point detection. We are at present considering ways of extending our
adaptive methodology to allow its use with dynamic-programming classification.
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