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SOURCE-FILTER[1]

@ Source:

Rezak ) exp [jow(1)]

where:
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SOURCE-FILTER[1]

@ Source:

= Re Z ag(t) exp [jor(t)]

where:

0- | Qu(0)do +

o Filter: h(t,7) with Fourier Transform (FT):

H(t, Q) = M(t, Q) exp [jd(t, Q)]



OUTPUT SPEECH

K(t)

= Re Z Aw(t) exp [j0k(t)]
where:

Ar(t) = ar(t)M[t, Q(t)]
Ok(t) = ou(t)+ [t Qu(t)]

Ok(
- /OQk(a)dU—i-CD[t,Qk(f)]-i-(bk



OUTLINE

© ESTIMATION OF SINEWAVE PARAMETERS
@ Voiced Speech
o Unvoiced Speech
@ The Analysis System



FRAME-BY-FRAME ANALYSIS




STATIONARITY ASSUMPTION

We assume stationarity inside the analysis window:

Alt) = A
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STATIONARITY ASSUMPTION

We assume stationarity inside the analysis window:

Alt) = A
Q(t) = @

which leads to:
0i(t) = Qi (t — 1)) + 0}

and to:

T T
s(t) = ZA exp (jO} ) exp {ij(t — t,)} t) — 0 <t<t+ >



DISCRETE-TIME FORMULATION

Steps to discrete time formula:
o Time shift: t =t — ty

o Convert to discrete time:

N, —1

s[n] = ZAkeXP J9k eXP(ka”) T




MEAN-SQUARED ERROR

Given the original measured waveform, y[n] and the synthetic
speech waveform, s[n], estimate the unknown parameters Al wL,
and QL by minimizing the MSE criterion:

n=(Nw—1)/2

d= > Iyl sl

n=—(Ny—1)/2



MEAN-SQUARED ERROR

Given the original measured waveform, y[n] and the synthetic
speech waveform, s[n], estimate the unknown parameters Al wL,
and QL by minimizing the MSE criterion:

n=(Nw—1)/2

2

= > lylnl-sln
n=—(Ny—1)/2

which can be written as:

n=(Ny—1)/2

=Y e Y (Vb -l - v
k=1

n=—(Ny—1)/2



MEAN-SQUARED ERROR

Given the original measured waveform, y[n] and the synthetic
speech waveform, s[n], estimate the unknown parameters Al wL,
and QL by minimizing the MSE criterion:

n=(Ny—1)/2
2
d= 3 |ylnl—snll
n=—(Ny—1)/2

which can be written as:

I el 2 < I 12 12
= 3 P> ([Veh ok - 1Y)
n=—(Ny—1)/2 k=1

which can be reduced further to:

n=(Nw—1)/2

KI
= X bl M Y

n=—(Nw—1)/2
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process from harmonic sinusoids with uncorrelated complex
amplitudes.
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KARHUNEN-LOEVE EXPANSION

@ Karhunen-Loéve expansion allows constructing a random
process from harmonic sinusoids with uncorrelated complex
amplitudes.

o Estimated power spectrum should not vary “too much” over
consecutive frequencies.

Following the above necessary constraints, for unvoiced speech,
and for a window width to be at least 20ms, an 100 Hz harmonic
structure provides good results.
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IMPLEMENTATION

Window width be 2.5 times the average pitch period or 20
ms, whichever is larger.

@ Use Hamming window, normalized to one:

o0

Z w[n] =1

n=—oo

Use zero padding to get enough samples of the underlying
spectrum (i.e., 1024-point FFT)

@ Remove linear phase offset

Refine your frequency estimates



SHOWING THE PROCESS ...
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BLOCK DIAGRAM OF THE ANALYSIS SYSTEM
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OUTLINE

© SYNTHESIS
@ Linear Amplitude Interpolation
@ Cubic Phase Interpolation



PROBLEM OF FREQUENCY MATCHING
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FRAME-TO-FRAME PEAK MATCHING
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THE BIRTH/DEATH PROCESS

Frequency

Time



A BIRTH/DEATH PROCESS IN SPEECH
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WHY NOT .

Why not to estimate the original speech waveform on the /th
frame, directly as:

s[n] = ZAkcos (nwy +0;), n=0,1,2---,L—1



A SIMPLE SOLUTION: OLA
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AMPLITUDE INTERPOLATION

Linear Interpolation:

A’k[n]:A’k+<A’k+1—A’k> (%) n=01,2--,L—1



PHASE WRAPPED
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0(t) = ¢+t + at? + gt
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ABOUT THE PHASE DERIVATIVE

Assuming that vocal tract is slowly varying, and since:

o(t) = /Ot Q(o)do + ¢ + o[t, ()]
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Assuming that vocal tract is slowly varying, and since:
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o(t) = / Q(o)do + ¢ + o[t, ()]
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0(t) ~ Q(t)



ABOUT THE PHASE DERIVATIVE

Assuming that vocal tract is slowly varying, and since:

o(t) = /Ot Q(o)do + ¢ + o[t, ()]

So:

9’/+1 ~ Q/-i-l
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There are four constraints

PHASE POLYNOMIAL
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FOUR CONSTRAINTS FOR PHASE POLYNOMIAL

There are four constraints

6(0) = ¢

600) = Q

o(T) = 014 27M
oT) = Q'

and ... five unknowns (don't forget M)
We need one more constraint!



How 1O CHOOSE M

on— —9n
"1+ 8n, M =4
n— n
o) = 6'+ Q't + (M2 + B(M)E
o +6m,M=3
5n 5n
o +4n, M =2
3n 3n
O+ 21, M = 1
QI\TL ————— T
// \ L 1+1
Slope = ®
Slope = @' \ A 11
T _x 0% M=0

t=0 t=T



EsTiMATING M

@ Find M that minimizes the criterion:

f(M) = /OT [é(t; I\/l)rdt



EsTiMATING M

@ Find M that minimizes the criterion:
Tr. 2
F(M) = / (e, )]
0
e Using continuous variable:

x* = 2i [(9’ +Q'T -0 + (" - QI)Z]

™



EsTiMATING M

@ Find M that minimizes the criterion:

T 2
F(M) = / (e, )]
0
e Using continuous variable:

x* = 2i [(9’ +Q'T — o) 1 (@ - QI)Z]

™

@ M* is the nearest integer to x*



BLOCK DIAGRAM OF THE SYNTHESIS SYSTEM

Phases

Frequencies

Amplitudes
B —

Frame-to-Frame
Phase
Unwrapping and
Interpolation

Synthetic
Speech

Frame-to-Frame
Linear
Interpolation

Sinewave
Generator

(O

Sum
All Sine-
Waves

Output
—




© SINUSOIDAL SPEECH MODEL

© ESTIMATION OF SINEWAVE PARAMETERS
@ Voiced Speech
@ Unvoiced Speech
@ The Analysis System
© SYNTHESIS

@ Linear Amplitude Interpolation

@ Cubic Phase Interpolation

O EXAMPLES

© SounD EXAMPLES

@ SHAPE INVARIANT TIME-SCALE MODIFICATIONS
@ The Model

@ Parameters Estimation
@ Synthesis

@ Sound Examples
@ SHAPE INVARIANT PITCH MODIFICATIONS
© ACKNOWLEDGMENTS

© REFERENCES

«O>r «Fr <

it
v
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RECONSTRUCTION EXAMPLE
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MAGNITUDE-ONLY RECONSTRUCTION EXAMPLE
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SOUND EXAMPLES
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EXCITATION MODEL

We have seen that:

Zoék exp [jo(t)]

where:

o(t) = /OtQk(U)dU + ok



EXCITATION MODEL

We have seen that:

K(t)
u(t) = > on(t) exp [joow (1))
k=1

where: .
oult) = / Qu(0)do + 6
0

Assuming voiced speech and constant frequency in the analysis
window, then:
K(t)

u(t) = ax(t)exp[i(t — to)] t €0, T]

k=1



SPEECH MODEL|[2]

Then:
K(t)
s[n] = ZAk ) cos [0x(t)
where:
Ak(t) = Ozk(t)/\//k(t)
Ok(t) = ou(t) + Di(t)
Therefore:

q)k(t) = 0k(t) — (t — to)Qk



UNIFORM TIME-SCALE, BY p

Let's t represent the original articulation rate and t’ the
transformed rate:
t=pt



UNIFORM TIME-SCALE, BY p

Let's t represent the original articulation rate and t’ the
transformed rate:
t=pt
Given the source/filter model:
o System parameters are time-scaled

o Excitation parameters (phase) are scaled in such a way to
maintain fundamental frequency.



ONSET-TIME MODEL FOR TIME-SCALE
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EXCITATION FUNCTION IN t/
@ Time-scaled pitch period:

o Modified excitation function

K(t)

Z ax(t) exp |j [ (t’)}
where:

and



SYSTEM FUNCTION PARAMETERS IN t/



WAVEFORM IN t/

where



ONSET TIMES ESTIMATION

Frame centers

ufn] , / \\,
| I 3 T ! Ii I T \ I
T L T 2L T 3L n
no(0) no(1) No(2)
(a)
L'=pL
No(l) = Onset Time Relative to L
a[n’ n'o(l) = Onset Time Relative to L'




ESTIMATING SYSTEM PHASE

Let's assume that the onset time n,(/) for the /* frame is known,
then:

d’L = hO(/)WL

where fi,(1) = no(1) — IL.



ESTIMATING SYSTEM PHASE

Let's assume that the onset time n,(/) for the /* frame is known,
then:
¢5< = hO(/)WL
where fi,(1) = no(1) — IL.
Then, the system phase is estimated as:

& pl /
¢k_9k_ k



ESTIMATING EXCITATION PHASE

Let's assume we know the onset time in the previous frame | — 1,
then the current onset time in t/, is given by:

’

n()=n(I—1)+JP

and then: )
i = (no(1) = IL )
where L' = pL



SYNTHESIS

Synthesis is performed in the same way as if no modification is
applied:
@ Linear interpolation for amplitudes

@ Cubic interpolation for phases



BLOCK DIAGRAM FOR ANALYSIS/SYNTHESIS FOR

TIME-SCALE MODIFICATION
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EXAMPLE OF TIME-SCALE MODIFICATION
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SOUND EXAMPLES
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READING PAPER

Paper:

T. F. Quatieri and R. J. McAulay:
Shape Invariant Time-Scale and Pitch Modification of Speech
IEEE Trans. Acoust., Speech, Signal Processing, Vol.40, No.3,
pp 497-510, March 1992
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Ia R. J. McAulay and T. F. Quatieri, “Speech analysis/synthesis based on a sinusoidal representation,” I[EEE
Trans. Acoust., Speech, Signal Processing, vol. ASSP-34, pp. 744-754, Aug 1986.

@ T. F. Quatieri and R. J. McAulay, “Shape Invariant Time-Scale and Pitch Modification of Speech,” IEEE
Trans. Acoust., Speech, Signal Processing, vol. ASSP-40, pp. 497-510, March 1992.



Q>



TéAog Evotntog

ool | :

o o esvrpnsreSoraan ¢ Dabe e e Epamane Evsenc



Xpnuotodotnon

To mapov ekmalSeUTIKO UAKO £xelL avamtuxBei ota mAaiola Tou
ekmaldeutikol £pyou Tou Stédokovta.

To épyo «Avoikta Akadnuaikd Madnpata oto Naveniotipo Kptneg»
£XEL XPNHATOSOTAOEL LOVO T avadLlapopdwaon Tou eKmalSeUTIKOU UALKOU.

To £pyo uloroleital oto mAaiolo Tou Emixelpnotakol Mpoypdupotog
«Exmaideuon kat Al Biou MaBnon» kat ouyxpnuatodoteital oo tnv
Evpwnaikn Evwon (Eupwmaikd Kowvwvikd Tapeio) kat amnod eBvikoug
ndépoug.
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ZnHeiwpa aderodotnong

« To r(apov UAWKO SlatiBetal pe ToUug 6poug TG aéstaq xpnonq Creative Commons Avadopd, Mn
Epmopikn Xpnon, O)(L MNapdaywyo Epyo 4.0 [1] i petayevéatepn, AleBVAG EK600n EEaLpouvtaL
TOL AUTOTEAN €pya TpiTWV TL.X. Pwrtoypadieg, Staypaupata KA., Ta onoia EUNEPLEXOVTAL OE
QUTO KaL Ta omoia avadEépovtat Hadl e Toug 6POUG XPHONG TOUG OTOo «Znueiwpa Xpriong Epywv
Tpitwv».

[1] http://creativecommons.org/licenses/by-nc-nd/4.0/ @

* Q¢ Mn Epropukn opiletal n xprion:
— 1ou 8ev mepAapPAVEL AUECO 1) EUUECO OLKOVOULKO ODENOG QT TNV XProN TOU £pY0U, yLa TO Slavopéa
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— mou Sev mepAapPavet otkovoptkr cuvaAlayr wg mpoindbeon yia tn xprion fi tpdopaacn oto £pyo
— Tou 8ev mpoomopilel oTo SLavopéa Tou £pyou Kal adelo80X0 EPUETO OLKOVOULKO OdeNOG (TT.X.
Sladnpioelg) anod tnv npoPoAr Tou £pyou oe SLadKTUAKO TOTO

e 0 8wkalolUyog Hrmopel va mapExet otov adelo80x0 EexwpLotr dSeLa va XpNOLUOTIOLEL TO £pYO0 Yo
EUTOPLKA XPHON, EPOoOV aUTO Tou INTNOEL.



Znueiwpa Avadopac

Copyright Navemiotrpo Kpntng, ZtuAiavou lwavvng. «Wnolakn Eneéepyacia
@wvng. Huttovoeldng AvaAuon kat Tpomomoinon @wvrg». Ekdoon: 1.0.
HpdkAelo/P€Bupvo 2015. AlaBéoio amo tn diktuakn dtevBuvon: http://
www.csd.uoc.gr/~hy578



Alatipnon ZNMELWHATWVY
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= 10 Inueiwpa Avadopag
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= 1Tn 6nAwon Alatnpnong ZNUELWUATWY

= 10 Inuelwpa Xpnong Epywv Tpitwv (edpodoov umtapxel)

pall pe Toug cUVOSEUOUEVOUG UTIEPOUVOEGHIOUC.
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Ewoveg/Zxfuata/Aaypappata/Pwroypadisg

Ewdvec/oxnuata/Saypaupata/dwtoypadies mou mePLEXOVTAL OE AUTO TO OPXELO TIPOEPXOVTAL ATtO TO
BuBAio:

TitAog: Discrete-time Speech Signal Processing: Principles and Practice
Prentice-Hall signal processing series, ISSN 1050-2769

Suyypadéac: Thomas F. Quatieri

Ek&0tng: Prentice Hall PTR, 2002

ISBN: 013242942X, 9780132429429

MéyeBog: 781 oehibeg

KaL avarnapdyovtal LeTtd and ddela Tou ek8oTN.
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