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Block diagram of a typical speech analysis procedure.  

LowLow--pass filterpass filterCut off frequency
= 8 kHz

A/DA/D
(Sampling and quantization)(Sampling and quantization)

Sampling frequency
= 16 kHz

Quantization bit rate
= 16 bit

Analysis frame extractionAnalysis frame extractionFrame length = 30 ms
Frame interval = 10 ms

= 16 bit

30 msWindowingWindowing
(Hamming, Hanning, etc.)(Hamming, Hanning, etc.)Window length

= Frame length

Spectral analysisSpectral analysis
(FFT, LPC, etc.)(FFT, LPC, etc.)

Typical parameter valuesTypical parameter values

Feature extractionFeature extraction
Examples of speech waves Examples of speech waves 

at each stageat each stageyp pyp p
Parametric representation

Excitation parameters
Vocal tract parameters

at each stageat each stage



0110-04

70
60
50

SpectrumSpectrum

S hS h

70
60
50

SpectrumSpectrum
50
40
30
20
10

0

Speech waveSpeech wave 50
40
30
20
10

Speech waveSpeech wave
[d

B
]

60

0
-10
-20

Spectral envelopeSpectral envelope

0
-10
-20

60 Spectral envelopeSpectral envelope[d
B

]

ct
ra

l d
en

si
ty

 50
40
30
20
10

p pp p
50
40
30
20
10

Spectral envelopeSpectral envelope

ct
ra

l d
en

si
ty

 

Sp
e 0

-10

20
10

Fine structureFine structure

10
0

-10

20
10

Fine structureFine structure

Sp
e

0
-10
-20
-30
-40

0
-10
-20
-30
-40

Frequency [kHz]

-50
0                   1                    2                   3                    4

Frequency [kHz]

-50
0                   1                    2                   3                    4

Consonant /t S/Vowel /A/

Structure of short-time speech spectra for male voices when uttering 
vowel /A/ and consonant /tS/

S



0110-06

Major methods for analyzing speech spectra and their 
principal features 

TypeType Analysis methodsAnalysis methods ParametersParameters FeaturesFeatures

(i)  Short-time
t l ti

φ(m)
Spectral envelope and fine structure are convoluted.

autocorrelation

(ii) Short-time
spectrum

S(ω)
Spectral envelope and fine structure are multiplied. 
Fast algorithm can be realized by FFT.

NPANPA
(iii) Cepstrum

c(τ)

Spectral envelope and fine structure can be
Separated in quefrency domain.  Two FFTs and log 
transform are necessary.

(iv) Band-pass
filter bank

rms of filter
output

Global spectral envelope can be obtained.

(v) Zero crossing Zero crossing Formant freq. Can be obtained by Combination with(v)  Zero-crossing
analysis

Zero-crossing
rate

Formant freq. Can be obtained by Combination with 
(iv).   Realized by simple hardware.

(i)  Analysis-by Formant, Precise modeling is possible. Accurate formant freq. 

PAPA

( ) y y
-synthesis band-width, 

etc.

can be obtained. Complicated iteration is necessary.

(ii) Linear Simple all-pole spectrum modeling.Parameters can(ii)   Linear 
predictive 
coding

Simple all pole spectrum modeling.Parameters can
be estimated from auto-corr. or ovariance without
iteration.
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Major methods for analyzing speech spectra andMajor methods for analyzing speech spectra and 
their principal features (continued)

Type

Stability of synthesis filter is guaranteed.  
Ti i d i

FeaturesFeaturesParametersParametersAnalysisAnalysis
methodsmethods

α
(ii-a)
Maximum Time window is necessary.

Number of calculations ∝ p2

Stability of synthesis filter is not guaranteed.

αiMaximum
likelihood 
method

(ii-b)

PAPA
(cont.)(cont.)

Stability of synthesis filter is not guaranteed.  
Suitable for short-time analysis.
Number of calculations ∝ p3

Normalequationcan besolved by lattice filter

αi
(ii-b)

Convariance
method 

(ii-c) Normalequationcan besolved by lattice filter.
Equivalent to (a) and (b).
Number of calculations ∝ p2

Quantization and interpolation 

ki
(ii c)

PARCOR
method

(ii d)
Q p
characteristics are good.  Similar to formant.
Number of calculation is slightly larger than
for PARCOR.

ωi
(ii-d)

LSP method
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Block diagram of cepstrum analysis
for extracting spectral envelope and fundamental period
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Examples of short-time spectra (left) and cepstra (right) for male voice when 
uttering “(r)azor”.  Sampling frequency 10kHz; Hamming window length 

40ms; frame interval 10ms40ms; frame interval 10ms.
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Initial value set

Synthesis by production model

Error calculation between
observed and synthesized values

No
Change parametersChange parameters Is error minimum and small ?

Yes

Production model

Analysis results

parameter readout

Analysis results

Principle of analysis-by-synthesis (A-b-S) method
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All-pole/Auto-regression modelLinear prediction

p
xt +Σαi xt i = εt

(Time-domain representation) (Spectral-domain representation)

1 1xt +Σαi xt-i  εt
i=1

-xt̂

1
H(z) =

1
= p

Π(1- )
i 1

z
zi
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LMS estimation Maximum-likelihood estimation

t
xt -xt =εt^
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LMS estimation Maximum-likelihood estimation

Normal equation

rr(0)(0) rr(1)(1) rr((pp--1)1)
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r(1)
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Principles of LPC analysis
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Comparison of matching error measure in maximum likelihood methodComparison of matching error measure in maximum likelihood method,
G1(d), with that in analysis-by-synthesis (A-b-S) method, G2(d).
d = log{f(λ) / f(λ)}; f(λ) = model spectrum;  f(λ) = short-term spectrum.
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Male vowel /a/ Female vowel /a/
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“bakuoNga”

kHz0 1 2 3 4

Time function of spectral envelopes for the Japanese phrase
/bakuoNga/ uttered by a male speaker



0106-9

Speech synthesis circuit based on linear predictive analysis method
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Flowchart for calculating {km}i=0 and{αi}i=0 from {vi}i=0
p p p

Initialization
α0(0) = 1,  α1(0) = 0, 

EntryEntry

0 , 1 ,
w0 = v1,  u0 = v0,  m = 1

Synthesis by production modelkm = wm-1/ um-1,   um = um-1(1- km2)

α (m)  α (m-1) k α (m-1) (i 1 2 )αi(m)= αi(m-1) −km αm-i(m-1) (i=1, 2,…, m)

α0(m)= 1, αm+1(m) = 0

No

Yes
m = p? 

ReturnReturnwm =  Σαi(m) vm+1-i

m

i=0

m = m+1
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Relationship between PARCOR coefficients {kn} and
vocal tract area function {A }vocal tract area function {An}

An+1

A Free fieldFree fieldAn

1-kn

Free fieldFree field
GlottisGlottis

A1Ap

1 kn

k k

Ao= ∞

LipsLips
-kn kn

Sound
source

ko=-1
(Complete(No    

reflection)
(Reflection and transmission)

1+kn k0=-1
(Complete 
reflection)
reflection)

reflection)

An+1 - An

reflection)

kn= An+1  An
An+1  + An
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Mutual relationships between parameters
based on all-pole spectrum modeling


