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Figure 6.13 Block diagram of an isolated word HMM recognizer (after Rabiner [38)). 

6.15.1 Choice of Model Parameters 

We now return to the issue that we have raised several times in this chapter-namely, How 
do we select the type of model, and how do we choose the parameters of the selected 
model? For isolated word recognition with a distinct HMM designed for each word in the 
vocabulary, it should be clear that a left-right model is more appropriate than an ergodic 
model, since we can then associate time with model states in a fairly straightforward 
manner. Furthermore, we can envision the physical meaning of the model states as distinct 
sounds (e.g., phonemes, syllables) of the word being modeled. 

The issue of the number of states to use in each word model leads to two schools 
of thought. One idea is to let the number of states correspond roughly to the number of 
sounds (phonemes) within the word-hence, models with from 2 to 10 states would be 
appropriate [18]. The other idea is to let the number of states correspond roughly to the 
average number of observations in a spoken version of the word, the so-called Bakis mcxlel 
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Figure 6.14 Average word error rate (for a digits vocabulary) versus the number 
of states N in the HMM (after Rabiner et al. [ 18)). 

[11]. In this manner each state corresponds to an observation interval-i.e., about 10-15 
ms for the standard methods of analysis. In the results to be described later in this section, 
we use the former approach. Furthermore, we restrict each word model to have the same 
number of states; this implies that the models will work best when they represent words 
with the same number of sounds. 

To illustrate the effect of varying the number of states in a word model, Figure 6.14 
shows a plot of average word error rate versus N, for the case of recognition of isolated 
digits (i.e., a IO-word vocabulary). It can be seen that the error is somewhat insensitive to 
N, achieving a local minimum at N = 6; however, differences in error rate for values of N 
close to 6 are small. 

The next issue is the choice of observation vector and the way it is represented. As 
discussed in Chapter 3, possibilities include LPC-derived weighted cepstral coefficients and 
weighted cepstral derivatives or (for autoregressive HMMs) the autocorrelation coefficients 
as the observation vectors for continuous models; for discrete symbol models we use a 
codebook to generate the discrete symbols. For the continuous models we use as many 
as M = 64 ~ 256 mixtures per state; for the discrete symbol models we use codebooks 
with as many as M = 512 ~ I 024 code words. Also, for the continuous models, it has 
been found that it is more convenient and sometimes preferable to use diagonal covariance 
matrices with several mixtures, rather than fewer mixtures with full covariance matrices. 
The reason for this is simple-namely, the difficulty in performing reliable reestimation of 
the off diagonal components of the covariance matrix from the necessarily limited training 
data. Figure 6.15 illustrates the need for using mixture densities for modeling observation 
vectors (eighth-order cepstral vectors derived from LPC with log energy appended as the 
ninth vector component). Figure 6.15 shows a comparison of marginal distributions bj(o) 
against a histogram of the actual observations within a state (as determined by a maximum 
likelihood segmentation of all the training observations into states). The observation vectors 
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are ninth order, and the model density uses M = 5 mixtures. The covariance matrices are 
constrained to be diagonal for each individual mixture. The results of Figure 6.15 are for 
the first model state of the word "zero." The need for values of M > I is clearly seen 
in the histogram of the first parameter (the first cepstral component) which is inherently 
multimodal; similarly, the second, fourth, and eighth cepstral parameters show the need for 
more than a single Gaussian component to provide good fits to the empirical data. Many of 
the other parameters appear to be well fitted by a single Gaussian; in some cases, however, 
even M = 5 mixtures do not provide a sufficiently good fit. 

Another experimentally verified fact about the HMM is that it is important to limit 
some of the parameter estimates to prevent them from becoming too small. For example, 
for the discrete symbol models, the constraint that bj(k) be greater than or equal to some 
minimum value f is necessary to ensure that even when the kth symbol never occurred 
in some state j in the training observation set, there is always a finite probability of its 
occurrence when scoring an unknown observation set. To illustrate this point, Figure 6.16 
shows a curve of average word error rate versus the parameter f (on a log scale) for 
a standard word-recognition experiment. It can be seen that over a very broad range 
00- 10 < f < 10- 3) the average error rate remains at about a constant value; however, 
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Figure 6.16 Average word error rate as a function of the minimum discrete density 
value f (after Rabiner et al. [ 18]). 

when Eis set to O (i.e., 10-00
), then the error rate increases sharply. Similarly, for continuous 

densities it is important to constrain the mixture gains CJm as well as the diagonal covariance 
coefficients Uim(r, r) to be greater than or equal to some minimum values (we use 10- 4 in 
all cases) [ 18). 

6.15.2 Segmental K-Means Segmentation into States 

In this chapter, we have emphasized that good initial estimates of the parameters of the 
bj(o,) densities are essential for rapid and proper convergence of the reestimation formulas. 
Hence a procedure for providing good initial estimates of these parameters was devised and 
is shown in Figure 6.17. The training procedure is a variant on the well-known K-means 
iterative procedure for clustering data. 

We assume that we have a training set of observations (the same as is required for 
parameter reestimation), and an initial estimate of all model parameters. However, unlike 
the one required for reestimation, the initial model estimate can be chosen randomly or on 
the basis of any available model appropriate to the data. 

Following model initialization, the set of training observation sequences is segmented 
into states, based on the current model .X. This segmentation is achieved by finding the 
optimum state sequence, via the Viterbi algorithm, and then backtracking along the optimal 
path. This procedure is illustrated in Figure 6.18, which shows a log-energy plot, an 
accumulated log-likelihood plot, and a state segmentation for one occurrence of the word 
"six." The states correspond roughly to the sounds in the spoken word "six." 

The result of segmenting each of the training sequences is, for each of the N states, 
a maximum likelihood estimate of the set of the observations that occur within each state j 
according to the current model. In the case where we are using discrete symbol densities, 
each of the observation vectors within a state is coded using the M-code-word codebook, 
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Figure 6.17 The segmental k-means training procedure used to estimate parameter values for the optimal 
continuous mixture density fit to a finite number of observation sequences (after Rabiner et al. [38]). 

and the updated estimate of the bj(k) parameters is 

bj(k) = number of vectors with codebook index k in state j divided by the 
number of vectors iri state j. 

When we are using continuous observation densities, a segmental K-means procedure is 
used to cluster the observation vectors within each state j into a set of M clusters (using 
a Euclidean distortion measure), where each cluster represents one of the M mixtures of 
the bj(o,) density. From the clustering, an updated set of model parameters is derived as 
follows: 

Cjm 

f.tjm 

iJjm 

= 

= 
= 

number of vectors classified in cluster m of state j divided by the number 
of vectors in state j 
sample mean of the vectors classified in cluster m of state j 

sample covariance matrix of the vectors classified in cluster m of state j. 

Based on this state segmentation, updated estimates of the aij coefficients can be obtained 
by counting the number of transitions from state i to j and dividing it by the number of 
transitions from state i to any state (including itself). 

An updated model X is obtained from the new model parameters, and the fonnal 
reestimation procedure is used to reestimate all model parameters. The resulting model 
is then compared to the previous model (by computing a distance score that reflects the 
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Figure 6.18 Plots of (a) log energy; (b) accumulated log likelihood; and (c) state assignment for one 

occurrence of the word '"six'" (after Rabiner et al. [38]). 

statistical similarity of the HMMs). If the model distance score exceeds a threshold, then 
the old model ,\ is replaced by the new (reestimated) model ~. and the overall training loop 
is repeated. If the model distance score falls below the threshold, then model convergence 
is assumed and the final model parameters are saved. 

6.15.3 Incorporation of State Duration into the HMM 

In Section 6.9 we discussed the theoretically correct method of incorporating state duration 
information into the mechanics of the HMM ([39]). We also showed that the cost of 
including duration density was rather high; namely a D2-fold increase in computation and 
a D-fold increase in storage. Using a value of D = 25 (as is required for word recognition), 
the cost of the increased computation tended to make the techniques not worth using. 
Thus the following alternative procedure was formulated for incorporating state duration 
information into the HMM. 

For this alternative procedure, the state duration probability pj(d) was measured 
directly from the segmented training sequences used in the segmental K-means procedure 
of the previous section. Hence the estimates of pj(d) are strictly heuristic ones. A typical 
set of histograms of pj(d) for a five-state model of the word "six" is shown in Figure 6.19. 
(In this figure the histograms are plotted versus normalized duration (d /T), rather than 
absolute duration d.) The first two states account for the initial / s/ in "six"; the third state 
accounts for the transition to the vowel / i /; the fourth state accounts for the vowel; and the 
fifth state accounts for the stop and the final / s / sound. 

The way in which the heuristic duration densities were used in the recognizer was 
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as follows. First the normal Viterbi algorithm is used to give the best segmentation of the 
observation sequence of the unknown word into states via a backtracking procedure. The 
duration of each state is then measured from the state segmentation. A postprocessor then 
increments the log-likelihood score of the Viterbi algorithm, by the quantity 

N 

log .P(q, OIA) = log P(q, OIA) + ad L log [pj(dj)] (6.123) 
j=I 

where ad is a scaling multiplier on the state duration scores, and dj is the duration of 
state j along the optimal path as determined by the Viterbi algorithm. The incremental 
cost of the postprocessor for duration is essentially negligible, and experience has shown 
that recognition performance is essentially as good as that obtained using the theoretically 

correct duration model. 

6.15.4 HMM Isolated-Digit Performance 

We conclude this section on isolated word recognition using HMMs by giving a set of 
performance results (in terms of average word error rate) on the task of recognizing 
isolated digits in a speaker-independent manner. For this task, a training set consisting 
of 100 occurrences of each digit by 100 talkers (i.e., a single occurrence of each digit 
per talker) was used. Half the talkers were male and half were female. For testing the 
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TABLE 6.1. Average Digit Error Rates for Several Recognizers 
and Evaluation Sets 

Recognizer 
Type 

LPC/DTW 
LPC/DTWNQ 
HMMNQ 
HMM/CD 
HMM/AR 

Original 
Training 

0.1 

0 
0.3 

Evaluation Set 

TS2 TS3 TS4 

0.2 2.0 1.1 

3.5 
3.7 
0.2 1.3 1.8 

1.8 3.4 4.1 

algorithm, we used the initial training set, as well as three other independent test sets with 
the following characteristics: 

TS2 The same 100 talkers as were used in the training; 100 occurrences 
of each digit 

TS3 A new set of 100 talkers (50 male, 50 female); 100 occurrences 
of each digit 

TS4 Another new set of 100 talkers (50 male, 50 female); 100 occurrences 
of each digit 

The results of the recognition tests are given in Table 6.1. The recognizers are the following: 

LPC/DTW 

LPC/DTWNQ 

HMMNQ 
HMM/CD 

HMM/AR 

Conventional template-based recognizer using dynamic time warping 
(DTW) alignment 
Conventional recognizer with vector quantization of the feature vectors 
(M = 64) 
HMM recognizer with M = 64 codebook 
HMM recognizer using continuous density model with M = 5 mixtures 
per state 
HMM recognizer using autoregressive observation density 

It can be seen that, when using a VQ, the perfonnance of the isolated word recognizer 
degrades in both the conventional and HMM modes. It can also be seen that the perfor­
mances of the conventional template-based recognizer, and the HMM recognizer with a 
continuous density model are comparable. Finally Table 6.1 shows that the autoregressive 
density HMM gives poorer performance than the standard mixture density model. 

6.16 SUMMARY 

In this chapter we have attempted to present the theory of hidden Markov models from 
the simplest concepts (discrete Markov chains) to the most sophisticated models (variable 

_j 
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duration, continuous density models). It has been our purpose to focus on physical ex­
planations of the basic mathematics; hence we have avoided long, drawn-out proofs or 
derivations of the key results, and concentrated primarily on trying to interpret the meaning 
of the math, and how it could be implemented in practice in real-world systems. We have 
also attempted to illustrate one application of the theory of HMMs to a simple problem in 
speech recognition-namely, isolated word recognition. 

REFERENCES 

[ 1 J L.E. Baum and T. Petrie, "Statistical inference for probabilistic functions of finite state 
Markov chains," Ann. Math. Stat., 37: 1554-1563, 1966. 

[2) L.E. Baum and J.A. Egon, "An inequality with applications to statistical estimation for 
probabilistic functions of a Markov process and to a model for ecology,'' Bull. Amer. 
Meteorol. Soc., 73: 360-363, 1967. 

[3) L.E. Baum and G.R. Sell, "Growth functions for transformations on manifolds," Pac. J. 
Math.,27(2): 211-227. 1968. 

[4] L.E. Baum, T. Petrie. G. Soules, and N. Weiss, "A maximization technique occurring in the 
statistical analysis of probabilistic functions of Markov chains," Ann. Math. Stat., 41 (I): 
164-171, 1970. 

[5] L.E. Baum, "An inequality and associated maximization technique in statistical estimation 
for probabilistic functions of Markov processes," Inequalities, 3: 1-8, 1972. 

[6] J.K. Baker, "The dragon system-An overview," IEEE Trans. Acoustics, Speech, Signal 
Proc., ASSP-23 (1): 24-29, February 1975. 

[7] F. Jelinek, "A fast sequential decoding algorithm using a stack," IBM J. Res. Develop., 13: 
675-685, 1969. 

[8] L.R. Bahl and F. Jelinek, "Decoding for channels with insenions, deletions, and substitutions 
with applications to speech recognition," IEEE Trans. Information Theory, IT-21: 404-411, 
1975. 

[9] F. Jelinek, L.R. Bahl, and R.L. Mercer, "Design of a linguistic statistical decoder for the 
recognition of continuous speech," IEEE Trans. Information Theory, IT-21: 250-256, 1975. 

(1 OJ F. Jelinek, "Continuous speech recognition by statistical methods," Proc. IEEE, 64: 532-536, 
April 1976. 

(11] R. Balds, "Continuous speech word recognition via centisecond acoustic states," in Proc. 
ASA Meeting (Washington, DC), April 1976. 

(12] F. Jelinek, L.R. Bahl, and R.L. Mercer, "Continuous speech recognition: Statistical meth­
ods," in Handbook of Statistics, II, P.R. Krishnaiad, Ed. Amsterdam, The Netherlands: 
North-Holland, 1982. 

[13] L.R. Bahl, F. Jelinek, and R.L. Mercer, "A maximum likelihood approach to continuous 
speech recognition," IEEE Trans. Pattern Anal. Machine Intel/., PAMI-5: 179-190, 1983. 

[14] J.D. Ferguson, "Hidden Markov Analysis: An Introduction," in Hidden Markov Models/or 
Speech, Institute for Defense Analyses, Princeton, NJ, 1980. 

[ 15] A.J. Viterbi, "Error bounds for convolutional codes and an asymptotically optimal decoding 
algorithm," IEEE Trans. Information Theory, IT-13: 260-269, April 1967. 

[16] G.D. Forney, "The Viterbi algorithm," Proc. IEEE, 61: 268-278, March 1973. 

Amazon / Zentian Limited 
Exhibit 1015 

Page 238



388 Chap.6 Theory and Implementation of Hidden Markov Models 

(17] A.P. Dempster, N.M. Laird, and D.B. Rubin, "Maximum likelihood from incomplete data 
via the EM algorithm," J. Roy. Stat. Soc., 39 (1): 1-38, 1977. 

[18] S.E. Levinson, L.R. Rabiner, and M.M. Sondhi, "An Introduction to the Application of the 
Theory of Probabilistic Functions of a Markov Process to Automatic Speech Recognition," 
Bell System Tech. J., 62 (4): 1035-1074, April 1983. 

[ 19] L.A. Liporace, "Maximum likelihood estimation for multivariate observations of Markov 
sources," IEEE Trans. Information Theory, IT-28 (5): 729-734, 1982. 

[20] B.H. Juang, "Maximum likelihood estimation for mixture multivariate stochastic observa­
tions of Markov chains," AT&T Tech. J., 64 (6): 1235-1249, July-Aug. 1985. 

[21] B.H. Juang, S.E. Levinson, and M.M. Sondhi, "Maximum likelihood estimation for mul­
tivariate mixture observations of Markov chains," IEEE Trans. Information Theory, IT-32 
(2): 307-309, March 1986. 

[22] A.B. Poritz, "Linear predictive hidden Markov models and the speech signal," in Proc. 
/CASSP 82 (Paris, France), 1291-1294, May 1982. 

[23] B.H. Juang and L.R. Rabiner, "Mixture autoregressive hidden Markov models for speech 
signals," IEEE Trans. Acoustics, Speech, Signal Proc., ASSP-33 (6): 1404-1413, Decem­
ber 1985. 

[24] M J. Russell and R.K. Moore, "Explicit modeling of state occupancy in hidden Markov mod­
els for automatic speech recognition," in Proc. ICASSP 85 (Tampa, FL), 5-8, March 1985. 

[25] S.E. Levinson, "Continuously variable duration hidden Markov models for automatic speech 
recognition," Computer Speech and Language, 1 ( 1 ): 29-45, March 1986. 

[26] L.R. Bahl, P.F. Brown, P.V. deSouza, and L.R. Mercer, "Maximum mutual information 
estimation of hidden Markov model parameters for speech recognition," in Proc. ICASSP 
86 (Tokyo, Japan), 49-52, April 1986. 

[27] Y. Ephraim, A. Dembo, and L.R. Rabiner, "A minimum discrimination information ap­
proach for hidden Markov modeling," IEEE Trans. Information Theory, 35 (5): 1001-1003, 
September 1989. 

[28] Y. Ephraim and L. Rabiner, "On the Relations Between Modeling Approaches for Speech 
Recognition," IEEE Trans. Information Theory, 36 (2): 372-380, March 1990. 

[29] B.H. Juang and L.R. Rabiner, "A probabilistic distance measure for hidden Markov models," 
AT&T Tech. J., 64 (2): 391-408, February 1985. 

[30] F. Jelinek and R.L. Mercer, "Interpolated estimation of Markov source parameters from 
sparse data," in Pattern Recognition in Practice, E.S. Gelesma and L.N. Kanai, Eds. 
Amsterdam, The Netherlands: North-Holland, 1980, 381-397. 

[31] C.-H. Lee, C.-H. Lin, and B.H. Juang, "A study on speaker adaptation of the parameters 
of continuous density hidden Markov models," IEEE Trans. Signal Processing, 39 (4): 
806-841, April 1991. 

[32] R.O. Duda and P.E. Hart, Pattern Classification and Scene Analysis, John Wiley & Sons, 
New York, 1973. 

[33] L.R. Bahl, P.F. Brown, P.V. deSouza, and R.L. Mercer, "A new algorithm for the estimation 
of hidden Markov model parameters," Proc. ICASSP 88, 493-496, New York, April 1988. 

[34] S. Katagiri, C.H. Lee, and B.H. Juang, "New Discriminative Training Algorithms Based on 
the Generalized Probabilistic Descent Method," Proc. 1991 Workshop Neural Network.sfor 
Signal Processing, 299-308, IEEE Signal Processing Society, Princeton, September 1991. 

Amazon / Zentian Limited 
Exhibit 1015 

Page 239



! 
i, 

chap. 6 References 319 

[35] Y. Linde, A. Buzo, and R.M. Gray, "An algorithm forvectorquantiz.crdcsign • /EUThw. 
Communications, COM-28: 84-95, January 1980. 

[36) J. Breiman, J.H. Friedman, R.A. Olshen, and CJ. Stone, Classification and RtgrusiOft 
Trees, Wadsworth & Brooks, Monterey, CA, 1984. 

[37) K.F. Lee, Automatic Speech Recognition-The Development of tht SPHINX S 'Sttm Kluwer 
Academic Publishers, Boston, 1989. 

[38] L.R. Rabiner, B.H. Juang, S.E. Levinson, and M.M. Sondhi, "Recognition of Isolated Digits 
Using Hidden Markov Models With Continuous Mixture Densities, 'AT &.T Ttch. J., 64 (6 : 
1211-1234, July-Aug. 1985. 

[39) L.R. Rabiner, "A Tutorial on Hidden Markov Models and Selected Applications in Speech 
Recognition," Proc. IEEE, 77 (2): 257-286, February 1989. 

I' 

.. I 

I I 
I 
t 

i 
L 

t 

Amazon / Zentian Limited 
Exhibit 1015 

Page 240



Cha~ter 7 

SPEECH RECOGNITION 
BASED ON CONNECTED 

WORD MODELS 

7 .1 INTRODUCTION 

Up to this point we have been discussing discrete utterance ( or, as it is often called, iso­
lated word or phrase) recognition. The assumption was that the speech to be recognized 
comprised a single word or phrase and was to be recognized as a complete entity with no 
explicit knowledge or regard for the phonetic content of the word or phrase. Hence, for a 
vocabulary of V words (or phrases), the recognition algorithm consisted of matching (via 
time alignment) the measured sequence of spectral vectors of the unknown spoken input 
against each of the set of spectral patterns for the V words and selecting the pattern whose 
accumulated time aligned spectral distance was smallest as the recognized word. Another 
implicit assumption was that each spoken utterance had a clearly defined beginning and 
ending point that could be found using some type of speech endpoint detector. As a result, 
pattern matching could be reliably performed without having to be concerned about uncer­
tainties in the endpoints of the patterns being compared. For many applications, notably 
those referred to as "command-and-control" applications, in which the user is required 
to speak the command words one at a time (i.e., with distinct pauses between command 
words), this paradigm works well and is entirely appropriate. (We will discuss command­
and-control applications in Chapter 9.) However, for applications in which the speech 
to be recognized consists of a sequence of words from the recognition vocabulary (e.g., 
strings of digits) such a paradigm is often unacceptable for practical reasons. Figure 7.1 
illustrates this point for a three-digit sequence in which the upper panel shows the log 
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Figure 7.1 Illustration of an isolated string of digits (upper panel) and a fluently 
spoken version of the same digit string (lower panel). 
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energy contour of a digit string spoken as a sequence of isolated digits where each digit is 
followed by a discernible pause (i.e., period of no speaking), and the lower panel shows 
the same digit string spoken in a fluent (continuous) manner. It should be self-evident that 
speaking a sequence of isolated digits is unnatural (from the point of view of human speech 
production) and grossly inefficient (it takes about 2.5 seconds to speak the isolated digit 
sequence versus less than 1 second to speak the same string of digits in a fluent manner). 
Hence, it is important to be able to extend the techniques described in earlier chapters of 
this book so that accurate recognition of fluent speech becomes possible. 

From the point of view of speech-recognition algorithms, there are two interesting 
classes of fluent speech strings. One class is the set of strings derived from small-to­
moderate-size vocabularies, including digit strings, spelled letter sequences, combinations 
of alphanumerics, and strings for accessing limited databases based on small-to-moderate­
size vocabularies and highly constrained word syntax. This set has the property that the 
basic speech-recognition unit can be the word (or phrase), much as in the case of isolated 
word- (or phrase-) recognition systems. The other class is the set of continuous speech 
drawn from moderate-to-large-size vocabularies where the basic speech-recognition unit 
cannot be the word because of complexity constraints. In such a case, subword speech 
units are necessary for the implementation of the speech-recognition system. We defer a 
discussion of the second class of speech strings to Chapter 8, where we provide a complete 
description of techniques used in the recognition of large vocabulary continuous speech. In 
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n, .__ __ __, 

T 

Figure 7.2 Illustration of the connected word-recognition problem. 

this chapter we discuss in depth the class of speech-recognition systems commonly referred 
to as connected word speech recognizers, because the basic unit of recognition is a whole 
word. 

We can now formulate the basic problem in connected word recognition. To do this 
we refer to Figure 7 .2, which gives a pictorial description of the connected word-recognition 
problem. We assume that we are given the spectral vectors from a fluently spoken string of 
words. T = { t(l) t(2), ... , t(M)}, and we are also given the spectral patterns for each of 
V reference patterns, ('R, 1 to nv) corresponding to V unique words in the vocabulary. The 
connected word-recognition problem can be compactly stated as follows: 

Given a fluently spoken sequence of words, how can we determine the optimum match 
in terms of a concatenation of word reference patterns? 

To solve the connected word-recognition problem we must resolve the following problems: 

1. We don't usually know the number of words, L, in the string (although we usually 
have a good bound on the range, e.g., one to seven words). 

2. We don't know word utterance boundaries within the spoken string; i.e. except for 
the beginning of the first word in the string, and the end of the last word in the string, 
we don't know precisely where any word begins or ends. 

3. The word boundaries are often fuzzy or nonunique. That is, it is often difficult, if not 
impossible, to specify (i.e., find accurately and automatically) the word boundaries 
because of sound coarticulation. Thus, for example, the boundary between the digit 
3 and the digit 8 in Figure 7 .1 is fuzzy because the ending sound / i / in 3 coarticulates 
strongly with the initial sound /eY / in 8. We indicate such fuzziness of the boundaries 
by the squiggly lines in Figure 7.2. 

4. For a set of V word-reference patterns, and for a given value of L (the number 
of words in the string), there are vL possible combinations of composite matching 
patterns (possible L word sequences); for anything but extremely small values of 
V and l the exponential number of composite matching patterns implies that the 
connected word-recognition problem cannot be solved by exhaustive means. 

The bottom line is that a nonexhaustive matching algorithm is required to solve the con-
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nected word-recognition problem. In this chapter we discuss several algorithms that have 
this property and are capable of solving the connected word-recognition problem with 
various degrees of efficiency. 

Although we will spend a great deal of time in this chapter discussing efficient 
algorithms for optimal matching of sequences of word patterns, it is also important to 
address the problem of word reference pattern training using connected word sequences. 
Unlike the isolated word case, for which training procedures were discussed in Chapters 
5 and 6, for connected word sequence training we encounter a fundamental difficulty, 
namely the uncertainty in word boundaries within the spoken word sequence. This makes 
the connected word sequence training problem somewhat more difficult; therefore in this 
chapter we also describe an embedded word training method based on the segmental 
k-means algorithm. 

7,2 GENERAL NOTATION FOR THE CONNECTED WORD-RECOGNITION PROBLEM 

We denote the spectral sequence of vectors of the test pattern as 

T = {t(l) t(2), ... , t(M)} = {t(m)}~=I (7.1) 

in which each t(m) is an appropriate spectral vector (e.g., filter bank, LPC, ear model, 
etc.). Similarly, we denote the set of word reference patterns (either templates or statistical 
models) as R;, 1 ~ i < V for a V word vocabulary, where each pattern is of the form 

R; = {r;(l),r;(2), ... ,r;(N;)} (7.2) 

where N; is the duration (in frames or states) of the ith word reference pattern. (For 
convenience we will develop the algorithms on the basis of using word templates; we will 
see later in this chapter that the required modifications for statistical models are essentially 
trivial.) 

The connected word-recognition problem can now be stated as a problem in finding 
the optimum sequence of word reference patterns, R *, that best matches T. With no 
loss of generality we assume that there are L word patterns in R* (where we vary L from 
the minimum to the maximum possible values and take the optimum overall values of 
L). Hence the best sequence of reference patterns, R*, is a concatenation of L reference 
patterns, i.e., 

(7.3) 

in which each index, q* ( f.) is in the range [ 1, V]. 
To determine R *-that is, to determine the sequence of word indices q* ( {), 1 ~ 

f < L, that give the best matching sequence--consider constructing an arbitrary "super­
reference" pattern Rs of the form 

N' 
Rs = Rq( I) EB Rq(2) EB Rq(3) EB • • • ffi Rq(L) = { r5 (n)} n= I (7.4) 

in which Ns is the total duration of the concatenated reference pattern Rs. The time aligned 
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'Rq(L-1) 

• 
ns • 

• 

'Rq(2) 

Nq(1) 

'Rq(1) 

1 

m (TEST) 

Figure 7.3 Detennination of the optimum alignment of super­
reference pattern 'R/ to T. along with corresponding word boundary 

frames. 

distance between 1?} and 7 is readily obtained via dynamic time warping, as illustrated in 
Figure 7 .3. The distance obtained is 

M 

D('R}' n = min L d(t(m), rs(w(m))) 
w(m) 

m=I 

(7.5) 

in which d( •, •) is a local spectral distance measure, w( ·) is a warping function for the time 
index and the techniques of Chapter 4 can be used to evaluate D. By appropriate path 
backtracking, as illustrated in Figure 7.3, the word boundary frames in the input string can 
be found on the basis of the word boundary frames in the super-reference pattern. Hence 
the last frame in the first reference word, rq(l)(Nqo)) maps to frame e1 in the test pattern; 
similarly, the last frame in the second reference word rq( 2)(Nq( 2)) maps to frame e2 in the 
test pattern, etc. 

To determine the global best match, 'R *, we optimize Eq. (7 .5) over every possible 
value of local reference patterns, q(l ), q(2), ... , q(L), and over every possible value of L, 
i.e., lmin ::; L ::; Lmax, giving 

with 

D* = minD('Rs, n 
'R,1 

M 

min min min~ d(t(m), rs(w(m))) 
lmin~Lg,mu q(l),q(2), ... ,q(L) w(m) L..,; 

ISq(i)~V m=I 

(7.6) 
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Figure 7.4 Computation ranges for matching n,. against portions of T. 

R * = arg min D(Rs, T). 
1V 

For a straightforward evaluation of Eq. (7.6), the computation required is 

C ,.._, [M. L~=t Nqce)] vL M • L. NvL < .d . ) L ,.._, 
3 

= 
3 

gn pomts 

395 

(7.7) 

(7.8) 

where the bracketed term is the dynamic time warping computation for matching a given 
'R-5 to T, the second term (VL) is the number of possible combinations in RS, and N is the 
average number of frames in a word reference pattern. To get a feeling for how impractical 
the computation of Eq. (7.8) actually is, consider typical values of M = 300 frames, L = 1 
words, N = 40 frames, and V = 10 words. With these values we get CL~ 2.8 x 1011 (grid 
points). This computation (for a single test string) is already excessive for most modem 
machines. Hence, as discussed previously, alternatives to exhaustive evaluation of D* are 
required. 

Fortunately, several algorithms have been proposed that solve Eq. (7.6) without the 
exponential growth in computation. These include 

• the two-level dynamic programming approach [ 1,2] 

• the level building approach [3,4] 

• the one-stage approach and subsequent generalizations [5-9]. 

In the next several sections we discuss these individual algorithms. 

7.3 THE TWO-LEVEL DYNAMIC PROGRAMMING (TWO-LEVEL DP) ALGORITHM 

The basic idea of the two-level DP algorithm is to break up the computation of Eq. (7.6) 
into two stages (called levels). At the first level the algorithm matches each individual 
word reference pattern, Rv, against an arbitrary portion of the test string, T. To understand 
the computation involved, consider Figure 7.4. 
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Figure 7.S Use of range limiting to reduce the size of individ­

ual time warps. 

For the range of beginning test frames of the match, b, 1 < b ~ M, and for the 
range of ending test frames, e, I ~ e ~ M (e > b), and for word reference pattern, R.., 
1 < v < V, we need to compute 

e 

D(v, b, e) = min L d(t(m), rv(w(m))) 
w(m) 

m=b 

(7.9) 

as illustrated in Figure 7.4. (It should be clear from our discussions in Chapter 4 that for 
each beginning frame b, a single time warp provides the time aligned distance, b, for a 
range, Eb, of ending frames e, b + 11 ~ e ~ b + 8 where 11 and 8 are related to Nv, the 
number of frames in the reference pattern Rv, and the expansion/contraction factor of the 
DTW algorithm. Hence, using a 2-to-1 expansion and a ½ to 1 compression, we would 
have b + Nv/2 ~ e ~ b + 2Nv as the range on ending frames for beginning frame b. Clearly 
if b + 2.N v > M then e is truncated at M, the end of the test pattern.) 

Equation (7.9) gives the minimum distance for every possible vocabulary pattern, 
'Rv, between each possible pair of beginning and ending frames (b, e). Clearly, we can 
eliminate v by finding the best (smallest distance) match between band e for any v, giving 

D(b, e) = min [D(v, b, e)] = best score 
1$v:5V 

N(b, e) = arg min [D(v, b, e)] = best reference index 
1:5v:5v 

(7.10) 

(7.11) 

thereby significantly reducing the data storage (by a factor of v) with no loss of optimality. 
We can further reduce computation of Eq. (7 .9) by using a range-limited DTW algorithm 
as illustrated in Figure 7.5. With appropriate choice of the range variable, R, the ending 
region, Eb, can be made significantly smaller than for a normal 2 : 1 expansion, ½ : l 
compression DTW algorithm. 

Given the array of best scores, D(b, e), of Eq. (7.10), the second level of the com­
putation pieces together the individual reference pattern scores to minimize the overall 
accumulated distance over the entire test string. This can be accomplished using dynamic 
programming as follows. Consider ending frame e, as illustrated in Figure 7.6. We define 
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e 
Figure 7 .6 Series of paths ending at 
frame e. 

397 

the distance of the best path ending at frame e using a concatenated sequence off. reference 
patterns as De(e), which can be derived as 

De(e) = min [D(b, e) + De-i (b - 1 )] (7.12) 
l'S_b<e 

i.e., the best path ending at frame f using exactly f. reference patterns is the one with 
minimum distance over all possible beginning frames, b, of the concatenation of the best 
path ending at frame b - 1 using exactly f. - 1 reference patterns plus the distance of 
Eq. (7.10) of the best path from frame b to frame e (of n. The recursion of Eq. (7.12) is 
identical to the dynamic programming recursion principle discussed in Chapter 4. In this 
case the "local" distance used in the recursion is the word distance D(b, e) (with assumed 
begir.ning and ending frames) which is calculated using Eq. (7 .10) based on the first level 
dynamic programming results. (For single-word pattern matching the local distance is 
simply the beginning to ending frame distance.) 

Based on the recursion of Eq. (7 .12) we can formulate the following DP algorithm 
for determining the overall best path: 

Step 1, Initialization 

Do(O) = 0, 

Step 2, Loop on e fore = 1 

De(O) = oo, 

f.>1(<) = D(l,e), 

Step 3, Recursion, Loop one for f. = 2, 3, ... , Lmax 

l>2(e) = min [D(b, e) + f.>1 (b - 1)], 3 ~ e ~ M 
l'S_b<e 

l>3(e) = min [D(b, e) + D2(b - 1)], 4 ~ e ~ M 
l'S_b<e 

De(e) = min [D(b, e) + De-1(b - I)], f. + I ~ e ~ M 
1 'S_b<e 

Step 4, Final Solution 

D* = min [De(m)] 
I'S_ t.'S_L=x 

and use N ( b, e) to backtrack to obtain actual sequence of reference patterns in 'R,S. 

To gain a better understanding of how the above recursion is carried out in practice, 
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t~e following exercise gives an explicit example of decoding a given matrix of distances, 
D(b, e), into best strings. 

Exercise 7 .1 

Assume we are given the 15 x 15 matrix of distances, D(b, e), representing best accumulated 

distances between frames band e, as shown below 

ending frame, e 

2 3 4 5 6 7 8 9 10 11 12 13 14 15 

9 10 13 17 22 25 29 33 37 41 45 50 60 

2 7 10 14 17 21 25 29 32 36 40 45 53 

3 9 13 16 19 23 26 28 32 35 40 47 

4 6 8 9 I I 12 14 19 23 28 33 

5 4 6 8 IO 12 15 19 23 30 

6 - - - 9 12 16 19 23 27 30 33 

beginning 7 - - - 15 18 22 27 32 37 45 
frame, 8 12 16 21 25 29 33 

b 9 6 8 10 13 16 

10 5 7 9 12 

11 4 6 8 

12 - - - 2 4 

13 2 

14 - - -
15 - - -

1. Find the best path for a 1, 2, and 3 word match. 

2. What are the total distance scores for the 3 string lengths? Which string length is most 
likely? 

Solution 7 .1 
Although we can trivially determine the paths for the best one- and two-word matches, we 
must use the dynamic programming solution to determine the best three-word match. Hence 
it is worthwhile using the dynamic programming solution for all three matches. From the 
recursion above we get 

D1(e)=D(l,e), 2$e$l5 

D2(e) = min [D(b, e) + D 1(b - l)], 3 < e $ 15 
15:b<e 

D3(e) = min [D(b, e) + D2(b - 1 )] 4 < e $ 15 
15:b<e 

1 

From the matrix of distances we get 
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e D,(e) D2(e) D3(e) 
3 9 
4 10 
5 13 
6 17 15=(6+9) 
7 22 14 = (4 + 10) 
8 25 16 = (6 + 10) 
9 29 18 = (8 + 10) 30 = (D2(6) + 15) 

10 33 20 = (10 + 10) 26 = (D2(7) + 12) 
11 37 22 = (12 + 10) 22 = (D2(8) + 6) 
12 41 25 = (15 + 10) 23 = (D2(9) + 5) 
13 45 29 = (19 + 10) 24 = (D2(10) + 4) 
14 50 33 = (23 + 10) 24 = (D2(1 I)+ 2) 
15 60 40 = (30 + 10) 26 = <D2(12) + 4) 

I. For a one-word match_ we have D~ = D1 (15) = 60 with path (1, 15). For a two-word 
match we have Di = D2(15) = 40 with path (1, 4)(5, 15); i.e., word I spans frames I to 
4 and word 2 spans frames 5 to 15. For a three-word match we have Dj = [>

3
(15) = 26 

with path (I 4) (5, 11) (12, 15); i.e. word I spans frames I to 4, word 2 spans frames 
5 to 11, and word 3 spans frames 12 to 15. 

2. The distance scores for one-, two-, and three-word matches are 60, 40, and 26. Clearly, 
string length 3 has the smallest total distance and is most likely. The overall path of the 
3 word string is 

0(1,4) = 10 + 0(5, 11) = 12 + 0(12,15)=4 ~r. • • • .)~ 
1 4 5 11 12 15 

7.3.1 Computation of the Two-Level DP Algorithm 

The total computation of the two-level DP algorithm is essentially the computation required 
to determine D(v, b, e). This computation is essentially the computation of V •M time warps 
corresponding to a single time warp for each reference pattern (V) and for each starting 
frame (M). The size of each time warp (which provides distance score for the range of 
ending frames associated with each starting frame) is approximately N(2R + 1) for an R 
frame range limited DTW search with a reference pattern of average length N frames. 
Hence the total computation of the two-level DP algorithm is 

Cu = V · M • N(2R + 1) (grid points) (7.13) 

in which the computation for each grid point constitutes a distance computation and the 
associated combinatorics. The storage of the two-level DP algorithm is essentially the 
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STANDARD DTW OF 'R,5 TO T 
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Figure 7.7 Illustrntion of standard DTW alignment of super-reference and test patterns (a). and level 

building alignment (b) (after Myers and Rabiner [41). 

storage of the reduced distance matrix [D(b, e)], since only temporary storage of the full 
array D(v, b, e) is required. The required storage of the range reduced algorithm is 

S2L = 2M(2R + 1) (7.14) 

since for each of the M starting frames, distance scores and best word identifications are 
saved for an ending range of (2R + 1) frames. 

For a typical set of values-i.e., M = 300 frames, N = 40 frames, V = 10 words, 
R = 5 frames-we require computation for 1,320,000 grid points and storage of 6600 
locations for D(b, e). 

7.4 THE LEVEL BUILDING (LB) ALGORITHM 

At the beginning of this chapter we discussed an exhaustive approach to connected word 
recognition in which we construct a set of super-reference patterns, 'R-5, by concatenating 
every possible combination of word patterns (in sequence), and performing a global time 
alignment of each 'R,S to the test pattern T. Figure 7. 7 a illustrates the computation associated 
with time aligning ns to T, namely iterative computation of accumulated distance at each 
grid point within a constrained region (the parallelogram of Figure 7 .7a) of the alignment 
plane. Usually the computation is performed in a frame-synchronous manner; that is, the 
computation for a given test frame, m, is performed along a vertical stripe representing the 
allowable range of super-reference frames. Following this the computation for test frame 
m + 1 occurs, then for frame m + 2, etc., until the entire test frame sequence is used. 

An alternative way of aligning ns and T is shown in part b of Figure 7. 7. Instead of 
performing the computation strictly along vertical stripes, the computation, for a given test 
frame m, is truncated at a fixed horizontal level (which corresponds to the super reference 
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frame at the end of the first word in R/). (The use of the word "level" here should not 
be confused with its usage in the two-level DP algorithm of the previous section. In the 
two-level DP algorithm the first level is the calculation of local warping distances for 
tentative word candidates, and the second level is the search for the optimal concatenated 
word path.) This procedure is iterated for all test frames for which we can define a range of 
reference frames within the allowed alignment region. For each test frame whose vertical 
stripe intersects the horizontal level corresponding to the end of the first word, we store 
the accumulated distance so that the DTW computation can be picked up at the next level 
(word in the string) by beginning the search at an appropriate test frame and iterating the 
search along vertical stripes corresponding to regions of intersection with the second word 
in the super-reference pattern. This procedure is iterated through all levels (words in 7?,5) 
until the complete alignment grid has been covered. 

The differences between the sequence of computation of the standard DTW alignment 
along complete vertical stripes (as in Figure 7 .7a) and the level building alignment along 
partial vertical stripes (as in Figure 7.7b) are essentially minor for a single super-reference 
pattern. The efficiency of the approach comes with the realization that the computation at 
each level can be performed on all V reference patterns hef ore proceeding to the next level. 
The advantage of doing this is that after doing the V warps at a given level, we can compare 
accumulated distance scores across vocabulary words, and retain only the minimum (best) 
score at each path ending frame, and still pick up the computation at the next level with 
no loss of optimality. The key difference between the level building algorithm and the 
two-level DP algorithm is that (with no loss of information) partial word decisions are 
made during the DP search, and these decisions are used to reduce the search range in later 
stages of the LB algorithm, whereas the two-level DP algorithm accumulates all the word 
scores until the end of the entire utterance and then decides the word string in a separate 
and independent second level DP calculation. The advantage we accrue is that, at each 
level, we do exactly V time warps, so that the total computation is on the order of V • L 
time warps for an L-word string. Since L is always significantly smaller than the number 
of test frames, M, we see that the level building approach inherently involves significantly 
less computation than the two-level DP algorithm (which required V • M time warps). 

With this simplified overview of the level building approach, we now formally 
describe the implementation of the level building algorithm. 

7.4.1 Mathematics of the Level Building Algorithm 

We define D11/m) as the minimum accumulated distance, at level e, using reference pattern 
'Rv, to frame m of the test pattern, T. Clearly D1e(m) is defined for I ~ f. ~ Lmax, I ~ v ~ V 
and 1 ~ m < M. Consider the implementation of level I as shown in Figure 7.8. 

The first reference pattern, R 1, is aligned with T beginning at frame 1 of Tusing 
a standard DTW alignment procedure. The warping paths intersect the last frame in 'R1 
(frame Ni) at a range of test frames, namely m11 (1) ~ m ~ m12CI). (For example if 
we used a DTW procedure with a minimum and maximum expansion of 1/2 and 2 we 
would have N 1 /2 ~ m < 2N 1 .) For each of these warp path ending frames we store 
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Figure 7.8 Implementation of level I of the level building algorithm (after Myers and Ra­
biner (4)). 

the accumulated distances, l>J(m). Similarly, for the second reference pattern, 'R2, with 
duration N2 frames, we begin at frame 1 of 7 and obtain the best warping paths to the 
range m210) ~ m ~ m22(1). (Clearly m210) f.m11 (1) and m22(l) f. m 12(1), since Ni and 
N1 are generally different. If N2 = N1, then m21 (1) = m 11 (1) and m22(1) = m 12(1).) This 
procedure is iterated for all V reference patterns at level 1. Thus the output of level 1 is the 
array of accumulated distances and the corresponding ranges, i.e., 

-1 D 1(m), m11(1) :s:; m < m120) 
-2 D1(m), m21 (1) :s:; m < m220) 

(7.15) 

-v D 1 (m), mv10) :s:; m < mv2(1). 

We can now defin~ the ending range of level I, m 1 (I) < m < m2 (I), as the composite range 
of m over which nr is defined (and is not infinity), namely, 

(7. I 6) 
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(7.17) 

and for each frame, m, in the composite ending range, m1 (l) ~ m ~ mz(l), we need to 
store 

D1(m) = min [De(m)] 
l~v~V 

Flf (m) = arg min [De(m)] 
l~vSV 

- best distance at level e to frame m (7.18) 

- reference pattern index which gave dis- (7 .19) 
tance at level e to frame m 

- back pointer to best ending frame at pre- (7 .20) 
vious level that achieves D1(m) 

(By definition Ff (m) = 0 for all m since the ending frame of the 0th level is 0.) By storing 
only D1(m), N1(m) and F1(m), we significantly reduce the storage at each level and yet 
we retain all the information required to pick up the optimal path through the entire grid as 
shown below. 

The second-level computation does not begin until the first-level computation is 
finished. To see how the computation is picked up at level 2, consider Figure 7.9, which 
shows a series of time warps that span a set of beginning frames and provide a new set of 
ending frames. 

For each reference pattern, Rv, the range of starting frames is m 1 (1) ~ m ~ m2(1) 
because every ending point of the first level is a possible starting point in the second level. 
Hence for each frame m in the beginning range, and for each frame at the beginning of the 
reference pattern, we must consider paths coming from both the current reference pattern 
and the previous level. Other than the broadened beginning region, each DTW at level 2 is 
essentially identical to those at level 1. Thus for reference 'R.1 the range of ending frames 
at level 2 is m 11 (2) < m < m12(2); for reference 'R.2 the range of ending frames at level 2 
is m21 (2) < m < m22 (2), etc. We again derive the ending range at the end of level 2 as 

m1(2) = min [mv1(2)] 
1$v$V 

m2(2) = max [mv2(2)] 
1$v$V 

(7.21) 

(7.22) 

and for each frame in m 1 (2) ~ m ~ m2(2) we determine the best distance D~(m), the 
reference with the best distance, Nf (m), and the backpointer F~(m). 

We can continue the level building procedure through all levels until level lmax in 
the above manner and we obtain, as the final solution, D* as 

(7.23) 

It should be clear that by performing the computation in levels (i.e., a word at a time) 
and by doing appropriate minimization within levels, we avoid much of the computation 
of the two-level DP algorithm described in the previous section. However, the negative 
feature of the level building algorithm is that the computation is level synchronous, not 
time synchronous; that is, we can go back to a given test frame at many levels. Hence, 
real-time hardware implementations of level building are difficult, if not impossible, to 
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Figure 7.9 Implementation of level 2 of the level building algorithm (after Myers and Rabiner 
[4]). 

implement. (We will return to these issues later in this section.) 
To gain a better understanding of the basic concepts of the level building algorithm, 

consider the simple example shown in Figure 7 .10. Here we assume that the vocabulary 
consists of two words (which we call A and B for simplicity) and that the two reference 
patterns, 'RA and 'R8 , are of equal length. We also assume we are only interested in an 
f. = 4 level solution. (This greatly simplifies the range of the dynamic programming 
search parallelogram which, as seen in Figure 7. I 0, is essentially identical to the case for 
isolated word template matching. In the next section, where multiple level considerations 
are discussed, the dynamic programming search range will be shown to be significantly 
more complicated to specify.) Since both patterns are of equal length, the ending regions 
for both words, at each level, are identical. Hence at each level ending region we choose 
the reference pattern (A or B) that gave the smallest accumulated distance to that frame. In 
this simple example, there are 6 ending frames at level 1, with the best path corresponding 
to 'RA for the first two frames, and 'R,8 for the next 4 frames. At level 2 there are 10 ending 
frames; at level 3 there are 6 ending frames, and finally at level 4 there is only one ending 
frame corresponding to frame M, the end of the test utterance. By tracing back the (best) 
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,-------------- _ __,!8 

i=4 

2=3 

Q=2 

i= 1 

m(TEST) 

Figure 7.10 Simple example illustrating level building on two reference patterns of 
equal length (after Myers and Rabiner (4)). 

405 

path ending at m = M we see that the sequence of reference patterns giving the best score 
IS 

with test frames e 1, e2, e3, and e4 = M corresponding to the last frames of the 4 words in 
the sequence. 

7.4,2 Multiple Level Considerations 

In the more realistic case in which we want the level building solutions for all feasible 
levels (i.e., where there is a possible solution), there are some very simple techniques that 
can be used to eliminate unnecessary computation. To understand this issue consider the 
"standard" warping range of the level building algorithm as shown in Figure 7 .11. (We 
assume here that we use a DTW algorithm with a maximum expansion of 2 and a minimum 
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n 

1tt:::..... ________________ __.. 
I M 

m (TEST) 

Figure 7.11 Computation region of level building algorithm for a fixed-length 
reference pattern (after Myers and Rabiner [4]). 

expansion of ½.) If we define lower and upper constraints lines as 

L(m) = (m + 1)/2 

U(m) = 2(m - 1) + 1 

(7.24) 

(7.25) 

then for a fixed-length reference pattern we get the computation and ending regions shown 
in Figure 7.11. (We denote the computation region at level£ as Gt with ending region Et,) 
It should be clear that some of the computation of Figure 7 .11 is unnecessary, since there 
do not exist paths from some of the computed points to ends of reference patterns at any 
level. 

We can use the constraint that in order to do the computation at any grid point, the 
path from that grid point must be capable of reaching the end of the reference pattern before 
the end of the test pattern as shown in Figure 7 .12. Here we have drawn lines, at each 
level, of slope 2, from the last frame of the test pattern and the last frame of the reference 
pattern, and used them as constraints on the grid. We have also drawn a line, at level Lmax, 

of slope 1 h from the last test frame and the last reference frame to further constrain the grid 
at the last level. The lower and upper constraints of the simplified grid can be described by 
the equations 

[m + 1 l L(m) = max ~, 2(m _ M) + 0(£) (7.26) 
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'Rq(1) 

M 
m( TEST) 

Figure 7 .12 Reduced computation region using upper-and lower-level constraints 
(after Myers and Rabiner [ 4 ]). 

407 

(7.27) 

in which the reference pattern length function, 0( f), is the accumulated number of frames 
of the reference patterns used up to level f where (m + 1)/2 = 2(m - M) + 0(£) at some 
frame m < M. The resulting region of computation is somewhat reduced from that shown 
in Figure 7 .11. 

Since the length of each reference pattern is different (in general) the actual computa­
tion regions for a level building search based on variable length reference patterns is shown 
in Figure 7 .13. Here we show the computation regions, at each level, for the shortest and 
for the longest reference patterns. Fundamentally, the pattern of computation is similar to 
that of Figure 7 .11. 

7.4.3 Computation of the Level Building Algorithm 

From the above discussion it should be clear that the basic computation of the level building 
algorithm is a series of V time warps at each level, where Vis the size of the vocabulary. 
If we assume the maximum number of levels in Lmax, then we need V Lmax time warps. An 
overbound on size of each time warp is NM /3 grid points where N is the average length of 
each reference pattern and M is the number of frames in the test pattern. Hence the total 
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~ SEARCH REGION FOR LONGEST REFERENCE AT EACH LEVEL 

0 SEARCH REGION FOR SHORTEST REFERENCE AT EACH LEVEL 

w 
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WW 
(!) a:: 
zw 
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.-IW 
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f 

w 
... u 
(I) z 
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a:::w 
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::cw 
(I) a:: 

I 
I 

I 
--------+ 

m 

1=4 

J. =3 

l=2 

£. = 1 

M 

Figure 7.13 Overall computation pattern of level building algorithm for variable 
length reference patterns (after Myers and Rabiner [4)). 

computation of the level building algorithm is 

CLB = V • lmax • N • M /3 

with storage 

grid points (7.28) 

SLB = 3M • lmax (7.29) 

since we need storage for D8 , N8 , and F8 at each value of m and for each level£. 
Using the same values for M, N, and V as used in determining the computation 

and storage of the two-level DP method, namely M = 300, N = 40, V = 10, and using 
Lmax = 7, we get CLB = 280,000 and SLB = 6300. The basic computation of the level 
building algorithm is a factor of 4.7 less than that of the two-level DP method; the storage 
of both methods is about the same. 

The above calculations are based on full DTW s at each level for each reference 
pattern. Because of the overlaps of regions in the (m, n) plane, at different levels, some of 
the assumed computation is redundant. The following exercise illustrates this point. 
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Exercise 7 .2 
In implementing different levels of the level building algorithm, we have assumed all levels 
are independent. Thus, at each level, we have performed a full DTW, for each reference 
pattern, where the size of the DTW was N • M /3 (grid points). An alternative, and, we hope, 
more efficient, approach is to realize that for each reference pattern, a significant portion of the 
computation at each level (namely that of distance computation) may have previously been 
performed at an earlier level, and therefore only the combinatorics part of the DTW is truly 
independent at each level. 

1. Show that for the assumed parameters of the system (i.e., M = number of test 
frames = 300, N = average number of frames per reference pattern = 40, V = size of 
vocabulary = l 0, Lmax = maximum number of levels = 7), the alternative implemen­
tation of storing all previously computed distances is more efficient than the standard 
implementation. (Assume that the cost of the combinatorics in a DTW procedure is 
negligible.) 

2. What is the ratio of computation of the standard implementation to the stored distance 
implementation? 

3. If we assume the cost of the combinatorics at each grid point is 1
/ 5 the cost of a distance 

computation, how do the results to parts I and 2 change? 

Solution 7 .2 
1. The simplest way of exploiting previously computed distances is to precompute the 

entire grid of distances from each reference pattern frame to each test frame. (Clearly 
this is not the most efficient implementation, since many of these full grid distances will 
never be required in practice.) If we do this we need 

CmsT = V • M • N (distances)= 120,000. 

The number of combinatorics is just the number of grid points used in the level building 
method; hence 

CcoMB = V • Lmax • N • ~ (grid points) = 280,000. 

The total computation of this approach is then 

CroTAL = Co1sT +a· CcoMB 

in which a is the weight for combinatorics. If we assume combinatorics are negligible, 
a= 0, we get 

CroTAL = CmsT = 120,000 

which is significantly less than the 280,000 distances for the standard implementation 
(i.e., one per grid point). 

2. The ratio of computation of the two approaches is 

CLB _ V • Lmax • N • M /3 = Lmax = 233 
CroTAL - V • M • N 3 

and is independent of V, M, and N but only depends on lmax• 
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3. If we assume the cost of combinatorics is 1/s the cost of a distance computation we get 

- - M 1 
CroTAL = V • M • N + V • Lmax • N • 3 S = 176,000 

with the ratio in computation being 

CLB V•lmu•N·M/3 
= Ml -

CroTAL V • M • N + V • Lmax • N • 3 5 
Lma~ = 1.59 

30 + 15 ) 

7 .4.4 Implementation Aspects of Level Building 

Even though we have already shown that the computation for the level building approach 
to connected word recognition is significantly less than that of the two-level DP approach 
of Section 7 .2, there are several ways of even further reducing the computational load of 
the algorithm. These include the following: 

1. Beginning range reduction in which we reduce the size of the initial region (range of 
m) for which valid paths to a given level can begin. 

2. Global range reduction in which we reduce the size of the region (width of the 
template) that is tracked, within a level, to determine a best path to each possible 
level ending frame, m. 

3. Test pattern ending range in which we increase the range over which the global path 
can match the connected word string; this procedure provides some robustness to 
ending frame errors. 

4. Reference pattern uncertainty ranges in which we increase the range of search at 
the beginning and end of reference patterns to allow for some degree of word 
coarticulation at reference word boundaries. 

The way in which we implement these features is as follows. 

1. Beginning range reduction-MT 
For the complete level building algorithm, at level .e - 1, we retain the best score, 
f>1_1(m), for each frame min the ending region m1(.f, - 1) < m ~ m2(f - 1). It 
should be obvious that, in general, the best global path is not at either boundary but 
somewhere in the middle range of m. Hence if we could eliminate some of the ending 
rarige at level .e - I, the search at level .e would involve less computation. (To see 
this, consider the limiting case where we make the ending region, at each level, a • 
single frame; then the computation at each new level is a simple DTW with a single 
initial frame, much as occurs at level 1.) 
To determine how to reduce the ending range at level £ - I we need to nonnalize 
the best accumulated distance scores by the number of frames. Thus we first find the 
locally best (minimum) normalized accumulated distance as: 

(7.30) 
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We now define a reduced-range level threshold as Mr . <Pt-I where Mr is a defined 
parameter, and search the range m 1 ( f - I) ::; m ::; m2( e - I) to find the indices S} 
and S~ such that 

(7.31) 

(7.32) 

To see what is achieved by the beginning range reduction, consider Figure 7 .14, 
which shows a sequence of levels and the resulting ending ranges with and without 
range reduction (top graph), and the way in which the reduced range is determined 
(bottom graph). For the level shown, the best normalized distance score, <Pt-I, is 
determined as the smallest value of the curve, and the threshold Mr • <Pt-I is shown 
as a level above </>e-1 (clearly Mr ~ 1.0). The initial reduced range point, S~. is 
the last index (beginning from m = m1(f - 1)) where the curve is always above the 
threshold; similarly the index S~ is the last index (beginning from m = m2(e - 1)) 
where the curve is always above the threshold. The reduced range means that the 
computation at the next level is smaller as seen at the top of Figure 7.14. Depending 
on the value of Mr, the reduced range can get smaller (as Mr ➔ 1) or larger (as 
Mr --+ oo ). It should be clear that too small a value of Mr will allow the best path to 
be prematurely eliminated; hence proper choice of Mr is essential. 

2. Global range reduction-E 
The idea behind global range reduction is to reduce the search range along the 
reference axis, for each test frame, by tracking the global minimum, and allowing 
only a range around the global minimum. Thus for each test frame, m, at each level 
f., and for each reference pattern, 'Rv, we determine the local minimum, c(m), as 

c(m) = arg min [Dt(m - 1, n)] 
c(m-1)-fSnSc(m-1)+€ 

(7.33) 

in which De(m - 1, n) is defined to be the best distance at level f. using reference nv 
at test frame m - 1 to reference frame n (as determined by the local alignment path) 
and with c(l) defined to be 1. Figure 7 .15 illustrates the global range reduction for 
a typical level building search. For global range reduction to be effective we must 
have the reduced range, 2E + 1, be smaller than the typical reference pattern width. 

3. Test pattern ending range-<5£ND 
The idea here is to allow a range of test pattern ending frames, rather than restricting 
the ending frame tom = M. This feature provides a measure of robustness to test 
pattern endpoint errors. If we extend the end of the test pattern by 6END frames, the 
global level building solution is modified to be 

(7.34) 
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M 
m(TEST) 

-e D.)ml (bl 
., m ....._----ORIGINAL RANGE -----~•~1 

I 
I 
I 

Figure 7.14 Illustration of beginning range reduction (after Myers and Rabiner [4]). 

4. Reference pattern uncertainty regions-8 R
1 

, 8 R
2 

To account for coarticulation of words across word boundaries, the level building 
algorithm allows a range of beginning and ending frames of the reference pattern. In 
this manner, at any level, the path can begin over the range 1 :::; n '.S 1 +8R

1 
(where n is 

thereferencepattemindex),andendatanyframeintherangeNv-8R
2 

< n '.S Nv. For 
appropriate values of 8R1 and 8R2 , it is possible to have a path which skips (8R

1 
+ DR2) 

frames at highly coarticulated word boundaries (e.g., the boundary between six and 
seven in the string "six-seven"). Figure 7.16 illustrates the use of reference pattern 
uncertainty regions in level building. 

A summary of the four implementation aspects of level building, as discussed in 
this section, is shown in Figure 7.17 in which all four features are combined in a single 
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'Rq( I) 

M 
m(TEST) 

Figure 7.15 Illustration of global range reduction (after Myers and Rabiner 
[4]). 

r(n) 

t(m) 

• • • 

Figure 7 .16 Illustration of the use of reference pattern uncertainty regions (after 

Myers and Rabiner [4]). 
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m (TEST) 

Figure 7.17 Summary of level building implementation of computation reduction 
methods (after Myers and Rabiner (4)). 

level building search. It can be shown that with judicious choice of the implementation 
parameters, Mr, E, 8END, 8R1 and 8R2 , the overall computation can be substantially reduced 
from that of the standard level building approach. 

7 .4.5 Integration of a Grammar Network 

We have been implicitly assuming that, for connected word recognition, each word in the 
string can be followed by any other word in the string. This implicit form of grammar 
is most appropriate for things like digit strings in which any digit can follow any other 
digit. However, for some connected word recognition tasks there is an explicit set of rules 
(grammar) governing which words can logically follow other words to form valid sentences 
in the language [10]. Although the form of such a grammar can be of several different 
types (we will discuss this in more detail in Chapter 8), we will restrict ourselves here to 
those tasks in which we can represent the grammar by a finite state network (FSN) or a 
finite state automata (FSA) of the form 

G =A(Q, V,8,qo,Z) (7.35) 

where 

Q = set of states 
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V = set of vocabulary words 

8 = set of transitions 

qo E Q = initial state 

Z ~ Q = set of tennina1 states 

and the set of transitions obeys the rule 

6(q, v) = s 

meaning that word v drives the state from q to s 

Jt 
/ 

I 
I V 

----- .... 

I 
/ 

I 

-

415 

(7.36) 

--· 

To integrate the FSN grammar network into the following level building algorithm we must 
do the following: 

1. Identify levels with states rather than word position so that word candidates at the flh 
level need not be temporally contiguous to those at the (f + })st level 

2. Partition the vocabulary so that only the reference patterns for words leaving the f1h 
state are matched at the £th level 

3. Retain state backtracking pointers for recovering the best matching string. 

(It should be noted that for the most efficient computation, the states in Q should be 
topologically sorted.) 

To illustrate how a simple grammar FSN can be integrated into the LB algorithm, 
consider the following example: 

1. I 5. ONE 9. BOOKS 13. OLD 
2. WANT 6. A IO. COAT 
3. NEED 7. AN 11. COATS 
4. THREE 8. BOOK 12. NEW 
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Current Words Predecessor Currect Predecessor 

State Used State Level Levels 

2 I 1 0 

3 WANT 2 2 
4 NEED 2 3 1 

5 THREE 3 4 2 

6 A 4 5 3 

7 AN 4 6 3 

8 ONE 3 7 2 

8 NEW 6 8 5 

8 OLD 7 9 6 

9* BOOK, COAT 8 10 7,8,9 

9* BOOKS. COATS 5 11 4 

If we study this simple example, we see that levels 2 and 3 both pick up from level 
I; similarly both levels 4 and 7 pick up from level 2. By building up the computation 
by levels (keeping track of the correct predecessor level), and by backtracking the final 
result by states (according to the grammar FSN) we can essentially use all the techniques 
described to efficiently find the best grammatically correct string. 

7 .4.6 Examples of LB Computation of Digit Strings 

Figures 7 .18 and 7 .19 show two examples of connected digit strings matched using the LB 
algorithm. Figure 7 .18 is for the string "51560" and shows the computation building up 
level by level. For this example, the locally best path at each level (shown by the digit to 
the right of the last test frame) is actually the globally best digit. At the end of level four 
the algorithm provided the four best choices with the string "5157" having the lowest score 
of 0.553. At the end of level 5 there were six string choices with the correct string "51560" 
having the lowest average accumulated distance of 0.333. 

The example in Figure 7.19 is for the string "99211," which did not provide a match 
nearly as good as the previous example. We see here that the locally best string at each level, 
namely "90111" is not globally best, and actually is incorrect in two positions. Although 
the algorithm gets the correct string as the best score, the second best string is the string 
"901," which has two digit deletions, and one digit-substitution error. 

7.5 THE ONE-PASS (ONE-STATE) ALGORITHM 

The third general approach to the connected word recognition problem is a procedure 
which was originally proposed by Vintsyuk in 1971 [5] and which has been "rediscovered" 
several times in the last two decades [6-8] and generalized in scope (9]. The algorithm 
has been called the one-pass procedure or the one-state algorithm, or most recently, the 
frame-synchronous level building (FSLB) method. The basic idea behind the algorithm 
is illustrated in Figure 7 .20, which shows a grid with the test pattern, T, mapped to 
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1111 ENERGY ENVELOPE 1111 (a) 

MAX DB= 44 BEGIN s 33 ENO: 156 NF=124 

0.333 51560 ( b) 
I 0.349 11560 , . 0 . . ' 0.354 51570 

I 0.370 59560 . 0.375 51160 ,. . 
0.413 51562 

- -- t 6 

{

0.553 5157 
0.569 t157 
0.591 5957 
0.596 51 I 7 

5 

5 

Figure 7.18 Level building of the string "51560" (after Myers and Rabiner [4]). 

the horizontal axis, and the set of reference patterns, {'R.1, 'R.2, ... , Rv} mapped to the 
vertical axis. 

Using the standard notation of m to represent the test frame index, 1 s m s M, v to 
represent the reference pattern (Rv) index, I < v s V, and n to represent the reference frame 
index of pattern 'Rv, I < n < Nv, then for each test frame we calculate the accumulated 
distance, dA(m, n, v) as: 

dA(m, n, v) = d(m, n, v) + min (dA(m - 1,j, v)). 
n-29~n 

(7.37) 

For 2 < n < Nv, 1 < v < V, where d(m, n, v) is the local distance between test frame 
t(m) and reference from rv(n), and we assume a maximum path expansion of 2 to I (hence 
we search back by 2 reference pattern frames in the combinatoric stage). The recursion of 
Eq. (7.37) is carried out for all internal frames of each reference pattern (i.e., n ~ 2). At 
the reference pattern boundary, i.e., n = 1, we have the simple recursion 

dA(m, 1, v) = d(m, 1, v) + min [ min [dA(m - 1,N,,r)],dA(m - I, I, v)]. (7.38) 
l~r~V 

Thus the combinatorics for internal and boundary frames are as shown in Figure 7.21. 
Figure 7 .21 a shows that for internal frames the combinatorics choose the best internal path 
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Figure 7.19 Level building of the string "99211" (after Myers 
and Rabiner [4]) . 

• • 
• 

n, 

TEST FRAME, m M 

Figure 7.20 The one-pass connected word recognition algorithm (after 
Bridle et al. (6)). 
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m - 1 
• n - 2 
m m - 1 m 

(a) (b) 

Figure 7.21 Combinatorics for the one-pass algorithm. 

within the reference pattern, whereas at boundary frames the combinatorics choose either 
a straight (horizontal) path from within the reference pattern (subject to the constraint that 
the path cannot remain constant for more than one frame) or the best ending frame of any 
reference pattern. (Within the dynamic programming framework, of course, incorporation 
of a set of local constraints that differ from those of Eq. (7 .38) is possible, subject to 
pragmatic considerations.) 

The final solution for the best path (corresponding to the best word string) is 

(7.39) 

Thus the one-pass algorithm computes best paths to every reference pattern frame at every 
test frame and eventually is able to backtrack the best score (from Eq. (7.39)) to give the 
best word sequence, as shown in Figure 7 .20. 

The major problem with the one-pass algorithm is that no mechanism is provided for 
controlling the resulting string length-that is, for giving a best path for a string of arbitrary 
length. The algorithm inherently finds a single best path whose string length is whatever it 
turns out to be. Thus there is no simple way of exploiting given constraints on string length 
within the fundamental procedure. 

There is, however, a simple and straightforward way of incorporating level (i.e., 
string-length) constraint in the computation. We do this by extending the accumulated 
distance to include level information-that is, we extend the recursion to compute the 
accumulated distance at level £ as 

d!(m,n, v) = d(m,n, v) + min [d!(m - 1,j, v)] 
n-25)5,n 

(7.40) 

where the computation is for 1 ~ i < Lmax, 2 < n < Nv, 1 < v < V, 1 ~ m ~ M. At each 
boundary frame the computation now becomes 

d!(m, 1, v) = d(m, 1, v) + min [ min d!-l(m - 1,Nv,r),d!(m - 1, 1, v)] (7.41) 
l 5,r5,V 

with 
v• = min min [d!(M,Nv, v)]. (7.42) 

l5,i5,lmu 15,v5,V 

The key difference is in Eq. (7.41), which only allows a path to an ending frame at level 
(£ - l) to become a path at a beginning frame at level i. 

The main advantage of the one-pass algorithm is that the computation for a given 
test frame, m, can be done frame synchronously; hence the one-pass algorithm is well 
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suited to real-time implementation on processors that are capable of doing all the necessary 
computations of Eqs. (7 .40) and (7 .41) in a single frame interval. Although at first glance 
it seems as though the computation of the one-pass algorithm is significantly greater than 
that of the LB approach, it is easily seen that the computation of d(m, n, v) of Eq. (7.40) 
is independent of level,£; hence it can be computed once (e.g., at level 1) and stored, and 
used in subsequent levels with no extra computation. Because of its suitability for real-time 
implementation the level-based version of the one-pass algorithm is generally the one used 
for connected word recognition tasks. 

7 .6 MULTIPLE CANDIDATE STRINGS 

In the previous sections we have been discussing ways of detennining the globally best 
path through the extended grid, corresponding to the best match to the spoken word string. 
There are many ways of obtaining multiple candidate strings from which we can determine, 
at least in theory, the second-best string match, the third-best string match, etc. Multiple 
string candidates are particularly useful when using grammar networks in order to provide 
robust recognition decisions. The way in which we obtain multiple candidate strings is 
simple; namely, we keep track of both the best distance, and the second-best distance to 
each ending frame at each level (to get the second-best string match). Since we have 
computed all reference pattern distances already (as needed to determine the best distance), 
all that is required is additional storage (to keep track of the array of second-best distances) 
and the bookkeeping to detennine the second best string. (In Chapter 4 we discussed the 
general problem of using dynamic programming methods to determine the N-best paths 
through a grid. What is described here is essentially what was called the parallel algorithm 
in Chapter 4, Section 4.7.5. The main difference is that here the path ranking is in terms of 
word candidate strings instead of frame-based time warping paths. This difference gives 
rise to some extra optimality considerations as discussed in this section.) We illustrate the 
procedure in Figure 7 .22, which shows a simple two-level LB search with tracking of the 
two best strings at each grid point. At the end of level 2 there are two distinct paths to the 
last frame of the test pattern-namely, the best distance (labeled 1 and shown as a solid 
path) and the second best distance (labeled 2 and shown as a dashed line). The best path 
from level 2 branches off to two other paths in level 1, with one being a best path and the 
other being a second-best path. Similarly, the second-best path from level 2 branches off 
to two other paths in level 1. Thus a total of four paths are followed-namely, the 11 path 
(best from level 2, best from level 1), the 12 path (best from level 2, second best from level 
1), the 21 path (second best from level 2, best from level 1 to the beginning point of the level 
2 path) and the 22 path (second best from level 2, second best from level 1). The overall 
best path is, by definition, the 11 path through the grid. The second-best path, according 
to this method, is (with some pathological exceptions, to be explained next) either the 12 
path, or the 21 path; the 22 path cannot ever be as good as the 21 path. 

The procedure described above can be extended trivially to the best three candidates 
at each level, in which case a total of 3L scores are obtained after L levels. This is illustrated 
at the bottom of Figure 7.22 for a two-level match in which there are nine string candidates. 
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Figure 7.22 Description of procedure for determining multiple can­
didate scores (after Myers and Rabiner [4]). 
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Figure 7 .23 shows a case of using L = 4 levels with two best candidates. There are now 
four possible choices for the second-best string, including the 1112 path, the 1121 path, 
the 1211 path and the 2111 path. A sorting algorithm can be used to order the KL paths 
obtained when keeping track of K candidates at L levels. 

It should be noted that the procedure described above, implemented using the level 
building algorithm, cannot guarantee that the computed "second-best" string is actually the 
true second-best string. This is because in keeping track of multiple strings to any ending 
frame the procedure inherently requires that the candidate strings come from different 
reference patterns. (Recall that in the LB algorithm, partial word decisions are made at 
each level before reaching the end of the test pattern.) The real requirement should be 
that they come from different overall strings (i.e., any word in the built-up strings can be 
different, not just the immediate last word). Hence, in theory, the two best paths to a given 
ending frame could indeed be from the same reference pattern. Figure 7 .24 [ 1 O] illustrates 
the level building flaw via an example in which the true second-best string is the sequence 
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Figure 7.23 Candidate strings for a four-level search (after Myers and Ra­
biner [4]). 
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Figure 7.24 Illustration of level building flaw 
for determining the second-best candidate string 
(after Myers and Rabiner [ I OJ). 
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BA (i.e., reference pattern B followed by A); however, since the best string match is AA, the 
reference pattern A is not allowed as the second candidate to the last frame at level 2. This 
situation occurs extremely infrequently; however, it can and does occur from time to time. 

7 SUMMARY OF CONNECTED WORD RECOGNITION ALGORITHMS 7, 

We have presented three approaches to solving the "connected word recognition" problem­
namely, the two-level DP algorithm, the LB method, and the (frame synchronous) one-pass 
method. The algorithms all are fundamentally identical in that they provide the identical 
best matching string with the identical matching score. Basically the algorithms differ 
in computational efficiency, storage requirements, and ease of realization in real-time 
hardware. 

Although we have concentrated primarily on word template patterns, it is easy to see 
that the basic procedures are virtually identical for statistical models like HMMs. To see 
this. consider the case of level building using N-state HMMs instead of N,.-frame reference 
patterns. If we denote the test frame index as t, l :::; t :::; T, (rather than n as is conventionally 
done for HMMs), and we denote the test frame vector as o, (rather than tn as we have done 
throughout this chapter). then the local log likelihood for state j of reference model ..\ ,. is 
(for an M-mixture density) 

(7.43) 

The level building computation is therefore a calculation of P';(r), 1 :::; t :::; T, 1 :::; v :::; V, 
1 < £ :::; Lmax, the accumulated log likelihood to frame t, at level£, for reference model ,,\v 

along the best path along with F'e(t), the backpointer indicating where the best path started 
at the beginning of the level. At the end of each level we compute the "level best" scores 
as 

P1(t) = max P"e(t), 1 :::; t :::; T (7.44) 
l$v'.5V 

Nf (t) = arg max P"e(t), 1 :::; t :::; T (7.45) 
I '.S v'.5 V 

F1(t) = F/_1(1)(t), 1:::;r:::;r (7.46) 

with solution 
p• = max [Pf(T)]. (7.47) 

I $l$lm.x 

Figure 7 .25 illustrates the grid for the level building computation for a set of N-state HMMs. 
The regularity of the grid (the trellis shape) is due to the lack of constraint about remaining 
in a state for more than one or two frames for statistical models. 

Finally it should be clear that all three algorithms are equally amenable to inclusion 
(integration) of an FSN grammar network to constrain allowable word sequences. Consider 
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Figure 7.25 Use of HMMs in the level building procedure. 

f=1 

an arbitrary FSN grammar network with a typical node, g, as shown in Figure 7.26. The 
input to the grammar node is a series of word arcs ( corresponding to words in the vocabulary) 
from predecessor grammar nodes i - 1, i and i + 1. Since all these inputs merge at grammar 
node g, the basic computation at this grammar node is to determine the maximum likelihood 
path over the set, P(g), (which constitutes the paths of all words coming into g), and to 
propagate this path to all successor nodes, namely j - 1, j, j + 1 through the appropriate 
word arcs. The grammar node computation is iterated over all nodes in the grammar in an 
organized fashion (so that all computation necessary for node g is done before considering 
node g). 

The way in which computation for the grammar FSN is integrated into the connected 
word algorithm is shown in Figure 7.27. For each test frame, t, the spectral vector 
is computed, and then the local likelihood ( or distance) scores are computed for every 
reference pattern state (or frame). In parallel the local combinatorics (within reference 
patterns) are performed (the local distance scores are added at the end of the computation). 
The grammar network scores (corresponding to word transitions) are then computed and 
the procedure is iterated until the last test frame, at which point a backtracker is used to 
determine the best matching string. 
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Figure 7.26 A typical grammar node of an FSN 
grammar network (after Lee and Rabiner [9]). 
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Figure 7.27 Block diagram of connected word recognition computation. 

7.8 GRAMMAR NETWORKS FOR CONNECTED DIGIT REEOGNITION 

425 

One of the most important applications of connected word recognition is connected digit 
recognition because of its potential application to credit card entry, all-digit dialing of 
telephone numbers, personal identification number (PIN) entry, catalog ordering, and so on. 
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Figure 7.28 Three possible grammar networks for connected digit recognition (after Lee and Rabiner 
[9]). 

Thus in this and the next section we will concentrate on aspects of this important application, 
including forms of the grammar network that are often used, and some implementation and 
performance aspects of current systems. 

Figure 7.28 shows three general grammar networks for connected digit strings. The 
network of part (a) is the simple search of the one-pass algorithm without level information. 
Thus the network will always find the best string, but cannot control the string length, and 
therefore is unusable for known string length tasks (e.g., choosing the best seven-digit 
string to represent a spoken telephone number). 

The network of Figure 7 .28, part b explicitly breaks out digit strings of length one to 
seven digits, and therefore corresponds to the level building approach with Lmax = 7. As 
we have seen, the local combinatorics search requires about 7 times the computation of the 
simple grammar network of part a; however, local distance computation remains the same. 

The network of Figure 7 .28, part c represents a reasonable compromise between 
the networks of parts a and b in that it breaks out three distinct levels corresponding to 
string lengths of 3n 1 + 1, 3n2 + 2, and 3n3 + 3 digits where n 1, n2 and n3 are arbitrary 
integers. The idea here is that if the input is an n-digit string, the most likely errors are 
single-digit insertions or deletions, at which point one of the three outputs will most likely 
not have the single insertion or deletion, and will be the correct string. The computation 
is only three times the combinatorics search of part a, with again the same computation 
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sec. 7.9 Segmental K-Means Training Procedure 427 

for local distances. 

SEGMENTAL K-MEANS TRAINING PROCEDURE 

The discussion in the previous sections focused primarily on efficient and optimal solutions 
to the so-called decoding problem, in which the likelihood (or distance) of a given speech 
pattern (the unknown test pattern) corresponding to a string of words is evaluated. Of 
equal importance is the connected word training problem in which the object is to derive 
appropriate word reference patterns or models from a labeled training set of many connected 
word sequences. The major problem here is the lack of an exact (precise) correspondence 
between speech segments and the spoken words they correspond to. One could consider 
manually segmenting and labeling each spoken training utterance into the individually 
spoken words of each string. However, this process is a tedious one that is well known to 
be error prone because of inconsistencies in determination of the exact boundaries between 
adjacent words in the string. Hence what is required for connected word training is a 
fully automatic procedure for both segmentation of a connected word string into individual 
words, and model (pattern) training from the segmented strings. Such an algorithm is 
described in this section. 

The way in which the individual digit models are derived from connected word 
training strings is a procedure called the segmental k-mean training procedure, which is 
a straightforward variation on the well-known k-means iteration (e.g., as used for vector 
quantizer design) [11-13). The basic idea is to have a training set of labeled connected 
digit strings, and an initial set of digit models (e.g., isolated digit models). (The procedure 
to be described works even without an initial set of digit models, but we will not describe 
how this is accomplished here.) 

The segmental k-means training procedure (as shown in Figure 7.29) works as follows 
(when used for training HMMs): 

1. Given the initial model (the set of word pattern files) and the (labeled) training files, 
any of the connected word recognition procedures is used to segment each training 
string into individual digit tokens which are stored in appropriate files according to 
the identity of the digits. (This is the segmentation phase into words.) 

2. Each file of word tokens (e.g., the file for all the ls in the training set) is then 
segmented into states and within each state the parameters of the mixture density 
(the mixture weights, means, and covariances) are determined using a standard VQ 
clustering procedure. The result of this procedure (which we call the word pattern 
building algorithm) is an updated set of word models. 

3. A test for convergence is made, either based on a set of testing files or based on the 
likelihood scores of the training set files. If the convergence test shows continuing 
improvement in performance, the procedure is iterated (i.e., steps l and 2 are repeated 
using the updated set of word models); otherwise the procedure is terminated and the 
updated set of models is the final set of models. 
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Figure 7.29 The segmental k-means training algorithm for connected 
word strings (after Rabiner et al. [13)). 

7.10 <::ONNECTED DIGIT REC!OGNITION IMPLEMENTATION 

A block diagram of a canonic system for connected digit recognition is shown in Figure 7 .30. 
There are three basic steps in the recognition process, namely: 

1. Spectral analysis, in which the speech signal, s(n), is converted to an appropriate 
spectral representation, e.g., filter-bank vector, LPC-based vector, ear model vector. 

2. Connected word pattern matching, in which the sequence of spectral vectors of the 
unknown (test) connected digit string is matched against whole word (single digit) 
patterns using any of the algorithms discussed in this chapter. The output of this 
process is a set of candidate digit strings, generally of different lengths, ordered by 
distance (likelihood, probability) score. 

3. Postprocessing, in which the candidate digit strings are subjected to further process­
ing (e.g., based on digit durations, word stress, etc.) so as to eliminate unreasonable 
(unlikely) candidates. The postprocessor chooses the most likely digit string from 
the ordered list of candidates which passed the postprocessor tests. 

---
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Figure 7.30 Block diagram of connected digit recognition method (after Rabiner et al. [13)). 

In the remainder of this section we present an overview of the techniques that are currently 
used to provide the best performance (highest string accuracy) on this task. 

7.10.1 HMM-Based System for Connected Digit Recognition 

The system that provides the highest reported string accuracy on a standard testing set is 
one based on LPC cepstral analysis and HMMs. In particular, the spectral analysis uses an 
LPC front end with the following characteristics: 

• sampling rate---6.67 kHz 

• analysis window size-300 samples (45 msec) 

• analysis window shift-1OO samples (15 msec) 

• LPC order-8 

• cepstrum order-12 

• delta cepstrum order-12 

• delta-delta (second difference) cepstrum order-12 

• cepstral window-raised, sinelike window 

The observation vector used was a 38-component vector consisting of 12 cepstral co­
efficients, 12 delta cepstrum coefficients, 12 delta-delta cepstral coefficients, delta log 
energy, and delta-delta log energy. (The log energy was used directly in the evaluation of 
model likelihoods on the basis of measured histograms, rather than as a component of the 
observation vector.) 

The hidden Markov models used for each digit model were left-to-right models of 
the type shown in Figure 7 .31. Each model had N states (N varied from 5 to IO for 
different digits), and within states a continuous mixture density was used to characterize 
the observation vector, where the number of mixture components per state was as few 
as 3 (for speaker-trained models) and as many as 64 (for speaker independent models). 
In addition to the spectral density, an empirically derived log energy probability density 
(e.g., a histogram) was used within each state (with appropriate weighting), as well as an 
empirically derived state duration density. For the postprocessor a single Gaussian digit 
duration density was used_ based on the measured mean duration and variance from the 
training set. 
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Figure 7.31 Connected digit HMM (after Rabiner et al. I 13)). 

7.10.2 Performance Evaluation on Connected Digit Strings 

To evaluate the perfonnance of connected digit recognition algorithms ([ 13-15]), two 
databases have been used: 

1. DB50, consisting of 50 adult talkers (25 male, 25 female), from the local, nontechnical 
population of Murray Hill, New Jersey. Each talker provided from 600 to 1150 digit 
strings, for a total of 47,336 strings. The digit strings were recorded off of local, 
dialed-up, telephone lines (100-3200 Hz bandwidth), and were variable in length 
from 1 to 7 digits. Within each string the selection of digits was random from the 
set of zero to nine (oh was excluded). All digit strings were spoken fluently with no 
pauses. 

2. Tl Set, consisting of a training set of 112 talkers (55 male, 57 female) with 22 
regional accents, and a testing set of 113 additional talkers (56 male, 57 female) from 
the same 22 regions with no overlap between training and testing set talkers. Each 
talker spoke 77 connected digit strings of length 1-5 or 7 digits. The input provided 
was wideband ( I 00-7000 Hz) but was lowpass filtered to telephone bandwidth at 
Bell Labs for compatibility with the OB50 set. There was a random selection of 
digits within each string from the set of 11 digits including both zero and oh. Even 
though talkers were requested to speak each string fluently with no pauses, a few 
strings had internal pauses. 

The first data base, OB50, was used for tests in a speaker-trained and a multispeaker mode, 
whereas the second database, TI Set, was used for speaker-independent tests. To contrast 
the spoken material in the two sets, Figure 7 .32 shows a plot of the average speaking rate 
(measured in words per minute) of the two datasets as a function of the number of digits 
in the string. It can be seen that the speaking rate of the TI talkers is somewhat lower than 
that of the OB50 talkers (by from 10-20 wpm). 
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Figure 7.32 Average speaking rate of talkers in the two connected digit 
databases as a function of the number digits per string (after Rabiner et al. (13]). 
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The conditions used in the performance evaluations were as follows (when used for 
training HMMs): 

1. Speaker-Trained Mode (SO Talkers)-For each talker, half the strings (randomly 
selected) were used for training, the other half for testing. A single HMM per digit 
was used. (For this test the observation vector did not use either energy or delta-delta 
cepstral components.) 

2. Multispeaker Mode (SO Talkers)-One-fourth of the training set, as in the speaker­
trained mode, was used for training 6 models per digit (using clustering techniques); 
the same testing set was used as in the speaker trained mode. (Again the delta-delta 
cepstral components or energy were not used in the observation vectors.) 

3. Speaker-Independent Mode (22S Talkers)-The specified training and testing sets 
were used to create a single HMM per digit (based on the 38 parameter observation 
vectors). No silence model was created to account for pauses within digit strings. 

The resulting performance of the connected digit recognizer is shown in Table 7.1. 
For each of the three testing conditions, results are given for self-test (namely, testing 
on the training data) and for the true testing set, in terms of average string error rates 
(%) for unknown length (UL) strings (i.e., allowing insertions and deletions as well as 
substitutions), as well as for known length (KL) strings (i.e., only allowing strings of the 
correct length). Performance in all three modes is comparable with string error rates around 
1-3% for unknown length strings, and 0.4-1.7% for known length strings. (Performance 
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TABLE 7.1. Average String Error Rates(%) for Connected 
Digit Recognition Tests 

Training Data Testing Data 

Mode UL KL UL KL 

Speaker Trained 0.4 0.16 0.8 0.35 
Multi-Speaker 1.7 1.0 2.85 l.65 
Speaker Independent 0.3 0.05 l.4 0.8 

scores for speaker-trained and multispeaker modes are underbounds, since the tests were 
not performed with the extended observation vector used in the speaker-independent mode 
tests.) 

7 .11 SUMMARY 

In this chapter we have shown how the results presented in earlier chapters on time alignment 
of single words and phrases can be extended to the problem of aligning an input consisting 
of a sequence of words to a concatenation of individual word patterns. We have shown 
how an optimal matching can be achieved using one of several different procedures, and 
we have also shown how the basic ideas can be applied to either templates or statistical 
models. By way of example, we showed how the techniques described have been applied 
to the problem of recognizing a fluently spoken string of digits with high performance. 
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