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Speech Recognition Review

Speech is a natural mode of communication for people. We learn all the
relevant skills during early childhood, without instruction, and we continue to rely on
speech communication throughout our lives. It comes so naturally to us that we don’t
realize how complex a phenomenon speech is. The human vocal tract and articulators
are biological organs with nonlinear properties, whose operation is not just under
conscious control but also affected by factors ranging from gender to upbringing to
emotional state. As a result, vocalizations can vary widely in terms of their accent,
pronunciation, articulation, roughness, nasality, pitch, volume, and speed; moreover,
during transmission, our irregular speech patterns can be further distorted by
background noise and echoes, as well as electrical characteristics (if telephones or
other electronic equipment are used). All these sources of variability make speech
recognition, even more than speech generation, a very complex problem.

The current state of the art in speech recognition depends on the conditions
under which it is evaluated: under sufficiently narrow conditions almost any system can
attain human-like accuracy, but it’s much harder to achieve good accuracy under
general conditions. The conditions of valuation-and hence the accuracy of any system-
can vary along the following dimensions:

• Vocabulary size and confusability
• 10 digits can be recognized essentially perfectly (Doddington 1989)
• Vocabulary sizes of 200, 5000, or 100000 may have error rates of
 3%, 7%, or 45% (Itakura 1997, Miyatake 1990, Kimura 1990)
 

• Speaker dependence vs. Independence
• Single speaker system is intended for use by a single speaker
• Multi-speaker system is intended for use by a small group of people
• Speaker-adaptive system can be tune themselves to any speaker

 

• Isolated, discontinuous, or continuous speech
• Isolated speech means single words.
• Discontinuous speech means full sentences in which words are artificially

separated by silence.
• Continuous speech means naturally spoken sentences.
 

• Task and language constraints
• Task-dependent
• Semantic
• Syntactic
• Grammar
 
 



• Read vs. Spontaneous speech
• Spontaneous speech is vastly more difficult, because it tends to be peppered

with disfluencies like “uh” and “um”, false states, incomplete sentences,
stuttering, coughing, and laughter; and moreover, the vocabulary is
essentially unlimited.

 

• Adverse conditions
• environmental noise
• acoustical distortions
• different microphones
• limited frequency bandwidth
• altered speaking manner

The central issue in speech recognition is dealing with variability. Currently,
speech recognition systems distinguish between two kinds of variability:

1.  Acoustics variability
 Covers different accents, pronunciations, pitches, volumes, etc.

2.  Temporal variability
Covers different speaking rates

Acoustic variability is more difficult to model, partly because it is so
heterogeneous in nature. Consequently, research in speech recognition has largely
focused on efforts to model acoustic variability. Past approaches to speech recognition
have fallen into three main categories:

1. Template-based approaches, is which unknown speech is compared against
a set of prerecorded words (templates), in order to find the best match. This
has the advantage of using perfectly accurate word models; but it also has
the disadvantage that the prerecorded templates are fixed, so variations in
speech can only be modeled by using many templates per word, which
eventually becomes impractical.

2. Knowledge-based approaches, in which “expert” knowledge about
variations in speech is hand-coded into a system. This has the advantage of
explicitly modeling variations in speech; but unfortunately such expert
knowledge is difficult to obtain and use successfully, so this approach was
judged to be impractical, and automatic learning procedures were sought
instead.

3. Statistical-based approaches, in which variations in speech are modeled
statistically (e.g., by Hidden Markov Models, or HMMs), using automatic
learning procedures. This approach represents the current state of the art.
The main disadvantage of statistical models is that they must make a priori
modeling assumptions, which are liable to be inaccurate, handicapping the
system’s performance. We will see that neural networks help to avoid this
problem



In English language, there are several possible choices for subword units that
can be used to model a speech system, including the following:
(Rabiner and Juang 1993)

• Phoneme-like units 50 PLUs
• Syllable-like units 10,000 syllables
• Demisylable-like units 2,000 demisyllable-like unit

In past, phoneme-based have been often used because of the less numbers of
phoneme-like units.  Phoneme-based recognition has been attempted using both frame-
based and segment based approaches, in which systems also have disadvantages and
advantages.  But the frame-based systems are currently more popular since they do not
require explicit of segment boundaries.  Evidence suggesting that the transitional  part
of speech carries important information for speech perception exists, therefore,
transition based have been used. (Hu 1995)

One idea arising again recently is the proposal of a paradigm shift from
phoneme-based to syllable-based recognition system. (Hu 1996; Pfitzinger 1996;
Ganapathiraju 1997)

Some of the potential advantages of syllable-base ASR are: (Hauenstein 1996)
• The human auditory system integrates time spans of about 200 ms of

speech, which corresponds roughly to the duration of syllables. Thus the
very robust human perception may be modelled more accurately by use of
syllables instead of phonemes

• The relative duration of syllables is less dependent on variations in speaking
rate than the relative duration of phonemes. Therefore the mismatch
between the observation window for classification (feature vectors including
multiple frames and ∆-components) and the duration of the unit classified is
reduced for speakers whose speaking rate varies from the average.

• It was shown that time spans of 250 ms are suitable for methods of cepstral
mean subtraction in order to suppress convolutional noise.

A robustness speech recognition system is currently the one interesting topics,
such as a speech recognition system in noise and echo environments.(Barnard 1995;
Kingsbury 1997)  The past feature extraction method were not able to solve the noise
in the echo environment problem.  Therefore, many methods have been designed to
resolve these system, namely RASTA-PLP. (Hermansky and Morgan 1995; Shire
1997)

A dynamic time wraping was a well-known method for pattern comparisons,
after that Hidden Markov Model (HMM) and Neural Network (NN) have been applied
to speech recognition system.(Vermeulen 1995)  Recently, both systems have been
combined as a hybrid systems to achieve the accuracy rates.(Tebelskis 1995)



Over the past few years, Support Vector Machine (SVM) is a new technique
that has been created a lot of interest in the pattern recognition community
(Ganapathiraju 1998), however, the results of these system are still not satisfied.
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