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1. Check whether the signal is Periodic or Aperiodic:
x(t) = 2cos(10t+1) - sin(4t-1)

B B 2T 2T T
Time period T1=_"_="_="_sec
S
Time Period T-="_="_="_sec
o2 4 2
T VA
r="! :f ="sec
T2 n/z 5
T=5T=2T>
7 =>" 2"
5 2
T =msec

x(t) = cos 60mt + sin 50mt

2T 1
T:=__ =_sec
gom 3D
T-=___ ="sec

507«'1 25
T, /30
T==1_""_

T2 /25_6
T=6T;=5T>

1
T =_sec
5

x(t) = 3cos 4t + 2Zsin mwt

T =2_”: " sec
2}
T2=_=2Zsec
' n
T =_=_ thisis not a rational number. So the signal is not periodic.
T2 4

x(n) = cos2nn

N =2 2" (Putsome small value of m so that N becomes an integer)
(DO 27T
N=1
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x(n) = elo™

2mm 2T 3
N = = =
N=1

3m
AT n j(On
x(n)=e 3 + e

N1 =2n_m= Smform=1;N;=3

2
N =ﬁ8= 8ifor m=3; N2=8
v, 331T/4 3
W
N=8N;=3N,
8(3)=3(8) =24
N=24

x(n) = 12cos (20n)

20 10
For any values of m N is not an integer. So the given signal is aperiodic.

2nm mm
N ="

2. Check whether the systems are Time variant/invariant:
a Tx@]=g@x@
y(m)=g@m)xn)
Shift the input by k
y1i(n) =g (n).x (n-k) —1
Shift the output by k

y (n-k) =g (n-k).x (n-k) —2
Shiftininputand shiftin output is not equal. So the system is time/shift
variant.

b T =3, x(0)
y ()=, x(K)
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y(n)=xmy) +xmo+1) +.... +x(n-1) +x(n)
Shift the output by k

y(m-k) =xmy) +xmo+1) +.... +x(n-k-1) +x (n-k) —1

Shift the input by k

y1(n) =x(y) +x mo+1) +........ +x (n-k-1) + x (n-k) —2

Shift in input and output do not vary. So the system is time invariant.

C T/x(n)] =ex™

y(n)=e*®

Shift the input by k

y (n) = e N7

Shiftthe output by k

y (n-k) == -2

Shift the input and output do not vary. So the system is time invariant.

d  y(n)=x(n)coswon

Shift the input by k

y(n) = x (n-k) cos won—1

Shift the output by k

y (n-k) = x (n-k) cos wy(n-k) —2

Shift in input and output varies. So the system is time variant.

e ym =X2_1)

Shift the input by k

ylm) =x(___)—I
2(n—k)

Shift the output by k

y k) =x(_L_)—2
2(n—k)

The shift in input and output do not vary. So the system is time invariant.

£ ym)=xn)+nx(n+1)
Shift the input by k

y1(n) =x(n-k) +nx(n-k+1) —1
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Shift the output by k
y (n-k) =x (n-k) + (n-k) x (n-k+1) —2
Shift in input and output varies. So the system is time variant

g ym)=sinx(n)

Shift the input by k

y1 (n)=sinx (n-k) —1

Shift the output by k

y (n-k) = sin x (n-k) —2

Shift in the input and output do not vary. So the system is time invariant,

3. a) Find the Z transform for the signal x (n) =r=" SM
u (n); 0<r<1 .
Solution:
X(2) =L i——wx (M) Z"
X(2) =T I u(m) 20
moeMtDe_e—jm+De

:Zoo Tnsin [(n+1)w] 7-n —y'®

n=0 sin w "=0in w 2j

— j(n+1 —j(n+1
_Zoo rn e](n )w Z_n _Z:j:() rmn e i+ w Z_n

"=Osinw 2/ sinw  2j
:Zoo rn  einwegjw Z_n _ Zoo . e—inwa—jw Z_n
"=0ginw 2j "=05inw 2j

:Zoo elw ejnw;n 9, _Zoo e jw g—jnwyn —n

sinw 2j sinw  2j

=Yy ele elor 7-1yn -y et eTlor 7-1yn
"=0in w (Zj ) "=05hw ( 2j )

el0(1—eTi0rz—)—eTi® (1—el®rz—1) ]

e 1 e jo 1 _ 1
2jsin w 1—el®rZ=1 2jsinw 1—e i®rZ=1 2jsinw (1—el®rz—1) (1—e-i®rz-1)
1 elo—rz-l—e-jo4rz-1 — 1 2jsin w y
2jsinw "1—e—jorz—1—ejwyrz—14727-2 2jsinw "1-rZ71 (e7i®0+el®) 412772
1
X(2)= 2

1-rZ-12 cos w+r2Z—2  Z2(Z2—rZ2 cos w+r?)
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2
x@=___"
(Z2—rZ2 cos w+r?)
3. b) Find the inverse Z transform of X (Z) =&} /Z/>1
(2+0.2) (z-1)
Solution:
_ 7402
XD =p052-0s

= F O FEER - OSSO TTS5ES
05205 = + 0.2
= - 05 - a5

(& =+ e

a7 + as5ze
8.7 - Q35T - 3552

(&) A [

AESEL + (3557
DE5ZT - Q425572 - Q42557

e Lt (&

O 77552 + QL2557
Q77552 - QOIEFEF

X (2) =Z140.772+0.8573+0.7 757 4+.....
=Ynmox (M) Z

X(0)=0x(1)=1x(2)=07x(3) =085 x(4) =0.775, and so on

4. a) Find the 8 point DFT FFT of the sequence x(n)={1,2,3,4}
Solution
WO =(e/27/8)0 = 1
w! =(e~/21/8)1 = cos’ -jsin" = 0.707-j0.707

4 4
W82 =(e2m/8)2 = cos" - jsin" = 0-j(1)= -]
2 2
W3 =(e/2"/8)3 = cos"" -jsin" = - 0.707-0.707
8 4 4
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2l0) | 1 [ 4 ‘. o XLo)
x )9 2 b 4>><~:z@xm
¥
209) 3 \/ 3>O\<zz (W w8 -332jpx(2)
N\ ) -5-2jt(®
- ]
W XXX o
am o 2 ! -3] [-3) — Ooyly X0)
/><><\ (0101- Jovm) | ><
X)) o N Y11 [LRL N1 4)a-4-200] <) Jp=danD S D'NLHDX 5)
|
E , .
) 0 /\ S ~<?3}>©<143J 0y 2.4 %)
& 0-10°140°10%) Aﬂ D ><
X n \, - O\ J 89813 23R : 1b++4au\r.um— ) N0 mggﬂﬁ)
- = ~

X(k)={10, -2, -2+2j, -2-2), -0.414, 2.414, 2.414, -0.144}

4. b) Explain in detail the signal flow graph of DIT radix 2 FFT

The basic computation involves

e Two complex numbers a and b in each computation
e Complex number b is multiplied by a phase factor )/
e The product bW is added to the complex number a to form new

complex number A

e The product bWk is subtracted from the complex number a to form

new complex number B

The basic butterfly or flow gram of DIT radix 2 FFT

! T -
au—> > *vA:a*h‘N

Inradix 2 FFT, N/2 butterflies per stage are required to representthe

computational process
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First stage of computation

V11(0)=X(0)+V|{Vo/i((4)

vin(D)=x(0)-Wp x(4)
viz(0)=x(2)+ W}, x(6)
vi2()=x(2)- W x(6)
v21(0)=x(1)+W? /5(5)
va(D)=x(1)-Wp x(5)
ve2(0)=x(3)+ W, x(7)

vez(1)=x(3 )-I/I{\})/i(( 7)

2{[" }’ \' Vulﬁ)
) A7 Vo (1)
-

) Wl Via (o)
W

]
W) AT Via (1)

i ! !
) /
AlL) ‘\J“"’jf < ii;.u)
-)
2(2) /\‘ ! \/22(0)

N
<
W,
0 IR \za(1)
Ze}

Secondstageofcomputation
F1(0)=v11(0)+ W(P/4 vi2(0)

Fi(1)= v (1)+ VII/VO/4V12(1)

F1(2)=v11(0)- M{V‘)/4V12(0)

Fi(3)=vi1(1)- I/I{VO/4V12(1)
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F2(0)=vz1(0)+ VII/VO/ v22(0)
4

F2(1)=vz1(1)+ VII/VO/4V22(1)
F2(2)=v21(0)- VI{VO/4V22(0)

F2(3)=v21(1)- VI{VO/4V22(1)

V ’O)\ > [l (D)

Vall)s \/Jw)
s rm"’>0<hm

l\)
Vi [ 2 NG

Vs, (o)) £ (n)
x

Third stage of computation

(AN

r.m\\ /xm
mm\\/_ x12)

\

TN x(2)
N !

X(0)=F1(0)+W} F2(0)
X(D=F1(D+W} Fz(1)
X(2)=F1(2)+W§ F2(2)

X(3)=Fi1(3)+ W3 Fz(3)
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Combined buttertly diagram is

) 5 ' Vyle) Yaloly! S 1 (O I 10N, 5 110)
N
1(&) }4 '> V(1) \L.tl); \ S10) rlM\' S x(1)
= \ l /' e \ '/
' [ NN/)
'Im > /\ Vl’(b) Vn»{ﬁ)} / > [“):) M).);' > XD_)
wo >< wi/\ \ )
N !
ST Vo) Ve SN Bin) o X(2)
, - JOXXM
ZQ); \f’ Va, (0) V;_.fO]}' S £ (n) F')IOY; . . X{A')
W
Ah) ﬁ% (I \ar (1) O o Fofy patno 2! s X iE)
> ) ) 4 74 7= 4
- o ' 1
I N2 ) Nn )
3) S/ \/22(0) \L..f} S Fa(o) Fald) S\ X1BY
> -> 3 ) ” 7
/ 1 3
w£,>< W”// \ W 7]
Q) 5 ’> \aall) \hdl)} N Fat3) I21E\IN s\ ()

- =)

-1

5. Design a butter worth filter using bilinear transformation technique

08<[H(*)|<1 ;0<wp<0.2m
[H(@*)|<0.;,0n<ws<m

Solution:

Step 1: draw the filter characteristics

IH(J'W)//N
1
=0.8
1+¢
—— =0.2
Vize
Vi o A
ol 027 0.6T s
Wp Ws
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Step 2. collectthe given parameters ~ w,= 0.2, w;= 0.6

' =083 08/1+2 =1 ' ___ 2 2

1
Vite2 &= 14+ =2>1+4¢ =(&) =

=075

1
V1422

=02=>1=48989

Step 3: Select the transformation technique (BLTT)
0.2

= Z_tan w”_: 2 tan = 0.6498
P T 2 1 2
s =E tan’’ = Z_tan 0'6L= 2.7527
T 2 1 2

Step 4: Find the order of filter

For LPF. N > W9 _ 104.8989/0.75)
lo({2/12)  10(2.7527/0.6498)

On simplitying
N=>1299=>N=2
Step 5: Butterworth polynomial for order 2, S? + V2S5 + 1

Step 6. Transfer function ofnormalized LPF for N=2 (by substituting
the Butterworth polynomial for order?2)

JH (o)) =

S24+/25+1

Step 7: Denormalize the transfer function

ForLPE — S—_.

£
e ="t 06498 _ ) s
VN T (075)V/2
S
ﬁ
0.7503
1
H(S) =
[ ]P+V2[_]+1
0.7503 0.7503
0.5629 _ 0.5629

T $244/2(0.7503)+0.5629  S2+1.0615+0.5629
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Step 8: convert analog filter into respective digital filter using BLTT

_—1
ReplaceSﬂ‘_2 (;1 ") ,T=1

T 1+z71
0.5629
H(ijfl—z L T=—7—t
oo T 1061(2)(-=9)+0.5629

_ 0.5629 (1+z~1)2
4(1—-z7H242.122(1—-z"H(1+2z71)+0.5629(1+z~1)2

_ 0.5629 (1+2z~1+272)
4(1-2z"14272)4+2.122(1—2z72)4+0.5629(1+2z"1+272)

0.5629+1.12582"14+0.56292~2

H((Z)=
() 6.6849—6.87422"142.440922

H(Z) = 0.5629+1.125827140.562922
6.6849[1—1.02832z71+0.3651272]

Step 9: final transter function

0.0842+0.1684z~1+0.08422~2

H(Z) =
2 1-1.0283z7140.36512z2

6. Design a HPF using hamming window with a cut off frequency
1.2rad/sec and N=9.

Solution:
M
4
-Wc e
-1.2 1.2 w
Given: N=9 wc=1.2 rad/sec

For HPF desired frequency response is
Hw)= e/, —nt<w<-wcand wcSw <17

d )
0; otherwise

9-1
a=N"L >sa=_>a=4
2 , 2
Hw)= e/t —-t<w<-1l2andl2<w<m
0; otherwise

ha (1) = " Hy(@)eronde  [Ha(e) =Ha(@)]
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[]d(H)— f e—]m4e]umdw + _4‘ —](u4e](undw

2w YT

= —f_l 2 efom=Dgy + 1_7[71 el (=Hdy
2n” — 1 27 1.2
e]( —4) e](n 4)

‘{n4j _{(n 4)3

_ 1 {e—l.Z(n—4) _ e—nj(n—4)}+

{ 12(n 4) _ en](n 4)}

2n(n—4) Zn(n 4)
1 e Jj1.2(n—4) _pjl.2(n—4) ejn(n—‘l-)_e—jn(n—él-))
(-4 2j 2j ’

1

n2(n—4

bd(”)_ {m[n(n D] - sin[1.2(n — 4)]}
Now, n=0 to N-1 and here n=0to 8

ha (0) :(0_14) {sin(0 — 4) — sin1.2(0 — 4)}

ha(0) = (0-0.9961) = 0.0792
~12.5663

ha(1) = {sinm(1-4) -sinl.2 (1-4)}
(1-4)

ha(1) = = (0-0.4425) = 0.0478

ha(2) = {Sm T (2-4) - sinl.2 (2-4)}
(2—4)

ha(2) =—— (0+0.6754) =-0.1075

ha(3) = {sinm (3-4) -sinl.2 (3-4)}
(3—4)

1

ha(3) =—— (0+0.9320) = -0.2966

ha(4) = sinm (4-4) - sinl.2 (4-4)} = oo (infinity)
(4—4)

SoapplyingL’hospitalrule,

Atn=a=4

ha(4) :( S {sint(n—4) —sinl.2 (n—4)}

__sin(n—4).1 1sin1.2(n—4)
o (n—4) T (n—4)
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ha(4) =1--=""""=06180

ha(5) = {Sin 7T(5-4) -sinl.2 (5-4)}
5—4)

ha(5) —E (0 0.9320) = -0.2966

ha(6) = {sinm (6-4) -sinl.2 (6-4)}

6—4)
bd(6)—— (0 0.6754) =-0.1075
bd(7)— {sinm (7-4) -sin 1.2 (7-4)}

(17 4)

ha( 7)—— (0 0.4425) = 0.0478
hd(b’)— sinm (8-4) -sin 1.2 (8-4)}

(8—4)
ha (8) =4—1n (0+0.9961) = 0.0792
Now; to find wu (n)

0.54 — 0.46c0s ;0 <n<N—1
wr(n) ={ N

0; otherwise
wn (0) = 0.54 - 0.46 cos (0) = 0.08
wr (1) = 0.54 - 0.46c0s {—’ )=0.2147

wi (2) = 0.54 - 0.46c0s (") = 0.54
2

wi (3) = 0.54 - 0.46c0s (*) = 0.8652
8

wu(4) = 0.54 - 0.46¢cos (1) = 1
wi (5) = 0.54 - 0.46¢0s () = 0.8652

wr (6) = 0.54 - 0.46c0s é” ) =10.54
wr (7) = 0.54-0.46cos L‘?” )=0.2147
8

wu (8) = 0.54 - 0.46cos (2m) = 0.08

h (n)=hq(n) wu(n)

h(0)=ha(0) wn(0)=0.0792x0.08 =6.335x10
h(1)=ha(1) wu(1)=0.0478x0.2147 =0.01006
h(2)=ha(2) wn(2)=-0.1075x0.54 ==0.05799
h(3)=ha(3) wu(3)=-0.2966 x 0.8652 =-0.2566
h(4)=ha(4) wu(4) =0.6180x1=0.6180
h(5)=ha(5) wu(5)=-0.2966x0.8652 =-0.2566
h(6)=ha(6) wn(6)=-0.1075x0.54 ==0.05799
h(7)=ha(7) wu(7)=0.0478x0.2147 = 0.01006
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h(8)=ha(8) wu(8) =0.0792x0.08 = 6.335x10~
Magnitude response of N=odd,
/H(w)] = l]/v )+Z"_2hN1 — N CoS

n=1 ( ) a
:}1(4)+Z _12h(4- n)coswn

=h(4)+ [2h(3)cos w +2h(2)cos Zw+2h (1) cos 3w + 2h (0) cos 4w]
=0.6180+ {2(-0.2566) cos w + 2(-0.05799) cos 2w +
2(0.01006) cos 3w + 2(6.335x10-3) cos 4w}

=0.6180 + {-0.5132cos w - 0.11598 cos 2w +

0.02012 cos 3w +0.12672 cos 4w}
Transfer function,
H (z) =¥p=4 h ()"
=h(0)z%+h(1)z1+h(2)z2+h(3)z3+h(4)z*+h(5)z>+ h (6)z°+

h(7)z7+ h (8)z¢
=6.335x103 79+ 0.01006 z1 - 0.05799 z2 - 0.2566 z3 +0.6180 z*
-0.2566 75 -0.05799 z6 +0.01006 z7 + 6.335x107 z 6

=6.335x103(z0+z8) + 0.0101(z1+z7)- 0.05799(z%+z°)-
0.2566(z3+7z°)+ 0.6180(Z%)

’X@T 71 7! 71 71 #
+ —%) ® )

0.0063 } 0.0101 -0.0599 } -0.2567 1 0.6180
() () )
+ + + Py
7. a) Derive the steady state output noise power quantization of input
data.

Quantization step size - q

Q:Z_IZ (for 2’s complement)

Q 215 - (for sign magnitude and 1's complement)

Let x (n) =Unquantised sample of the signal.
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Xq (n) =quantised sample ofthe signal.
e (n) =quantization error.

e (n) =xq(n)-x (n)
q

Range ofe (n) =_ to’
2 2

Mean value or expected value of error signal=F {e}

1 2
Efef=—— fz{;/z ede
)

Variance oferrorsignalo 2=F {e?}-E? {e}

Ef{e}=0so E?{e}=0

1 2
Efe} = a a2 e?de
2~ (=)

e = Where g=,
12 2b
2
o O— 2:R 1 R22—2b
€ 22127°7 12
Z—Zb

When R=2, 0 ¢ =

¢ 3
Steady state noise power due to the quantization error signal
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e(n)

x(n) h(n) > y'([®)
X4(n)

h(n)—impulseresponse
¥’ (n) —response
y'(n) =xq(n)*h (n)
=[x (n) +e ()]*h (n)
=[x (W)*h ()] + [e (W)*h (n)]
=y (1) +(n)
Where y (n) =x (n)y (n)
(m)=e (n)*h (n)

(n)=outputnoise powerorsteady state outputnoise power (variance)
due to quantization error signal

Steady state ou tput noise power due to quantization
491‘1‘01‘—02 2=¢? h2 (n
e

—aez—gsN (Z) H (Z1) Z1dz
=02YN re[H(Z) H(Z1) Z1] [=pi

e i=1
Pi=P;, P;,. ...... Ph.

7. b) Explain the characteristics of a limit cycle oscillation with respect to
the system described in the equation
y (n) =0.95 y (n-1) +x (n). Determine the dead band.

Solution:

y(n) = 0.95y (n-1) +x (n)
y'(n) =Q[0.95y" (n-1)] + x (n)
Assume
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y’(n) =0 for n<0
x(m)=0.75forn=0

0forn+0
When n=0
V' (1) =Q[0.957" (-1)] +x (0)
=Q [0.95x0] +0.75
=0.75
=0.1100-
When n=1
¥ (1) =Q [0.95y" (1-1)] +x (1)
=Q/[0.95x0.75] +0
=Q/[0.7125]
to binary add sign bit round of f to 4 bits

.7125-.10110,- 0.10110, —

convert to decimal extract sign bit
0.6875 « +.1011, < 0.1011,
0.7125x2=1.425 . Zf
0.425x2=0.85 IxI4=0.0675
0.85x2=1.7
Ix23=0.125
0.7x2=14
———0x24=0
0.4x2=0.8
Y — 1x21=05
V(1) =0.6875
When n=2
y'(2)=0[0.95y'(2-D] +x(2)
=Q[0.95x0.6875] +0
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=0 [0.653125]
to binary add sign & round to 4 bits
+.653125 - +.101001,- 0.101001, -
to decimal extract sign bit l

+.625 « +.1010 « 0.1010

.653125x2=1.30625

101
.30625x2=0.6125
Ox24=0

6125x2=1.225

31
225x2=0.45 Ix2°="/g
45x2=0.9 Ox22=0
9x2=1.8 ! _1X2'1=1/2
=0.101001; ¥ (2)=0.625
When n=3
Y'(3)=Q[0.95y" (3-1)] +x (3)
=Q/0.95x0.625] 40
=Q/0.59375]
to binary add sign k& round to 4 bits
+.59375 »+. 10011, ~0.10011, —
to decimal extract sign bit l

+.625 <« +.1010 « 0.1010

System enters the limit cycle when n=2

Dead band=+ 2

—lal

hereb=5 [a/=0.95

—+ 2 =+40625=[+0.625,-0.625]
~ 1-0.95
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1.  State the sampling theorem
Thesampling frequency mustbe at leastthe highest frequency presentin

the signal
F>21n

2.  Define a signal
Asignalis defined as any physical quantity that varies with time, space or
any other independent variable.

3.  define a system
Asystem is defined as an entity that manipulates one or more signals to
accomplish a function, therefore producing new signal.

X(t) input signal y(t) output signal
| System

v

4. What is the condition for stability?

Asystemis said to be stable ifit produces a bounded output for every
bounded input (BIBO).

Thesystem which does not satisty this condition is an unstable
system.

Condition for Stability:

[2 1R 1dt < oo

5. State the superposition theorem

The response to a weighted sum of a signal be equal to the
corresponding weighted sum of the outputs of the system to each of the
individual input signal,

A system is said to be linear if and only if

T [aixi(n) + azxz(n)] = a:T [x1(n)] + azT [x2(n)]
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Asystem is said to be non-linearifitdoesn’tobey superposition
principle.

6. Define Z transform.

Ztransform convertsdifference equationsintoalgebraicequationsthereby
simplifying the analysis of discrete time systems

Definition
The Z transform of a discrete time sequence x (n) is defined as

X(2) =X x (M) Z77

7. What is bilateral Z transform?

The Z transform of a discrete time sequence x (n) is defined as

X(2) =35 x (n) 27

Ifthe sequence x (n) exists for nin the range -co to co the above equation
represents two sided or bilateral Ztransform

8. What is unilateral Z transform?

If the sequence exists only for n>0 then the equation changes to
X(Z) =Eizox (n) 277

Which is called one sided Z transform or unilateral Z transform

9. Define inverse Ztransform.

Inverse Z transform of X (z) is

X () :Zl—ﬂj $ X (Z)zr1dZ

10. Define Region of convergence.
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ROCis theregion where Z transform converges. From definition ofZ
transform itis clear that Z transform is an infinite power series
11. Whatis zero padding? Why it is needed?
Appending zeros to a sequence in order to increase the size or length
of the sequence is called zero padding.
During convolution when two input sequences are of different size

then they are converted to equal size by zero padding.

12. What is sectioned convolution?

Inlinear convolution of two sequences if one sequence is very much
longer, the longer sequence is sectioned(splitted) into smaller
sequence equal to the size of the smaller sequence and then the
convolutionis performed. Theoutputsequencesobtainedare finally
combined to getthe overall outputsequence this techniqueis called

sectioned convolution

13. What is radix 2 FFT?

Theradix 2 FFTis an efficient algorithm for computing N point DFT of
a N pointsequence. In radix 2 FFT the N point sequence is decimated
into 2 point sequences and the 2 point DFT for each decimated
sequenceis computed. From theresult of 2 point DFT the 4 point DFTs
are computed. From the 4 point DFTs the 8 point DFTs are computed
and so on until we get N point DFT

14. How many complex multiplications and additions are involved in DFT
and FFT?
In FFT

Complex multiplications involved -ﬂlogzN
2
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Complexadditionsinvolved-Nlog:N
In DFT
Complexmultiplicationsinvolved - N?

Complexadditions involved -N (N-1)

15. Whatis decimation in time radix 2 FFT?
The DIT radix 2 FFT is an efficient algorithm for computing DFT. In
DIT the time domain N point sequence is decimated into 2 point
sequences. The result of 2 point DFTs are used to compute 4 point
DFTs. The two numbers of 2 point DFTs are combined to get 4 point
DFT. theresult of 4 point DFTs are used to compute 8 point DFTs. Two
numbers of 4 point DFTs are combined to get an 8 point DFT. This

process is continued until we get N point DFT.

16. What is phase factor or twiddle factor?

The complex number Wyis called phase factor or twiddle factor. Wy
representsacomplexnumber1 [ -2m/Nore/2m/n, [talsorepresentsthe

Nth root of unity.

17. What are the basic elements used to construct the block diagram?
»  Adder
»  Multiplier
»  Delay unit

18. List the types of structures for realizinglIR?
=  Directform1
=  Directform?’2
. Cascade form
=  Parallel form

19. What is the advantage of Direct Form1 over Direct FormZ2?
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In direct form 2 structure the number of delay elements requires is
exactly halfthat of DF1, when the number of poles and zeros are equal.
Hence it requires less memory.

20. What are the difficulties in cascaderealization?

e Decision of pairing poles and zeros.

e Deciding the order of cascading the first and second order sections.

e Scalingmultipliersshould be provided between individualsections to
prevent the filter variables from becoming too large or too small.

21 What is the advantage in cascade and parallel realization?

During digital implementation the filter coefficients are quantized.
This may change the values of poles. This can be minimized by using
cascade and parallel realization.

22. What is Gibb’s phenomenon?
InFIRfilterdesign by Fourierseries methodorrectangular window method,
the infinite duration impulse response is truncated to finite duration impulse
response. The abrupt truncation of impulse response introduces oscillations
in the passband and stopband. This effect is called Gibb’s oscillation.

23. Whatare the steps involved in FIR filterdesign?

1 Choose the desired (ideal) frequency response Hd (w).

2 Take IFT of Hd (w) to get hd (n).

3. Convert the infinite duration hd (n) to finite duration sequence h (n).
4. Take z-transform of h (n) to getthe transfer function H (z) of the FIR
filter.

1. Multiply H(z) by z(V-D/2 to convertthe noncausal transter function to
a realizable causal FIR filter transferfunction.

24. Write the procedure for designing FIR filters using window technique.
1 Choose the desired frequence response of the filter Ha(w).

2 Take IFT of Ha(w) to obtain the desired impulse response ha(n).

3. Choose a window sequence w(n) and multiply ha(n) with w(n) to
converttheinfinitedurationimpulseresponseto finitedurationimpulse
response h(n).

www.BrainKart.com


http://www.brainkart.com/subject/Digital-Signal-Processing_211/

Click Here for full study material.

4. Take z-transform of h(n) to find the transter function H(z) of the
filter.

(i)  The mean value of rounding error signal is zero
(i)  The variance of the rounding error signal is least

25. What is limit cycle?

In recursive systems, when the input is zero or some non-zero
constant value, the non linearities due to finite precision arithmetic
operation may cause periodic oscillations in output. During periodic
oscillations the output will oscillate between a finite positive and negative
valuetheoutputbecomes constantforincreasing n. Such oscillationis called
limit cycles.

26. Define dead band

In a limit cycle the amplitudes of the output are confined to a

range of values called dead band of the filter

_b _ _
Dead band = +° =[_2b,+2 b]
1—|qa] 1—[a] " 1—|q]

b- Number of bits (including sign bit)
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