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Speech Technologies

Speech technology covers applications such as the recognition or synthesis of speech, speaker
recognition, and optimized coding and enhancement of speech. Major research efforts have
been invested in speech technology both in academia and in industry, which have led to sev-
eral breakthroughs. After several decades of research, coding, synthesis, and recognition of
speech are used extensively in several applications. The widespread adoption of speech tech-
nologies has been enabled by the advent of sufficiently powerful and relatively inexpensive
digital processors.

Many user interfaces based on speech exist. A computer may take commands by recording
the speech of the user, thus requiring speech recognition abilities, and it may deliver messages
to the user by producing intelligible speech, which requires speech synthesis technology. This
interaction was shown conceptually in Figure 1.5 on page 5. In mobile communication, the
goal is often to present speech at as low a bit rate as possible, which has led to many methods
for speech coding, where the special characteristics of speech signals have been taken into
account.

This chapter provides a very brief overview of different technologies in speech coding, syn-
thesis, and recognition. The focus is very much on acoustics, signal processing, and audio, and
the linguistic and statistical aspects are, in many places, treated superficially. Overall, the aim
of this chapter is to give a general description of the main fields in speech technology and to
guide interested readers to more comprehensive sources.

Speech enhancement is a wide area, which covers such topics as error concealment, noise
reduction, bandwidth extension, and echo control in the context of speech communication
(Vary and Martin, 2006). The goal of noise reduction and echo control should be clear to
the reader. Bandwidth extension refers to techniques used to extend the bandwidth of trans-
mitted narrowband speech to deliver better speech quality to the user. Error concealment refers
to applications where the speech decoder is forced to ‘“fill in’ missing data from the received
speech signal. For example, when some frames of speech are lost in communication, the con-
tent of missing frames has to be guessed through some intelligent solutions to maximize speech
quality. These techniques are not discussed in detail in this book.
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344 Communication Acoustics

spectral filtering are computed that are assumed to produce an output perceptually similar to
the original segment when applied to the source—filter model in synthesis. This is done by
first decomposing the speech data into vocoder parameters, and then estimating the Gaussian
statistics (mean and variance) of the vocoder parameters and the duration for each state for all
context-dependent phonemes. Using multi-stream HMM training (Gales and Young, 2003),
the system can model the spectrum, excitation, and duration of each segment in a unified
framework.

The parameters utilized in the source and filter depend on their actual implementation. For
example, the spectral parameters may be represented as mel frequency cepstral coefficients
(Fukada et al., 1992) or as line spectral frequencies (Soong and Juang, 1984), and the fun-
damental frequency of the voiced excitation is often presented as the logarithm of fy. The
computation of mel cepstra was discussed in Section 13.1.1. The logarithm of fp, in turn, corre-
sponds to the frequency scale used in music (see Section 11.6.2). Commonly, a simple impulse
train is used for exciting voiced speech, but the waveform of a voiced glottal excitation, inverse
filtered from natural speech, may also be used to improve naturalness (Raitio et al., 2011).
The STRAIGHT method is nowadays commonly used as a speech vocoder (Kawahara, 2006),
and in other speech processing besides data-based speech synthesis. In STRAIGHT synthesis,
the source signal is generated using mixed excitation consisting of impulses and a noise com-
ponent acting as the aperiodic component of voiced speech. Finally, the pitch-synchronous
overlap add (PSOLA) method (Moulines and Charpentier, 1990) is used to reconstruct the
excitation signal, which is then applied to excite the filter.

The synthesis part performs an operation that resembles the inverse of speech recognition
(Zen et al., 2009). A given word sequence is first converted into a sequence of context-
dependent labels. After this, the HMM of an utterance is constructed by concatenating the
context-dependent HMMs following the label sequence. Then, smooth sequences of spectral
and excitation parameters are generated from the utterance HMMs using the mean and vari-
ance values of each state. Finally, a speech signal is synthesized using excitation generation
and a speech synthesis filter.

With regard to the quality of speech obtained with statistical parametric synthesis, Zen
et al. (2009) conclude with the words, ‘Although even the proponents of statistical paramet-
ric synthesis feel that the best examples of unit-selection synthesis are better than the best
examples of statistical parametric synthesis, overall it appears that the quality of statistical
parametric synthesis has already reached a level where it can stand in its own right. The
speech quality obtained with statistical parametric synthesis is thus not on the same level
with unit-selection synthesis, but better quality is obtained than with knowledge-based speech
synthesis.

One benefit of statistical parametric synthesis is that the source—filter-type synthesis of
speech signals provides possibilities for changing the characteristics of voice, such as speak-
ing styles and prosodic features, and possibly even provides multilingual support (Zen et al.,
2009). With the unit-selection method, such modifications are a bit complicated, as voice con-
version techniques have to be utilized (Stylianou er al., 1998), which may degrade the quality
of the speech.

However, although understandable speech is obtained with statistical parametric synthesis,
its major drawback is still in the quality of speech. The speech is perceived as less authentic than
with unit-selection synthesis, and several possible factors affecting this and various suggested
refinements are reviewed by Zen et al. (2009).
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16.3 Speech Recognition

The goal of speech recognition (Rabiner and Juang, 1993) is to capture the acoustic human
speech signal and process the spoken language into text. It is one of the biggest challenges in
speech technology. Evolution and culture have built speech into a fast and robust communica-
tion channel over adverse acoustic channels, tolerant to relatively high background noise levels
Spe§ch isnot only a rich container of information added to words and non-speech voices, it aIS(;
carries the identity, age, and gender about the speaker and prosodic features carrying en,lotions
and other meanings. Additionally, the speed of speech may vary substantially, and the vast
number of languages, dialects, and speaking styles and disorders make the problem even more
challenging.

In principle, speech recognizers should simply mimic brain functions to perform the task
as well. as humans do. Note that the goal of processing is different in brains and in speech
recognizers. Brains turn speech into neural code and speech recognizers to written text. Speech
recognition conducted by humans is based strongly on the high-level functions of the brain
such as language, awareness of environment, and assumptions about the content of speech,
based on previous utterances. Auditory models and models of the brain are clearly not at the
level yvhere such functions can be emulated. Thus, the most successful speech recognition
techniques are based on generic principles of pattern recognition and data processing.

Th§ complexity of a speech recognition task depends heavily on the definition of the task
The simplest task is to recognize speech from one known speaker uttering temporally separateci
words from a small, known vocabulary. The current methods perform well in such tasks. The
task becomes harder when the vocabulary is made larger or not restricted at all, when words
are not separated by silences, when multi-language speech is allowed, and when the content
of speech is not limited to any specific topic. Even harder tasks are those involving multiple
speakers, and when the level of background noise is high.

The speech recognition process can be divided into different phases. The first phase is to
pre-process the speech signal to remove unnecessary redundancy and to describe the signal
with features. Given the acoustic models of speech sounds, the statistical language models
and the lexicon of words, the next phase is a pattern recognition task where the decoder turns,
the sequence of features directly into the most likely sequence of words in the language.

The most common speech recognition systems are based on HMMs (Rabiner, 1989).
The early techniques in speech recognition were dynamic time warping (Vintsyuk, 1968)
and neural networks (Kohonen, 1988), but they were largely abandoned in the late’ 1990s.
ig)avﬁ?;e,r;f;%?gt deep neural networks have been proposed for use in speech recognition
. The main parts of a typical speech recognizer are shown in Figure 16.6. The speech input
1s turned into feature vector sequences first. After this, the probability of the vectors or vector
sequences belonging to linguistic classes is computed using HMMs. The probability sequences
are thep decoded into text using a vocabulary and a model of language. Prior to using the
recognizer, the HMM has to be trained with natural speech, and the vocabulary and model of
language have to be constructed.

Speech recognizers commonly window the input signal at a rate of about 100 Hz and utilize
window lengths of about 20 ms. The features computed from the signal segment are typically
mel-frequency cepstral coefficients. Differentials between temporally subsequent features are
also commonly utilized and have been found to improve the accuracy of recognition.

Eight kHz, LLC

Exhibit 2011
IPR2023-01004
Page 4




346 Communication Acoustics

Language
Ti.me- Vocabulary model
windowed
speech
Input
—_—> Featu.re >  HMM Decoder ——
extraction o
ass Text
Feature
sequences probabilities output

Figure 16.6 A simplified block diagram of speech recognition.

If the recognition task is limited to a small vocabulary and to isolated words, it is possible
to construct separate HMMs for all the different words without sharing parameters between
the models. The number of states in a word HMM is then determined with some heuristics,
such as relating it to the number of phonemes or the average number of observations (Rabiner,
1989). As the size of the vocabulary increases, a word-level approach becomes infeasible due
to the large number of states and parameters. Instead, a small set of segments, such as phones
or diphones, is modelled with unique HMMs. The word models can then be formed by a sim-
ple concatenation of these units. A three-state, left-to-right HMM (Schwartz et al., 1985) is
commonly used for the model of a phoneme.

The sequences of probabilities of phonemes are then turned into written text using knowl-
edge about the language they were spoken in. Some information about the language is already
embedded in the HMMs of the units of speech, either in the form of word models or as the
phone inventory. However, an extensive knowledge of language must be embedded in the rec-
ognizer. Most commonly, the grammatical constraints are learned as statistical dependences
in the context of words from large text databases (Goodman, 2001). When the vocabulary is
small, it may be feasible to make a list of allowed words and define their HMMs. However,
when the size of the vocabulary is larger, acoustically similar words are hard to distinguish dur-
ing recognition. Detecting boundaries of words in continuous speech is also difficult, which
adds to the challenge. It becomes necessary to utilize either task-specific or general constraints
to overcome these problems.

Speech recognition has already been adopted in many applications. For example, some tele-
visions and handheld devices can already be controlled by voice, and telephone customer
services may use speech recognition in automated tasks. Speech recognition is effective in
browsing the contents of spoken speech databases (Chelba et al., 2008). One application that
is also actively being studied is a telephone service that translates the language of a speaker
into another language. Although this service has not yet been achieved, translation in lim-
ited cases has been possible. Optimally, the characteristics of the voice of the original speaker
should be preserved in the translated speech output. The biggest challenges are, however, in
the processing of language, and not in the processing of speech signals.

Summary

Speech coding is perhaps the most mature of the speech technologies. Very good speech quality
can be obtained with low bit rates when signal models of speech production mechanisms are
utilized. The methods are relatively simple, and no large databases are required.
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Speech synthesis and recognition techniques have also been developed fairly extensively.
When compared with speech coding, a clear difference is that the systems must have access
to large databases of natural language and/or speech in order to obtain good results. Speech
synthesis and recognition thus require that the computer has knowledge of the recognized or
synthesized language at some level, something that is not needed in speech coding. The perfor-
mance of the synthesis and recognition techniques is still far from that of human performance,
although multiple commercial applications already exist.

Further Reading

The synthesis and recognition of speech is described in more detail by Huang et al. (2001),
Jurafsky and Martin (2008), and Saon and Chien (2012). A public domain toolkit for research in
automatic speech recognition is available, and its documentation also serves as a good expla-
nation of speech recognition (Young et al., 2006). Hidden Markov models are explained in
detail by Gales and Young (2008). The enhancement, coding, and error concealment in speech
transmission are discussed by Vary and Martin (2006), and more information on audio coding
can be found in Chu (2004).
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