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saiom 7. PREDNASKA — LPC Syntéza

CTU IN PRAGUE

W

Linearni predikcni kodovani v reci a hudbeée

* Model ,,zdroj a filtrace”

 Linearni Predikcni kédovani (LPC): Analyza a syntéza
* LPC Modelovani hudebnich nastroju

* LPC Vokoder: buzeni a transformace

* LPC vzajemna syntéza: audio efekty

 Priklady analyzy a syntézy LPC
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sicme - Akusticky model

W

e Rezonance v reci

o Hlasové ustroji (hrtan + jazyk + rty) pusobi jako variabilni rezonator
orezonance = ,formanty*
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FACULTY

aaecmee Akusticky model

CTU IN PRAGUE

b

W

* Rezonance s lIR filtry 2. radu

o Rezonance v hlasovem ustroji

o Jednoducha rezonance = lIR 2. fadu (pasmova propust) " .
. P(’)Iy X\n yin
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azimsz Akusticky model

W

* Model ,,zdroj + filtr*
o Fant v 60. letech a Rabiner v 70. letech 20. stoleti
o Model oddeéluje hlasivky (zdroj) a hlasoveé ustroji (filtr)

o LPC (Linear Predictive Coding) modeluje recC
jako vystup autoregresniho filtru s buzenim e[n].

fas,

Formanty

FO —| Iimpulzy ﬁ

Rezonance

V/U ] vokalniho traktu| | Vyzafovaci
1 ' S\ charakteristiky
j_‘- f
e

zdroj + filtr
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FACULTY

reemer - AR modelovani reci

CTU IN PRAGUE

o8

LPC = linearni predikcni kodovani
o LPC rovnice: predikce nasledujiciho vzorku jako
linearni kombinace predchozich hodnot
p

= Z aipsin — k| + e[n]

* {a[k]} jsou linearni predikéni koeficienty p-tého radu
* e[n] je rezidualni signal (chyba predikce)

‘| p
il 2 3 eustn - 1 —
W “""vsw o" | sn) k=1 en]

|

chyba predikce

\

ﬂ”""’“‘*’f‘“‘“"“‘it""“""“fh”“’"‘r
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FACULTY

i e AR mnodelovani redi
+ Analyzuijici filtr S(z)| P E(z)
ktralni obalku (f t . _
D Soals formant) ") aksln — K
s|n| eln|
 Syntetizujici filtr
zk/oeficientd ,obnovi* E(z) S(Z) L lk l,
obalku (formanty) ' _ 1 m !' [‘. |.~, l ‘, M, 'l g; b |
| ' e[n| sn| " A
» Pfenosova funkce predstavuje S(z) _ 1 _ 1
autoregresivni" (AR) model (all-pole) E(Z) 1 — £:1 akz_k A(Z)
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FACULTY

reemer - AR modelovani reci

CTU IN PRAGUE

b

W

» Spektralni obalka jako model hlasového ustroji
o Filtr (1/A(z)): Syntetizujici filtr H(z) je inverzni k analyzujicimu A(z).
o Casové promé&nné filtry modeluji spektralni obalku vokalniho Ustroji.
o Buzeni muze byt posloupnost pulsu (znélé) nebo Sum (neznélé).

. . Hlasoveé ustroji
impulz/Sum

buzeni g H(z) = L
e[n] - Az) s[n]

Z-rovina
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FACULTY

reemer - AR modelovani reci

CTU IN PRAGUE

* Odhad AR koeficientu pomoci LPC

oOdhad AR koeficientu:

* Minimalizace energie chyby predikce

* Pouziti metody nejmensSich Ctvercu vede k Yule-Walkerovym
rovnicim zalozenych na autokorelaci reci

ZeQ[n] = Z (s[n] - Z aps|n — k])
40

b

W

n n k=1

e
S

/' . ?
NNV,

« LPC se zaméruje na spektralni obalku,
nikoli na presny prubéh signalu

a = Ipc(signal, p) 100 J
0) 1000 2000 3000 f/lHz

03.11.2025 BE2M31SYN — Synthesis of Audio Signals 8
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FACULTY v

oremen AR modelovani

CTU IN PRAGUE

edi

R

* LPC analyza

o LPC vypocCty v kaidém seg_mentu'(okno ~30 ms, pFekrytl’ ~10 ms)

" n n L " s
= y T = - — —
- i ) o F - ¥, 2SR
5 ) E ' (e : [ 3 - R
} | R “H 9 o, s
H e e ¥
% ] 5 i
"
¥
i

freq / kHz

o N A O @

freq / kHz

time /s
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FACULTY

reemer - AR modelovani reci

CTU IN PRAGUE

b

W

* Odhady formantovych frekvenci pomoci LPC

o Vypocet LPC v kazdém segmentu
o Pouziti kofent polynomu k odvozeni formantovych frekvenci

Az)=14+a1z " +agz >+ -+ +ayz ? of
r; = |rle?: B ooforeionnoa ;
* a = lpc(vowel signal, order); £ o8 5
* r = roots (a); " 1 bxo.x :::o 02 04 06 08
. w; * fs
o Prepodet kofent na frekvenci  f; =
27
. In(|r|) -
o Sitkapasma B; = — ( |) s
T
e formant (i) = angle(r(i))*fs/ (2*pi);
* bw (1) = -log(abs(r(i)))*fs/pi;
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FACULTY

reemer - AR modelovani reci

CTU IN PRAGUE

o8

* Porovnani LPC a FFT spekter

o FFT spektrum zachycuje cely frekvencni obsah,
zatimco LPC se zameruje na spektralni obalku.
0.1

OMJMW
-o.1—S'gna| |
_O'ZMJWWNVWNNMWWMW\«
LPC rezidualni signal |
0. 50 100 150 200 250 300 350 400 &as / vzorky
dB ' ' ' '
pektrum S|gnalu
or
o LPC spektrum

2 "N s

40 i ’Mll'u'
5 pektrum rezmlualmho ~.»" A

1000 2000 3000 4000 5000 6000 7000 f/ Hz
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FACULTY
OF ELECTRICAL
ENGINEERING

i L PC analyza a syntéza

* Vliv radu modelu na spektrum

Different model orders (4, 14, 30)

3 LPC spectrum 4 LPC spectrum 14 LPC spectrum 30
X 10 FFT spectrum ] L L
0.6 T T T T T T T T T T T T T T T T T T T T 40 600
0.4 — 512 samples of vowel E |] 6l 4 ok
400
0.2
4 N 20
o 200
0.2 2 i 10
0.4 L h ’
! S S S e 0 02 04 06 08 0 02 04 06 08
100 200 300 400 500 600 700 800 900 1000 50 100 150 200 250 300 350 400 450 500
x 10
T T T T T T T T T T T T T T T
045 —— 40 samples of vowel E |- 8" N 15
0.2r 6 1 10}
or 4r 1
- Sr
0.2 25 -
0.4 r r r r r L r -
0 0.2 0.4 0.6 0.8 0.8
2, 4 6 8 10 12 14 16 18 20
x 10 8
T T T T T 255 T T T T T S 12y
—— 256 samples of initial P 6h 0
0.05 1 2r 1 sl
151 bl 4 6F
0 1r b ) ar
05 1 2
0.05¢ r r r r t] r 3 )
0 0.2 0.4 0.6 0.8 0 0.2 0.4 0.6 0.8 0 0.2 0.4 0.6 0.8
50 100 150 200 250 5 20 40 60 80 100 120
x 10 3
T T T T T T T T T T T T T T T 20 120 100
—— 256 samples of SH 5 b 1007 80
151 80
ar 1 L
L 60
3 10 60
40k 40r
2 5
201 201
1 3 r a r L
- 0 0.2 0.4 0.6 0.8 0.4 0.6 0 0.4 0.6
100 200 250 300 350 400 450

Increasing model order increases spectral detail

FFT Spectra of Speech Sound
pectra of Speech sounds but can lead to overfitting.
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FACULTY

CTU IN PRAGUE

s LPC analyza a syntéza

* Analyza chyby predikce v LPC

o Chyba predikce e[n] predstavuje rozdil mezi skute€nym signalem a signalem

predikovanym modelem LPC.

o Zachycuje detaily signalu,

které model nezohlednuje,

coz z ngj €ini kliCovou soucast pro rtuzné aplikace.

o Pouziti e[n]
* Buzéni pro syntézu
« Kodovani pro pfenos
» Sledovani zakladni frekvence

* Vybér radu modelu

xxxxxxxxxx

rrrrrrr

;;;;;;;;;;

03.11.2025
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FACULTY

s LPC analyza a syntéza

CTU IN PRAGUE

* Vybér radu modelu pomoci penaltovych kritérii

alfa Criterion ,

2 AIC  (Akaike Information Criterion) C(P) = Nlns"+a-p
IN(N) MDL (Minimum Description Length Error)

IN(In(N)) HQ (Hannan Quinn Crlterlon)

2In(In(N)) PHI  (Pukkila Criterion)

o AIC(p) =N In(MSE(p)) +2*p

 Tends to overestimate order

Criterium MDL

000000

o MDL(p) = N In(MSE(p)) +p * In(N) -
« Statistically consistent

000000

000000

00000

03.11.2025
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FACULTY

sz Modelovani hudebnich nastroji pomoci LPC

CTU IN PRAGUE

Rt
feed

» Simulace hudebnich nastroju s vyuzitim LPC a buzeni

1. LPC a hudebni signaly
« Metoda vhodna pro analyzu a syntézu zvukt hudebnich nastroju.

« Zvlasté dobfe se uplatriuje u perkuznich nastroju (bici, tamburina apod.),
jejichz zvuk ma kratky a prechodovy charakter.

2. Modelovani pomoci raznych buzeni
« Impulsni buzeni — napodobuje ostry atak nastroju (napf. klavir, buben).

* Buzeni bilym Sumem — simuluje rozptylen€jsi zvuky
(napf. tamburina, virbl, Cinely).

3. Zména vysky tonu (pitch shifting)

* Prevzorkovanim syntetizovaneho signalu Ize menit vysku tonu, coz u
tony téhoz nastroje bez nového modelovani.

o] e

Y HES

Zhuje jednodusde vytvaret rizné

A(z)

noise x(7)* envelope s=+

LPC model zde pini roli akustického filtru, ktery tvaruje spektrum budiciho signdlu

03.11.2025 BE2M31SYN — Synthesis of Audio Signals 15



FACULTY

OF ELECTRICAL
ENGINEERING
CTU IN PRAGUE

LPC modelovani hudebnich nastroju

* Simulace nastroju s vyuzitim LPC a buzeni

50 : - ; ‘ = ; ; ;
2 : 8
‘ Y 1 ‘ \\ 4
\
0 1 ol | ]
1 i
-2 L L L 1 1 1 3
1000 2000 3000 4000 5000 6000 7000 25
x10%
maly bubinek 1 tamburina
- S
> - - s
5 g g HrE
g_ K % 3_0.5 - -
° g 8 ST,
w T w
L e e e
500 1000 1500 2000 2500 3000 1000 2000 3000 4000 5000 6000 7000 8000 9000 10000
Time 10 Time Time
; . 4 %
; : : ;
20 N -~ . 20F
N - - |
1 10r N N\ N
] 0 .
] -0t ]
. ‘ . ‘ ‘ ] w0l . . . . .
1 15 2 25 35 45 o pye 10000 15000
A .
x 10
’
1 ; i
> >
2 z 2
3o 5 Sos
g 3_0.5 r z
w 4 i
w
Om’ et 0 _ 5 | L i = cma)
1000 2000 3000 4000 5000 6000 7000 8000 9000 10000 1000 2000 3000 . 4000 5000 6000 7000
T ime
Time
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FACULTY

aceme LPC vokoder: typy buzeni a transformace

CTU IN PRAGUE

o8

» Kratkodoba LPC analyza a syntéza reci
* Analyza reCi probiha po kratkych usecich (~20 ms). V kazdém segmentu se
vypocitaji predik€ni koeficienty filtru A(z) a chybovy (excita¢ni) signal e[n]
o ZnovusloZzenim A(z) a e[n] Ize pfesné obnovit plivodni fecovy signal s[n].
o Tento princip tvori zaklad LPC vokodéru.

............................. *..Poznamka: Chybavy signal e[n] lze dale komprimovat pro.ucely. kodovam reci.
Koder : P . Dekodeér

_{ap =
Rl }

el > _p| generator | o izt |
L buzeni 1-Taz!

LPC
analyza

03.11.2025 BE2M31SYN — Synthesis of Audio Signals 17



FACULTY

aceme LPC vokoder: typy buzeni a transformace

CTU IN PRAGUE

o8

» Kratkodoba LPC analyza a syntéza reci
* Analyza reCi probiha po kratkych usecich (~20 ms). V kazdém segmentu se
vypocitaji predik€ni koeficienty filtru A(z) a chybovy (excita¢ni) signal e[n]
o ZnovusloZzenim A(z) a e[n] Ize pfesné obnovit plivodni fecovy signal s[n].
o Tento princip tvori zaklad LPC vokodéru.

............................. *..Poznamka: Chybavy signal e[n] lze dale komprimovat pro.ucely. kodovam reci.
Koder : P . Dekodeér

_{ap =
Eal N }

el > _p| generator | o izt |
L buzeni 1-Taz!

LPC
analyza

03.11.2025 BE2M31SYN — Synthesis of Audio Signals 18
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FACULTY

OF ELECTRICAL
ENGINEERING

CTU IN PRAGUE

LPC vokodér: typy buzeni a transformace

* Syntéza zneéleé reci (impulsni buzeni)

o Impulsni buzeni se pouziva pro znéelé hlasky.

o Tento pristup napodobuje periodické chveni hlasivek a je zasadni pro verne zachovani

vysky tonu (pitch).

Frequency

0415

55
ICERAMEIIAS
Hii o

1y

i

i

|
=
o

=

¥ 10

4
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FACULTY

aceme LPC vokoder: typy buzeni a transformace

CTU IN PRAGUE

i

* Syntéza nezneéleé reCi (Sumove buzeni)

o Nahodné (bily Sum) buzeni se pouziva pro neznélé zvuky, napf. frikativy (8, f, ch), kde je
potfeba Sumovy charakter.

o Kombinace Sumu a filtru LPC modelu umoznuje realistickou rekonstrukci téchto zvuku.

1 - .
0.8 { £
- ot ok A
2 06 Gl e e
= e o
e S e P
0.2 et
: ]
2 4
Tirne « 10 Time « 10t
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FACULTY

sansmse: LPC vokodeér: typy buzeni a transformace

* Syntéza reci pomoci signalu chyby predikce
o V aplikacich vokodéru lIze jako buzeni pouzit chybovy signal e[n].

o Tento zpusob se pouziva, kdyz je potfeba vérné zachovat jemné detaily originalniho zvuku,
napr. v pripadech prirozené reci hebo zpevu.

1

1 -_,' TR AT Prren 2 :-'_u_. 1 0 T ."!I Al ,,;. [ i R T “I_"_-\."
0.a | . . ey 1| i 1
A 11 ? T W
c 0& o L e R i : g b T :
o i IF lld} MM"#" o i, T )
g_ M 0 i Hm'—* -l_l:,
S 0.4f0 e A ] e e ]
= oy, :IL-. d. re = el ) r Wl o,
s, SEpE =P Sty
° ‘-""‘P-'*"'.E.;—-.. 1 ° : _“l—"w';-ﬂ" |
1l L m e 0 e Ve ..HE
2 4 0 2 4
' 4 ' 4
Time w10 Time w10
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FACULTY

aceme LPC vokoder: typy buzeni a transformace

CTU IN PRAGUE

b

W

- Uprava délky a vysky tonu v LPC vokodéru

o coefl: Ridi délku okna a dobu trvani signalu
« coef1 < 1: kratSi okna  — rychlejsi prehravani (kratsi signal)
« coef1 > 1: delSi okna — pomalejSi prehravani (delsi signal)
window lengthZ = coefl * window length

o coef2: Ridi vysku tonu bez zmény délky signalu
(tj. kompenzaci prehravaci rychlosti)
» coef2 > 1: vySSi ton
window lengthZ = coefl * coefZ2 * window length
Playback Rate = coef2 * fs

03.11.2025 BE2M31SYN — Synthesis of Audio Signals
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FACULTY

acwemse LPC vzajemna syntéza: audio efekty

CTU IN PRAGUE

b

W

* Vyuziti LPC filtru pro kreativni zvukovy design

o Popularni audioefekt ,cross-synthesis” (vzajemna syntéza) vyuziva spektralni obaiku
jednoho signalu k tvarovani jiného.
— Lze tak vytvorit efekty typu ,zpivajici nastroj* nebo ,mluvici dvere”.

o Napft. u efektu ,zpivajici kytara“ se filtra€ni koeficienty odvozené z reci aplikuji na
signal kytary.

JEPEs

hm(n) \ N :
weg | [ LL | M y(n)
he(n)

ec(n)

em(n)

Vysledny zvuk ma spektrdlni obdlku reci, ale casovy prubéh hudebniho signadlu

03.11.2025 BE2M31SYN — Synthesis of Audio Signals 23
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FACULTY

OF ELECTRICAL
ENGINEERING
CTU IN PRAGUE

Priklady analyzy a syntézy LPC

* Priklad 7.1: Audio signal a jeho FFT spektrum

oMATLAB:

load ('petl.txt')
* audioread('banjo.wav')

512 samples of "E" vowel

Amplitude
N

o

o

o O

-2000

0.04 0.06
Time (s)

67 samples (1 pitch period)

0 0.02

(]

S 1000t
* fft spectrum = fft(signall); & 1000 _
+ freql = (0:N1/2-1) * (fsl / N1); <200 ——
* psd fftl = (abs(fft(signall) / N1))."2; Time (s) X107

* plot(freq axis,

abs (fft spectrum));

Sound of banjo

Amplitude
S o
o O O,

. 0 0.01 0.02 0.03 0.04
Time (s)
o Sound of tambourine
S 0.5t
= 0
g -0.5¢
<

0 0.002 0.004 0.006 0.008 0.01
Time (s)

%104 FFT Spectrum
g 3
2
@)
o 1 Al o AMA L A A L
0 1000 2000 3000
Frequency (Hz)
x10%
[ 5
gg//AL¢
LN
o 1 .
0 1000 2000 3000
Frequency (Hz)
x10°%
g [
1 Jk
o L

0 1000 2000 3000 4000 5000
Frequency (Hz)

0 0.5 1 1.5 2
Frequency (Hz) « 104

%1073

Power
NP~
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FACULTY

OF ELECTRICAL
ENGINEERING
CTU IN PRAGUE

Priklady analyzy a syntézy LPC

* Priklad 7.2: AR spektra audio signalu

oMATLAB:

FEToSpectrum AR(4) Spectrum
53 54|/
52 32
* ar order = 14; 81 2
* a = lpc(signall, ar order); 0 2000 0 2000
- . Frequency (Hz) Frequency (Hz)
* [psd ar, freq ar] = fregz(l, a, length(signafl), £fs);
» N .5 .
e plot (freq ar, abs(psd ar).”2); g4 gg
o o o2 o)
o 1 o 1
0 2000 0 2000
Frequency (Hz) Frequency (Hz)
%1073
£ :
o 3 o
o 1 1 l | 1 o
0 5000 0 5000
Frequency (Hz) Frequency (Hz)
%1073
5 2 5 400
3 3 200
a2 a

03.11.2025
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AR(14) Spectrum

l
:
0 2000

Frequency (Hz)

Power

_ 300
o

2 200
2 100

L.

0 2000
Frequency (Hz)

Power
=N W
[oNeNe)

Power

A

0 5000
Frequency (Hz)

. _ 6000
= 4000 o

2 2 4000

5 2000 J 5 2000 J\

AR(30) Spectrum
= 60
= 40
£ 20

0 2000
Frequency (Hz)

|

0 2000
Frequency (Hz)

W

0 5000
Frequency (Hz)




FACULTY

wa=mer Priklady analyzy a syntézy LPC

CTU IN PRAGUE

* Priklad 7.3: Signal chyby predikce
oMATLAB:

512 samples of "E" vowel Prediction Error FFT Spectrum of Error
3 2000 3 1000 _ 2000
2 = R g 1500
* ar order = 16; 5 = 21000
_ € 2000 € 1000 a 500 ‘
* a = lpc(signall, ar order); < 0 002 0.04 006 " 0 002 004 0.06 0 1000 2000 3000
. . . Time (s) Time (s) Frequency (Hz)
[ ] — —_— . Y
pred signal = filter ([0 -a(2:end)], 1, ws&%%elsﬁ”{ gtch periog
* error signal = signall - pred signal; 1008\/\/\/\/\A'\/\”V 3 SOQ\I\WWW ggggg
. 3. 3 1 )
* psd error = abs (fft(error signal)). A2;5_}888 §-1§§ @ 1000
e blot (f . 4 . 0 2 4 6 8 0 2 4 6 8 0 1000 2000 3000
plo ( redq_axils, psS _error) ’ Time (s) x1073 Time (s) x1073 Frequency (Hz)
2 os Banjo sound 2 5 6x1o-4
. .. : : =
% Alternative method to compute prediction error 2 OWWWWWM 2 O-gWMW 3 l
° : 1 = f lt ( 1 : ll) <%-0.5 2'0'2 Q. il] knLlMA |
error signal = rLilteria, L1, Sigha 0 0.02  0.04 0 0.02  0.04 0 2000 4000
Time (s) Time (s) Frequency (Hz)
o Tambourine sound o 5 107
T 05 TS 0.1 5
2 o = ;2
£-05 £ -0.1 o !
< <
0 0.005  0.01 0 0.005  0.01 0 1 2
Time (s) Time (s) Frequency (Hz)o*
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FACULTY

aanemse  PFiklady analyzy a syntézy LPC

CTU IN PRAGUE

* Priklad 7.4: Odhad radu AR modelu
oMATLAB:

05X 19%2 samples of "E" vowel «6@°samples (1 pitch period)
c 5 3l
5 3
* max order = 20; o 2 @55l
() o
. Pl = zeros(l, max order); MDLl = zgxrQs T
_ c . C
. for m = l:max order i 2
- . _‘é 1t %1.5-
. [a, p] = lpc(signall, m); o o o
® 05 - —— R - - -
* Pl (m) = p; "o 5 10 15 20 0 5 10 15 20
o MDL1 (m) = N1 * log(Pl(m)) + log(Nl) * AR Model Order AR Model Order
Banjo sound Tambourine sound
. end < 0.025] - - - . 0.08 - - -
= =
. plot (1:max order, MDLI1); o 2 006!
S 0.02} S
LI L 0.04 |
[ C
30015- 2
% %0.02-
L L
o o o
0.01 - - - 0 ' =
0 5 10 15 20 0 5 10 15 20
AR Model Order AR Model Order
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FACULTY

wa=mer Priklady analyzy a syntézy LPC

CTU IN PRAGUE

i

* Priklad 7.5: AR model — odhad vysky ténu a formantu

oMATLAB:

Formant Frequencies and Bandwidths

2000 ®
* order = 8; §1500
* [a, ~] = lpc(signall, order); 5 1000l
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* Pfiklad 7.6: AR modelovani hudebnich nastroju pomoci
impulsni odezvy

Analysis of Piano and Tambourine Using LPC

oMATLAB:

Original Piano Signal
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* a = lpc(x, 50) . . . . . . -
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e filter(l, a, [rand(l, length(x)) - 0.5]) .* exp(-[l:length(x)] ./ length(x) ./ 0.1)
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* Priklad 7.7: Posun vysky tonu pomoci prevzorkovani
oMATLAB:

Spectrogram of Upward Scale and Downward Scale

T T T e T i il —
"L. L F ru\w m;r a § .
| 0.9 S ¢ oy Ml ol .
* scale up = 2° (1/12); % One semitone up i _l | ﬁml ' — .
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* soundsc(y up, fs); % Play shifted sound7
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* Priklad 7.8: LPC vokodér — ruzna buzeni
oMATLAB:

* lpc(frame, 8)
* segment noise = filter(l, A(:, k), P(k) * randn(window length, 1));
* segment pulse = filter(l, A(:, k), P(k) * [1; zeros(window length - 1, 1)]);
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* Priklad 7.9: LPC vokodér — ¢casové a frekvencni
transformace
oMATLAB:

e 3 Adj ustments for time (coefl ) and frequency (coe £2 ) Original Signal Synthesized Signal
1 1
e & coefl < 1 for ShOb|et; > 1 for longer time

* % coef2 < 1 for lower pitch; > 1 for higher pitcﬁ»
0

* window length2Z = round(coefl * coef2 * window_lé%z
* window shift2 = round(2 * window length2 / 3); " 5 10 " 5 10 15
* soundsc(signal y, coef2 * fs); <ot 10"
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* Priklad 7.10: ,,Cross-Synthesis* efekt
oMATLAB:

* cross synth = filter(l, Al(:, k), EEl(k) / EE2(k) * err2(:, k));
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