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INTRODUCTION

In the following a device for automatic recognition of isolated words will be
described. It was developed at The department of Speech Communication and
music acoustics at KTH and was ready by April 1982. Research in this area has
been pursued since the beginning of the seventies. The present system has
earlier been implemented on minicomputers - first a Control Data Corporation
1700 and later on a Data General Eclipse S-140 (Elenius & Blomberg, 1982). The
current compact system has been made possible by the rapid development in
the area of integrated circuits. The most important parts of the system is a 16 bit
micro processor and a single chip digital signal processor.

Automatic speech recognition is among other things useful in situations
where an operator is inputting data to a computer in parallel with using his
hands for other tasks, e.g., when sorting goods or inspecting products. Another
application is the voice control of a word processor, while inputting the text
manually.

The recognition strategy used can in short be described as an extraction of a
number of speech parameters from the acoustic speech signal for each word.
The speech parameters describe the word by their variation over time and
together they build up a pattern that characterises the word. In a training phase
the operator will read all the words of the vocabulary of the current
application. The word patterns are stored and later when a word is to be
recognised its pattern is compared to the stored patterns and the word that
gives the best correspondence is selected. This technique is generally referred
to as pattern recognition.

BRIEF DESCRIPTION OF THE HARDWARE BOARDS

The hardware of the word recogniser consists of a general micro computer, and
a signal processor for the acoustic analysis of the speech signal. The micro
computer board consists of the Motorola MC-68000 micro processor and also
has facilities for the input and output of data and memory managing circuits
for the memory cards. The size of the memory boards is currently 32 kByte -
RAM and ROM - per board, but they are made ready for different sizes. The
speech analysis board implements a spectrum analyser in the form of a 16
channel filter bank. It consists of a microphone amplifier, an anti-aliasing filter,
a CODEC for the A/D-conversion of the speech signal and a signal processor
NEC-7720P. A minimal system has three Europe boards can recognise 24
words. Adding more memory boards will increase the maximum vocabulary.

                                               
* This paper is a translation of a paper originally published in the proceedings of the

1982 meeting of "Nordiska akustistka sällskapet" (The Nordic Acoustical Society),
pp. 383-386.
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DESCRIPTION OF THE RECOGNITION SYSTEM

A block diagram of the system can be seen in Figure 1. The speech signal is low
passed by an anti-aliasing filter and is fed to the CODEC, where it is sampled
at 10 kHz and digitally converted, before it is taken care of by the signal
processor that functions as a filter bank. The filter spacing is according to the
theory of critical bands, that is based on the frequency resolution of the ear
(Elenius, 1980). Sixteen band pass filters of the fourth order are calculated
between 200 Hz and 5 kHz. The maximal amplitude within each band is
measured during a 25 ms interval. The amplitudes are then fed to the micro
processor that thus will sample a spectral section of 16 amplitudes every 25 ms
(40 Hz). To reduce the data a cepstrum (cosine) transform is calculated from the
filter amplitudes according to the following formula (Davis & Mermelstein,
1980):
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Ak is the amplitude of filter k and Cj is the cepstrum coefficient j. The term -0.5
is included to make filter number 8 influence the calculations. We now have 6
parameters describing the spectrum at each sample point of 25 ms. Since the
zero-th coefficient is not calculated the parameters are in principle independent
of signal amplitude.
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Figure 1 Block diagram of the recognition system. Dashed lines mark boundaries between
different hardware components.

To decide when a word starts and ends the system is mainly sensitive to the
speech signal amplitude in a low pass band. When this amplitude goes above a
given threshold level the word has started and when the amplitude goes below
it the word has ended. Short intervals, on the order of 200 - 300  ms, outside
these endpoints are also included in the word. The word is then normalised to
a fixed length of 32 sample points. Even though a linear normalisation is not
enough to take care of all the time variation it will give a good first
approximation. Also it gives all words the same nominal length which will
facilitate coming calculations.
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Figure 2 Time mapping for pattern recognition. The stimulus word is mapped to a shorter
reference word. Without normalisation phoneme D of the stimulus will be mapped to
the A of the reference. A linear mapping is substantially better even though some
time differences remain. The non-linear mapping is achieved by dynamic
programming.

The system first has to learn the speech parameter patterns for the words of
the user vocabulary. This is done in a training phase when all words are
repeated a number of times and a reference template of each word is calculated
as a mean value over its repetitions. The templates are then stored and are
specific for each user. In the recognition phase the unknown word is then
compared to all reference templates and a distance is calculated to all of them.
In these calculations a certain amount of non-linearity is allowed in the
mapping of the test word to the reference words, since the linear time
normalisation already done will frequently not be sufficient. The dynamic
programming algorithm used allows for locally stretching and shrinking the
speech signal to between 50% and 200% and is described in the Appendix. It
increases the amount of local distance calculations between test and reference
patterns but it results in a better mapping of the time relations. After measuring
the distance to all the references the word that gives the smallest distance is
selected. To avoid responses for unintentional sounds and background noise a
rejection threshold is used. If the distance to all words are above the given
threshold the input will be rejected.

PRELIMINARY RESULTS

The system has been preliminary tested using one speaker and two different
vocabularies - one including all Swedish consonants and one including all
vowels.
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The consonants are read in an A-context, e.g., AMMA, APPA, AFFA. The
vocabulary were read 10 times in a normal tempo to train the vocabulary.
During the recognition test the same words were used but spoken in seven
different ways; normal, fast, lax, emphatic, slow plus normal with a different
angle to the microphone and normal with an increased distance to the
microphone. The vowel test was done in a similar way with the vowels in an
H-L context, e.g., HAL, HOL. In this experiment the lax and emphatic versions
were not tested. The vocabularies may be considered as difficult - it is not very
easy to discriminate between APPA and ATTA, AMMA and ANNA or HIL
and HYL. We have done the same test with three commercial, American word
recognition systems. None of them used the dynamic programming technique.
Their recognition scores were 55% - 75% for the consonants and 85% - 90% for
the vowels. The corresponding scores for our system were 86% and 95%.
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APPENDIX

The algorithm used for the dynamic programming is described in Sakoe &
Chiba, 1978. Here we give a short summary of the method. The linear time
normalisation results in the same length (number of sample points) for all word
patterns. We assume having two word patterns A and B represented by a
sequence of cepstrum vectors in the sample points 1 to N (N = 32).
A = a1, a2, ..., aN B = b1, b2, ..., bN
The distance d(i,j) between vectors ai and bj is:
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P = 6, the number of cepstral coefficients used.
The accumulated distance g(i,j) from the beginning up to a time position i,j
between patterns A and B is recursively calculated according to:
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Moreover we have the boundary condition that the first and the last point of
patterns A and B must be mapped on each other. The overall distance between
the patterns is then:D A B g N N( , ) ( , )=
To reduce the number of distance calculations a time window r is introduced:
i j r− ≤
It defines the maximally allowed deviation from a linear time normalisation,
which is given by the line i=j in our case. A reasonable value of r is 3 sample
points. The time for matching two patterns will then be 50 ms. The time for
doing a linear time normalisation is only 4 ms.


