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The Speech Signal

Speech (i) is the vocalized(§ &= 1) form of human
communication

The fundamental purpose of speech is human communication;
i.e., the transmission of messages({5 5.) between a speaker
and a listener

The fundamental analog form of the message is an acoustic

waveform (7= 22 /) that we call the speech signal(i& %15 =)

Speech signals can be
— converted to an electrical waveform by a microphone
— manipulated by analog/digital signal processing
— converted back to acoustic form by a loudspeaker/headphone



The Speech Signal
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Software

* Praat

— http://www.fon.hum.uva.nl/praat/

* Cool Edit Pro (Adobe Audition)



Speech Signal Processing

TH. 7 =

* Speech Signal Processing (1& 15 = AL #E)

— converting one type of speech signal representation to another so as
to uncover various mathematical or practical properties of the speech
signal (& #IE15 & 471F) and do appropriate processing to aid in solving
both fundamental and deep problems of interest (fi% &3 b 7] @)

* Purpose of speech signal processing
— To understand speech as a means of communication
— To represent speech for transmission and reproduction

— To analyze speech for automatic recognition and extraction of
information

— To discover some physiological characteristics of the talker



Speech Signal Processing

* Digital processing of speech signal ({71518 5 AL, DPSS)
— obtaining discrete representations of speech signal, which preserves

the information content in the speech signal, also it is convenient for
transmission or storage

— theory, design and implementation of numerical procedures
(algorithms) for processing the discrete representation in order to
achieve a goal (recognizing the signal, modifying the time scale of the
signal, removing background noise from the signal, etc.)



Speech Signal Processing

 Advantages of DPSS
— reliability
— flexibility
— accuracy
— real-time implementations on inexpensive DSP chips
— ability to integrate with multimedia and data

— encryptability/security of the data and the data representations via
suitable techniques
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Speech Production Model

* Message Formulation 18 B2 %
— desire to communicate an idea, a wish, a request, ...
——> express the message as a sequence of words

Message | need some string
—p . > Please get me some string Discrete Svmbols
Desire to Formulatlon Text String Where can | buy some ( y )
Communicate string
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Speech Production Model

* Language Code 1& & ZmhY
— need to convert chosen text string to a sequence of sounds in the
language that can be understood by others

— need to give some form of emphasis, prosody (tune, melody) to the
spoken sounds so as to impart non-speech information such as sense
of urgency, importance, psychological state of talker, environmental
factors (noise, echo)

. Language
Text String i .
with prosody
Generator
+

Pronunciation (In The Brain)
Vocabulary




Speech Production Model

» Neuro-Muscular Controls f#£2-fIJ A 45 ]

— need to direct the neuro-muscular system to move the articulators (/%
=28 E) (tongue, lips, teeth, jaws, velum(¥£)) so as to produce the
desired spoken message in the desired manner

———-
Phoneme String

with Prosody

Neuro-
Muscular
Controls

>

Articulatory

: (Continuous control)
motions
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 Vocal Tract (F51E) System

Speech Production Model

— need to shape the human vocal tract system and provide the
appropriate sound sources to create an acoustic waveform (speech)
that is understandable in the environment in which it is spoken

—

Articulatory

Vocal Tract
System

Motions

|

Source control (lungs,
diaphragm, chest

muscles)

Acoustic

Waveform
(Speech)

(Continuous control)



Speech Perception Model

* The acoustic waveform impinges({#f'7) on the ear (the basilar
membrane(3& %)) and is spectrally analyzed by an
equivalent filter bank(J&K #32H) of the ear

Basilar
——— Membrane —— _ Spectral (Continuous Control)
Acoustic . Representation
Waveform Motion

* The signal from the basilar membrane is neurally transduced
and coded into features that can be decoded by the brain

| Neural | : :
Spectral Transduction Sc}lé?gtil:ﬁit:;es (Continuous/Discrete
P Control)

Features Features)




Speech Perception Model

* The brain decodes the feature stream into sounds, words and

sentences
Phonemes,
Language ]
— guage - L____,  Words, and (Discrete Message)
Sound Features| Translation Sentences

* The brain determines the meaning of the words via a message
understanding mechanism

ﬁ

Phonemes,

Message
Understanding

» Basic Message

(Discrete Message)

Words and
Sentences



The Speech Chain

Understanding Translation Transduction

Text Phonemes, Prosody Articulatory Motions
|
| [
|
Message Language | 1 | Neuro-Muscular Vocal Tract
Formulation Code : Controls System |
|
Discrete Input : Continuous Input Acoustic
Waveform
30-50 l
50 bps 200 bps 2000 bps kbps
| | | | | Transmission
| | | | |
Information Rate Channel
Phonemes,
Semantics Words, Feature l
Sentences | Extraction, Spectrum Acoustic
1 J' : Coding Analysis Waveform
| .
Basilar
Message Language | ! Neural
N NE guag 1 Membrane
. Motion
Discrete Output I Continuous Output
Goal: Find out if your office mate has had lunch Phonemes: “did yu it yet?”
Text: “Did you eat yet?” Articulator Dynamics: dl ja it jet
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Information Rate of Speech

Text (discrete)

— 275 symbols, 10 symbols/s -> 50bps
Phonemes & Prosody (discrete)

— 200 bps
Articulatory motions (continuous)

— Relatively slow movement of articulators ~2000bps

Acoustic waveform (continuous)
— 64,000 bps ~ 705,600 bps



The Speech Stack

Applications:
coding, synthesis,
recognition,...

Processing Algorithms:
speech/silence detection,
pitch detection, formant analysis,...

Signal Representations:
temporal, short-time spectrum,
homomorphic, linear predictive,...

Fundamental Science/Technology:
DSP theory, acoustics, linguistics, perception,...
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Speech Science(i& & Fl )

Linguistics (i5 & %% ) : science of language, including syntax, semantics,
phonetics, phonology, etc.

Syntax (AJ¥%, iBVE) :analysis and description of the grammatical
structure of a body of textual material

Semantics (& X %) :analysis and description of the meaning of a body of
textual material and its relationship to a task description of the language

Phonetics (i5 %) : study of speech sounds and their production,
transmission, and perception, and their analysis, classification, and
transcription

— Articulatory/Acoustic/Auditory Phonetics

Phonology (& & %2) : systematic organization of sounds in languages,
systems of phonemes in particular languages

Phonemes (FHI, FE) :smallest set of units considered to be the basic
set of distinctive sounds of a languages (20-60 units for most languages)



Applications of Speech Signal
Processin




Applications of Speech Signal
Processing

Speech coding (15 & Zm i)
Speech synthesis (1&# & JiX)

Speech recognition and understanding (15 & 15 751 5 2L f#)

Other speech applications

21



Speech Coding

* The process of transforming a speech signal into a
representation for efficient transmission and storage of
speech

narrowband and broadband wired telephony
cellular communications

Voice over IP (VolP) to utilize the Internet as a real-time
communications medium

secure voice for privacy and encryption for national security
applications

extremely narrowband communications channels, e.g.,
battlefield applications using HF radio

storage of speech for telephone answering machines, IVR
systems, prerecorded messages



Speech Coding

data Channel

»Compression » or

i,[}? ] Medium

Bit sequence

Encoding
speech | A.to-D Analysis/
xc(f) Converter x[n] Coding _,1:‘[}?]
Continuous Sampled Transformed
time signal signal representation
Decoding
Channel
Lo data Decom- | Decoding/
pression j[”] Synthesis f[??]

D-to-A | Speech

| Converter { (f)




Speech Synthesis

 The process of generating a speech signal using
computational means for effective human-machine
interactions

machine reading of text or email messages
telematics feedback in automobiles

talking agents for automatic transactions
automatic agent in customer care call center

handheld devices such as foreign language phrasebooks, dictionaries,
crossword puzzle helpers

announcement machines that provide information such as stock
guotes, airlines

schedules, weather reports, etc.



Speech Synthesis

text |Linguistic | DspP | Dto-a | SPeech
1 Rules | Computer | Converter '




Speech Recognition and
Understanding

* The process of extracting usable linguistic information from a
speech signal in support of human-machine communication
by voice

— command and control (C&C) applications, e.g., simple commands for
spreadsheets, presentation graphics, appliances
— voice dictation to create letters, memos, and other documents

— natural language voice dialogues with machines to enable Help desks,
Call Centers

— voice dialing for cellphones and from PDA’s and other small devices

— agent services such as calendar entry and update, address list
modification and entry, etc.



Pattern Matching Problems

speech | a.to-D
| Converter

. speech recognition
» speaker recognition
» speaker verification

» word spotting

Feature

| Analysis

Pattern

| Matching

Reference
Patterns

» automatic indexing of speech recordings

symbols




Other Speech Applications

Speaker Verification (153 #ii\)
— for secure access to premises, information, virtual spaces
Speaker Recognition (12 1A 71)

— for legal and forensic purposes—national security; also for
personalized services

Speech Enhancement (15 & 1 58)

— for use in noisy environments, to eliminate echo, to align voices with
video segments, to change voice qualities, to speed-up or slow-down
prerecorded speech (e.g., talking books, rapid review of material,
careful scrutinizing of spoken material, etc)

— potentially to improve intelligibility and naturalness of speech
Language Translation (1& 5 &%)
— to convert spoken words in one language to another to facilitate

natural language dialogues between people speaking different
languages, i.e., tourists, business people
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History of Speech Signal Processing



History of Speech Signal Processing

Invention of telephone, Bell 1876

— “Watson, if | can get a mechanism which will make a
current of electricity vary its intensity as the air varies in
density when sound is passing through it, | can telegraph
any sound, even the sound of speech”



History of Speech Signal Processing

* VOCODER and VODER, Dudley

— VOCODER (VOice enCODER) F 128
* a method of reproducing speech through electronic means
* source-filter model

e use parallel band-pass filter to filter speech into ten specific
audio spectrum bands, rendering it more easily transmitted
over telephone lines

— VODER (Voice Operation DEmonstratoR)

* aconsole from which an operator could create phrases of
speech controlling a VOCODER with a keyboard and foot

pedals (51 )
e 1939 World Fairin NYC
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VODER




Sound Spectrograph (1&1%1%), Bell Lab, 1947
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Pattern Playback, Haskins Lab, 1950
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Digit Recognizer, Bell Labs, 1952
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Digit Pattern
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1960-70’s

Fant, “Acoustic Theory of Speech Production”, 1970

Breakthrough in DSP since the mid 1960’

— 1965 FFT

— 1968 Homomorphic Processing (5] &40 HE)

— mid 1970’s Linear Prediction Analysis (Z& 4 1530 73 #7)
— late 1970’s Vector Quantization (= =)

Pattern matching techniques

— 1970’s Dynamic Time Warping (2 25 BJ [f] f1 )
Widely application of computers

DARPA started Speech Understanding Research (SUR)
program in 1970’s



Since 1980’s

* Speech Coding
— 1980 LPC-10 2.4kbps
— 1988 FS-1016 4.8kbps
— 1990’s MBE 2.4kbps
— |ITU-T G-series standard, model-based VOCODER
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Since 1980’s

e Speech synthesis
— 1980 Klatt cascade/parallel formant synthesizer

— Waveform concatenation
* rule-based, TD-PSOLA
e corpus-based, unit selection

— HMM-based parametric speech synthesis
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Waveform Concatenation Synthesis
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Since 1980’s

* Speech recognition

— HMM-based Statistical pattern recognition
framework

— Development of VLSI and computer technology

— Speech recognition systems
e 1985 IBM “Tangora”, isolated-word speech recognizer

* 1990 IBM “Dragon Dictate”, first large-vocabulary
speech-to-text system for general-purpose dictation

e 1990’s CMU “Sphinx”, continuous-speech, speaker-
independent recognition system

e 1997 IBM “ViaVoice”
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The History of

Automatic Speech Recognition Evaluations at NIST
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Word error rate on Switchboard trained against the Hub5'00 dataset
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What We Will Be Learning

review some basic DSP concepts

speech production model—acoustics, articulatory concepts, speech
production models

speech perception model—ear models, auditory signal processing

time domain processing concepts—speech properties, pitch, voiced-
unvoiced, energy, autocorrelation, zero-crossing rates

short time Fourier analysis methods—digital filter banks, spectrograms,
analysis-synthesis systems, vocoders

homomorphic speech processing—cepstrum, pitch detection, formant
estimation, homomorphic vocoder

linear predictive coding methods—autocorrelation method, covariance
method, lattice methods, relation to vocal tract models

speech waveform coding and source models—delta modulation, PCM,
mu-law, ADPCM, vector quantization, multipulse coding, CELP coding

methods for speech synthesis and text-to-speech systems—physical
models, formant models, articulatory models, concatenative models

methods for speech recognition—the Hidden Markov Model (HMM)
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