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ABSTRACT

This paper describes a new segmentation algorithm for the
“Neural” Phonetic Typewriter developed at Helsinki Uni-
versity of Technology. The algorithm is based on use of ho-
mogeneity and length of speech segments as their reliability
parameters. The maximurmn reliability is sought by merging
short segments. which increases individual segment lengths
and possibly decreases their homogeneity. The merging
leads to formation of tree structure. The final stage of the
algorithm is the search for an optimal path through it.

Before segmentation. vector-quantized representation of
speech is produced with a codebook created by Learning
Vector Quantization. Each codebook vector is associated
with another vector describing probabilities of the phone-
mic classes. The sum of these phoneme probability vectors
within a segment determines its classification and homo-
geneity.

1 INTRODUCTION

The “Neural” Phonetic Typewriter, as described in {5] and

* [8], is a phonemic speech recognition system. It is based

on an adaptive vector quantization method called Learning
Vector Quantization (LVQ) [4]. The preprocessing of speech
consists of a 256-point fast Fourier transform, formation of
20 MEL-scale cepstral coefficients, and the concatenation of
three such vectors. The resulting pattern vectors are 10 ms
apart. Until now, the vector quantizer has given a definite
phonemic label to each pattern vector and these labels have
been further processed as symbol strings. A separate spot-
ting and classification scheme introduced in [2] is used for
voiceless stop consonant recognition.

The segmentation algorithm introduced in this paper is de-
signed to increase the information produced in the vector
quantization phase. Therefore, phoneme labels are gener-
alized to phoneme probability vectors. The classification
of segments is done simultaneously with the segmentation,
thus utilizing all the classification information available.
Block diagram of the system is seen in Figure 1.
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2 PRODUCTION OF PHONEME
PROBABILITY VECTORS

A vector quantizer can never classify pattern vectors to
phonemic classes with absolute certainty. Rather than just
ignoring this fact, we should somehow include the uncer-
tainty in the output of the vector quantizer. In this ap-
proach, each codebook vector m; is associated with a prob-
ability vector ¥,, that contains one component for each
phoneme class known by the recognition system. When
classifying pattern vectors z(t), the U, are used to form
phoneme probability vector ®(¢) describing the classifica-
tion of z(t). In principle, the ®(t) can be any function of
the ¥;, e.g., weighted sum of the probability vectors of cer-
tain number of nearest codebook vectors. Likewise, some
temporal function could stress probability vectors of cep-
strally stable regions.

In the experiments described in this paper. the most simple
scheme to produce the ¥; and the ®(t) is employed:

1. In the end of the training phase, when the fine-tuning
of codebook vectors is done, the ¥; are formed. Each
pattern vector used in training is assigned to its nearest
codebook vector. For every codebook vector m;, the
counts of vectors from different phonemic classes are
divided with their total number. These ratios are then
used as components of U; and their sum thus equals
unity.

2. During the recognition phase for each pattern vector
z{t) the nearest codebook vector m; is sought and its
phoneme probability vector ®; is used as phonemic la-

bel &(t).

3 RAW SEGMENTATION OF SPEECH

Before the main segmentation procedure, a raw segmen-
tation of the utterance is needed. It relies on abrupt
changes between two succeeding phoneme probability vec-
tors ®(t — 1) and ®(¢). Distance between these two vectors
is defined with || - ||;-norm, i.e. as block-distance:
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Figure 1: The block diagram of the system.

, [[®(t) — @@ — Dlls
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The denominator is shown for the situation where the ®(t)
have variable lengths, e.g., due to summing of several vec-
tors. Currently, it constantly equals two. Value of d(-) in
(1) is thus normalized to the interval {0, 1].

(1)

Start points of segments are located in places, where dis-
tance d(-) exceeds a preset threshold §. A convenient value
for é is around 0.3. This raw segmentation typically keeps
stable middle areas of vowels untouched but breaks non-
stable phonemes like /r/ into several pieces. The task of
the following stages is to join these fragments into appro-
priate segments.

4 CLASSIFICATION OF A SEGMENT

Though the final classification of segments is done only in
the end of the procedure, a record of the most likely phone-

mic classes is kept throughout the process. Therefore, every”

time when segment borders are changed, the most proba-
ble phoneme p(p) in each segment p is resolved. This is
done by summing up the phoneme probability vectors ®(t)
in the segment p and selecting the label corresponding to
the largest component of the sum vector:

Cop)=ie Y [@(r))i= max So(n)); (2)

TEP TEP

5 RELIABILITY OF A SEGMENT

The algorithm tries to divide utterances into segments that
are most likely. To accomplish this, we define a reliabil-
ity measure for segments. It is based on two properties of
a segment: its length and homogeneity. - These quantities
tend to act against each other, thus finding a compromise
between them is the goal of an optimization procedure. The
principle can be further extended to handle more than two
reliability values, e.g., a context-dependent measure could
be used.
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5.1 Length of a segment

Phonemic segments shorter than 50 ms are very unlikely to
occur in Finnish. These segments are more likely transitions
between phonemes and ought to be merged to a preceding
or succeeding segment. Thereby, short segments are dis-
couraged by a reliability function based on segment length.
The function selected here is monotonically increasing but
saturates to avoid forcing the whole utterance into one seg-
ment.

To calculate the value for segment p. three facts have to
be known: length of the segment. {(p). its most probable
phonemic label, ¢(p), and cumulative distribution function
(CDF) of the length of that phoneme, F,,)(I). The CDFs
are estimated during the training phase from the segmented
training data. The histogram of measured lengths is first
slightly smoothed with a 5-point moving average filter and
then summed and normalized to the range [0,1]. These
values are then in the recognition phase used as reliability
values prengen(p). i.€.:

plcngth(p) = Fw(p) (l(p)) (3)

5.2 Homogeneity of a segment

A phonemic segment is here said to be homogeneous if it
contains only one phonemic class. The numerical value for
homogeneity is a byproduct from the classification of the
segment, summed probability of the most probable phoneme
divided by the sum of all probabilities in the segment, i.e.:

i

max ) _[®(7)];

o(p) = P 4
phomagenety(p) ZE[Q(T)]j { )

i Tep

Homogeneity has a tendency to be near unity in short seg-
ments and in stable locations of utterance, and near zero
if the segment is long and no phoneme seems to dominate.
Thus it discourages the segments from merging to span more
than one phoneme.
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5.3 Total reliability

Total reliability of a segment is formed as product of its
homogeneity and length reliability values. To bring some
flexibility to the function, the two values are exponentiated
before multiplication. So the total reliability of segment p,
denoted as p(p). can be expressed:

P(P) = plength(p)mmgmphomogeneity(P)’Yhomoge"e"y- (5)

The numerical value of this function is naturally in {0, 1} as
are its arguments. Suitable values for Yiengin and Yaomogeneity
are about 1.1 and 2.5, respectively.

6 MERGING OF SEGMENTS

The aim of the segment merging phase is to increase the
reliabilities. The maximal increase can be defined and mea-
sured in many ways, e.g, as maximal absolute or relative
change or as maximal change in minimal value. In these
experiments, maximal rational change is sought. The steps
in algorithm are as follows:

Step 1. Reliabilities of segments, p(p), are calculated as
described above.

Step 2. Every segment p is thought to merge with its suc-
cessor, p+1, to form segment pUp+1. The reliabilities
p(pUp+ 1) are computed in a similar fashion as those
in step 1.

Step 3. Rational change in reliability is calculated for each
segment pair:
plpUp+1)

Aplp) =22 2 6
#lp) plpiplp+1) (6)

Step 4. Maximal Ap(p) is sought and corresponding merg-
ing performed.

‘Step 5. While there are more than one segment left, loop
back to step 1.

This leads to formation of a tree-like structure, where every

non-initial segment has two segments as its leaves (see Fig-
ure 2. Glass and Zue [1] call similar structure a dendrogram
although they form and use it differently. After the merge,
the value of Ap(p) is recorded in the node to be used later
when searching optimal path through the tree.

7 FINDING OPTIMAL PATH

The last stage of the segmentation algorithm consists
of finding an optimal path through the segment tree.
The whole utterance has to be spanned by the seg-
ments on the path, otherwise selection of the route is
arbitrary. The procedure begins in the topmost node
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of the tree. Basically, there are always two possible
movements in the tree. Moving down to the left-hand
leaf corresponds to splitting the current segment, while
moving forward corresponds to accepting it. Exam-
ples of possible movements are shown in the figure.
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Figure 2: Finnish word “virkamies” in dendro-
gram. Most probable phonemic classes and total
reliabilities of segments are shown. Arrows in-
dicate some possible directions of the path. Se-
lected path is bolded. Hand-segmented phonemic
borders are shown below.

While the rule controlling movements in the tree could be
based on some kind of a dynamic programming. here a sim-
ple sequential search was used. The dendrogram is tra-
versed along a horizontal line on which each segment is se-
lected, unless its reliability p(p) is below a threshold pipresn
(== 0.02). In that case, the segment above it is selected if
its reliability is higher. The level of the horizontal line is

chosen to be as high as possible, provided that still all the -

A(p) are greater than a threshold Auyesn (= 25).

8 COMPARISONS

In order to evaluate the performance of the algorithm com-
pared to that of other methods used in our laboratory, a se-
ries of experiments was carried out. First, phonemic recog-
nition accuracy was measured before the DEC-algorithm [3]
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was used to correct errors caused by coarticulation effects.
This result is compared to those in {§]. Second, the corre-
. sponding accuracy was calculated after the correction.

The five other phonemic segmentation methods used were:
m/n rules: A window of length n. slides over the quasi-
phoneme string. If m. or more quasiphonemes ¢ are seen,
phoneme c is recorded. The procedure is repeated for all
phonemes. DFC: The quasiphoneme string is preprocessed
with the Dynamically Focusing Context algorithm [7] and
then segmented with m/n rules. BP: The quasiphoneme
string is preprocessed with a feed-forward neural network
with one hidden layer trained using error back-propagation
[9] and m/n rules are used. Relax.: A relaxation algo-
rithm is used in preprocessing and m/n rules in segmen-
tation. HMM: The quasiphoneme string is interpreted to
be output symbols of hidden Markov models [6] for dis-
crete phonemes. The models are trained using maximum-
likelihood method and Viterbi-search is used in decoding.

The percentages given in Table 1 are averages of 12 numbers
collected from three speakers, four test data sets each.

No correction DEC-correction

Method || Correct | Errors || Correct | Errors
m/n rules 86.4 19.9 92.7 11.2
DFC 89.0 15.5 94.1 9.0
BP 89.8 14.6 94.7 | 8.1
Relax. 86.6 18.0 93.5 8.9
HMM 93.1 9.4 ©96.0 5.8
this 86.9 17.1 92.4 9.6
Table 1: Comparison between segmentation

methods.

Table 1 shows that the introduced algorithm does not es-
sentially differ in performance from the other methods used
except the Hidden Markov Model method. The results ob-

tained before the DEC-correction compare to those of the

m/n rules and the relaxation method. For some unknown
reason, the output strings from the suggested segmentation
algorithm cannot be corrected by the DEC-method as well
as the others.

9 CONCLUSIONS

Only minor improvement in the phonemic recognition rate
has been achieved this far. Still, the proposed method con-
tains valuable properties which could be used together with
some other segmentation methods. These include the intro-
duction of the phoneme probability vectors, which enables
us to exploit classification information of more than one
codebook vector. Besides, tighter interconnection between
the vector quantization and the segmentation stages neces-
sitates more information to be transferred.

There exist many possible variations in each stage of the
algorithm. of which only the simplest ones have been used
here. For example, the criteria for the merging of segments
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and for the selection of the path through the tree structure
could be reformulated still maintaining the principal idea of
the method.
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