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Sadrzaj predmeta, Teorijska nastava

1.

2.

Uvodno predavanje. Upoznavanje sa planom i
programom, ciljevima, ishodom i metodama.

Sta je procesiranje signala, istorijski pregled obrade
signala, primeri primene.

Vizuelizacija signala (Python, Excel).

Kompleksni ekponencijalni diskretni signali. Primer
sinteze muzickog signala.

Furijeova analiza: Diskretna Furijeova transformacija
(DFT) i serija (DFS). Brza Furijeova transformacija (Fast
Fourier transform, FFT) i primena za spektralne
analizatore 1 osciloskope.

Linearani filtri: konvolucija, idealni i realni filtri, dizajn filtra.
Primena konvolucije u GPS sistemima.
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Sadrzaj

Spektralna analiza sinusoidalnih,
nestacionarnih i slucajnih signala

Procesiranje muzicCkih signala

Sinteza digitalnih muzickih signala

Kompresija signala

Trans-multiplekseri

Discretni visetonski prenos digitalninh podataka
Konvertori sa oversamplingom
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Obrada muzickih signala

MuzicCki signali se generisu u akustiCkoj
prostoriji za svaki instrument posebno i
pamte se kao poseban zapis

Dodaju se specijalni efekti
Pravi se miks signala
Efekti: eho, reverberacija

Procesiranje signala



GNU Octave
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GNU Octave

g"f Download X

< C' | @& Secure | https://www.gnu.org/software/octave/download.html w

& ) GNU Octave

Download

Source GNU/Linux macOS BSD Windows

The latest stable version is GNU Octave 4.2.1:

e octave-4.2.1-w32-installer.exe (~ 170 MB) [signature]
e octave-4.2.1-wé64-installer.exe (~ 184 MB) [signature]
e octave-4.2.1-w32.zip (~ 280 MB) [signature]
e octave-4.2.1-wé4.zip (~ 378 MB) [signature]

https://www.gnu.org/software/octave/download.html



GNU Octave 4.2.1
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Eile Edit Debug Window Help News
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Filter [ | H
[Z, P, G] = buttap (3) :I
exit

v

FESY
Command Window
GNU Octave, version 4.2.1
Copyright (C) 2017 John W. Eaton and others.
This is free software; see the source code for copying conditions.
There is ABSOLUTELY NO WARRANTY; not even for MERCHANTABILITY or
FITNESS FOR A PARTICULAR PURPOSE. For details, type 'warranty'.

Octave was configured for "x86_64-w64-mingw32".

Please contribute if you find this software useful.
For more information, visit http://www.octave.org/get-involved.html

Read http://www.octave.org/bugs.html to learn how to submit bug reports.
For information about changes from previous versions, type 'news'.

>>
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Additional information about Octave is available at http://www.octave.org.

Command Window

Editor | Documentation
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Filtar za eho

* Eho se generise kolima za kasnjenje
» Zakasnjeni signal je oslabljen
 Filtar se naziva comb filtar

Procesiranje signala



Program_echo (1)
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[x,fs,nbits]
wavplay (x, £s) ;

nDelay = 8000;

aGain 0.8;

y = singleecho (x,nDelay,aGain) ;
wavplay (y, £s) ;

subplot(2,1,1)

plot(1l:1length (x) ,x)

xlabel ('Time'); ylabel ('Amplitude’')
title('Signal')

subplot(2,1,2)

plot(l:length(y) ,y)

xlabel ('Time'); ylabel ('Amplitude’')
title('Signal + echo')

wavread('dspO0l.wav') ;

Program_echo (2)

function y
y =X,

y (end+R)
y (R+1:end)

°
7

yYy(Rt+l:end) +

singleecho(x, R, a);

ar*x;

Procesiranje signala
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Program_echo (3)
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h{n]

08
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0.4

02
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Program_echo (4)

h=1;
h(nDelay)=aGain;
stem(h);

xlabel('n'); ylabel(*h[n]')

0 1000 2000 3000 4000 5000 6000 7000 SO00
n

Procesiranje signala

axis([-0.1*nDelay 1.1*nDelay -0.2 1.2]);
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Magnitude (dB)

Phase (degrees)
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Program_echo (5
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figure
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Program_m_echo (1)
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Program_m_echo (2)

[x,fs,nbits] = wavread('dspOl.wav')

x (80000:end)=[];
wavplay (x, fs) ;
nDelay = 8000;
nEcho = 3;

aGain = 0.8;

y = multiecho (x,nDelay,aGain,nEcho) ;

wavplay (y, £s) ;
subplot(2,1,1)
plot(1l:1length (x) ,x)
subplot(2,1,2)
plot(l:length(y),y)

function y = multiecho(x,R,a,N);
num = 1;

if N>0
num (N*R+1) = -a”N;
end
den = 1;
den (R+1) = -a;

y=filter (num,den, x) ;

Procesiranje signala
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Amplitude

Amplitude

Program_m_echo (3)

Signal

R= 8000 odbiraka

a=0.8
1 - - ; z 5 7 3 N=5
Time
Signal + echo

4 5 g J ?
Time Procesiranje signala
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Program_m_echo (4)

num = 1;
if nEcho >0
num(nEcho*nDelay+1) = -aGain*nEcho;
end
" den = 1:

i den(nDelay+1) = -aGain;

08F © h = impz(num,den,100000);

07t stem(h); xlabel('n"); ylabel('n[n]')
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Phase (degrees)

Magnitude (dB)

20

Program_m_echo (5

figure
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Sadrzaj

Procesiranje muzickih signala
Sinteza digitalnin muzickih signala
Kompresija signala
Trans-multiplekseri

Discretni visetonski prenos digitalnih
podataka

Konvertori sa oversamplingom

Procesiranje signala
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Reverberacija

Reverberacija je niz uzastopnih sve slabijih refleksija koje
prate direktan zvuk i koji se ne mogu medusobno razluciti

Eho ili odjek se Cuju kao izdvojene refleksije —
razlika od reverberacije

Vreme reverberacije je vreme potrebno da
akustiCka energija opadne po iskljuCivanju izvora
na milioniti deo prvobitne vrednosti (60 dB)

Nagib krive opadanja zvuka
u dB po jedinici vremena je konstantan

Zavisi od veliCine prostorije i ukupne apsorpcije

Muzika na otvorenom prostoru, kada nema reverberacije,
zvucCi suvo i prazno a orkestar deluje razbijeno

Procesiranje signala 20



Reverberacija i refleksija

U zatvorenom prostoru, zvuk koji dolazi do
slusaoca se satoji od

(1) direktnog zvuka,

(2) prve refleksije i

(3) reverberacije

Prve refleksije su one koje ucestvuju
u prvih 5 dB (10 dB) pada nivoa

Zvuk koji se proizvodi u studiju ne zvuci prirodno
Digitalni filter se koristi da bi zvuk zvucao prirodno

Procesiranje signala 21



Beskonacan broj ehoa (1)

lIR filtar koji generiSe
beskonacan broj ehoa

] Q—rC) - O 3]

U/I
N

Procesiranje signala
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Beskonacan broj ehoa (2)

[x,fs,nbits] = wavread('dspOl.wav')
wavplay (x, fs) ;

nDelay = 10;

aGain = 0.8;
nReverb = nDelay* (log(1/1000) /log(aGain)) ;
num = 1;

den = 1;

den (nDelay+l) = -aGain;

y = filter (num,den,x) ;

wavplay (y, £fs) ;

subplot(2,1,1)

plot(1l:1length (x) ,x)

xlabel ('Time'); ylabel('Amplitude’')
title('Signal')

subplot(2,1,2)

plot(l:length(y) ,y)

xlabel ('Time'); ylabel ('Amplitude’')
title('Signal + echo')

Procesiranje signala
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Beskonacan broj ehoa (3)

Signal
1 : .
R= 10 odbiraka
2 05r | G = 08
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Beskonacan broj ehoa (4)
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Frekvencijska
karakteristika

Spektar je obojen,
amplitudska karakteristika
nije ravna
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Allpass reverberator (1)

lIR allpass reverberator

Al

;/\_;_},_( ) y[n]

Procesiranje signala
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Allpass reverberator (2)

[x,fs,nbits] = wavread('dspOl.wav')
wavplay (x, fs) ;

nDelay = 4;

aGain = 0.8;

nReverb = nDelay* (log(1/1000) /log(aGain)) ;
num = aGain;
num (nDelay+1)
den = 1;

den (nDelay+l) = aGain;

y = filter (num,den,x) ;
wavplay (y, £s) ;

subplot(2,1,1)

plot(1l:1length (x) ,x)

xlabel ('Time'); ylabel('Amplitude’')
title('Signal')

subplot(2,1,2)

plot(1l:1length(y) ,Vy)

xlabel ('Time'); ylabel('Amplitude’')
title ('Reverberator’) Procesiranje signala

1;
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Amplitude

Amplitude

Allpass reverberator (3)

Signal

_1 1 L L 1 1 1 1

4 B g 10 12 14

Time ¥ 10
Reverberator

1
16 18

_1 1 1 1 1 1 1 1
4 B 8 10 12 14

Time . 104
Procesiranje signala

R= 4 odbiraka
a=0.8
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Allpass reverberator (4)

Eksponencijalno

086 opada impulsni odziv
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Magnitude (dB)

Phase (degrees)
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Allpass reverberator (5)
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Frekvencijska
karakteristika
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ravna
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Eho + allpass reverberator (1)
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Eho + allpass reverberator (2)

a=1[0.6 0.40.20.10.7 0.6 0.8];
R = [700 900 600 400 450 390];
[x,fs,nbits] = wavread('dspOl.wav')
wavplay (x, fs) ;

pause (0.1)

dl multiecho(x, R(1), a(l), 0);

d2 multiecho(x, R(2), a(2), 0);

d3 = multiecho(x, R(3), a(3), 0);

d4 = multiecho(x, R(4), a(4), O0);

d TIR = dl + d2 + d3 + d4; 3%output of IIR echo
generators

d ALLl1 = alpas(d IIR, R(5), a(5));

d ALL2 = alpas(d ALLl, R(6), a(6));

y = x + a(7)*d ALL2;

Procesiranje signala



Eho + allpass reverberator (3)

x = 0*x; x(1)=1;

dl = multiecho(x, R(1l), a(l), O0);

d2 multiecho(x, R(2), a(2), 0);

d3 = multiecho(x, R(3), a(3), 0);

d4 = multiecho(x, R(4), a(4), O0);

d ITR = dl + d2 + d3 + d4; S%output of IIR echo
generators

d ALL1 = alpas(d IIR, R(5), a(5));

d ALL2 = alpas(d ALLl, R(6), a(6))

y = x + a(7)*d ALL2;

freqz (y,1);

Procesiranje signala



Eho + allpass reverberator (4)

Signal
1 T T
05k
=
=
= 0
k-
05F
1 L 1 1 1 1 1
0 2 4 B 8 10 12 14 16 18
Time X 104
Reverberator
4
5L
=
=
= 0
k-
2k
A L 1 . 1 1
0 2 4 B 8 10 14 16 18
Time X 104

a=[06 04 02 0.1 0.7 0.6 0.8]
R=[7/00 900 600 400 450 390];
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Eksponencijalno

opada impulsni odziv

2500

500 1000 1500 2000 2500
500 1000 1500
1 T I o
-B=
500 1000 1500
s
500 1000 1500 d
-

2500

d.ﬁLL2

0 500
Procesiranje signala

1000

2000

2500



Eho + allpass reverberator (6)

Impulsni odziv

0 500 1000 1500 2000 2500
n

Procesiranje signala
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Magnitude (dB)

Phase (degrees)
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Eho + allpass reverberator (7)
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Frekvencijska
karakteristika

38



Lowpass reverberator

x[7] Q—@ >

G(2)

Procesiranje signala
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Multitap reverberator

a ad a ad
P\ A N’ P\

x[n] O~ O o —Oy[n]
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Flanging efekat

Flanging efekat se pravi tako Sto se isti signal dovodi na
dva izvora a zatim menja vreme kasnjenja izmedu dva
signala

Promena vremena kasnjenja je kontinualna od 0 do R

Posto kasnjenje ne mora da bude ceo broj, primenjuje se
iInterpolacija za izraCunavanje vrednosti signala

~(-Hy—o st

yin]=xln]+a x[n—f(n)]

Da B(n) = (1 cos(awyn))

Procesiranje signala 41




Flanging efekat

clear all, close all, clc
[x,fs,nbits] = wavread('dspOl.wav')
wavplay (x, fs) ;

y = flang(x,1000,0.5,2*pi*6,£fs) ;
wavplay (y, £fs) ;

subplot(2,1,1)

plot(1l:1length (x) ,x)

xlabel ('Time'); ylabel('Amplitude’')
title('Signal')

subplot(2,1,2)

plot(l:length(y) ,y)

xlabel ('Time'); ylabel('Amplitude’')
title('Flang')

Procesiranje signala
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Chorus efekat

Chorus efekat se dobija kada nekoliko muziCara svira
isti instrument u isto vreme ali sa _
malim razlikama u amplitudi i vremenskom razlikom

Ovaj efekat moze da proizvede jedan muzicar pomocu
digitalnog filtra, na slici, kao da svira 4 muziCara

Kasnjenje je kontinualno, slucajno i sporo promenljivo

a
3 3
> _-B;(1) D—@®
a, |
x[n] o—> 8,0 D>—(®—0 y[n]
a,
—>1 "B, (") >
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Phasing efekat

« Phasing efekat se proizvodi kada se signal propusti
uskopojasni noc filtar (ima beskonacno slabljenje na
jednoj uCestanosti) a zatim dodaje originalnom signalu

* NocC ucCestanost | propusni opseg se sporo menjaju

x[n] O *@"_@ v[n]

n

Noc filtar sa Y
promenljivom nocC
frekvencijom

H(z)

N
L
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Ekvilajzer

* Ekvilajzer modifikuje frekvencijsku
karakteristiku tako da pojacava ili slabi
sinusne signale na odredenim ucCestanostima

* (a) filtri propusnici svih ucestanosti (allpass),
(b) izlazni signali allpass filtara se mnoze
kKonstantom,

(c) sabiraju se siganli sa ulaznim signalom

Procesiranje signala 45



Ekvilajzer | reda LP

x[n] C

K 1

Grp(2) = 7(1—141 (z))+5(1+ 4(2))
= 0.5
: a- -z

A(2) = ———
1— dcz
> 4, ®—0 y[n]

Y
1 05K L K —tan(o-T/2)
'\-b' P

“ T K+ tan(w-1/2)
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Ekvilajzer | reda LP - kod

c =0.8;

wC = pi*c;

£f =0:0.001:0.5;
T =1;

Kl =1/10; cl = c;

[numGlpll,denGlpll] = filter gl 1lp(wc,K1l,T)
hl = freqz (numGlpll,denGlpll, 2*pi*f) ;

ahl = 20*1ogl0((abs(hl))) ;

plot(f,ahl,'-',£f,ah2,':"',£f,ah3,'--"',£f,ah4,"'-.")
xlabel ('Frequency'), ylabel('Gain (dB) ')

axis ([0 0.8 -25 25])

legend ([ 'K=' num2str(Kl) ' c¢c=' num2str(cl)], ...

Procesiranje signala
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Gain (dB)
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Ekvilajzer | reda LP (2)
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Gain (dB)
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Ekvilajzer | reda LP (3)
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Ekvilajzer | reda HP

] K
Grp(2) == (1= 4(2)+ - (1+ 4())
D DS5K -1
WLl < A — 2
Ay(z) =———
1— dcz
x[n] © > 4,0) &0 y[]
T | L |- K tan(w-1T/2)
D “T1+k tan(w-T/2)
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Ekvilajzer | reda HP - kod

c =0.3;

wC = pi*c;

£f =0:0.001:0.5;
T =1;

Kl =1/10; cl = c;

[numGlpll,denGlpll] = filter gl hp(wc,K1l,T)
hl = freqz (numGlpll,denGlpll, 2*pi*f) ;

ahl = 20*1ogl0((abs(hl))) ;

plot(f,ahl,'-',£f,ah2,':"',£f,ah3,'--"',£f,ah4,"'-.")
xlabel ('Frequency'), ylabel('Gain (dB) ')

axis ([0 0.8 -25 25])

legend ([ 'K=' num2str(Kl) ' c¢c=' num2str(cl)], ...
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Gain (dB)

Ekvilajzer | reda HP (2)
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Gain (dB)
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Ekvilajzer | reda HP (3)
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Ekvilajzer | reda LP + HP

C

wC = pi*c;

f
T
K1

[numGlpll,denGlpll] = filter gl 1lp(wc,K1l,T)

hl
ah
K2
wC

[numGlpl2,denGlpl2] = filter gl hp(wc,K2,T)

h2

1

ah2

numGlpl3 = conv (numGlpll,numGlpl2) ;
denGlpl3 = conv(denGlpll,denGlpl2) ;

h3

ah3

0.98;

0:0.001:0.5;
1;
= 10; cl = c;

= freqz (numGlpll,denGlpll, 2*pi*f) ;
= 20*1loglO ((abs(hl)));

= 1/10; c2 = 0.02;

= pi*c2;

= freqz (numGlpl2,denGlpl2,2*pi*f) ;
= 20*1ogl0((abs (h2)));

= freqz (numGlpl3,denGlpl3,2*pi*f) ;
= 20*1oglO0((abs(h3))) ;

Procesiranje signala
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Gain (dB)

25

-25
0

Ekvilajzer | reda LP + HP

1

1

K=10 ¢=0.98
K=0.1 c¢=0.02
kaskadna veza

0.1

0.2

0.3

0.14 0.15 06
FB?8UBLfHanje signala

0.7

0.8
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x[n] ©

Ekvilajzer Il reda LP

K 1
GLp(2) = (1=4(2))+ {1+ 4(2))

-1, .2

ac—pP(l+ap)z " +z
Ay(z) = 1 )

I—IB(1+Clc)Z +Cch

T B = cos(ay)
> 4,(2) G—0 1[n]

-
—’
i

Y.

Procesiranje signala
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Gain, dB

6HF

o

O}

e

6!

10

Ekvilajzer |l reda (2)

(uO:{)Ir: »

1(f

) .—"2 -
“0 K=

e — -

10'

Procesiranje signala

Wy = 045 x99 \,

10

--..f\/ P

10
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Gain, dB

20}

Ekvilajzer Il reda (3)

10

10
()

Procesiranje signala

10 10
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yain, dB

10
15¢
20}

10

Ekvilajzer |l reda (4

O—H“ =0l

¢ li“xl_l)‘*.‘:

\B =0005%
Y A, ~

£ . - - — ,
——ee—— | —

1(f 10
()

Procesiranje signala

)

-

-

- o

10
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Ekvilajzer viseg reda

First-order

Second-order

Second-order

Second-order

[nput —

M, =(0.21
K=13

®, = 0.2n
B,=02n
K=12

w,=04m
B,=02n
K =0.95

®, = (.81
B,=02r
Ki=1:1

Procesiranje signala
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Gain, dB

Ekvilajzer viseg reda (2)

W)

(,L A
) 0.2n .4 0.6 .8

Normahzed frequency

Procesiranje signala
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Sinteza muziCkih signala

Koriscenjem tabela
Modelovanjem spektra
Nelinearne metode
Modelovanjem fiziCkih pojava

Procesiranje signala
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Sinteza korisCenjem tabela

« U tabeli se Cuva jedna perioda
zeljenog muzickog signala
* Ponavlja se isCitavanjem iz tabele periodiCnog signala

]

O v[n]

AN

Procesiranje signala

PocCetna stanja
sadrze jednu
periodu signala

yin]=yln—R]

R je perioda
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Sinteza korisCenjem tabela

O(R
Anl=—ln—R]+yn-R-1]]
2
PocCetna stanja
_ sadrze jednu

U ] periodu signala

N\

o2
R
G(z) <
Procesiranje signala
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Sinteza koriscenjem lowpass filtra

O(R
yn]=——[y{n—R]+ yln—R-1]]
2
PocCetna stanja
_ sadrze jednu

U ] periodu signala

A\

/2
R
G(z) <
Procesiranje signala




Plucked-string filtar

94 R Pocetni zvuk gitare
yln]l=——- [y[n —R]|+y|n—R— 1]] sadrzi vise
2 visokofrekvencijskih

komponenti

A ‘ O v[n]

Allpass filtar za kontrolu tona

-R Srednja vrednost u
registru je 0.

L

L

Grupno kasnjenje je 1/2
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Transmultiplekseri - FDM

 FDM - Frequency Division Multiplex

* Vise analognih signala se modulise
modulacijom SSB (single-side-band) a
zatim se zajedno istovremeno prenosi
jednim sirokopojasnim kanalom

* U prijemniku, pojedini signali se razdvajaju
filtrima propusnicima opsega a zatim se
demodulisu
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TDM

« TDM — Time Division Multiplex

* Analogni signal se digitalizuje, odbirci se
pakuju redom iz svakog kanala i zajedno
prenose

* U prijemniku, prvo se izdvajaju odbirci koji
pripadaju jednom kanalu
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Transmultiplekseri

» Transmultiplekser je struktura sa vise
ulaza i vise izlaza

xolnl —{| L =] G2 = Hy) ] L = ylnl

x[n] ——+II, " G(2) "(‘9 > l—- H,(z) lL — 7]

x,_n—|] L |-G, @ H, (@f{| L = v, \n)

TDM FDM TDM
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Ulazno-izlazne relacije

 Tipican put jednog ulaznog signla do
izlaznog signala

»\';|”|—’Tl. Gy(2) | Hy(2) ll, ""-"A[”] — -\',I”l —p
(a) (b)
L—-1
Y, =Y Fu(2)X;(z), 0<k<L-1
[=0

Procesiranje signala

Fro(2)

—> V. [n]
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Ulazno-izlazne relacije

Y(2)=[Y(2) Y(2) - Y47
X(2)=[Xo(2) Xi(z) - X 4]

Y(Z) = F(Z)X(Z) Nema presluSavanja

Yk(Z) =Fkk(Z)Xk(Z), 0<k<L-1

Perfektna rekonstrukcija

Yk(Z)deZ_nk, 0<k<L-1
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Polifazna reprezentacija
[-kanalnog transmultipleksera

Xoltl /™11 L

—:—. ~ l I — -\'()[”]

L—. -lL —._\'Iln]
a

E(z%Y)

.l'lllll—' L

R(z%)

b0

L f— y;_(n]

Xy llnl—* I L
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Efikasna realizacija
[-kanalnog transmultipleksera

-\'”lnl —

xqinl:=—>

X _ IInl r g

R(2)

i o S T — Yol
el ==
’ I i -.é{-) L—NJL > - V(7]
: ; E(2)
e §e. 00
o :-l ,_.—l )
IL —"é')—‘— —’IL EaH — Y7
73
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Ekvivalentna realizacija
[-kanalnog transmultipleksera

X [n] —» —>! - — V(7]
Xsln] —> —» > V,[n]
o - ]
. | R@ Ez) |e
@
Xy _oln] —» —> - — ) 2[n]
.\'Lh l[”] e > _\.L ll”]

0 1
F(z)=E(z) A " R(z)
ProcCesiranje s{ér;l]fa — 74




Channel |

el 2

Chann

Channel 12

Spektri TDM i FDM

UcCestanost odabiranja 8 kHz

0 4 kHz \

B

0  4kHz /\
. :

— § T’

0 60 KHz 64 kKHz

104 kHz 108 KHz

FDM signal

0

4 kHz

TDM signals s AT SSB single sideband
G Procesiranje signala



Prenos binarnih
digitalnih podataka

* Binarni podaci mogu da se prenose serijski
signalima koji imaju vrednosti +1 i -1

Poslat signal

a (ll a- 4!_; H4 ”5

+1

Time

Primljen signal je drugaciji zbog
nesavrsenosti kanala i ograniCenog
frekvencijskog opsega.

/—\ /\ Potrebna sloZzena procedura ekvilizacije
\/ \/ e funkcije prenosa kanala.
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Visetonski prenos
digitalnih podataka

* N binarnih cifara se moduliSe svojim nosiocem i sabira
* Prijemnik — koherentni demodulatori

\ — n [

Amplitude Amplitude

Amplitude

ap=1

Amplitude

Amplitude

Amplitude

=R

:JI e
-

= B

Time

0.5

Time

0.5

I'me

—Procesiranje signala

a.;=—1 DMT
| Discrete
| Multitone
| Transmition
] "l 1 ”J, (.r<
. +1
Iime
1
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DMT - discrete multitone transmition

Realni signali (sekvence)

{ap[n]}, {br[n]}, O0<k<M-1 uGestanost odabiranja F1

agln] k=0 N =2M
o ap[n]+ jby[n] 1<k<SN/2-1
a[n]=-
K bo[n] k=N/2
ap[n]—jbi[n] N/2+1<k<N-1 pre
1 N-1
wnl=— > a[mWy™, 0<ISN-1 p, _ ~j2z/N
N =0 N
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N-point IDFT

DMT - predajnik

u()l n|

u,|nj
l
| TN '("5

. :
= -]
Uy [n] -
TN *§> s D/A
x|n|

| Lowpass

filter

X, (1)

——

To channel

Procesiranje signala




DMT - prijemnik

y (1) yv[n] Vo 1]
‘a LLowpass . ‘ 0
3 AT, ﬁlll'[' S/H A/D l:'V '_’B()I ”I
From channel - l
l \'[I nl :
: LN = —p, [n]
; L:) ‘;5; ©
= ~/' @
| o ©
& ) [n]
N1
I 7Y By [n]

Brln]l=ay_[n], 1<k<N-1

Poln]l=ay_1[n]
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Karakteristika prenosnog kanala

Kanal se modeluje kao viSe
H () uskopojsnih kanala propusnika
< opsega.
Priblizno konstantan u opsegu.

Magnitude

0 F
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Oversampling AD konverzija

UcCestanost odabiranja treba da bude
2 puta vecCa od najviSe ucCestanosti korisnog signala

Pre AD konverzije mora da se koristi filtar propusnik
niskih uCestanosti Cija je uCestanost granice propusnog
opsega jednaka najvisoj ucestanosti korisnog signala,
ucCestanost granice nepropusnog opsega neznatno veca
od granice propusnog opsega

Analogni filtar mora da bude visokog reda sa kvalitetnim
komponentama (visoka cena)

Filtar sa ostrom karakteristikom unosi fazna izobliCenja u
propusnom opsegu

Alternativa — uCestanost odabiranja je znatno veca, filtar
nema strmu karakteristiku, digitalnim filtrom se realizuje
oStra karakteristika, smanji se ucestanost odbiranja
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Analiza suma (1)

 AD konvertor sa b bita | ucestanost
odabiranja F’;

 Full-scale peack-to-peack ulazni signal
(napon) je R

* Najmanji opseg vrednosti koji se
predstavlja binarno 4V

AV — Rps  Rpg

Cgb_p 9b
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Analiza suma (2)

« Snaga kvantizacionog Suma je o,°

* Podrazumeva se uniformna distribucija greske u opsegu
izmedu —AV/214V/2

« (Gustina Suma je snaga Suma
po jedinici frekvencijskog opsega (noise density)
« Snaga (ukupna) u korisnom opsegu (in-band noise power)

(ary o, oo _(AV)

2 — —

Ge B 12 it FT/2 6FT
ho o2 _(RFS/Zb)z/lz F,
total —

Fr/2 12 Fr /2
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Analiza Suma (3)

Za ucestanost odabiranja F,=2F , broj bita

Za ucestanost odabiranja F,=2MF’, , broj bita je b
Oversampling ratio (OSR) M=F/2F

Koristi se idealni filtar propusnik niskih ucestanosti
Koliko bita treba manje za vecCe M?

1 Brzi a manje tac¢an
B=b+ —10g2 M AD konvertor —
2 ekonomicnije resenje
M=1000, b=8
Isto kao da se Kkoristi
M=1, b=13
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Sigma-delta (2A) AD konvertor

2MF,,
l
Analog _ + Analog
input integrator

| -bit

| A/D converter

| -bit

D/A converter

Sigma-delta quantizer

1

Procesiranje signala

2MF,,

M th band
digital

lowpass filter

Decimator

2F,

b 13 s

m

b>1

Digital
output
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Sigma-delta konvertor (1)

N = 20;
n=1:1:N;

m = n-1;

A =0.8;

x = A*ones(1l,N);

subplot(2,1,1),
plot(m,x) ;
subplot(2,1,2)
y = zeros(1l,N+1);
vl = 0;
for k = 2:1:N+1;
vl = x(k-1)

- y(k-1) + vO;

y(k) = sign(vl);

v = vl;
end
yn = y(2:N+1) ;
stem(m, yn);

Procesiranje signala
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Sigma-delta konvertor (2

Input analog signal

T T T T L ] T L] T

0.5

T
1

Amplitude

-0.5

T
1

1 1 1 1 1 1 1

0 2 4 6 8 10 12 14 16 18
Time
Output of sigma-delta modulator

1(} T T |l T |l |l €>

05F -

Amplitude

-0.5

T
1

Time
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Sigma-delta konvertor (3)

wo = 2*pi*0.01;

sequence = ') ;
N = 100;
n=1:1:N;

m = n-1;

A =0.8;

X = A*cos (wo*m) ;

fig
H =
YF

out =

axi
plo

xlabel ('Time'); ylabel ('Amplitude’') ;

tit

ure
[1 1 0.5 zeros(1,N-5) 0.5 17;
Y.*H;
ifft (YF);
s([0 N-1 -1.2 1.2]);
t (m,out) ;

le ('Lowpass filtered output')

Procésiranje qmnala
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Sigma-delta konvertor (4)

Input analog signal

lllllllll

utput of sigma-delta quantizer

lllllllll

._E
———%
e
———————
—ee
.
e — 1
———————
.
———
e

=i
.
——————
e
————
———————————
—————————
R
.
—
3
3
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Sigma-delta konvertor (5

Lowpass filtered output

1 T T T T T T T T T

Amplitude

Procesiranje signala
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CIC decimator

+ + L Digital
""" lR "_’@_' output
+L _|_ J—
o1 A N - N
K sections K sections
K
1 — RN
—Z

= -z
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Oversampling DA konverzija

* DA konverzija se sastoji od konverzije u
kontinualni signal i analognog filtra

* Ako je ucCestanost odabiranja blizu dvostrukoj
najvecoj ucestanosti korisnog sgnala, filtar mora
da ima ostru karakteristiku, da bude visokog
reda, od skupih komponenti

« Da se znacajno poveca ucestanost odabiranja,
digitalnim filtrom potisnu nezeljene komponente,
upotrebi ekonomican analogni filtar (niskog reda
od komponenti koje nisu skupe) koji ima siroku
prelaznu zonu
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Realizacija DA konverzije

b e L,
e . [Lihband 1¥ I Analog Analog
D!gllal% T/, -+ lowpass | 1-bit D/A lowpass —*outout
input p b filter converter filter 4
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Ulazni i izlazni signal DA konvertora

05t

Amplitude

Amplitude

—)

Analog output of DAC

Digital input

s gl 1l '
¢ =
1 o 105
, 1 = 0
B ‘L § [
6 | & 09 e
2 4 6 8 10 l 0 20 40 60 80
Time

Digital output of interpolator

—

Sample index

10

20 30 40 50 0
Sample index

Proce(sgljanje signala

20 40 60 80
Time

100
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Filtrirani signal

Filtered output of conventional D/A converter

| L—ﬁ
[ _A-;\__ 5

D
e A Y,
= of
£ | G "G
20,5 AR /
v\ /,—\-
- I I — e -
0 20 40 60 80
Time
(a)

0.5}

100

Filtered output of oversampling D/A converter

= =150 2434 =Ba%
0.5} \ //W
|

Of N\ / 1
N e |
-0.5¢ \ 3 __,,//

= I S i A " e
0 20 40 60 80 100
Time

Amplitude

(b)
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Profesor dr Miroslav Lutovac
mlutovac@yviser.edu.rs

Ova prezentacija je nekomercijalna.

Slajdovi mogu da sadrze materijale preuzete sa Interneta,
struCne i naucne grade, koji su zasticeni Zakonom o
autorskim i srodnim pravima.

Ova prezentacija se moze Koristiti samo privremeno
tokom usmenog izlaganja nastavnika u cilju informisanja i
upucivanja studenata na dalji strucni, istrazivacki i naucni

rad i u druge svrhe se ne sme Koristiti —
Clan 44 - Dozvoljeno je bez dozvole autora i bez pla¢anja
autorske naknade za nekomercijalne svrhe nastave:

(1) javno izvodenije ili predstavljanje objavljenih dela

u obliku neposrednog poucavanja na nastavi;

- ZAKON O AUTORSKOM | SRODNIM PRAVIMA

("SI. glasnik RS", br. 104/2009 i 99/2011)
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