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Inter c.hcmnef interference in QPSK, q difficulty due to the wide spectrum of QPSK, is due to the nature of the base
band 5|gt'mIA 'QPSK signal consists of abrupt changes and this changes give rise to spectral component of high
frequencies. Filtering is not the right method to eliminate these problem,. [Tnter symbol interference wil be the result)

In MSK, the baseband waveform that nultiplies the quadrature carrier is much smoother than the abrupt rectangular
basebgnd waveform of QPSK. The side lobes in MSK are relatively much smaller in comparison to the main lobe. So
there is no inter-channel interference and inter symbol interference.

MSK waveform exhibits phase continuity i.e. there are no abrupt phase changes as in QPSK. So there is no inter symbol
nterference due to the ronlinear amplifiers in the system.

1 1b) The Signal to noise ratio is given by

[;_’_}m] _BE,
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We note that Eq establishes more generally the idea that the error probability depends only on the
signal energy and not on the signal waveshape

1d)
. At transmitter
dty=1]1 1 0 1 1 1
bt-T,)=1/0 1 0 0 1 0
b(H)=0|1 0 0 1 0 1

Suppose this transmitted &(f) now undergoes polarity inversion.

. Al receiver
dity=0]0 1 1 0 1 1
b-T,)=111 0 1 1 0 1
d@=1/110 1 11

Hence, polarity inversion does not affect the performance of DPSK.




Q2 a) | = LOG2(1/P)

11=.5146 ,12=2.7370, 13=2.7370

1
E k=+lo (p—)
ENTROPY= -7 B\pk
H=1.18
S=rH=4.725

3a)Band limiting
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Let m(1) be a bandlimited signal with maximum frequency component fa is periodically sampled every T, seconds (T, <
1/2f,) using a train of impulses, then these samples mnT),n=0,+1,+2 uniquely determine the signal m(t) and the
original signal can be reconstructed from m(nT,), using a low pass filter with a cut off frequency of ., without any
distortion. ‘
HLp(f)=1 OS!f‘!Sfm
=0 otherwise )
fm = maximum modulating signal frequency, Ts = Sampling period,
fs =?1~ = Sampling frequency & fs > 2f,
5

fs = 2fy is the minimum sampling frequency and is called Nyquist rate
Sampling using train of impulses is called instantaneous sampling or impulse sampling or ideal sampling.
If fs> 2fn , then the sampling is over-sampling and f, < 2f,, then the sampling is under-sampling.
The sampling signal §+,(t) is called ideal sampling function or Dirac comb.

‘ m (t)s (1)

m (1) .
message signal

reconstruction filter
5 (1)

Train of impulses

Proof Case -1 f,> 2f,,
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Case-2 fg= 2f,




Case-3 fx2f,
‘F(m(f)s(t))

(I

- f
fo 0 Tah'ésfng f

M) e M(f)

(1) & T Z 8(f -nfg), where s(1) is the sampling signal

n=-ea

m(t) s(t) s [M{f)*% i B(f—nfs)J-:Ti [M(f)* i a(f~nf5)}= %i M(f -nf,)

s H=-—oo s N=—co h=-o0o

This is the F.T. of instantaneous sampled sighals.
Fer avoiding distartion  f, = 2.f,,
1
ie foz 2f or T, € ——
s m 53 _
The specfrum overlap due to fs < 2 f,, is called aliasing or foldover distertion or spectral folding. Due to aliasing
unwanted frequency component will also be there with the reconstructed signal.

3.2 Aliasing or Fold over distortion
If f, is less than 2 f,, distortion will result. The distortion is called aliasing or fold over distortion,

F [ sampled signal ]
s Spectral foldover

When f, < 2 f,, the side frequencies from one harmonic fold over in to the side band of another harmonic., The
frequency that folds over is an alias of the input signal (hence, the name “aliasing or "fold over distortion"). If an alias
side frequency from the first harmonic folds over into the audio spectrum, it cannot be removed through filtering or
any other technique. _ '

For uvoiding"‘ulrasing fs> 2 fo. The input filter (before sampling process) is called an anfi-aliasing or pre-aliasing or anti-
foldover filter, Its upper cut of# frequency is chasen such that no frequency greater than one half of the sampling rate
is allowed to enter the sample and hold circuit, thus, eliminating the possibility of fold over distortion occurring.
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3.15 Correlative Coding (Duo-binary Encoding)

In 1963, Adam Lender showed that it is possible to transmit R symbols / sec with zero ISI, using the theoretical
minimum BW of R/2 Hz, with out infinitely sharp filters. Lender used a technique called duobinary enceding or
correlative coding. This is the practical methed to implement Nyquist first criterion.

The basic idea behind the duobinary "technique is to introduce some controlled amount if IST in to the data sfream

rather than trying te eliminate It completely.

by
delay
To b(t-T,) '

encoder

V()= b(t) + bt~ T)

- Decader
Ty

decoder



b [ b | b | by | by | bo ] os [ b |
b(t) lolo i To 1] 0 |
Amplitudes a1l a a1 111 1]
V(1) | 220 ]o]loT> o |
V(1) | 22710 o lo]2]0]
f?_ﬂ | ToTlTe 1 To BN ENER

Let by = -1 (orl)
Decoding Rule
If V(1) = 2, then  b(1) =1

V() = -2then  b(1) = 0

V(1) = O then opposite of the previous decision.

One drawback of this detection technigue is that once an error is made it Tends to propagate causing further error,
since present decisicn depends on prior decision. ‘A means of avoiding this error propagation is known as precoding.
Doubinary Encoder With Precoder

b(f)=d(tyeb(r-T)

V()= b (1) + b (1-Ty)

The characteristic polynomial of doubinary encoder is 1+ b

The value of v(1) is in any interval k depends on both b(t) and b(t-Ty). Hence there is a correlation between the values
of v(1), in any two successive intervals - correlative coding. .

In each bit interval, the generated voltage v(t) results from the combination of two bits. . dyobinary coding.

)“_, Encoder ']I" Decode
dw D b(t) = d(t) @ b(t-Ts) Adder
N v
Iy —7 : v

d(t-Tp)

The duobinary encoder/deco der system

differential encoder

v
dey . ] ]
-1V _._r_ _][___.. __J’—

+1V  ___ '

b(t) :

v ]
+2V___] —
oV e S — S— S— _J
2V - e

Waveforms of d(t), b(t) and v(t)



Lrer rrivate Circulation Only]

From the above fable I, @ T, =

but Iy = b(t) = dit) @b (+-T)
T=b (+-Ty)

df):=L®I,-q ()@ b (+-Tb) & b (+-Tb)

~d{t)=d(t), Thus hereby proved that output of the duobinary decoder is Same as fthe input to the duobinary encoder.
Bandwidth '

If the Baseband signal is d(t), the required BW = Ti = 2—:’_—— = fp
s “'p
L ) . 2 2 fo-
If the Baseband signal is v(1), duobinary encoded signal, BW = = = £ . Th

Te 4T, 2
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4.9 M-ary Phase Shift Keying System (MPSK)
Nbits are lumped together .., period = NT, , for the generation of q symbol
Total pessible symbols = 2N = M symbols

The M symbols are differ from one another by the phase 21/M

[ERTRr PR



Viaese (1) = 2P Cos (gt +0y,) or 5(1) = \fZ—P; cos [mo‘r + |%) wherei = 0,1, ..., M-1

Vmpsk(T)

Where ¢, = (2m+1)

x
M

= P, Cos gt - Py Sinwgt

m=0,12, .M-1

= ,J2Ps Cos ¢y Cos wgt - [2Pg Singy Sin wot

Where Py = /2P Cosgy, and Py = ﬁ; Sindyy, .

Both P, and P, can change every Ts = NT, se¢ and can assume any of M possible values,

Transmitter

b(1)

l Clock, period = NT,

Serial fo parallel
converter

Il

DAC

V(Sm)

N-1

Sinusoi dal signal
source Phase
controlled by

V(Sw)

VMPS‘K Q)] -
EE—

The corverter has the facility for storing N bits of a symbol. Each symbol time the converter output is updated.

DAC output is a voltage V(S,) which depends on the symbol S, (m = 0,1,..M-1). V (Sp) is applied as a control input to a
special type of constant amplitude sinusoidal signal source whose phase ¢r, is determined by V(Sn). The phase can change
once per symbal time. (Symbaol time Ts = NTy)

Receiver

Carrier
recovery
cireuit

Vm(l) =P COS WOgf
- P sin @yl

L

Ruise input
© Mth
pawer

v

sM(t)

Bandpass L]
filter Mfy

cos Myt

divider

|

Frequency

_M
NS 0),t

§In o,

PSD Of MPSK Signal
PSD of the base signal, Gg(f) = T,5a° (nfTs) where T; = NTy

M-ary PSK receiver

V,n(t) sin @t

Vi, (1) cos gt

PSD of the carrier signal, 6¢(f) = [P?SJ [5(f-fa)+6(f+fu}]

Analog to
digital
reconversion

Reconstructed

| symbol




Gupsk(f) = Galf) * G¢(f)
PNT,

GMPSK”) = ——Zﬁ {{Seﬁ{fffojNTbJe - [Sc ‘:t('fi- fo)NTb]Z‘-

f

Null of null B\ = %‘» Hz  ~NTmTewl

Gupsk(f)
NP, Ty/2 2fu/N
l— —
/NN NN
lo-fNC T SN 0 f-f/N o [N
Spectral efficiency = fo - N bits /s /Hz
2y, 2
N

Geometrical Representation Of MPSK Signals

Vipsk(t) = S (1) = 2P Cos (mgT + |%J i=0,1,.. ,M-1

The reference signals, R;(1) = % cos [mot P %J
s

Si(t) = PsTs . Ri(¥) = JEs . Ri(1)
2 _ 2
Eg+E; -2E; Cos(MJ~d

2 . n . 7Y
- d%=2E, {1~Cos (WHJ} = 2B, 2 Sin? (H} 4E; Sin® (HJ
I Y 2R _
ood s ‘/455 smz[m : L}Neb sinz[fﬁ] = 2/E, sin [%J
2

NT dl except whenN=2, forN = landN =

Q 4b) encoder

Data

senens sheage




CODE POLYNOMIAL

Systematic Cyclic code genera
%) = x"K k) @ mx)

., C(x)
D(x)

-k
m(x) = remainder of E—E(fz
6(x)

tion

code polynomial of degree n -1

data polynomial of degree k - 1

and with degree n-k-1

G(x) = Generator polynomial of degree n i k.

CODEWORD=[0101100]

Syndrome Czlculator:

I ? & Gate
i) { e ) Eneko)
\T/ Ny N
Received ,L_(‘ B i___l f#’\ I____-: 4_ . "_‘L\ ‘—J
hits L L1 (/AN U BN ¥ ) ~
Flip-flop  Moduio-2
aider
message S2 51 >0
1 0 0 0
1 0 0 1
0 0 1 L
1 1 1 0
1 1 1 0
0 1 1 0
0 1 1 1
1 0 1

5 a) Bpsk waveform= a coswt




- @ COSWE i e when b(t)=0

Dpsk waveform

d(t) 0 0 1 1 0 1 0 0 1 1
b(t-1) | O 0 0 1 0 0 1 1 1 0
b(t) 0 0 1 0 0 1 1 1 0

Ppesklf) = B1) -._.-“'I_F, COR g I

-
= + 2P, cos oyl

Fsk
fSk WaVveformM= @ COS2WE ..ottt aeaanens when b(t)=1
- T 0 13,7 when b(t)=0
Qpsk
d(t) 0 0 1 1 0 1 0 0 1 1
odd 0 0 1 1 0 0 0 0 1 1
even 0 0 1 1 1 1 0 0
b, 1 —\,-’F,sin ot by = =1
b = ROTZTTF "7 ' b=1
E d—:'— Amplitude = /2P,
— Py cos wy it E: :E ‘r"'F 08 i |
] ]
1 H st} for case
: e
bo=1 L ____ ¥ _____
be=—1 /P, sin wol
r-l—d[) =1 —ll--u-q—dz ——1 —!-—v—-l—dd = —1 —l-:—-l—dﬁ =1 —!-'-r

:“—d‘[—1—-:"l—d3——1—llr§-l— d5—1 —r-riﬂ-—d?—'l—m:

ANAINANDNNNN TS,
|v\//\/\\/\/\/u

I ARSI




Que 5 b)

l)since H=[P™: I]

1) C=M *G
M=[0011]
M=[1001]

[ )S=2

T=1

SlNCE DM|N=3

S=[001]

Error in last bit

C=[0011 110]

C=[1001100]

olo|r|o|r|r|-

I ==

R|O(O(F r|Oo|m

IV) S=R*H'=[1000110]*

Corrected codeword=[1000110]; message =[ 100 0]
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3.23 Correlator Receiver (Correlation Realization of Matched filter)

Correlator is an alfernate type of receiving system, which is identical in performance with the matched filter receive
The input to the correlator is a binary data waveform S;(t) or Sg(1) cerrupted by noise n(t). The bit length is T,

Local signal
si{t)-s2(1) e - -
' vi(t)
s /
1_() » integrator —— L Vo(T)
Sampledat
M multiplier I t=T

Correlator
A coherent system of signal reception

There is a correlation between received signal and S(t) - Sy(t). . Correlator receiver, 5,(t) - Sx(t) is generating frot
the received signal. )

System S4(1) S,(1) Local sighal —[
FBase band signal transmission +V -V : 2V
! BPsK ' A cosw,t ~A cosw,t 2A cosm,t
BASK A cosa,t 0 A 'cosmo’r
L BFsK A cosout A cosot A cosw,t-A coswt

Signal & Noise Output Of Correlafo_r'
(T
Vo(T) = " jo Vit s1(t) - ()] o,

Wheret = RC = time constant of integrator
Va(T) = Sp(T) + ng(T)
So(T) = Sg1(T) or Spa(T)

i

Vitt) = si(t) + n(t)
Si(t) = Si(1) or Sp(t)
1 ¢T
SoM = - [F st [sin -spm) ar (©)
cno(M) = L [sin-sum]ar ©)

Output of Matched filter (A&B) and output of correlator (C&D) are identical.

Hence the performance of the two
systems are identical.

~-Matched filter and carrelator are two independent techniques of synthesizing the optimum filter h(t)
‘Examples of Correlator receiver ' '

1. BPSKReceiver 2, QPSK Receiver 3. Coherent F5K Receiver 4, MSK Receiver



Maxmum likelihood decision rule

The decoder must produce an estimate & of the information sequence u based
on the received sequence r. Equivalently, since there is a one-to-one correspondence
betweén the information sequence u and the code word v, the decoder can produce an
estimate 9 of the code word v. Clearly, §t = uif and only if ¢ = v. A decoding rule is a
strategy for choosing an estimated code word ¢ for each possible received sequence r.
If the code word v was transmitted, a decoding error occurs if and only if # == v. Given
that r is received, the conditional error probability of the decoder is defined as

P(E|r) A P(% = v|r). (1.6)
The error probability of the decoder is then given by
P(E) = _,? P(E|r)P(r). (1.7)

P(r) is independent of the decoding rule used since r is produced prior to decoding.
Hence, an optimum decoding rule [i.e., one that minimizes P(E)] must minimize
P(E|r) = P(% % v|r) for all r. Since minimizing P(¥ # v|r) is equivalent to maximiz-

ing P(¥ = v|r), P(E|r) is minimized for a given r by choosing ¢ as the code word v
which maximizes
P(r|v)P(v)

PO (1.8)
that is, ¥ is chosen as the most likely code word given that r is received. If all infor-
mation sequences, and hence all code words, are equally likely [i.e., P(v) is the same
for all v], maximizing (1.8) is equivalent to maximizing P(r|v). For a DMC

Fo , Mlﬂ_)f?: - P(I'IV):I:[P(I‘,IU,), (1.9)

since for a memoryless channel each received symbol depends only on the corre-
sponding transmitted symbol. A decoder that chooses its estimate to maximize (1.9)
is called a maximum likelihood decoder (MLD). Since log x is a monotone increasing
function of x, maximizing (1.9) is equivalent to maximizing the log-likelihood function

2 > log P(r|v) = 3 log P(r;|v,). (1.10)

Pv|ry =



4.15 Quadrature Amplitude Modulation System (QAM) or Quadrature Amplitude

Shift Keying (QASK) .

In MPSK, one symbol is distinguished from other by phase difference but all are of the same amplitude. So the end
paint of the signal vectors in signal space falls on the circumference of the circle. Here to distinguish one signal vectar
from another in the presence of noise will depend on the distance between the vector end points. It is hence rather
apparent that we shall be able to improve the noise immunity of a system by allowing the signal vectors fo differ, not
only in thei~ phzge but clse in amplitude. That is, it is an amplitude and phase shift keying system. Here direct
“wlonzt o o Zorriers in quadrature is taking place (ie. Cos w,t and Sineet). Hence this system is known as QAPSK or
JASK or QAM. ’ .

as an example of M-QAM (M-ary QAM), let us consider 16 QAM, system. Here M=16, N=4. Transmit a symbol every
Tb and 16 distinguishable symbels are needed. One possible geometrical representation (signal constellation) is shown
n figure. In this configdration each signal poirit is equally distant from its nearest neighbors, this distance being d = 2a,

Thg points are placed symmetrically about the origin of the signal space to sim
while keeping the energy per signal near a minimum.

Let as assume that afl 16 signals are equally Ii : )
qually likely, Because of the symmetr displayed in fi + :
energy of a signal is 4 v displayed in figure the average normalized

1 .
E; =7 [(02+a2)+[9a2 +02)+ (az +902)+(9a2+902]J = 104°

~a= JOIE; andd = 2a0 = 2 VO.1Es, Here E, = 4Ep a = JO.4E,
d=2a = 2,04 €,

- - B
But for 16‘.PSK, d = ’IéEb sin (E] = 2,/0.15Eb

dispsk < Digam for the same Py .. P, 14 QAM < Pe 16 psk for the same Py

plify the hardware design of the system

Thus, 16 QAM will be shown to have a lower error rate then 16 PSK for the same average signal power.

uz(t)
4
r—zcr» *(a, 3a) #(3q, 3a)
2a
* d ¢(aa) o(3qq)
O
u(t
. - - -

Geometrical representation of 16 signals in a QASK

The set of message points corresponding to the set of transmitted signals (sy (1), sa(t) ... si(t)) is called a signal
constellation :

A typical QAM signal can be written as

Vaam(t) = Ky aup (1) + Kzau, (1)
Ki, Kz = £ lor £ 3,a= ,0IE,

up (1) = ’__I__%_ Cos w,t, Uy (1) = Lri Sinwt
5 s
 Vaan) = K fo'_ers Cos gt + K, /0'12_55 Sin w,t
s s .

Pe v Vgam (1) = KyyJ0.28; Cos o t + Ky JO.2P, sinw,t

= Ag (1) Py Cos wgt + Ag(t) Py Sin wgt
Where A,, A, = + J0.2or + 3402

E
=5
BUT 2






