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ABSTRACT

We present in this paper a dynamic programming parsing
algorithm in the framework of continuous speech recognition.
The language of the applications we want to deal with, is
described using a context-free grammar given in Greibach
normal form. The parsing algorithm follows the level-
building technique and finds the p sentences matching the
speech signal with the best scores. Our approach is different
from the existing ones, in the sense that it is suboptimal but
with a lower order of complexity. By suboptimal we mean
that a syntactically correct sentence with a score belonging to
the p best ones can be missed by our algorithm. This leads us
to discuss the trade-off between quality of results on the one
hand and the complexity of the algorithm on the other hand.
As a conclusion, we will see that in practice, our approach
yields results of comparable quality in spite of their slight
theoritical corruption.

Keywords: Dynamic Programming, Context-Free
Grammars, Continuous Speech.

1. INTRODUCTION

Until recently, only regular grammars were considered in
dynamic programming {1][2]. In 1984, F. Charpillet ez. al.
[3] published a dynamic programming algorithm handling
context free grammars specified as Backus-Naur rules. The
proposed algorithm worked directly from those rules, using a
top-down parsing approach. To our knowledge, it was the first
attempt at solving this probiem. The resulting system was
assessed on two applications:

- a telephone switchboard operating system
developed in the framework of MYRTILLE I
project [4],
- a vocal text editor developed for the MAUD project
[5] whose the purpose is the oral entry of texts.
In 1991, H. Ney proposed a similar algorithm [6]. Unlike our
approach, the specification of the grammar is the Chomsky
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normal form and the recognition process follows a bottom-up
policy. Details of the two previous algorithms are not
presented in this paper.

We have recently proposed another algorithm which is able of
handling a context-free grammar. The new algorithm basically
differs from the two previous ones by being suboptimal but
presenting a lower order complexity. Indeed, the
computational cost of our algorithm is of order 12, where I is
the length of a pronounced sentence expressed in terms of the
number of phonemes it contains. By contrast, the two former
algorithms are of higher complexity.

2. OVERVIEW OF THE SYSTEM

As illustrated in figure 1, the architecture of our system is
made up of three components:

- APHODEX [7] an acoustic-phonetic decoder which
yields a phonemic lattice,

-a lexical component which is in charge of
performing the matching between a portion of the
phonemic lattice and a set of candidate words. As a
result, a score and the best time alignment is
returned for each processed word.

- a parser which is in charge of building syntactically
correct interpretations of the phonemic lattice.

Let us present now, the knowledge sources used by the lexical
component and the parser.

2.1 Lexical Knowledge Sources

The recognition process uses as input a phonetic lattice
provided by the APHODEX decoder. The lexical component
operates on this lattice with the purpose of finding for a given
word the best time alighment between the lattice and the
phonemic transcription of the word. This is performed
accounting for phoneme substitutions, deletions and
insertions. For this purpose, we use the following knowledge
sources:

-a confusion matrix giving the likelihood of
confusion between any two phonemes,
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- a deletion matrix giving for each phoneme the
probability APHODEX fails to detect it,

- an insertion matrix giving for each phoneme the
probability the decoder erroneously detects it,

-a set of production rules accounting both for
acoustic-phonetic decoder phonological lexical
variation and behaviour of the acoustic-phonetic
decoder.
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Figure-1- Architecture of the system.

The phonetic lexicon contains the description of all the words
that are understandable by the recognition system, i.e. the
terminal symbol of the grammar describing the language of
the application. Each entry is made up of:

- a graph standing for the phonetic form of the entry
and describing the possible productions of the
word (Figure 2 gives an example of such a graph),
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Figure-2- Phonemic Representation of the word: petite.
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- a phonological end point giving the way the word
will be connected to the next one.

- the syntactic class the entry belongs to (i.e. a non-
terminal symbol of the grammar),

- the orthographic form of the entry.

2.2 The Syntactical Knowledge Source

The language of the applications we want to deal with, being
restrictive, it is described using a context-free grammar.
Hopcroft and Ullman describe in [8) some of the basic
simplification of context-free grammars and prove two normal
form theorems:

- the Chomsky Normal-form Theorem,
- the Greibach Normal-form theorem.

The first theorem, states that any context-free grammar can be
generated by production rules of two forms:

U—-»VW
U->u

where upper case letters denote nonterminals and lower case
letters denote termminals. Similarly, the second theorem proves
that any context-free grammar can be generated using
production rules of the form:

A-aaq,

where A, a and o respectively denote a nonterminal (or
metavariable), a terminal and a sequence (that may be empty)
of nonterminal symbols.

For its simplicity we have chosen the Greibach normal form.
In our system a preprocessor transforms grammars given
under Backus-Naur form into Greibach normal form.

3. THE ALGORITHM

Let us now describe the parsing algorithm we have developed.
We adopt in the following the notation introduced by Herman
Ney in [6].
Our algorithm relies on the result of the lexical component.
For a given word "a" and a given portion [i, j] of the phonetic
lattice, it returns a score D(i, j a) standing for the
likeliwood the word "a" occurs in the phonetic lattice between
segment i and j. A cumulative score is also defined: S(i, j
| A) representing the likelihood the sequence A can be derived
as a sequence of terminal symbols occurring in the phonetic
lattice between i and j segments.
For a given triple (i, j | A) there are one way of derivation :
A— a o. This leads to the following dynamic programming
relation:

(1) SG,j |A) = min {DG, Iy, 2) +2 SUx.1, I |By)}
Bkx € a.

in which i<lp<l])<...<j and the minimisation is carried out

over all boundaries lg, 11,... and production rules that have A
as left-hand side symbol.
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Our algorithm follows the level-building technique [9]. Then,

the dynamic programming relation (1) is developed level by
level while the sequence o has not been completely denved in
term of termmal symbols. At level one, only the n terminal

symbol ai , Tesulting from the use of rules of the form.
1.
R::S - af aj,

are derived, where S denotes the start symbol. Let us note that
the subscript stands for the rule index and the superscript
represents the level.

For the jth phoneme of the pronounced sentence, where
1<j<I, the algorithm memorizes the p paths with the best
scores (p is a parameter of the algorithm), along with the
associated terminal symbols and production rules invoked.
Level two compares only ni2 terminal symbols bj resulting

from the use of level two rules R2i activated on

encountering the first (i.e; the leftmost) nonterminal symbol
on the right hand side of the subset of the production

rules l%i associated with level one paths. Since at each
level, for the jtb phoneme of the pronounced sentence, with
1<j<I, p optimal paths are kept, level two involves p. “i2

comparisons. Subsequent levels work along the same
principle as level two.

Our algorithm is suboptimal in the sense that at level n (n is
the number words in the sentence pronounced), the algorithm
can fail to detect any of the syntactically correct sentences.
The concept of "admissible sentences” helps to explain how
such a situation can occur. Let aja)...ap 0 be a sentential
form of the given grammar ( a sentential form is a string that
can be derived from the start symbol). The a; denotes a
terminal symbol while o represents a sequence of nonterminal
symbols. In this case, the sub-string ajaj...a, is admissible
for the given grammar. It could occur that none of the p
optimal and admissible sentences of level-n leads to a
syntactically correct sentence. In such a case, our algorithm
fails to come up with a solution at level-n. The occurrence of
such a case can however be rendered quite improbable through
suitable adjustment of the value of p in accordance with the
complexity of the grammar. The proposed algorithm does
raise the question of the usefulness of optimal algorithms,
because of their much higher computational complexity,
when compared to suboptimal algorithms which are
computationally less costly and which, in practice, yield
results of comparable quality in spite of their slight theoritical
corruption.

4. COMPLEXITY OF THE ALGORITHM

Let n be the number of levels.

Let J be the mean length in term of phonemes of the words of
the language.

Let I be the length in term of phonemes of the phonetic
lattice.

Let |u| be the mean number of terminal symbols put in
correspondence at each level.

Let p be the number of paths stored at each level for each
phoneme.
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Then the number of operations calculated during dynamic
programming is:

C=np lulrL

If we suppose that generally J . 1/10 then it comes that:

_nplulI2
C= 10

This complexity is to be compared to the complexity of I3 of
NEY's algorithm. To this number C of operation we have to
add the number L of comparisons made to find the p best
paths:

L=n lulpIlogy(p).

5. CONCLUSION

We have presented in this paper, a dynamic programming
parsing algorithm for context-free grammars. Our algorithm is
suboptimal but it presents a lower-order of complexity when
compared with already published algorithms. This
suboptimality is perhaps a theoretical problem but in practice
the results obtained by the different algorithms are comparable
[10]. This last point should favour our algorithm when used
in the framework of the tasks described in this paper.
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