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A TYPICAL DSP SYSTEM

Typické usporiadanie systému ,,Digital Signal Processor*

DSP

<—» MEMORY
e DSP CHIP C(islicovy signilovy procesor

e MEMORY
e CONVERTERS Prevodniky

<«— ADC [= (0PT|ON AL) (volite'nd sicast)
e ANALOGUE TO
DIGITAL

e DIGITAL TO
I P . ANALOGUE
e COMMUNICATION PORTS
o SERIAL
o PARALLEL
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MULTIPLY AND ADD

Operécie ndsobenia (Multiply) a s¢itania (Add)

/ADD

0001
Lea=d . 0010

0011
\ P

Najviac pouzivand operdcia v DSP

MOST COMMON OPERATION IN DSP

[A:B*C+D]
E=FG+A

MULTIPLY, ADD AND ACCUMULATE

MAC INSTRUCTION /

nasob a vysledok pricitaj k predoSlému

vysledku (operand A)
LECTURE 1
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/MULTIPLY \
0010

SHIFT LEFT posui dva

2*4=8 TWICE ¢ dolava
?

krat

o A

-

MULTIPLY OPERATION

~

TYPICALLY 70 CLOCK CYCLES
WITH ORDINARY PROCESSORS

v beznom mikroradici trva vypocet ndsobenia
az 70 strojovych cyklov

WE NEED TO MAC IN ONE CYCLE |

Q/Iy ale potrebujeme ndsobit a pripocitavat’ y
JEDNOM strojovom cykle

TEXAS
INSTRUMENTS
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DIGITAL COMPUTERS

Procesory - dve architektiry:

VON NEUMAN o )
Adresa instrukeif, dét MACHINE Architektuira typu ,,von Neumann‘:
A
STORED | _
PROGRAM INpuT | | ARITHMETIC | | _ ADDRESS
AND D OUTPUT i d 5« DATA
DATA |- 7 - e i
inStrukcie, data -
HARVARD érchitektli‘ra typu ,,Harvard*:
Adresa Styri zbernice -
inStrukcif ARCHITECTURE dve ddtové a dve adresné
N
B A A _ Adresa
&4 .
dat
- ——
STORED AR [MinpuT STORED
PROGRAM UNIT OUTPUT DATA
— g
D D
3 /
InStrukcie Dita

LECTURE 1 5 R Toas
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WHY DIGITAL? \

Preco &islicové spracovanie?

WO RT H IT? Stoji to zato? Zasluzi si to?

—»| ADC|[—%| PROCESS—® DAC ——»

e |S DIGITAL PROCESSING
B EITE RQ vyhodnejsie?

Lepsia Casova a teplotna
stabilita

dvarovnaké Dsp € @ STABILITY AND REPEATABILITY

systémy vykazuju viac
rovnaké parametre

\ LECTURE
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Je ¢islicové spracovanie

e APPLICATION DEPENDENT Niekedy dno niekedy nie, zavisi na

aplikécii

& P ROG R AM M AB | LITY Programovatel'nost’, zmena programu - znjena funkcie

e SPECIAL APPLICATIONS

niektoré aplikdcie je moZné realizovat’ len digitdlne

TExa:
1 8 [NSTROMENTS

All Rights Foeserved
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/ PROGRAMMABILITY \
e ONE HARDWARE = MANY TASKS

Jedna schéma zapojenia - r6zne funkcie, zavislé od programu

—® LOW PASS FILTER

SOFTWARE +—»
—® MUSIC SYNTHESIZER

SOFTWARE 2—» SAME
¢ HARDWARE

—» MOTOR CONTROL

SOFTWARE N—»

® UPG RADABILITY AND .Pfida;l.iefu’nkciia )
FLE X| BI LI Y prispdsobivost’ znamena:

e DEVELOP NEW CODE UPGRADE

e ANALOGUE SOLDEENEW COMPONENT
-

' Cislicové sprac. - modifikovat’ program (do uréitého stupiia nie je potrebné
modifikovat’ zapojenie)
\ Analég ové sprac. - modifikovat’ zapojenie
Ti
9 4

LECTURE 1
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STABILITY AND REPEATABILITY

e ANALOGUE CIRCUITS ARE

AFFECTED BY —

e TEMPERATURE s T
e AGING

Na vlastnosti anal6govych obvodov vplyva
teplota a starnutie stuciastok

e TOLERANCE OF COMPONENTS

e TWO ANALOGUE SYSTEMS
e USING SAME DESIGN
e USING SAME COMPONENTS
e MAY DIFFER IN PERFORMANCE

Rozptyl hodnét siciastok mdze spdsobit’, Ze dve rovnaké zapojenia s rovnakymi sic¢iastkami nemusia
vykazovat’ rovnaké vlastnosti
"9’ TEXAS
LECTURE 1 10
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PERFORMANCE

e SOME SPECIAL FUNCTIONS CAN ONLY BE IMPLEMENTED

DIGITALLY Niektoré druhy spracovania signdlov je mozné realizovat’ iba ¢islicovo

& Bezstratova a stratovd kompresia zvukového a
LOSSLESS COMPRESSION obrazového signédlu - MPEG, ATRAC...

® LINEAR PHASE FILTERS

Spektral 1yza - FFT
AQ 1l peltraina analyza Filtre s linearnou fazovo -
frekven¢nou charakteristikou
-0 , phase
|
AN TR f i
f [Hz] 1 2
LECTURE 1 12 % Texas
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a SIGNALS
IN TIME AND FREQUENCY
DOMAINS sienity vasoveja frekvencnej oblasi

TIME DOMAIN

T,=1/f,
AMPLITUDE 4—--4
\ / \ jzﬂME
T,=1/,
AMPLITUDE ',4»'
f ANAY q\
AAAAAAS

period

™
LECTURE 2

Copyright € 1996 Teoms Instruments - All Rights Reserved

f = frequency

~

FREQUENCY DOMAIN

AMPLITUDE
A
I
< | >
f,  FREQUENCY
AMPLITUDE
A
N
T
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REAL SIGNALS

Redlne, vSeobecné signély

AMPLITUDE
A

N

Redlne, vSeobecné signdly su zloZené z mnohych

- harmonickych signdlov s réznymi frekvenciami -
\ g frekvenéné zlozky signdlu
, TIME ® REAL LIFE SIGNALS ARE A COMBINATION
/ OF MANY FREQUENCIES
® THEY HAVE BANDWIDTH 2f
AMPLITUDE

nemusia byt’ zloZené z harm. signélov vSetkych

A frekvencif ale len z frekvencii z intervalu <0;fm>
1Al ® SPECTRUM = FREQUENCY CONTENT
N S
/ spektrum = zastipenie jednotlivych
/ frekvencnych zloziek
( et o e A A _____..___> FREQUENCY

..fm fm

- >

. 2f ~

LECTURE 2 2 hd

INSTRUMENTS
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SAMPLING oo

1 Hodnoty
1.8 1 podielov
1 (bankovych)

0 +—+—F—F—+—+—T+—+—TT—+—
12.3.4567 8 91011121314
. ¢ TIME (WEEKS)

O®TAKE SNAPSHOTS OF CONTINUOUSLY
CHANGING DATA
urob fotky spojito sa meniacich hodnot
®‘SAMPLING PERIOD’ IS FIXED
¢as medzi dvoma ,,foteniami‘ sa nazyva
vzorkovacia peridda, ma konStantnii hodnotu
® THIS MAKES INFORMATION
UNDERSTANDABLE

u tymto sa informdcia stdva zmysluplnou (?)

®MY SHARE PRICE HIT ITS LOWEST IN

WEEK 4 hodnota mojich podielov dosiahla
minimum vo Stvrtom tyZdni
oMY SHARE PRICE REACHED ITS PEAK IN
WEEK 9

hodnota mojich podielov dosiahla
maximum v deviatom tyzdni

— <@— SAMPLING PERIOD ®SAMPLING PERIOD IS THE TIME BETWEEN

—» <—SAMPLING TIME

SAMPLES

cas, ktory je potrebny na ,,odfotenie* hodnoty

©SAMPLING TIME IS THE TIME TAKEN TO TAKE
A SAMPLE, ‘A SNAPSHOT’

LECTURE 2 3
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MISSING INFORMATION

— — Inferred plot

1.4- stracanie informécie
yioi) P ®NON-PERIODIC SNAPSHOTS
1- TR e I nepravidelné ,.fotenie*
Il TR L O®MAY MISS INFORMATION
ﬁ 08¢ i~ oot —;-\-\-; Srmiednasge Py mdZe dojst ku strate hodnoty
O 061: : : I THE DIP IN PRICES BETWEEN
E 0.4- T3&T4 GOES UNNOTICED
* kratky pokles v hodnote medzi okamihmi T3 a T4 sa nezaznamenal
il B ®INFORMATION CANNOT BE
Ol —p—p—— —r—— TIME INTERPRETED EASILY
TIT2 T3 T4T5 T6 Informécia nemdze byt’ spravne pochopena
1.4 o
v e ®PERIODIC SNAPSHOTS
"IN P o idelné _fotenie™
ol o _ =" pravidelné ,,fotenie
TN // ®EASIER TO INTERPRET
a 08+ - ----= S sl Perio Informacia moze byt lepSie pochopend
O 064 : OMAY STILL MISS INFORMATION
[ :
o 041 : stile ale mdze dojst’ ku strate informécie
0.21 : : ;
0 i T — TIME
T T2 T T4 OTHE KEY IS THE SAMPLING FREQUENCY
3
skuto¢ny vyvoj hodnot
Actual variation P g

vyvoj hodnoty signdlu, jeho rekonstrukcia, ak pozndme jeho hodnoty iba v
okamihoch T1 az T4

4 Q’ TEXAS

INSTRUMENTS

LECTURE 2
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GETTING THE SAMPLING RIGHT

TIME ako sprdavne vzorkovat’ FREQUENCY
IAl
fm ta H
>t f5>>fa ) b il )'f
f f 2f

a S s
f, = sampling frequency

f_ = signal frequency === rovnaky rozdiel frekvencii

.._) f

IAl

IAl /\
CASE 3 - / _________ >t f.<2f, T ? >
------- ¢f$
v alias
inferred signal original signal f,
LECTURE 2 5 % s
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LIMITING THE SPECTRUM

\ LECTURE 2

as Instruments  All ‘Rights Reserved

®SIGNALS IN THE REAL WORLD CONTAIN
MANY FREQUENCIES

®FREQUENCY COMPONENTS GREATER
THAN 1/2 f, CAUSE ALIASING (f>f)

frekvencie vysSie ako f,/2 sposobuju aliasing

®GET RID OF (=FILTER OUT)
FREQUENCIES ABOVE f,,

ako sa ich zbavit’ - odfiltrovat’ ich

®THEN ENSURE SAMPLING RATE IS
GREATER THAN 2f

a uistit’ sa, Ze f; je minimdlne dvojndsobnd ako
je najvyssia frekvenéna zlozka signélu

‘Q‘ TeExas

INSTRUMENTS
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DIGITIZING THE SIGNAL

IAIA sample & =— hold
\ i
\
{ /
>
t
e - — __+
ts 4ts Bts t
IAIA quantize
e - 10
----- ]-— | 01
""" ——11 - 00
R 1 2 TP e -4 B _____>
LS 4 :
LECTURE 2

Copyright © 1998 Texas Instruments  All Rights Reserved

®AIM IS TO OBTAIN “1’, ‘0’ REPRESENTATION

®SAMPLE SIGNAL PERIODICALLY

®HOLD SAMPLED VALUE UNTIL NEXT SAMPLE

O®CLASSIFY NEW SIGNAL INTO LEVELS
= QUANTIZE

O®MORE LEVELS, MORE ACCURATE

SIGNAL = 10 10 01 0100 00| ?
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o

IAl

"H quantization

error - - - '/fh“
~.

LECTURE 2

QUANTIZATION ERROR

®QUANTIZATION INTRODUCES ERRORS

—> ®INCREASING THE NUMBER OF QUANTIZATION
t

LEVELS IS NOT ALWAYS THE ANSWER

ONON-UNIFORM QUANTIZATION

O®USE MORE LEVELS WHERE
THERE ARE MORE VARIATIONS

®USE FEWER LEVELS WHERE
THERE IS NOT MUCH CHANGE

INSTRUMENTS

Copyright © 1996 Tems nstruments A1 Rights Reserved
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ADC CONVERTERS

SUCCESSIVE APPROXIMATION ADC

| Control

logic

Comparator

| Successive

pproximation

r—%‘m’

DAC

LECTURE 2

Copyright © 1996 Texas Instruments  All Rights Reserved

Voltage
1"
V ____________
v 10 Vi
v 01
i T e——
Vo 00 P time

®SET DAC OUTPUTTO V, _ ‘01’
®DAC GENERATES ANALOGUE VOLTAGE V2
Vin » V2

®SET MSB TO ‘1’

®DAC NOW GENERATES V,

®SET LSB TO ‘0’ SINCE V>V,
®DIGITIZE IN TWO CYCLES

on BITS = n CYCLES

Q Texas

INSTRUMENTS
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DIFFERENT TYPES OF ADC

DIGITIZING PIPELINE

ADC .

1

0

—| BANDLIMIT »| SAMPLE L | pigiTIZE >
& HOLD

analogue 1

1

®DUAL SLOPE ADC
SLOW
EXPENSIVE

®FLASH ADC
REQUIRES PRECISION COMPONENTS

®SIGMA DELTA ADC
USES MOSTLY DIGITAL TECHNOLOGY
RELIABLE
STABLE

LECTURE 2 10

Copyright € 1996 Teeas Instruments  All Rights Reserved
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ﬂROM DIGITAL TO ANALOGUE

VOLTAGE SOURCE MULTIPLYING DAC

DIGITAL CONTROL

V. lm

I:‘1
- ——
VO
. 2R -
N ANALOGUE
OUTPUT
GND =

LECTURE 2 (i

Copyright © 1998 Texas Instruments  All Rights Reserved

®FOR ‘10’ DIGITAL CONTROL
SWITCH IN R TO SUPPLY (V)
2R TO GROUND (GND)
ANALOGUE OUTPUT = (R1/R) * V,

®GAIN = R1/INPUT RESISTANCE
THE OUTPUT

................................

Vo=-[ Vin* (Ry/R): +: Vip * (Ry/2R) ]

MSB = MOST SIGNIFICANT BIT
LSB = LEAST SIGNIFICANT BIT

®POSSIBLE INPUTS AND OUTPUTS
FORR1 =R

INPUTS OUTPUTS
11— 15V,

[ — .
01— 05V,
00— 0

EXAS

el |
INSTRUMENTS
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SMOOTHING THE OUTPUT

LOW
010001 ——»{ DAC +——>»| PASS —»
FILTER
DIGITAL IN » SAMPLE & HOLD——® SMOOTHED OUTPUT
IAI“/
-t -t

®CONVERT DIGITAL INPUT TO ANALOGUE VALUE

O®HOLD UNTIL NEXT DIGITAL INPUT IS CONVERTED
®FINALLY SMOOTH THE OUTPUT SIGNAL

LECTURE 2 12

Comright © 1996 Texas Instruments  All Rights Reserved

'@ TEXAS
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COMMERCIAL CONVERTERS

TLC32040

ANALOGUE INTERFACE CIRCUIT (AIC)

®ADC AND DAC ON SAME CHIP
analogue
in
®DIGITIZED DATA SERIALIZED
=  FILTER ADC E
) >
3 serial @INTERFACES TO SERIAL PORT
analogue < digital out OF DSP
oc
out Uml ®ANTI-ALIASING FILTER
- FILTER DAC
®SMOOTHING FILTER

®PROGRAMMABLE FILTERS

LECTURE 2 13 ﬁs.%ﬁu’%?sm
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PERFORMANCE CRITERIA

AMPLITUDE RESPONSE

pass band ripple 20 log, |Al = gain in dB

AVAYA ] P 3dR point fc= cut off frequency

|Al
GAIN AT 3dB point) (atf, )= ——
_ stop band ripple V2

®RIPPLE IN PASS BAND CAUSES
®NON-LINEARITY

®POSSIBLE TO DESIGN WITH NO RIPPLE
®RIPPLE IN STOP BAND IS LESS IMPORTANT

OFALL OFF dB / Decade (Gain in dB / Decade of f)

®STOP BAND ATTENUATES (SAY - 40dB)

LECTURE 3 6 R Ioas
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PHASE RESPONSE

phase response of
b, a linear phase filter

time delay
A

uniform time delay of
a linear phase filter

________..____;____._..._____._____._. _é._._.___ SEEE 3 f

f, f,

LECTURE 3

®PHASE RESPONSE REPRESENTS
TIME DELAY OF DIFFERENT FREQUENCIES

®LINEAR PHASE RESPONSE
DELAYS ALL FREQUENCIES BY SAME AMOUNT

TIME DELAYS AT f, & f, ARE EQUAL

®NON-LINEAR PHASE RESPONSE
ODELAYS ALL FREQUENCIES BY DIFFERENT
AMOUNTS
®CAUSING DISTORTION TO ORIGINAL SIGNAL
®|IN A MUSIC APPLICATION WE CAN HEAR IT
®|N A VIDEO APPLICATION WE CAN SEE IT

®LINEAR PHASE IS ONLY IMPORTANT IN PASS BAND

®A LITTLE NON-LINEARITY MAY BE TOLERATED

7 f?s%‘m“m/

Copyright © 1996 Texas Instruments Al Rights Reserved
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DIGITAL FILTERS

x(n-1) x(n-2)

Input x(n)o——® 2z T Z1 — Tap

a,—» a, —» Weight
/' Summing junction
®—> y(n) Output

x(n) sampled analogue waveform, x(0) att =0, x(1) att =1, x(2) att =211 ...

ts is sampling period, f=| 2

a,, = weights (coefficients, scaling factor)

Z'! unit time delay = one sampling period

y(n) =385 x(n) +a, x(n-1) +a,x(n-2)

LECTURE 3 10 W Toas

Copyright © 1996 Texas Instruments Al Rights Reserved
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MOVING AVERAGE FILTER

x(n-1) x(n-2)
x(n) Z1 ‘;—P z1
0.25 0.5 0.25%‘
y(n)
$
A input
40+ 20
30+
20
104 = .
mon tue wed thu fri ~sat sun Hie
$
% output
40.. ......
?
30" \
20a ................................. .
-ID_l ........
mon tue 'wed thu' fri ' sat'sun’ > time
LECTURE 3 11

® ASSUME NO PREVIOUS INPUTS
X(0) = 20; X(-1) =0; X(-2) =0

®AND LET
a,=0.25 a; =05 a,=0.25

y(0) = 0.25*x(0) + 0.5*x(-1) + 0.25*x(-2) = 5

y(1) = 0.25*20 + 0.5*20 + 0.25*0 = 15

y(2) = 0.25*20 + 0.5*20 + 0.25*20 = 20

y(3)=0.25* [+05{ |+0254 | =

y(4) =025 |[+05] | +0.25¢ =

y(5) = 0.25*20 + 0.5*40 + 0.25*12 = 28

y(6) = 0.25*20 + 0.5*20 + 0.25*40 = 25

O®MOVING AVERAGE CALCULATION

IEXAS
INSTRUMENTS

Copyright © 1996 Texas Indtruments Al Rights Reserved




/ Hertfordshire

U University of

EIGHTED IMPULSE FUNCTION

der pulse

29 [AII Area un
Width = e |

[sydw = 1
Amplitude = .

j AS(H)d(t) = A

SAMPLING WAVEFORM AS WEIGHTED IMPULSE TRAIN

-t

WEIGHTED IMPULSE FUNCTION

IA" Area under pulse
3| t=5 t=5
j pulse(t) d(t) = j3 dit) = 6
t=3 t=3
-t
3 b5

S(t) =8 (t-oo) + ...+ 8 (t

= —o00

LECTURE 3

Copyright © 1996 Texas Instruments Al Rights Reserved

12

s(t) = 8 (t-nty)
— t ( Z
M= oo

- Area=A Amplitude = oo

“t)+HIM 4+t + ...+ 0 (L4 )

-

INSTRUMENTS
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40
30
20
10
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FILTER FUNCTIONS

FILTER INPUT AS WEIGHTED IMPULSES

MONDAY’S INPUT VALUE

j 20 8(t) d(t) = 20

tta |t

y(t)

A

0.5-

I | T ] 1 I P time
1 2 3 4 5 6

eOUTPUT WAVEFORM OBTAINED FOR
A SINGLE UNITY WEIGHTED IMPULSE

IMPULSE RESPONSE OF FILTER APPLIED AT t = 0

©|MPULSE RESPONSE CONSIST OF
FINITE NUMBER OF PULSES HENCE
FINITE IMPULSE RESPONSE (FIR)
? FILTER

®|MPULSE RESPONSE MAY BE USED
TO OBTAIN RESPONSE TO ANY INPUT

LECTURE 3 13 N Toas
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FIR FILTERS

®A FIR FILTER WITH A STEEPER ROLL- OFF

x(t)

y(t)

-4 - 161 taps

e A MORE REALISTIC FILTER
DESIGNED USING A SOFTWARE FILTER DESIGN PACKAGE
®SPECIFICATIONS:
®CUT - OFF FREQUENCY = 260 Hz
©STOP BAND ATTENUATION > 60db
®ROLL - OFF 55dB per 100Hz (VERY SHARP)

OFILTER WITH 161 TAPS
@161 DIFFERENT GAIN VALUES

®THIS FILTER IS USED IN OUR DEMONSTRATION

LECTURE 3 14 RIoas /
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FIR RESPONSE

Gain (dB)
0 |
®STEEP ROLL - OFF
-20 ® >60dB SUPPRESSION IN STOP BAND
-40

S M ey

| | | I |
260 1000 2000 3000 4000 5000

fe e
Phase (Degrees)
0 s
ol ®LINEAR PHASE RESPONSE
- 301
- 60
- 90 - f

f/2
LECTURE 3 15 ﬁr&%‘m“%m
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DSP AND DIGITAL FILTERS

ANOTHER TYPE OF DIGITAL FILTER
®INFINITE IMPULSE RESPONSE (lIR) FILTER
®DELAYS AND WEIGHTS ARE IN FEEDBACK LOOP
O®NON-LINEAR PHASE RESPONSE
®LESS TAPS, SHARPER FALL OFF
eMAY BE UNSTABLE

ADVANTAGES OF DIGITAL FILTERS
®PROGRAMMABLE
CHANGE COEFFICIENTS = NEW FILTER
®POSSIBLE TO IMPLEMENT ‘ADAPTIVE’ FILTERS
CHANGE COEFFICIENTS UNDER CERTAIN CONDITIONS
ON THE FLY

WHY USE DSP FOR DIGITAL FILTER IMPLEMENTATION?
REMEMBER A=B*C +D

y(n) =@ag x(n) + a; x(n-1) + a, x(n-2)

LECTURE 3 16 B moas
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/ PERFORMANCE ISSUES

NOISE IN DIGITAL FILTERS

®SIGNAL QUANTIZATION
NOISE INTRODUCED IS PROPORTIONAL TO THE NUMBER OF BITS CONVERSION USES

® COEFFICIENT QUANTIZATION

COEFFICIENTS DETERMINE THE BEHAVIOUR OF FILTERS
MORE SIGNIFICANT IN lIR

®TRUNCATION
0.64 x 0.73 = 0.4672 TRUNCATE TO 0.46
DOUBLE WIDTH PRODUCT REGISTERS AND ACCUMULATORS HELP REDUCE
TRUNCATION ERRORS

®INTERNAL OVERFLOW

0010 + 1111 = 10001 —p» SATURATE 1111
L— OVERFLOW

®DYNAMIC RANGE CONSTRAINTS
16 bit ———» 20 log,,( 2'®) = 96dB
32bit ——® 20 log,,( 2%2) = 192dB

17 @ Texas

INSTRUMENTS

LECTURE 3
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