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DSP Concept Mapping
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Discrete-Time Signal

————————————————————————————————————

OPERATION ON SIGNAL VALUES
Arithmetic operation is done on
each similar sample index.

————————————————————————————————————

OPERATION ON INDEX
Reordering the samples;
Folding, Shifting, Selection.

No of samples counted from

SIGNAL LENGTH
| the first to the last non-zero

"""""""""""""""""""" samples. T TTTTTTTTTTTTmmmmmmm e
’\ Signal Values
x|n] = 2.5 3.1 4 2.7 1.4 ] Wath term: vector
n[ 0 1 2 3 4
S 0 T, 2T, 3T, 4T, :]t ,,,,,,,,,,,,,,,,,,,,,,,,
t = nT;

Frequency sampling, F;, = 1 /T

F, = 2Fy, Fy is the signal max freq.




System representation

LT I Sy S t e m based on it’s process

DIFFERENCE EQUATION -> FIR: Convolution, y[n] = x[n]*h[n]

1. LTI system is represented by DIFFERENCE 1y[n:| + 5y[n-1] + 3y[n—2:| — 2X[n] + 3x|:n-1:| + 2X[n-2:|
EQUATION restricted to operations:

i. Delay
ii. Summation to all samples = [1 9] 3] b = [2 3 2]
iii. Weight multiplication Coefficient a Coefficient b
2. The weights are the filter, called: ‘
i. Coefficient a — output samples weights 7N
ii. Coefficient b — input samples weights S)/Stegrglsrggroe;e/gcjz;//fe/; IMPU LS;[TESPONSE
3. LTI system can also be represented by [ L_)
IMPULSE RESPONSE, h[n]:
FIR — equals to coefficient b h [n] h[n] «—— a,b

z-transform
IR — Need z-transform to convert the

coefficient a & b to h[n]



Convolution

x[n] = [3 3 1 3] h[n] = [1 2 1]
n > -1 0 1 2 4
x[n] > [ 3 3 ]
h[n] > x [1 2 ]
3 3 1 3
6 6 2 6
yln] > [3 9 10 8 7 3]



Stability and Causality Check

CAUSALITY: NO FUTURE CAUSALITY: CAUSALITY: ROC OUTWARD
INPUT/OUTPUT h[n] =0 forn <0 STABILITY: ROC INCLUDE UNIT
STABILITY: BIRO STABILITY: ¥ |h[n]| < o CIRCLE
DIFFERENCE EQUATION IMPULSE RESPONSE Z-DOMAIN ROC
Z-TRANSFORM H(z) = 2 + 4z71
1y[n] = 2x[n] + 4x[n-1] ====> h[n] = [ ] - ROC: |2] > 0
n INVERSE Z- o ¥
1y[n] - 0.25y[n-2] = 1x[n] + 2x[n-1] - h[n] = 2.5(0.5) u[n] (TRA_NS_FCLR& H(z) = z"+ iz
~ n — —
\\\~~ - 1.5( ) u[n] o 1z9 + 0z~1 — 0.25z72
CHECKING BIBO FOR STABILITY IS NOT il T " : :
ALWAYS EASY SINCE WE NEED TO TAKE TS mmm——— Folies PermeminEier Howis):
INTO ACCOUNT ALL POSSIBLE INPUTS. 172 + 0z — 0.2520 = 0
AS AN ALTERNATIVE, IT IS EASIER TO CONVERTING DIFFERENCE EQUATION : =
CHECK STABILITY ON THE IMPULSE
RESPONSE. gthI[Ig.]TliuNs(,)TFggle}lFﬁHcTHE(gngD (z=05)(z+05) =0

THE Z-DOMAIN ROC WILL BE THE
EASIEST WAY TO CHECK STABILITY. ROC: |z| > 0.5



TIME-DOMAIN  Z-DOMAIN

CONVOLUTION | MULTIPLICATION

TABLE 1 : Z-TRANSFORM PAR DELAYny | MULTIPLY WITH 2"

TABLE 2 : Z-TRANSFORM PROPERTIES

IMPULSE

RESPONSE «[n]

\\y[nj

h[n] = 0.5u[n] + h[n]

0.5(0.2)" tu[n — 1]

1y[n] = 0.5x[n] + 0.5x[n-1] «<——> Y(2){ - 0.2z

/-Transform

Y(z)_o5 z+1 ZEROS : z = —1
SYSTEM X(z) T\z-02 POLES : z = 0.2
FUNCTION /
Re
Y(z) 05+05z7" ROC, |2 > 0.2 A
X(z)  1-02z1 =
) = X(2)(0.5 + 0.52) n/ > Im

+ 0.2y[n-1]
DIFFERENCE ' l, ’
EQUATION
SYSTEM
REALIZATION
o — —E-
ADDITION MULTIPLICATION DELAY



Fourier

K NO OF SAMPLES IN 1 SECOND

TIME SAMPLING WITH F;
x(t) > x[n] x[n]
ranstorm =/
i NO OF SAMPLES IN
FOURIER i DISCRETE-TIME 27t RANGE DISCRETE FOURIER
TRANSFORM : FOURIER TRANSFORM /A TRANSFORM
v
v _ v v
f=F/k FREQ. SAMPLING WITH NV
X(F) ) > X[K]
F(Hz): 0> E,u, F: 01 f=k/N ki 05 N—1
QO =2nF (1):27Tf a)=27rk/N
X(Q) X(w) F = Fk/N :
Q(rads1): 0- Q4 w(rad): 0-2x ]
T HALF PLOT T SHIFTED PLOT T WHOLE PLOT \
8 N,éz Z(md) —N/2 0 N/2 &k 0 N/2 N K
- 0 s w(rad) 0 T 21 w(rad)
8 19'/52 ];(HZ) -0.5 0 05 f 0 05 1 f
’ /712 0 F,/2 F(Hz) 0 /2 -nil-  F(Hz)



Freqguency Response of a System

_ H(z) = Yh[n]z™"
hin] =[121] H(z)=1+2z"1+2z7%
N
= |MPULSE _ - SYSTEM .[=
RESPONSE H(w) = Xhinle FUNCTION
" MAGNITUDE SQUARE:
T° H 2 — H H *k
FIR: hln] = b I H(w)] = H{w) > H(w)
IH()| 5 = 20L0gyolH
- e DIFFERENCE FREQUENCY : L™ - —
= EQUATION RESPONSE
_ _ MAGNITUDE RESPONSE
y[n] = x[n] + 2x[n — 1] + x[n — 2] (’ H(w) =14 2e7® 4 ¢7/2¢ VARIATIONS
SYSTEM COEFFICIENT H(®)reqr = 1 + 2 cos(w) + cos(2w) . |H(w)| = i/H(w)?"eal (@)
a= [1] b= [1 2 1] H(w)imag = —2sin(w) — sin(2w) H(w)imag

4H(w) =tan ! ——=
H(w)req



Implementing the filtering process
between input x[n] and impulse

Filtering  zoomain

Analysing & Designing the filter
in terms of the system function

response h[n] or filter coefficienta & b H(z)
Convolution = FIR — ROC - Analyse Stability & Causality.
y[n] = x[n] = h[n]

Analys|ng the freq_ response Poles & Zeros - Analyse and deSign the
Di[ff(]erincqu[uatio.ri j FIR &[IIR _] of the input X (), the frequency response.
ylnl = 2bixln =il + 2a;yin = output Y(w) and the filter
H(w)

MAGNITUDE RESPONSE PHASE RESPONSE

Input, | X (w)] - To identify the unwanted frequencies. Filter, 2H (w) - To understand the type and amount of

Filter, |H(w)| - To understand which frequency will be delay the filter will cause.

attenuated, preserved or amplified. Output, 2Y(w) - To check the delay effect.
Output, |Y(w)| - To check the effect of the filtering on
the frequency components.




 Time Domain Filtering - ZDomain

1. Solve Difference Equation Represent the filter with

. Y(z)

system function, H(z) = —=

M N Y , H(z) X(2)

il = Z byx[n — k] + z a,x[n — k]
k=0 k=1 .
For two cascaded filters, H(z) = H,(z).H,(z):
. H,(2) H,(2)
2. Convolution e St S
—i~_ 1 T - S~
n > o N O B § 3 4 £ 05 £ 05
x[n] > [ A | ‘S / n; x

% “‘\ / 8’ \ X /
3 Z é 2 £ 05 * £ 05

+ 3 3 1 3 Y(w) = X(w). Hw) B B ~__| o
ylnl > [3 9 10 8 4 05 0 05 1 4 05 0 05 1

Y ()] = |X (@] |H(w)| -
6305 . \
X(w)l [H(w)| Y (w)| g op® ©
1 | g *
200 075 2001 e ¥ o~
1F —
100 il 1007 : > Rea(I)Parto.5 :
0.25 |
o M | : 0 | , : , o M , , *Combine both poles and zeros
(0] 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1 (0] 0.25 0.5 0.75 1 * —
w (m rad/sample) w (m rad/sample) w (m rad/sample) ROCH(Z) ROCHl(Z) n ROCHZ (2)




IIR BUttePWOPth Filter.‘ DeSign Normalized analog filter system function, H(s)

1
15t Order 1
Normalized P : -Il_
analog filter 2" Order

s?2+1.4142s + 1

1
Q' = c.tan @w 3rd Order .
= @ > (s+D(s?+s+1)

)
4.
3
. . a)
Filter in 2 Q. =ctan (_C) —1
HZ gh 2 dl == 1 +cC @
§ Q, = c.tan (ﬂ) a; — normalized dy=1-c
/ 5 2
/ N’

filter coef ficient b =c*+ac+1
@ Q. = Ws biZ = —2C2 + 2
s—C.tan<7> bi3=C2—aiC+1

A\ 4

Magnitude Squared: 63\0, Digital o : :
|H((U)|2 = |H(Q,)|2 // eujop"au.“_l_ Filter ____________ -. Dlgltal fllter SyStem funCtlonl H(Z)
1
= -1
s ¢ 1t Order —1 +Z
1 [H(w,)| =5, Design Step dq +dpz™"
1 __\/ 1. Specify filter characteristic: (1+ Z_1)z
1-4 |H(w,)| = 0.7071 or We, N, 8, 8, Wy, Ws. 2" Order — —
0.7071 < |H(w)|>=05 2. Find filter order N (if not specified biy + b127" + by3z
] in step 1) and parameter c. (1+2-1)3
|H(w)| = 6 3. Based onthe N and c, convert 3 Order
— ° . H(s) to H(Z). (dy +dyz71)(by1 + b1pz71 + by3272)
[9)
° A 4. Transform H(z) to the time-domain
] Wy W Ws T difference equation



1IR Butterworth Lowpass Filter

|H(w)|
: 2nd Order
; s 374 OQrder
: 5th Order
0.70714-----=-=-=-=-="—"—"——c- <= —= - oth Order
i
I
|
|
I
|
|
I
|
|
I
|
i — w
’ We s



IIR Butterwort Filter vs FIR Filter

|H(w)| |H(w)|
lIR Butterworth LPF FIR LPF
1 | 17 7777777777777777777 \
1-6, | |
07071 | — —N\ |
. 05 | -\
S o — B mm— s
Wp W Wg Wp We Wy
Characteristic [IR Butterworth filter FIR Filter
Cut-off frequency, w, Closer to w, At center between w), and w,
|H(w,)| Half power 2 0.7071 Half magnitude - 0.5
Ripple Gradually decreasing Fluctuated
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FIR Filter Design

_a)p+a)s‘

wc_

2
szws—a)p‘ @

w

@6

Inverse DTFT of
the ideal filter
results an infinite
sinc signal

symmetry sinc signal
delayed by N /2

DETERMINE CUT-OFF FREQUENCY, w,

Either empirically specified or computed from
the transition bandwidth, w, and ws values.

DETERMINE FILTER ORDER, N AND WINDOW
FUNCTION, w(n]

Either empirically specified or computed from
the transition bandwidth and ripple, é values.

window 4, dB; (Magnitude) Aw
Rectangular | -20.9 dB; (0.0902) 1.8t/N
Hanning -43.9 dB; (0.0064) 6.2m/N
Hamming -54.5 dB; (0.0019) 6.6 /N
Blackman -75.3 dB; (0.0002) 11.1n/N

SOLVE THE IMPULSE RESPONSE EQUATION

Wc

h[n] = ?Sinc <% (n — N/2)> .win]
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