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Use of DSP reference manual is allowed.

1A The discrete time signals x[n] and h[n] are given by x[n] = [1,1,1,1,1,1/2] and
h[n] =[-2,-3/2,-1,-1/2, 0, 1/2,1, 3/2, 2]
Sketch the following:
a) x[n+ 2] h[1 — 2n]
n
b) hln] x|-3|
1B  Evaluate the convolution sum of the following discrete time sequences:
(u[n + 10] — 2u[n — 1] + u[n — 4]) and p"uln]; 1Bl <1 4
1C  Use the properties to find the DTFT of
. (T . (T
sin (7 n) . sin (7 (n— 3))
mm n(n—3) 3

x[n] =

1+—Z_1 1 < | | < 1

— Z e

(= e L 2
Mention whether this system is stable and causal?

2A  Obtain the time-domain signal of X[z] =

5
2B. Ifthe sampling ofa CT signal x(t) = cos(Qt) results in the sequence x[n] = cos (%) at
a sampling rate of 1000 samples/sec, mention any three possible values of Q1 that could
have resulted in the given sequence x[n]. 3
5 k=0
2C. Find the inverse DFT of the sequence X[k] = {3, k=2,8 ;where0<k<0.
2, otherwise
Obtain the expression for x[n]. 2
3A. Determine the output y[n] of a filter using Overlap-save method whose impulse
response is h[n] = —26[n+ 1] + §[n] — 6[n— 1], and the input sequence is
x[n] =4 cos( ) [u(n) — u(n — 7)]. Take sub-frame length of 4. 3
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ZSin(nZ—")—InI; —3Sn£3'

3B. Find the 8-point DFT of the signal x[n] = {
0; otherwise

Use radix-2, DIT-FFT algorithm. Show all the intermediate values on the signal flow

graph. 4
3C. Design an ideal low-pass filter using frequency sampling method to satisfy the

following conditions:

Length of filter =9

Sampling frequency = 32 KHz

Passband: 0 < F < 4 KHz

Also find the transfer function of the filter. 3

_ 1+3z7 14327242773
T 1-0.9z2140642z-2-0.5823"
realization of the system. Mention whether the system is stable. 6

Sketch the lattice-ladder

4A. Consider the system function H[z]

4B. Given a composite signal x[n] = cos 0.1n + cos 0.4n. For a specific application it is
required to reject the signal of low frequency and to retain the signal of high frequency.
The impulse response of the filter is causal and is given by h[n] = {a, B, a}. Find the

impulse response. 4

5A. Using windowing technique design a symmetric, 11-tap FIR filter with desired
frequency response:

Oll |<
, | 3
]'—<|(1)|<7T
‘3

Hyle/?] =

Use Hamming window. Draw an appropriate filter structure and also obtain its
frequency response. 5

5B. A digital lowpass Butterworth filter is required to meet the following specifications:
08<|H[e/?]|<1;, 0<w<02r
|H[e/*]|<02; Obm<w<m

Design the filter using bilinear transformation technique. 5
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Z-Transform of Basic Signals

a0

: 1 %
Definition: X(@)= ) xnlz™" An]=—d4x(2)" Lz
27
n=—00 ;
Signal Transform ROC
l.  8[n] 1 Allz
2. é/n -.m] 2™ All z except 0 if m> 0
: or o0 1f m<0
z
3. —_ z|>1
oy - :
z
: vy ] — z1<1
4 uf-n—-1] — H
% l
n FAR
5. a'ufn = i
z
ol e zl<a
6. a" uf-n-1] p— l ‘
. B zz
_ T (n+1)a" u[n] m IZ‘} a
_ z sih @, 1
8. sin wpn ufn] - T—— l2|>
z(z —cos @, )
9 cos wgn ufn] . |z|>1

7% =2z cos @, +1

e A ATt VALTT AL et ]



Properties of z-Transform

Property Signal z-Transform
x[n] X(2)
X4[n] X1z)
Xg[ﬂ] X2(Z)
Linearity a,x,[n] +a,x,[n] 2,X,(2)+2,X,(2)
. Timeshifting x[nt k] ik X(z); x[n].is two - sided
' ' k-1 -
x[n + k] ufk] 2XX(2)-2% Y xmlz ™™ ;
m=0
x[n]is right - sided
Time expansion  x[n/m];n Multiple of m X(z™)
. Scaling in the
z - domain a"x[n] X(z/a)
Time Reversal  x[-n] X(z™)
. Differentiation in
S d
the z—domain  nx|n] —z— X(z)
dz
. Convolution x,[n]*x,[n] X, (@)X, (@)
. Conjugation x"[n] X*(z")
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Discrete-Time Fourier Series

Definition: X[n):k; X[k]e ™o X[ :jﬁ Z A[n] e e
W, =27 ;N N = fundamenfzz;hperiod
Properties of DTEFS
Property | Signgl ' DTS coefficient
X[n] X[k]
y[n] Y{k]
1. Linearity  Ax[n}+By(n] AX[K+BY[K]
2. Time shifting x[n-m] g e X1k
3. Frequency shifting | g * x[n] | K[k—M]
4. Time expansion x[n/m]; n is multiple of m ;;— X[k]; pe;‘iod mN
3. ’il‘ime Reversal x[-n] X[-k]
6. Modulation ~ x[n]y[n] | n;}X[m}Y[k —m)
7. Periodic Convolution 1n] @ y[n] ‘Na,b,
8. Conjugation x*n] X[kl

x[n]@ yln] = z x[m] y[n—m]

m=<N>

Parsevaal’s Relation P :%3 Z lx[n]‘z = t;)lﬁ{k}lz
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Discrete-Time Fourier Transform

Definition: x{n]=51~ [ x@e*)e™ do X(e )= xn]e
7t <2r> . —
DTFT of Basic Signals
Signal Transform
1) 8[n] | 1
2) a"u[n};]a[ <1 1 :
l-ae ™
n ‘ . lae 1°
" 3) (n+Da u[n],[a] £1
i steie)! <M sin(2M +1)a/2)
x[n] = ,
0; Int >M sin(w/2)
i o [0slelsM .
sin Mn ’ b g s
; X" )= Periodic with @ = 2x
5) 0<M< 7 {5'") {0;M<‘&)I§ﬂ
6) ¥ X[k]e** ;0 = Lish Z’IHZ_U,X [Flolo-kan]  xnq  DTES coefficient
k=(N) N
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Properties of DTFT

Property Signal Transform
x[n] G
yln] Y(e™)
1. Lincarity Ax[n]+By(n] AX(¢"*) + BY(e")
2. Time shifting " x[n-m] e X(e)
3. Frequency shifting eIt x[n] X(eiey
4. Time expansion x[n/m]; X( &™)

n is multiple of m

5. Time reversal x[-n] X(e™)
. B o . d -,,,
6. Differentiation in frequency n x[n] J-(—l—a; X(e™)
7. Convolution x[n]* y[n] X(e™)Y(e™)
] jar ja
8. Modulation x[n]y[n] ;E-{X( ) ®Y(e?))
9, Conjugation x *[n] X{e®)

Note: ®indicatesperiodicconvolution

X(e™) Y(ij) " j‘ X(ejzl) Y(e,r'{a:—,l)) a3 '

<ix> (

Y

. 1 R
Parsevaal’s Relation E= Z |x[n1l1 o I lX(e‘ )' dw

n= <lm>



Definition:

Discrete Fourier Transform

1 A J2kn

x(m)=—> X(k)e * ! Y D N-1
Ni% : .
N=1 ~ j2smn

X[k1=) x(n)e ¥ B0 e N
n=0

Where N is the number of samples in the frequency domain in the interval (0 to 21)

of two sequences

10) Parsevaal’s

Theorem

S <ty ()

n=0

Properties of DFT
Property Time domain Signal Frequency domain Signal
x(n) & y(n) X(k) & Y(k)
1) Periodicity x(n)=x(n+N) X(K)=X(k+N)
foralln for all k
2) Linearity Ax(n)+By() AX(E+BY(K)
3) Time reversal x(N-n) X(N-k)
4) Circular x((n-D)n X(k)e >
time shift
5) Circular | x(n)e2 N X((k-D)n
frequency shift
6) Complex x (1) X' (N-k)
conjugate ' :
7) Circular x(n) @ y(n) XY (k)
convolution _
8) Circular x(n) @ y'(-n) X Y (k)
correlation
1
o) Multiplication  x(n)y(n) X0 @ YE

RS X(F;)Y' (k)
N &



N-Point DFT of Certain Basic Signals

Time-domain signal Transform
6(11) 1
2z
—]———‘nok
6(11-1‘]0) e N
1;0<n<N N 6(k)
' . L sin(%Lk}
L0l LeN e N
sin (= &)
N
N
(-1)"; 0<n<N;N Even N5(;(_E)
n I—QN
a" ; 0sn<N o
N




Filter Structure Conversion

4,(2)—k,2"4,(z")

Direct Form to Lattice 4, (2)= e
Lattice to Direct Form A.(2)=4,,(2)+kz"4_.(z7)
System Function ' A G)= M e 51_(2_)
| F(z) X(2)
Babkward System Function B (2) =M = M
' G(2) X(2) -

B,(z)=z"4, (z."1 )

Lattice-Ladder Structure : Ladder Coefficients

H(z) =-§% Cy(2)=c,+¢z " +c,z° +————+c, 2" Polynomial of degree M
N

M-1 ‘
Cu(2) :Z Ve z‘kAk(z_l)"i"vM Z_MAM ) Yu =Cy
k=0




Frequency Response of FIR Linear Phase Filters

N odd

Pseudo Magnitude

Phase

N odd

Pseudo Magnimde
Phase

N Eve.n

Pseudo Magnitude

Phase

N Even

Pseudo Magnitude

Phase

Symmetric Characteristics

(N=3)72 N—

H,(m):h(%—l)u > h(n)cos| 21

A=
—w-—lcv ;H (0)>0

pw)=

ﬁ——NZL%a);Hi(aJkO

Antisymmetric Characteristics

(N-3)/2 ‘,\‘r_l
H(w)=2 Y h(n)sin( > — 1)
n=0
: %-—%w;f{,(mpo
pe)= 3z. N-1
———u0;H (®)<0
2 2

Symmetric Characteristics

G0
H@)=2) k(;z)cos(N 2‘1 -na
—i_—la) s H (0)>0
#(@)= P

er—z-a) s Hi(w)<0

Amntisymmetric Characteristics

N
(;-1)
N-1

Hy(®)=2 )" h(n)sin( S —n)o

n=0

zwig—lm;ﬂi(a)po

HD=13, N1
———o0;H (0)<0
2 2
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Window Functions for FIR Filter Design -

Name of window Window Function
1. Rectangular w(n) = il Wt—-‘? C“’”Uﬁ‘
0; otherwise.
Bl N-1
" 2.Bartlet (Triangular) wn)=1-——
N-1
b 27n
3. Hannin w(n)=0.5| 1-cos——
g (n) ( N_J
4. Hamming w(n) =0.54—0.46 cos: if”
5.Blackman w(n)=0.42-0.5cos i’jml +0.08 cos Aan

Frequency-Domain Characteristics of Certain window Functions

Window Side-lobe | Transition width  Stop band
Amplitude, dB Ws = Wp Attenuation, dB
Rectangular 13 | 4/N .-21
Bartlet 27 8n/N -25
Hanning 32 8m/N -44
Hamming -43 8n/N -53
Blackman -58 12/N 74

I



Useful Impulse — Invariant Transformations

s —domain z—domain
1 L
1 —d 1
(s+p) dp, 1= 7
b © 11— (cosbT)z™

(s+a)*+b*" ) 1-2¢™ 7 (cosbT)z " +e772
s+a X) e (sinbT)z”

(s+ay +62¢ Y 122 (cosbT)z +e™ T2

Butterworth Low Pass Filter
: 1
|HGQ) =

2N
Q
TS
(QC]

Butterworth Polynomials

Order Bn(s)

N

1 s+l

2 s?+V25+1

3. (s +1)(s* +s+1)

4 (s* +0.7654 5 +1)(s* +1.84785 +1)

5 (s +1)(s* +0.618s+1)(s* +1.618s+1)

[2



Chebyshev Low Pass Filter
1

[HGO) 1T QI0,)

“Chebyshev Polynomials

cos(N cos ™ x);]x| <1
TG0 =

cosh(N cosh™ x);]x| > 1
L,(x)=2xT, (x)-T,,(x)

Order Tn(x)

0 1

1 x

2 2x* -1

3 4’ ~3% .

4 8x' —8x* +1

5 16x° —20x° +5x

6 32x° —48x* +18x* -1

|3



Specifications for Prototype Low Pass Filter

A |H(_|Q)|

L] - . 1 Z}
QP i QS
Prototype Low Pass Filter

Type Specifications for Prototype
. r ' QP
High Pass Q=1 Q. =—+
"Th,
Band Pass  Qp=1 Qg =min(4],|B)
Q% -0 .0 0% -Q 0
o1 T plpl B S2_pl p2
Q@ =Q) Qg =Q)
BandStop Q=1 Q¢ =min (4], |B;
o Q ,-Q
AﬁQSi(Qlﬂ Qpl) _B:QSZ( p2 pl)
T o2 - Q2 -0 0
QSI QplQpQ §2 “pl i p2
Q . 2 lower and upper pass band edge frequencies.
P
Q 1 Q 9 lower and upper stop band edge frequencies.
() L
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Frequency Transformations from Low Pass Prototype to Other Types

Remarks

Type Transformation
Q, .
Low Pass toLow Pass 5= Z}—S Q 7 Pass band edge frequency of protofype =1
P
Q P Pass band edge frequency of new filter
Q0
Low Pass to High Pass s—>—L P
_ 5
2
-7 +Q 1Q 2)
Low Pass to Band Pass s—>Q 2 A
: - PsQ ,-Q )
p2 ~pl
: s(Q ,-Q )
' 2 1
Low Pass to Band Stop s—>Q ) 4 2
(s“+Q _.Q )
plp2

1'5.



Time domain and frequency domain relationships for sampled signals.

x(n) = x,(nT)

>

X, (1) TIME SAMPLING ()
A i
= sinx(t-nT)IT
£ = T3
y ﬁMiH? e m
S | 2] & § g
S Z2 1 & = 5
' I ' m m.lﬂ..; i ¢ m
51 N R
ol 5 2 =~ g
Y LS, T, y &
x(e) -~ > x,[j{(@-2xk)/T]
k=t
>
X, (7Y X(®) FREQUENCY SAMPLING
" <
X,Q) =1x () fo-22)
Jjoy _ N
1QQ,/2 X(") Mﬁ@u e
Mﬁﬁa&u = mgﬁazx Mv NIL_“DHO:__IS____M
Nsin(w/2)

Dept. of E&E, MIT Manipal

X(k)




	ELE 3152 DSP.pdf
	DSP REference Table.pdf

