
CHAPTER 8
Bandpass Modulation

8.1 Need for Bandpass Modulation:
Modulation is modification of the characteristics of a signal (amplitude,

frequency, phase) by another (called modulating signal). If the signal is sent
without modulation (1 being voltage level and 0 no voltage) this is called
basesband transmission. lf we use pulse modulation where 1 and 0 are
represented by two levels while the carrier is a rectangular pulse train and the
characteristics are adjusted for pulse amplitudes, we call this pulse modulation. ln
PCM, the coded waveform may use different forms of coding called line codes.
Collectively, all of these forms may still be called baseband transmission even if
pulse modulation is used. Baseband modulation is often called foratting to
distinguish it from bandpass modulation. Bandpass modulation is reserved for the
case when we use high frequency, i.e., radio frequency RF (or IF )pulses. ln this
case, the carrier is a sinusoid and the characteristics may be adjusted for
amplitude, freuency or phase. When do we need bandpass modulation?

1. to be able to use wireless transmission.
2. to use antennas of reasonable length since the antenna's a length is

roughly /4, so we need to decrease to reasonable values by
increasing f sincef =c/.

3. to be able to use FDM for multiuse operation.
4. to prevent interference.

The modulated signal is sent down a channel where noise (AWGN) is added to it.
When the channel bandwidth is smaller than the signal bandwidth, the channel is
band limited. Severe bandwidth limitation causes ISl,.

ln bandpass modulation, a sequence of digital symbols are used to alter the
parameters of a high frequency sinusoidal signal (carrier). We have three types of
binary carrier modulation. They are amplitude shift keying (ASK) or onloff keying
(OOK), frequency shift keying (FSK) and phase shift keying (PSK) as shown (Fig.
8.1).

Based on these three basic schemes, a variety of modulation schemes can
be derived from their combinations. For example, combining two binary PSK
(BPSK) signals with orthogonal carriers a new scheme called quadrature phase
shift keying (OPSK) can be generated. By modulating both amplitude and phase of
the carrier we can obtain a scheme called quadrature amplitude modulation (OAM).
The purpose of digital system design is to efficiently transmit digital bits and
recover them from corruption due to noise, distortion and interference.
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FSK

PSK

Flg. (8.1) Three basic bandpass modulation technlques
a) ASK b) FSK c) PSK

There are three primary criteria for choosing modulation schemes: power effciency,
bandwidth effciency and system coplexity. The power efficiency of a modulation
cheme is the required E,/1 for a certain bit error probability over an AWGNع 
channel. The bandwidth efficiency is defined as the number of bits per second that
can be transmitted in one Hertz of system bardwidt. There are three bandwidth
effciencies. Nyquist bandwidth effciency is used for ideal rectangular filtering at
baseband, coresponding to minimum bandwidth required for ISl fee transmission.
The bandwidth at baseband is B =R,/2 and DSB bandwidth is B=R,. Since
R, =R/log, M for M-ary moduatio, tte DSB bandwidt efficiercy is

(8-0)٨,٥gيكد ا 
B
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Spectral efficiency e, depends on symbol or baud rate R, and bandwidth B
and the number of states M , for statistically independent, equiprobable symbols.
Therefore

R, R, log, M .
 ع شت==z1 bitg]ي/

B B
lo١ M . <bis/sH6"ى 
T, B

(8-2)

(8-3)

Thus, the spectral efficiency may be maximized by making the size M large
and T, B product as small as possible. Pulse shaping or filtering may be used to
decrease B for a given baud rateR, =1/T,. For ISl free transmission, the minimum
T, B product was limited to T, B20.5 since the minimum (single sided Nyquist)
bandwidth B =1/2T,٠ ln IF (bandpass) modulation, the modulation process results
in a double sided signal. The minimum ISl free T, B,ي product is T, B,1ي< and the
minimum bandwidth B,1=ي /T, which is called double sided Nyquist bandwidth.

We may classify modulation schemes into two large categories: constant
envelope and non constant envelope. Under constant envelope class, there are
subclasses FSK and PSK. Under non constant envelope class there are
subclasses ASK and CAM. There are other advanced systems which are
variations of the main systems. PSK is usually used in most communication
systems, e.g. satellite communication. Binary FSK was used in low rate control
channels of first generation of cellular systems and voice channel modems. OAM is
widely used is telephone networks such as computer modems.

8.2 Signal Space:
ln baseband modulation, digital symbols take the form of shaped pulses. ln

bandpass modulation, those shaped pulses modulate a carrier which then be
converted to electromagnetic radiation. Assigning different carrier frequencies to
different channels is known as frequency division multiplexing (FDM). This means
that we divide the frequency spectrum among different channels or users. The
general form of the carrier wave is

s() =A()cos [a +8()] (8-4)
where a, is the radian frequency of the carrier and 8(t) is the phase, and A(t) is
the amplitude. Thus, the modulator stores the information bits in either the
amplitude, the frequency or the phase. (Fig. 8.1) shows the three basic types of
modulation amplitude shift keying (ASK), frequency shift keying (FSK) and phase
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shift keying (PSK). By modulating both the amplitude and phase of the carrier, we
obtain quadrature amplitude modulation (CAM). The simplest case of ASK is
binary ASK (BASK) where bit 1 is represented by +٨ cos [at +e(t)] while bit 0is
represented by -4 cos [at +0(r)].

Fig. (8.2) shows what happens when bits 010 arrive at the BASK modulator.
Table (8.1) shows the wavefoms for BASK for the range qT, st <(٩+II,، The
wawefom can be expressed as the continuous carrier multiplied by gating pulse
8,,(-7٦)

[nput
0

1

Table (8.1) B-ASK
 د

9ufputwavefor
s() =-٨ cos a.٩7ا ;sts(٩+1)T,

=-A cos a (,T ا ,ع و-(
s,()=+A cos a.4 ٩T;<ts(1و+ )T;

=+A cos a.4 &,(- (,T و

A more complex ASK system is M -ary ASK (M ASK) or M -ary amplitude
modulation ( M AM). Consider for simplicity 4-ASK (4-ary ASK). We let two bits
enter the modulator at the same time. Rather than map bit 0 to one amplitude and
bit 1 to another, the modulator sees every bit pair 00,01,10 or11. The
modulator maps each set of two bits to a wavefomm with different amplitude. For
example, for input 1110 we have the wave from shown (Fig. 8.2c). Tabe (8.2)
gives the different cases for 4ary ASK.

We notice that each wavefom created in a 4-ASK modulator lasts twice as
long as a wavefomm created in a BASK modulator. Thus, T, =2T;. Table (8.2) also
giwes wavefoms for 8-ASK when T,=3T, and so on.

The most popular of the bandpass modulators are the PSK modulators. The
bit infomation is embedded in the phaseB(t). The simplest fom of PSK is binary
PSK (B-PSK) (Fig. 8.3). When 0 is inputted to the modulator, its output is
٨ cos (a٤+0%). When 1 is inputted, the output isA cos (a.t+180"), Tabe (8.3)
summarizes the operation.

ln 4PSK, (Fig. 8.4) the modulator works on two bits at a time. For ewery two
bits at the input the modulator outputs a different wavefomm. The modulator maps
0 0 into s, (t)=٨A c0s (at +0").
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5r,9٤7,5
(a)

١0١١

A cos 3.4 ه1 cos u,إ 

(b)

4-ASK

(c)

f و -r
 ر

f ٦
٨,

(d)

١f +r
2f +r,

٢

Fig. (8.2) ASK modulator
a) BASK wavefomm for010 b) g,(4-٩T)
c)4-ASK d)PSK

241



lnput bits 0 0
١

٨ ٢ p ٨ 5 ٢Outpw
waveforn

\ لا
A cos (" +انه0) 4 cos (" ة180+1) A cos( at +0")

Fig. (8.3) BPSK

00 11 10
٨ cos ("a t+0ب) A cos (a1 +270") ، cos (at +180")

4-PSK

Fig. (8.4) 4PSK

For ١1 it outputs s,(t)=A cos t ة) +270") (Fig. 8.4). lt is common to call 4-
PSK quadrature PSK (OPSK). Table (8.4) summarizes its operates, T, =2T,.For 8-
PSK.

Table (8.5) shows that for every 3 bits (T;=3t,)we have a different
waveform. In FSK, the information is embedded in the frequency. ln the simplest
fomm of binary FSK (BFSK), if bit 0 is at the input, the modulator output will be
A c0s [(a + ,[ ا+a)0 د and if bit ١ is at the input, the modulator output will be
A cos [(a + a,)t ا +8], where a ا and Aa, are frequency shifts (offsets)
corresponding to bit 0 and bit 1, respectively (Fig. 8.5). In 4-FSK, we have four
freguency offsets corresponding ا0, ,,ل@ا ا0 و, ا6 ر to input bit pairs 0 0, 01,
10,11, respectively as shown in Table (8.6) where, T, =2T}.
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Table (8.2) 4-ASK1 8-ASK

lnput bit Output wavefom
4 ASK 0 0 t) =-3A cos a,4ى) (٩Tي,)- 

01 s, (t)=-٨ cos 0,t ;(٩Tي,)- 
10 t)=A cos (,٩7-),s (وى0,4
11 t)=3A cos a,4وى) s,(- (;T و

8-ASK 00 0 sج (t)=-7A cos a,4 s,(-٩T;)
0 01 s,(t) =-5A cos aي t &,(-٩T;)
010 t) =-3A cos a,4ى,) ;(4Tع,)- 
011 t)=-A cos atى,) s,(-٩T;)
100 ٨A cos a4(=tى,) s,(-٩T;)
101 .±t) =3A cos a(,ع47), (وى- 
110 Sج (t)=5A cos a,4 s,(-٩T,)
11١ t) =7A cos a4ى,) s,(-٩T;)

lnput
0

Table (8.3) BPSK

9utputwaYefor
sج (t) =A cos at
s,(t)=-٨ cos at

,»٤-و=[
s,(-٩T;)

/nput
0 0
01
10

١1

Table (8.4) 4-PSK (OPsK)
outputwaYefomm

t)=A إ, cos aى) 
s,(t)=4 c0s (at+90")

A=(t ا,+180)" c0s  (,ى0)
"(t)= cos (a.4  (,ى270+

.»٢-٠ء[
&,(-47)

;(٩Tئ,)- 
&,(-٩T,)
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!nPut bits
0 0 0
0 01
0١0
011
100
101
1١0
1١1

lnput bits

BFSK 0
1

4-FSK 0 0
01
10
1١

Table (8.5) 8-PSK
 اد

Output wavefom
s,(t) =A c0s (at +0%)
s, (t) = A cos (a,t +45")

"(90+٧,A cos (aى,)(= 
(t)=Ac0s (at  (ى135%+
(t) = A cos (at  (,ى180%+

s,(t)=A4 cos (a.1 +225%)
s٨(=8ج) cos (" ,ة٢+270)

(t)=A cos (0,t  ,ى(315°+

Table (8.6) BFSK١ 4-FSK
output wavefom

S٨(t)=٨ cos (a, +  )مa4 ا
s, (t)= A cos , ة) +&@,)t
Sج (t) =A cos (a +4@)t

t)= A cos (a, +/,)t)ى, 
a,)t+ا t)=Acos (aى,) 

s,(t)=A cos (0 + a,)t ا

s,(-٩T,)
(Tع,)-و 

s,(-٩T,)
,(٩Tى,)- 

,(-٩2,)
&,(-4٩T,)
s,(-T,)
,(-٩T;)

s,(-4T;)
s,(-٩T,)

(.Tع,)- 
;(٩Tع,)- 

s,(-٩T.)
s,(-4T,)

Naturally, ASK is not the best choice since it picks up distortion and noise in
the channel. FSK uses more bandwidth than ASK or PSK. t uses more than one
frequency whereas ASK and PSK use one frequency only. PSK is the most
common. Now should we uses BPSK, 4-PSK, or 8-PSK or higher? For BPSK, we
have one sided bandwidthB =1/T,, whereas for 4-PSK the one sided bandwidtH is
B =1/2T,، Thus, as the modulation size gets bigger, the bandwidth gets smaller
(Fig. 8.6). However, BPSK is more robust to noise than 4-PSK, since it is more
difficult to make a waveform A cos at look like A cos (at+180") due to noise
than to make it look like A cos (at +90").
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lnput bits 0 0

Output
waeform

Fig. (8.5) BFSK modulation

8.3 Constellations:
We have seen before that a signal wavefomm can be represented as a point

in the signal space. Fig. (8.7) shows a square wave. lt can be represented as point
(1,1) if the x-axis is 0,(t) and the y-axis is q,(t)as shown where @,(t) and q,(t)
are to orthonormal functions. Let us now consider BPSK. We have two
signals{s() , s, (t)}. lt can be shown (Prob. 8.2) that the orthonommal function for
BPSK isjust one element set{@ (t)}. Using the set of equations

4(=s,()/,/E, (8-5)
 بي

E, = ] s,(t) s,() dt (8-6)
 بي

 بي

a, [= ر s,(8) 4,() dt(7-8) سد

we find
4(=/2/T; eos 4@) ٤-(,,٩T,) (8-8)
s(t)=4رمه (t) (8-9)

(t)=a,, 4(tى,) (8- 10)
where

«=٨ (75 (8-11)
a٨-=٨ f75 (8-12)

We note from eqn. (8 - 5) that E =A2T,/2 which checks with eqns. (8- 11) and
(8- 12). Fig. (8.8) shows the two signals sج (t) and s, (t) in the signal space
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(a)

(b)

n,
 لابك,[/=

r

٢
 كلا

Fig. (8.6) Bandwidth for BPSK, 4-PSK
a) BPSK b)4-PSK

Next consider 4-PSK. From Table (8.4), we have four 4PSK signals
{s,(t) ,5,(), s,(), s,(t)}. We may rewrite Table (8.4) in the fomm of Table (8.7)

١t is clear from the table as well as from the standard Gram Schmitt
procedure [ Prob. (8.3)] that

,(٩7,,)-٠٤2TT. cos a4«(=4 ا
4()=-[2IT. siم a.إ٤٠-(,٩ T,)

Noting that «,() has a minus sign, the coefficients {a,,} are now given by

4٠٠a٠=٨fTZ,0
a ٠a,=٥,٨f75
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4() 4()

s() 4()

(a)

٩()

-«٤ 0

(b)
٤ ,

Fig. (8.7) Signals in a signal space
a) asquare wave b) BPSK

Representr 4!)

 يا

4ff./2و= 

Represens 4o(4)

 ا
٩٠=٨;/2

4()=,f,7 eos (4s,,(-٩7,)

Fig. (8.8) BPSK signals in the signal space
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Table (8.7) 4-PSK (OPSK) as sums of sines and cosines

lnput
Bits Output wavefom cosine tem sine tem

4-PSK 00 s()= cOs لا (a1+0")٠g,(-7و ,)
01 s,()=٠ cos (a1+90")٠g,(/-٩T,)

= ،٧cos(a1)٠g,(١-gT;) + 0
0 - ،1sin (; ن1)٠8(,4 و-7@)

10 sب١١=٠) co5(o١80+ب١ ")g,(- (;T و cos- ي (0,0)٠g,(-٩T) + 0
١١ s,(=٠١ cos(١+270")٠g,(-٩T) 0 + Asin (a,لا٠( g,(-٩T)

Fig. (8.9) shows a plot of 4-PSK signals in the signal space. Such a plot is
called 4-PSK constellation.
For 8-PSK as in Table (8.8) we have

4(١=J27T. os 44 ٠8,(-47,) (8-19)
4,0= [2/T. sin (T له٠8-(,٩ (8-20)

Table (8.8) shows the output waveforms as sums of cosines and sines and
Fig. (8.9) shows the output waveforms represented on orthonormal basis:

٨f75,0 4 د٠44-=8-17١)
(f75 ٠4٠ =يه0-,8-18٨)

Table (8.8) Output wavefomms represented on orthonormal basks
OutpuF Output wavefom represented on

Wavefom___ orthonthonomal basis_
8-PSK s0 s=(ه٠ aم٨(=) f72,0)

s,( 5-(٤٠٠a٨(-)٨f:١2,4.١2)
s,) s,=(«. (f/2 (=).ه0,٨,
s,( (١2,4fT./2.٥f »(=ر٠٠ -(=)ه٨
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 (وى0)

sج١) )

s,(t)

(٥,f75٠ ه٠-(=)٨=)«٥٠
(٨f;/2,-f./2٠٠ ه٨-(-)٨=)«ه, 

s،=(٥٠-٨(-/٩٠٠»٠f/5)
(f./2,١-٨2.f,٩ (=)ه٨=)«.
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t

١٥١

"" د٥e٠٥'٨2.٩-),٢ إ :
«

(tم) 

 .ه(57,٨)٩٩e ع٥"١»
٢
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٩

٩
٩

٩

'\ Reprsenu ٩٠("

 كز.
٠٣ ,4٠٠ -ا٨.[٠

 عي٥٥
 د

» ب

(7/,٨-.0) ا ٩eeeaا٩ 

Fig. (8.9) Plot of 4PSK signal in the signal spaمc 

Table (8.9) 8-PSK wavefomms as sums of cosines and sines
lnput Output waveformBits

000 s,(t)= A cos -٠p,(4("t+0 ة) (T و ٨4 cos (6.4)٠g,(4-٩7,) 0

-.
A ٠sin 00١(,T ,ن4)8٠-(,4٩) s,()=٨4 cos (a٤ +45")٠ p,(t- (;T و ,(٩7,)-sه(١)٠ co2 م=٩ ٠

010 s,()=٨ cos(٠(90+ة٤ p,(4-٩T;) 0 A sin (44)٠£,(4-47;)
-

m٨ •sin(٩-4,)٠8(9ة. T,)0I1 s,()=A cos ( cos ه1+135)"٠ و-(,م7) يزب (4.t) ·g,(-٩T;)'2ا ٠ -·
2 '

100 s(0)= A cos(0(180+ة٤ p(4-٨-(;7و A cos (0) (,٠T و-(,& } 0
- ر .

101 s,()=A4 cos (a +225")٠ p,(t-٩T,) cos م (a,4)·&,(-٩T;)· - 2 ' + ٦٥»n (4.4)٠٤,(4-٩7,)2 "·

11٥ s٨(=A cos(٠(270+ة p(4-٩T;) 0 A sin -t),£٠(t ة) (,T و
٨ ٨ .111 s,()=٨ cos(4-م٤,) (.ة6+315 T;) ·os(40) ج0 $,(4-٩T;)· - 2 ٠ + psun (4.4)٠-(,٩7,)2 "
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8(t)

4(0)

Fig. (8.10) 8-PSK constellation

(8-21)

(8-22)

(8-23)

(8-24)

(8- 25)

Fig. (8.10) shows the 8-PSK constellation
Consider now ASK. AIl ASK output signals are simply cos (,t-kT),&. ا0

temms, with diferent amplitudes.
4@=[27T. cos a4 ٠٤,,4-٩7,)

The amplitudes are given in Table (8.10) for BASK/ 4-ASK / 8-ASK
Now we consider OAM. Here, the information is embedded in both the

phase (8) and the amplitude A of the cosine wavefomm.
s,(0)=٨, cos (a4+6,) (;٠T و-(,,ي

=٨, cos6 c0s a.4 ٠ g,(- (,T ٩و
-٨, sin 6, sin a4 ٠8,(-٩T;)

Again we have the orthonommal basis {4,(t),(t) ي} as
4()=J27T, eos a4 8,(-٩T,)
4@=,[2TT. sin a 8,,(-٩T,)

Thus,
(8 - 26)

(8-27)

s, (t)=a,, 4()+a,4ر 
We end up with

 =ه٨,fT ومه ,و
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Table (8.10) BASK١ 4-ASK / 8-ASK

Output
wavefomm

BASK s()
s,(t)

Output wavefom represented on
orthonthonormal basis
f/5٨=-6ى٠=٠ 

٥٠=٥ =ر7,٨

4-ASK

8-ASK

s(t)

 (,ى0)

 )(,ى

s,()

s()
s,(0)

5,(0)
s,(t)

s,()
s,()

s,(t)

s,()

s،=a=-3٨ f,7z
f77٥=,٥ -=ر٨

s٠=a.=٨,f,75
f,723=ر aه,= 

٥٠=٥٨=-7٨f77
fT55٥=٥ -=ر٨

٥,=a=-3٨ f75
٨f75=-e·و= 

٥ =»=،٨f,7z
f/53٥ و==٨

٥ =،٥٨=5٨ ,f,T5
7٨f,75=ى٩,= 

Thus,
/f م8, si,(28-8) =,ه٨

 ود

(t )و <»s, =(a, ,  (,ى0

=(٠,٨f,T2 s مه 6 ,4, ,f,7si29-( م )و(٥
A state s,(t) is shown (Fig. 8.11) and 16-0AM constellation is illustrated

(Fig. 8.12) for states (0000 to 1)
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(٨, f,7٤ سمة ,و.٨,f,7z (, ة ه
٩

represens ا (4)

4(٧)

Fig. (8.11) Single OAM state
 )(م

Xج 
I,6مد 

XX

XX1XX

 د-f.7٤٨-٨ ٤ي٨ 7م3٨ ٤.ي
4()

Xن١ ر X

-٨ 5ا

XXX
-3٨ f,7٤

X

Fig. (8.12) 16-AM constellation

Fig. (8.13) Modulator and demodulator
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8.4 Detection of Bandpass Signals:
The demodulator receives the signal sent across the channel and turns it

back to bits (Fig. 8-13).
The received signal r,() is given by

r,()=$,()+n() (8-30)
١f for example one of the 4-PSK signals {sم (/), s,(8),s,(), {(t), ى was sent, the
demodulator's task is to figure out which one of these signals was sent, givenr,(t).
Then it translates this information back to bits. The main point in the design of the
demodulator is to Keep the error due to noise minimum so as to make the guess
work as close to truth as possible. The first thing a demodulator does is to
transform the continuous time function r,(t) to a vector using the orthonormal
basis

r(٥=)٢ 4(٧+)٢ 4, +٠٠٣٦ (31-8) ر6

Thus, r,() can be represented as vector ,, . For 4-PSK, the orthonommal
set {¢,(), 4,()} are

(٩T,) (8-32,)-٠82T; cos a@(=4 ا
4«=J27T sin a.4 8,(-٩T,) (8-33)

Suppose that the transmitted s,() is (t), ى which is one the 4-PSK
set{s(), s,(t), s,(t), s,(t)}. We have seen that s,(t) may be given as projections
on the two basis functions 4,(t) and4,(t). The noise that counts is the noise
projections on the same basis functions 4,(t) and 4, (t). Thus, 4(t) and 4,(t)
serve also as basis functions forr,(t). ln general, referring to eqn. (8- 31),

 "ث"-,٩٠١»١»
٩7,

»o-"[»-ن».:]ث« 
"f ،_« 84+«« ٩» ه

٩r,

=4٨ ر+٣,

(8- 34)

(8-35)

(8 -36)

(8-37)

253



where a, is ر the coefficient of s,(t) along 4(t)and n, is the noise projection along
4,(t) and is given by

 +و(١,)

٣ إ-@4 ه@
 ث"-.ه٠».٩»

٩7,

(8 - 38)

(8- 39)

We note that s() and n@) have units of volts, since4,() (), .لج±4= has
E,

units of (see'») for 1£2 operation, a, or n, and r all have the same units (see").
noting 4() is given by eqn. (8-32).

a, =٨ f72,E=٨2 T,,s,()=A cos a.4 , s,()=a, 4,(). Thus, n,} has
units ٧4see-'. Noting ;=n, hence n, becomes another Gaussian rardom
variable with zero mean and variance G2.
Similary, we have

(n, ٢,=4 +ر,8-40)
where a,ر is the coefficient of s,(t) along 4,() and n, is the projection of

noise along 4,(t) and is a Gaussian random variable with zero mean and variance
}. Note that n, and n, are statistically independent. We have

(٩+١),

 إ-"٧/٩٥
n,= [ ٨()4@) d

«r,

(8-41)

(8-42)

Thus, the receiver will process only infomation and noise contained in r
and r, since in this case, we have only ¢,(t) and4, (t). The rest of the noise i.e.
apart from whatever is intercepted along ¢(t) and «,(t) will be discarded. That
part of the receiver which does this job is called correlator receiver front end (Figs.
8.14, 15). The correlator calculates r i.e. it turns ٣(t) into {r,(t)} orr , where

254

""-, »،٩ ه (8-43)



Now it is up to the rest of the demodulator which is called the decision
device to pick up which s, which the input is closest to. For 4-PSK decision device
we have

r =(٢,r,)
٢ =4٨+٣,

٢,=a, ١ تn٨+ م

F=5 +imn

(8 - 44)
(8- 45)
(8 - 46)

(8-47)

Thus out of r which is the noisy version of , ى the decision device tries to
figure out s,() that was sent. Finally, it is up to a look up table to figure out the

bits corresponding to this . ة Fig. (8.16) shows (٢,r). If the decision device
decides that s,(t) was sent then the corresponding bits must be 01(a, =0,a, =1).
The criterion for the operation of the decision device is to require minimum
probability of error Pi.e., choosing the most likely 5, givenr , i.e.,

(s,/r)] $ ¢سه=max ي](8-48)

where 5, = argmax, means: let the decision device choose as output 5, the value of
5, that maximizes what follows. What follows in this case is f (5,[r) which is the
probability that s; occurs (was sent) given that r is received. Altogether, en. (8- 48)

states: let the decision device choose the output s, to be the value of 5, that is most
likely to occur givenr . We may rewrite eqn. (8- 48) using Bayes rule as

4 اتم±ساو«- {ا ر»-»
Since the term f (r) in the denominator is not a function of 5,, it does not affect the
decision process; hence it can be dropped out. Thus, we require

,(]emax[/ (F\5)f 4, سة=5)
The term f (r\5,) is the probability of having r given s, was sent. This is equivalent

to saying f (r\5,)=P(i =r-5,), since to have r and 5, is the same as having

i =٢-5, because we have defined r =3, +i. Thus, eqn. (8 - 50) becomes
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r()

٢

٢

Fig. (8.14) Correlator receiver front end

 ء0 7ل- ممه سه٢ ,ة٧-٩7)

Flg. (3.15) Two equivalent implementations

4()
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Fig. (8.16) 4-PSK representation
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(argmas[f (f=F-5,)f (5,)]  ة=8-51)
TfiEnoisE tErm i correspords't i =(n, , n .. h,). For 4-PSK, we have only two
terms n, , n,, which are statistically independent, i.e.,

f (i)=/ (٨)f (}
Hence, eqn. (8 - 51), becomes

$ =arg max/ (»,=٢-a,}f ( [(٩=,٣٠ ),ه-٢ ة(
Since the noise terms are Gaussian with zero mean

٢0 ل ، 2ma;
Using eqn. (8- 53),

;2ma ا.؟ أيج٠ اأر،
We may take 6n of the argument of the operator arg max since what maximizes
f(x) maximizes tn f(x).

a-2 أبلإجا-إيج(،اد،»-؟ أي,ً( ا«(ا،»٥r٥; 26; 26;

(8-52)

(8- 53)

(8-54)

(8- 55)

The constant may be removed since it will not affect the decision process

٤ ا».- ريوا أيهج%ا./٧ أ«» (8-57

Multiplying the argument by 2 { ه

$, =a«ma2٥3-(-ا٢ (-)ه-٢ +),ه t٨{ (s)}\ (8-58)
The value that maximizes the argument is the value that minimizes minus the
argument.

$ =avmi» [ (أ٢ (+)ه-٢ -'),ه-2٥;٤٨٧ ً))(
$ =ag min[(٢-5)'-2a3 6 (s,)}]

(8- 59)

(8-60)
If all 5, are equally likely the last term becomes a constant which may be
discarded. Using the vector rotation, eqn. (8 - 59) becomes
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5 =ai¢ miم[ا =-s,/] (8-6١)
Thus, the decision device chooses 5, closest to . م This is in agreement with
minimum distance likelihood concept.

8.5 Implementation of Bandpass Demodulators:
Fig. (8.17) shows the complete demodulator consisting the receiver front

end and the decision device. Such a demodulator is called the correlator receiver.
The receiver front end transfomms r,(t) to vector ; . The decision device contains a
processor which receives r and outputs M values oflr-s,[" . ى,م For 4-PSK there
are 4 values. Next M adders are used, one for each output which
adds-2G} tn[f (5,)]. The third stage is to choose the minimum value

o٢(\٢-s,)2-ا o} 4n[f ,[(, ة) i=1..M. Hence, the output is , ة given by egn. (8-60)
0r e0n. (8 -61) (for equiprobable states)

A second way of designing the receiver front end is shown (Fig. 8.18) where
use is made of matched filters. Comparing Figs. (8.17) and (8.18), we want to
show that the output of the matched version receiver front end is the same as the
output of the correlator version receiver front end.
ln (Fig. 8.18), the impulse response of the matched filter

h,()=4(T,-t),i=1٠٠٠M (8-62)
Thus, the output of the matched filter A,

R, =h,()r,()[
١<T;

(8 -63)

 ي

=]h,(٤) r,(-٦)d٦
,T>1 د

(8- 64)

 م

=[ 4,(T,-مد\٦)٢٢-,٤ ه)٤ 

Putting T,-r=u, d٤=-du ,refining to eqn.(8 -32),
 مي

R, =] ( () r,() d =٣

(8 - 65)

(8 -66)

١<,

HeG, the to receivers of Fig. (8.17) and Fig. (8.18) are exactly equivalent.
Another version of matched filter receiver can be conceived by considering

eqns. (8- 59), (8 - 60). Assuming r=(٢,r,)
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r()

4(t)

 ي
Receiverfront end

٩0/- يمه ،/ه٤,٧-7

-2a, ln p(s,ر )

Decision device

(a)

(b)

Fig. (8.17) Complete correlator receiver
a) General b) BPSK

s, =are min/[r\-2( a,+٥٣,)+/5,[' -2a; 6»(s,)}] (8-67)

Now the \r\' term is the same for all 5, and will not affect the decision process

)aremin/-2 ا+),,5'/,-2٥;4٨}(5[{),(68-8) a,+r a=ة 
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٢()

/ilter with inpulse response "(0) =4 (l,-4)

/٧

 د
Receiwerfront end

-2a; 6٨f (s,)

-2 ;هt٨/(s )ي

 د
decision device

Fig. (8.18) Matetwed fter rocoiver.veralon

we may now use argmax by inverting the aign and diwiding by 2
٥ 1-١ - )/emax 'إ،قإب±-,, ه+t3 }م(5{)/ e,+r a=2 ,ة عة

= a gmax[rع ٠5, +c,]
where

(8- 6)

(8- 70)

;2a [),ة(((٥-٦0١  -/,تإ/-,ء4
2

Fig. (8.19) shows the impleertation of eqn. (8 - 70) for to basis furctios.
The output R, (Fig. 8.19) is given by
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 ه
R, = ] r,() 5,(t) dt

-٥

knي@( a, 4()+a,  ]آ=٩٢+)(4٢][)(4

 ا-٢ ر أ٩86١» +ه٢ ه٠[4»4( +ه
٢ a,, ,a أ4)(,4)( +ه٢  أ8)(,4)@ عه

@ مد

(8- 7a)

(8-73)



Because 4,(t) and ¢,(t) are orthonomal
R, =(٢ a١+٦ a,)=٢٠5, (8-74)

The choose max block picks up the largest value of the argument in eqn. (8 - 70).
Finally a look up table detemmines the output bits B, .

8.6 Peromance Measures:
To evaluate the modulator-demodulator pair, it is required to calculate P,, the

probability that the demodulator makes an eror when deciding what signal was, te
smaller P the better the demodulator. Consider BPSK demodulator 0 is mapped to
s() and 1 to s,() where s,()=4f,72 ٨@) and s,()=-٨f,72 ٨@)
and 4() =F,7 cos a1 ٠ g,,(t-٩T,). The receiver front end takes r,(t) and maps it
to ٢ and the decision device takes r and fgures out which symbol 5, was sent (Fig.
8.20). The decision device outputs the symbol which is closest to the received r,(t). In
accordance with eqn. (8 60),(8-61),

5, =arGmax[(-a,,)-75-8))ة,(}] {ه4٨3 )
For equally likely symbols

(a,) (8-76-٢)argmin=ق, 
This result means that we output the symbol closest to the received 7. To

calculate R,=R, for BPSK we note that error occurs if the receiver interprets a
symbol opposite to that which was sent

R =f(s,(0) (s()sent ا f(s())
+f(s()s,()sen)f(s,()) (8-77)

lf the symbols are equally likely
R =0.5[f(s,()/ s,() sent) +f(s,(\ s,()sen)] (8-78)

Consider Fig. (8.21a), assuming that s,(t) is sent whilen, <A f72. The decision
device picks up correctlyr =a, +٨,٠ ln Fig. (8.21b) n, >٨ f72, then ٢ is closest
to a, and the demodulator will decide s,(t), hence making an error. Thus,

1(s٠\s,()sem)= (»,>٨ fT2) (8-79)
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c (ى٩)

r()

٩(٩)  يوت

٢(٩)

Fig. (8.19) Matched filter Implementation-alternative verslon

,(tf(532 ه-

،
Receiwerfont end
 د
deciion device
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Fig. (8.20) BPSK demodulator



$ent this

 ا
٩٠--٨a}

Sent this

\
« /٠--٨ ٢,7y

٢=٨١١ ذ

 م
٢ = a,, +٣

Hhen
6>4/@.ma]

٩-٨ /,75]

Taj.٨,6-ة 

(a)

(b)

Fig. (8.21) BPSK decision process
a) 5,() sent ٨, <4FT2 b) 5,() sen n,>A4 f72

Similarly,

٢ (s،(s,@sen)= (٨,<4f75)
Therefore, from eqns. (8 -78), (8- 79), (8- 80)

٤, =05\٤(٠>,٨ f,77)+8(»,<-4 f,75)]
From Gaussian properties P(x >A)=P(x <-A). Thus,

٣.=٣(٠,>4 ,f,7)

,dy"'ع =kجث;
Putting u = ٨/,٥ ج

٢ ه""ءز,-, 2m ٨ ,77
 د

a٥

 د أخبيا(»
where

 &"،[طهي-«ه ،
2٦ +

(8 - 80)

(8-81)

(8-82)

(8 - 83)

(8- 84)

(8-85)

(8- 86)
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Now, the energy per symbol E, (in this case E,) BPSK is given by

E, o٥+ أد و
٥

 إos٨' ه1 ه
r'.د م 

2 ٥
Referring to Ex8.1,

HT mر 
 ه22 'بع==

Thus, eqn. (8 - 85) becomes

٠. ا=كباه
-٥(٠E,6)

(8 -87)

(8-88)

(8- 89)

(8 - 90)
Thus, R, depends on the signal to noise ratio E,/n which is actully the

symbol energy divided by the noise PSD. As (E,/m) increases, R decreases
rapidly (Fig. 8.22),

Ex. 8.1
Obtain the variance of the projected noise along any basis function

Solution
For AWGN, we have PSD. S,(f)=n/2=kT/2 and the autocorrelation

function is given by
R()=E[M() n(- [( ء

 ب

(),S'/ عه e2أ٣ =
 ي
 ب

 أ" رج2 '/مa ع
2

(sGء" 
2

The amplitude of the noise n(t) is given by

4 'ءلم=)@٩
2md;
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R,

E, /n(a8)

Fig. (8.2) P, 6or BPsK

We note that G} =nB where B is the bandwidth. For unlimited bandwidth
G} =o, i.e., the noise power is infinite. However, when r,(t) is correlated with an
orthonomal function (() the noise in the output has a fnite variance

 ب

r, = r()4,(t) dt =a,,+n,
٥

٥
a,أ=ر s,4ر)( ,() dt

 هه

a

nر = ] (t) 4,() dt
-٥

The variance of n, is

٠ ء-!ء-: ز٠ "»ء
,}d44,)(41«2,)4٨41=£{ًأ 

 يه ب،

 ي ه

=[ [E {»(t,) n(4,)} 4,(t) 4,(4,) 44, dt,
 ب٥ ب٥

 ب ب

,4,) 4,(4,) dt dt,)٩,(5d,-4أ= أ 
 ه ه-2

(8-92)

(8-93)

(8 -94)

(8-95)

(8 - 96)

(8-97)
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2 أ )({م =ه(8-9٥)
2-٠ 2

Thus, the noise variance along a basis function is finite and equal to 1/2.
Th٥ probability density function for m, is therefore:

r(»,٥.٥)يلل" o)
3n

8.7 BPSK:
Binary data are represented by two signals with different phase (antipodal) or

phase reversal keying (PRK)
s, (t)=A4 cos 2Mft 0stsT, for1
s,()=-A cos 2٦ft 0<tsT, for 0

They are not orthogonal but they have a correlation of -1٠ A١ BPSK ignals
can be graphicaly represented by a constellation in to dimensional coordinate
system

,0s4sT١، s 2Mf2 مIT. e)(=4 ل
8(=-J5/T. eم s 2f،4 0s7<7;

(8 -100)

(8-101)

For BPSK we represent s,() and s,(t) as to points on the ( (,م١ ais [F,
and -fE, wten E, =A4T,/2.

Fig. (8.23) shows BPSK wavefoms. ln general, the phase is not continuous at
bit boundaries. If f =m R, =m/T, where m is an integer the bit timing is
synchronous with the carrier, then the initial phase at the bit boundary is either 0 orm.

Fig. (8.24) shows PRK modulator waveforms, spectra and phase states. lt is
seen that the double sided (null to null) bandwidth is 2/T, =2R,. The bipolar data
stream b()is formed from the binary data stream as

b()= ٤ b, 8,(-٩T)
 ي ء

(8 -102)

Where b, is +lo٣-1٠ Then h()is multiplied with a sinusoidal carrier Acos2mgt.The
result is the BPSK signal.

s()= Ab(r)cos2mt o> <ه٢- (8-103)
Fig. (8.25) illustrates a BPSK (PRK) modulator and a coherent demodulator, were
the carier is obtained by a carrier recovery (CR) circuit. In the absence of noise,
setting A= the ا output of the correlator at t=(٧+١)T, is given by
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(٩+)7;

2(٩T;)= ! r(t) cos 23f4 dt
1 (٩+١,  ""ي٠ هa ،ء
2 ٩i,

 ر(٩+١)7

a,(1+cos 4#ft) dtأ =-
2 ٩7
T a ٠٠ (٩T] (8-105.١7; -sin 4%+٩)4٦fم si،+لأ=٩ ]م",ج 

For ,R<< م] the second tem is negزا gibke. The bit error probability can be derived
from te forwdla for general binary signals as in en. (7-170)

\[٢.-٥ ٠-6(E,٥)ا(] -«o
0=)@2 ا(ء2)(1٥7-8

Since

(8 -104)

erfc()=1-erf()
We may rewrite eqn. (8 - 106) as

­٥\٠6-ة(٤,٠٣[
For (PRK) -=م1

٢-٥(٠٤E,6)
For binary system, we may write R, according to eqn. (8-105)

,»]e2 ،-الإ-م 2
Defining the avenge energy for symbol

1<E>=-(E, +E).2
For OOKE, =O

]y<إ١-٥(١١٠ )ة٥ • 2
Defining carrier to noise C/N as

C =<E>/T,

(8- 108)

(8 - 109)

(8- 110)

(8-111)

(8- 112)

(8- 113)

(8- 114)
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(a)

0 0

(b)

FIg. (8.23) BPsK
a)f=2/T; b)f٤=1.8/T,

N=nB
<٤>٠,B C/ج ، 

m

wtere Cis the received carrier power averaged over all symbol periods as N is the
nomalized power in bandwidth B

 ه، إيه#إ-إ
For minimum Nyquist bandwidth, T;B=1

<E>  ، رM/ ح

n
For PRK, E,=<E > since E,=E;

, -ا/لإ=٥(En)6 ا(6-٩٥ 2
We may consider the case when the difference between phasor states is less than
1800. Then R, perfomance is derived by resolving the allowed phasor sttes ،into a
residual carrier and a reduced amplitude PRK signal (Fig. 8.26)
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٧p)

 أ'ؤك-; -م
(c)٦,7

(b)(a)

00 0

0-f٠ليدأ٠ 
(d)

(e)

--،+ 4 إ/.٠ ١f+- ٤0-{١ ج/

(9)

٢٢
(٥٩

Fig. (8.24) PRK (band unlimited)
a) Baseband b) Baseband voltage spectrum
c) Modulator d) PRKsignal
e) PRK voltage spectrum ٨PRKPSD
g) PRK space state

(8- 119)]y(c/y/.ة a-2 الإء١
The residual carrier which contributes nothing to symbol detection can be

employed as a pilot transmission and used for carrier recovery purposes at the
receiver. If the difference beteen phasor states isD0 , we define
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g =sin(٥8/2) (8 -120)
g ls the portion of the transmitted signal voltage which conveys information and
the corresponding proportion of total symbol energy is

(1-cosA6)-=(٥8/2)g'=sin و.1٦ (8-121)
2

where cos ٥8 is the scalar product of the two unit amplitude symbol phasors.
Denoting this quantity by the normalized correlation coefficient

٠ تج}
The BPSK probability of symbol error is now found by replacing E, in eqn. (8 - 106)
with g' E,

(8-122)

/\]e)2 ء\»-الإ-م

]١٨Iz(e 0y-2 اإلإ-١ ه-١

(8 -123)

(8-124)

8.8 Carrier Recovery:
Coherent detection requires a reference signal which replicates the phase of

the signal carrier. A residual (pilot) carrier if present may be used to regenerate a
full fedged carrier. PRK signals have suppressed carrier. To recover the carrier in
this case, we may square the received PRK signal creating double frequency
carier with no phase transitions, since sin'(2mf) and sin'(2mf%t +m) are equal
from which cos (2mft) is regeneratel using a PLL and a divider (Fig. 8.27). A
second technique is to use Costas loop (Fig. 8.28). lt consists of two PLLs in phase
quadrature. lt locks to the suppressed carrier of a PRK signal.

8.9 MPSK:
The advantage of M-ary PSK (M PSK) is to increase the bandwidth

efficiency of PSK modulation. ln BPSK each data bit is a symbol. In M PSK,
k = log, M data bits are represented by a symbol. Thus the bandwidth efficiency in
increased k times. M -ary PSK signal set is defined as:

0<tsT,
,(t)=A4 cos(2rf٤t+6ى,) 

i=1, .٠٠M
(8 -125)
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(a)

٢,(4)

Fig. (8.25) BPSK modulator and demodulator
a) modulator b) coherent demodulator

;" يسد

(a)

PRK component (b)

Fig. (8.26) Resolution of BPSK signal into PRK plus residual camier
a) correlator detector b) residual carrier
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Demodulalor

Flg. (8.27) Squaring loop for suppressed carrier recovery

I() cos(2r4+ g(r)sin-( و (2r f٤4+ ( و I(t) cos0 +g(t)sin8  هغ6=0

-I() co٥0 +g(1)sin8 8=  ه م

Fig. (8.28) Costas loop

٥ و4٣(27-8 M
The carrier frequency is chosen as multiple of the symbol rate. Therefore, within
any symboأ interal, we have only one of the initial phase states. M ls chosen as
power of 2 (M=2,k =log M), i.e. binary data stream is divided into k-tupkes
each of them is represented by a symbol with an initial phase. From eqn. (8- 125)

s,(t)=A cos 6, cos 2mft-A sin 6, sin 2mft (8-128)
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where
= a, 4(0)+a,, 4,(t)

4@)=J2TT. cos 2rf٠4 0s4sT,
4«=-/2IT si2م f، 0ssT,

,٥d=,E, cos,@٩,)sأ=,ه 
0

,٥s,(6,@a=,E, sinأ=,ه 
0

E,=E,="٨4 T,• 2

(8-129)

(8 -130)
(8-131)

(8-132)

(8 -133)

(8 -134)

where E, is the symbol energy. The phase is related to a,, and a,, as
6, =tan(135-8)ه/,,ه,,( )

The MPSK signal constellation is two dimensional whose axes are @,(t)
and @,(t). Each signal s,(t) is represented by a point(a, ,a,). The polar

coordinates of the signal are,/F.,0,, Thus, the signal points are equally spaced

on a circle of radius ,/E•. Gray coding assigns k-tuples with only one bit difference
to two adjacent signals in the constellation. When a symbol error occurs, it is likely
that the signal is detected as the adjacent signal on the constellation, thus only one
of the input bits is in error. Fig. (8.29) is an 8-PSK constellation where Gray coding
is used for bit assignment. Note that BPSK is a special case of M PSK with M=2
and OPSK is a special case of M PSK withM =4. If we have a bit steam b() given by

 ب

,(٩,,)-٤٠s]ة)(= 
 ن صد

(8 - 136)

where g, is a rectangular pulse with unit amplitude, We may express MPSK signal
as a time function as

 ب

s()=٨ 2 cos0, g,(-4T,) cos 2mf٤4
 مددن لا

-٨F sin 0, 8,(-4T,) sin 2%f4
 صب=«

= s,() cos 2mf4-s, sin 2mf4

(8-137)

(8 -138)
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4(t)

• ه01٥- ٥ع,5

٥

 ه
, S,
 م
 ا

١
١ 1 ,ى
٥

٥0١١
٩

٩ «  له ى
000

--• -ر,ى٥0 100

z,

4(0)
 ا
,S ا  م م
١٥0١

٥

where

Fig.( 8.29) 8-PSK constellatlon

،
s,(t)=٨ 2 cos0, 8,(4-٩T;)

 سدن
 ي

(;T,)-و sin 0, s2ى٨,)(= 
 صدن

(8-139)

(8 -140)

where , is one of the M phases determined by the input binary k-tuple, Eqn.
(8-138) implies that the carrier frequency is an integer multiple of symbol timing so
that the phase 6, of the signal in any symbol period is 6,.

MPSK uوes quadrature modulator (Fig. 8.30). Each k-tuple of the input bits
is used to control the level generator. lt provides the I and g channels the
particular sign and level for the signal's horizontal and vertical coordinates.

MPSK signals may be digitally synthesized and fed to D/A converter
whose output is the desired phase modulated signal.

The coherent demodulator for M-ary signals is shown (Fig. 8.31) where the
receiver uses two correlators . Let us define
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r.
r,(t) s,(0) dt=٥ أ

٥١

d,«]4,)+ه, a,,  أ= )(م]4
٥

(8 -141)



where

a@]4,8م r0[E, eos 6 8(+E. si=إ 
=٠E[٢ cos 6,+r, sin 8,]

dt,)٩,@(r=٢ أ
0

,n,,+٥=a,@(٩)(]s()+n[=أ 
0

dt,@6+@(=أ ، 
٥

[@t ,)(nه  أ +)@و]6
0

= 4,٨ +n

(8 -142)

(8 -143)

(8 -144)

(8-145)
where r and r are independent Gaussian random variables with mean

values a,, and a,,, respectively, and their variance is n/2.
Let

Thus,

٢=٣ cos 0

٣,=٣ sin 6

 ;ي٠فرأ-,

 =ة»a« ي-

٨,=E in و6++o٥ ,ا ومه6 ء 8 i ه \, م ه

=٠E , cos(6,-6)

(8 -146)

(8 -147)
(8 -148)

(8 -149)

(8 -150)

(8-151)
٨,d٣٨م

١n the absence of noise, 0= tan-' '2= tan-'=8. With noise, 0 will
٢ 4,,

deviate from 6. Since r is independent of any signal, then choosing the nearest

4, is equivalent to choosing the smallest . ا8,-8 ا
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Fig. (8.30) MPSK quadrature modulator

Fig. (8.31) MPSK demodulator

This rule is equivalent to choosing s,() when r= falls ا''ا inside the pieshaped

decision region of the signal (Fig. 8.29). The demodulator in Fig. (8.31) is an
implementation of this procedure.
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The symbol error probability can be derived as follows. Given s,(t) is

transmitted. the received vector r= is ا"ا a point in the 6,()-٩() pane. The

channel bandwidth required for MPSK is B null to null bandwidth and for R, =1T,
B =2/T, (8-152)
T;=T; loG, M (8-153)

 دم2م(154-8)
log, M

And bandwidth efficiency €, for MPSK is given by
log, M
2٠ ع ته (8 -155)

Consider Fig. (8.32). Due to the symmetry of the signal constellation, R is the
error probability of detecting s, which is the probability that the signal vector r, does
not fall in the decision region Z,. The distance from s, to the nearest region signal is

4 =ر,4 و=23E فنى4ع(156-8)
M

For s, to fall into s,

 .إ-إ،إي،+ ،
- 3T

/(rء )،اE,/% ٥-
(8-157)

(8 -158)

We have equally likely probability P(ا,ى s,) which is identical due to symmetry

P =2٥ (2E,l7 i ه r/) (8-159)
The bit error rate (BER) is R R, where

BER= 2Rد 
log, M

Fig. (8.33) shows P for MPSK.
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Ex 8.2
An MPSK, IS] free system is to operate with 2 PSK symbols over a

120 kHz chanel. The minimum required bit rate is 900 Eb/s, what is minimm
CNR to maintain reception with P, no worse than 10:

Soludon
Maxhmum (ISl free) baud rate

R, =1/T,=B
R,5120k baud (k sybols/s)

3,9R9%  اi sboلb ى7.5
R, 120x10

Th٥ minimum number of symbols requimed is given by
R og, Mك= ا 
R,
M ° ج27

But M must be an integer pouer of 2
 ء2 د256

log, M=8
R =Rlo٤, M=10°xlo6, 256

= 8x106
Ueing sns (8 - 117) and (8- 159),

]c /y)4١-٠(\٠ رة ء- M
900x10R1125--=ةمب x10 baud

lo٥, M 8

T,==8.889x10° ,R ى
T, B =8.889x10° x120x10 =1.067

c e٣('-١-P)
[ د@.رءf\6 ن ن
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 ر

$()

٦

4()

Fig. (8.32) Decision regions for MPSK signals

er-8-1ا) x٥) "
 ا٨ ا، اا=ا ب

er-'(0.999)
 /ة=انه:] م8هد ،

»es-«79 a0.01268 «اى_",غ!ي/د

8.10 OPSK:
This is most often used.

s,() = ٨ cos (2mft+6,)
2i-1m)و 
 د

i 4

0<٤<Tج i=1,2,3,4 (8-162)

(8 -163)

The initial phases are m/4,3٦/4,57/4, 7%/4. The carrier frequency is an
integer multiple of the symbol rate. Therefore in any symbol intenval [qT,,(4+1) T,],
the signal initial phase is one of the four phases.
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0.1

0.0١

١.1٥-

 م-1.1٥

١.1٥

١.1٥

 .ا1٥-

1.1٥

1.1٥

1.١٥-
٥

M =2

5 ١0 ٤,١n 15 20 25 3٥
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Fig. (8.33) Pfor MPSK

s,(t)=٨ cos 0, cos 2rft-٨ sin 6, sin 2mf;4
=a٨ 4(٥)+a,, 4,(t)

,٥E, cos,ه,= 
,E م٥, si=,ه، 

a.6,= أ-ممه
a,,

(8 -f64)
(8-165)
(8-166)

(8-167)

(8-168)



E,=A?"16٥-8)ي )
Table (8.13) shows OPSK coordinates. Data bits are divided into groups of two

(digits) 00,01,10,11.
We can represent the four signals by four points or vectors

Cم 
From eans (8 - 164) to (8- 167) and Fig. (8.36a). we obtain.1.2,3,4=ري =اإ"ا 

the signal constellation as shown (Fig. 8.34) based on Gray coding.
We may express CPSK as

A A ٠»(/=-;/(cos 2mf sin)@ ز-ا 2٦f4, -o<٢<a (8-170)

where I(t) , O) are pulse trains determined by odd numbered bits and even

numbered bits I=±/, 8,(-٩T,)
a

O0)=٥٤ 8,4-97,)
 ت=

(8-171)

(8-172)

Where l,=±I and G,=±I mapping 11 and 0-1٠ This OPSK waveform is
shown (Fig. 8.35). Like BPSK, the waveform has constant envelope and
discontinuous phases at the boundaries. Because T' =2T,, OPSK transmits data
twice as fast as BPSK. Since the distance of adjacent points of OPSK constellation
is shorter than that of BPSK, we expect higher bit error rate than in BPSK
Surprisingly, we shall find shortly that the symbol probability error remains
unchanged. The modulator based on eqn. (8 - 170) is shown (Fig. 8 .36a)

The channel with cosine reference is in-phase (I) and the channel with sine
reference is quadrature (g). The data sequence is separated by a serial to parallel
(S/P) converter to form the odd numbered bit sequence for the I channel, and
the even numbered bit sequence for the g channel. The logic 1 is converted to a
positive pulse and logic 0 to a negative pulse. Both have the same amplitude and
duration T'. Next the odd numbered bit pulse train is multiplied bycos 2mft, and
the even numbered bit pulse train is multiplied bysin 2mft. Each of the l and G
channel signals is a BPSK signal with a symbol duration of2T,، Finally a summer
adds these to waveforms at various stages. Since OPSK is a special case of
MPSK, the demodulator for MPSK is applicable to OPSK The I and Q channel
signals are demodulated separately as two individual BPSK signals.
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4(١)

(a)4()

(b)

٢

1

١١ f 4٦ د د 4٦
6, E,

٨
8PSR

٥
- ٨

 ه45
E,

0
- ٨٠٤

osr 4{

(c)
E,

FIg. (8.34) OPSK (I andg) equivalent to BPSK
a) constellation b) orthogonal I/9 voltage sectra c)bit energy
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b()

I()

0 0

-1

0 0

 ا-

.1

I()

I(t)cos 2rf4

g«) -] -1

G(0)sin 2rft

s(0)=/()cos 2rf4-g()si 2rf4

8() ٦/4 [ -3/4 [ 3m/4
Fig. (8.35) OPSK wavefomms
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(a)

(b)

Flg. (8.36) OPSK modulator and demodulator
a) modulator b)demodulator

A parallel to serial (P/S) conwerter is used to combine the two sequenGs
into a single &equence. This is possible because of the one to one corespordenG
botween the data bits and the I and g channel signals noting their orthogonality.
The awerage bit error probability for each channel is

R, =P (e]1sent)=P(e] 0sent)

-٥(E,T6)-O(5E,65) «٥-3
The fnal output of the demodulator is just the multiplexed I and g channel

outputs. Thus, the bit error rate for the final output is the same as that of each
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channel. A symbol represents two bits from the I and g channels, respectively. A
symbol error occurs if one of them is in error. Thus

P =١-P (Both bits are in error) (8-174)
,(P=ا-)- 

=2R, -R

-٦٥(E.I7)-٥ ( E.7ة) (8 -175)

We note that for Gray coding a symbol error most likely causes the symbol
being detected as the adjacent symbol, which is only one bit different out of two
bits. Thus, for the case E,/n>>1 andg (JE,77)<1, we may neglect the second
tem in eqn. (8- 175)

(E,7,) (8-17e)0-.2 ,م إ=٣ ٠
The P, cuRve is the same as that of BPSK. For CPSK, we note that the null to null

. 1 1 1 ٠bandwidth B ,= 2x-=2x =R, since T, =2T,
٠- 1, 2; T'

Ex8.3
A 4-PSK modulator has an input bit rate of 2400b/s and works on

commercial speed band 300 H٤-3400 Hz. Determine
1. the number of possible symbols at the output
2. the symbol rate
3. the phase difference between the symbols
4. the maximum bit rate

Solution
M=4, k=2

R, = "= ١2oo symbolsls

oo٥ و360 و  ، د

4
B =3400-300 = 3100Hz
This is B = ,T/ ا , while the null to null bandwidth

B,,=2/T,
. ١The bit rate R,=R, log,M =R k=-k=2400 b/s٠٠ T,
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(a)

(b)

B ٢-----------1 +-ر2٧٠ ر---------
0,1 +Asinat 1,1

٨

٢  .------ن٥ -ا-2٧٠ يلأ-------

Fig. (8.37) (Ex. 8.3)
a) Circuit b) constellation

For ISl free operation,
٨11١ سد, ] ر)ج===

2T T; T,  ه2
 منيم·mن

The maximum bit rate R, and عمم the maximum symbol rate R,,بىىم are related by
1 ,,log, M =xk=kxB,لممه,#=4 لمم T, -
" ينص
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= 3100x2 = 6200 b/s
lf we exceed this rate, the received data would be in error.

Because the output bit rate is less than the input bit rate this results in a
smaller bandwidth. A typical 4-PSK circuit is shown together with the constellation.
The input is applied to a 2 bit splitter or 1-2 demultiplexer. The output bit rate on
each of the two outputs is 1/2 that at the input to the splitter. Logic 0 is -2٧ and
logic 1 is +2y. The outputs from the two ring modulators are then summed
together in a linear summer. The output of the linear summer produces the
constellation. (Fig. 8.37).

Ex 8.4
A 8-PSK modulator has an input bit rate of 2400 b/s and works into a

commercial speech band circuit. Determine:
1. the number of possible symbols at the output
2. the symbol rate
3. the phase difference between the symbols
4. the maximum bit rate

Solution
M =8, k=3

R, 2400
R, symbols/s =م=800=

• 3 3

٨ و36 مور  د

8
F,،8=له ,, l0g, M =3100x3 =9300 8 /s

Ex. 8.5
Consider a modulator using a carrier frequency of 140 M Hz when 120

Mb/s bit stream is applied to it. Compare the bandwidth allocation for various
modulation schemes

Solution
A rectangular pulse of width T, has first null baseband one sided bandwidth

of 1/T, and double band bandpass bandwidth of 2/T,. lf this rectangular pulsa is
inputted to a LPF of cutoff frequencyB =1/T, =R,, the first lobe is allowed. ln time
domain, however, if a signal is band limited by a LPF, the filtering action will result
in a time sinc function with this first zero at t,=1/2B , where Bis the one sided
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baseband bandwidth (positive frequency only) i.e., B =},t, The effective doubke
sidod pulse width is thus T;=2t,=1/B . where T; is the null to null bandwidth in the
time domain i.e. R, =B. However, we may achieve the ISl free conditio for
minimum Nyuist bandwidth if we takeT; =4, so that a symbol peak coincides with
the null of the preceding symbol. ln this case T B =ج41/2= or R,=28,B =R,/2
coincidas. This is in accordance with Nyquist criterion. We call this pulse an
unfihtered rectangular pulse (a=0). We call it unfiltered because we have not used
pulse shaping for the time rectangular pulse except for the LPF. If we use a raised
cosine flter, we eliminate the tailing effect of the sinc pulse (a=1) ln this qse,
R, =B Usually we settle for unfihtered pulse shaping to conserve the bandwdth.
Thue, the DSB bandwidth extends from f;-1/2, to f +1/2T, i.e. f%-R,/2 to
f +R,/2م while if we use a raised cosine flter (c=1) we have f;-1/T, to
f٤+1/T or f-R, to f+R,.

Therefore for 2-PSK, the entire band stretches from 140 M Hz-120 M H٤
t0140 M Hz +120 M H>. For Nyquist bandwidth we get only half of that i.e.
± 60MH£ -120MHz. The one sided bandwidth of the DSB bandwidth in this case
is120M Hz .

For 4PSK modulation the bandwidth is now diided by 2. Since
R,=1/T =R,/2=60 M 6 /s, since T,=2T. Thus the bandwidth extends from
f -1/T, i.e. reduced R,for the same B or increased Bfor the same R,to f, +1/T,
٥r f-R, tof +R, for raised cosine flter (c=1) .

But for Nyquist bandwidth f-1/2, to f+1/2, or f٤-R,/2 to
f +R,/2, i.e., the one sided bandwidth of the DSB bandwidth is30 M Hz.

For 8-PSK the one sided bandwidth of the double side band bandwidth is
15 M H2.

For 16-PSK the one sided bandwidth of the double side band bandwidth
is7.5 MHz (Table 8-13). Fig. (8.38) shows the bandwidth reduction due to M-ary
modulation. Thus, we have
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(a)

20

(b)

80

80

140

nd widt= 60 MH=9مم 
 يشسز ج بد

140

200

20

(c)

H ٩ ك .سدس٠ د

- 3.36 ١1١٥40 170 193.76 229.6

(d)

MHz

a) 2-PSK(BPSK)
Fig. (8.38) Bandwidth for MPSK (Ex. 8.5)

b) 4-PSK c)8-PSK d)16-PSK
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Table (8.11) BW for M-PSK
Raised

Nyguist bwM cosine BW(1ه- )
2-PSK 2 ±R, ±R,/2
4-PSK 4 ±R,/2 ±R,/4
8-PSK 8 ±R,/4 ±R, /8
16-PSK 16 ±R,/8 ±R,/16
64-PSK 64 ±R,/16 ±R, /32

8.11 0AM:
All schemes studied so far have constant envelope. The constant envelope

property is important to systems with power amplifiers which must operate in the
nonlinear region of input output characteristic for maximum power efficiency, i.e.,
satellite transponders. Cuadrature amplitude modulation (QAM) is the class for non
constant envelope which is used in modems over telephone channels.

ASK can be made M-ary, hence called, MAM. CAM can be considered as
two MAM components which can be demodulated in two separate channels. MAM
signal can be expressed as

s,(t)=a, @(t) (8-177)

(8-178)

0<1<T,

i=1,٠٠٠Mau=1@أ٩ 
0

(8-179),E=أ=;ه'{»,] ه 
0

If 6(t) is a baseband pulse, then s,(t) is baseband MAM, usually called pulse
amplitude modulation (PAM). If ¢(t) is a high frequency sinusoidal carrier then
s,(t) is bandpass MAM, which is ASK. The BPSK case can be viewed as a binary
bandpass MAM with to antipodal a,.
The baseband MAM signal set is

s,()=٨, g,() cos2mf٤4 0stsT, (8-180)
8()=,/27E, g,,() cos23f٤4 =1,2M (8-181)

Note that f>1/T; and E, is the energy in the pulse of the shaping signal
g, ()within T,

 أ(± =ه1(8-182)
0
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Thus,

(8 -186)

s,()=a, 6(١) (8-183)
٥=٨ [E,75 (8-184)

The modulator (Fig. 8.39a) is a direct implementation of eqn. (8 - 186). The
level generator takes k =log, M bits from the binary data stream and maps them
to an amplitude level A, e{A} for the " ب symbol interval. Mapping is performed
according to Gray code where k tuples represent the adjacent amplitudes differing
only by one bit. The g,,(t) may be replaced with a filter with an impulse response
$,,(). ln order to generate a pulse ٨4, g,() the input is impulse A, 5(). The
output of the modulator is given by

٥(,١=٨,s,,(١cos 2mf, /J2/E•cos 2٦f4

(E,g,,()[+cos 4mf٤0](8-185/2,2 إ٨ ٠٠-

The integrator output for f, >>1/T, is

:c2,١ إ-٨lE es-]'[»,, ]إ8 4 han
-٨, ,E.,I5=  و

The output noise of the integrator is

(8 -187)M, = n(8«a أ
where n() is the noise in the received signal. The simplest MAM is OOK whose
signal set is

(8 -188)
(8 -189)

(8 -190)

s,(0)=٨A cos 2٦f;4 forb=1, 0<tsT,
6,()=0 forh=0, 0stsT,

The symbol error probability for coherent demodulation of OOK is

٢-٥\E.7,)

(8 -191)
(8 -192)

We note that in MAM schemes, signals have the same phase but different
amplitudes in MPSK schemes signals, have the same amplitude but different
phases. In CAM, we use both amplitude and phase modulations, i.e.,

s,(t)=٨, cos(2mft+8,) i=1,٠٠٠M
= 4, 8,,(t) cos 2mf,4-48و ,() sin 2mft
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wten
٨,=٨, cos 8, (8 -193)
٨,,=٨, sin 8, (8 -194)

٨=,٠/٨٦+٨; (8-195)
But

s,(t) = a, ٩(,٧)+a,, ٩,(t) (8 -196)
Wrere

٩@)=/2/E,g,,()cos2%f4 0stsT, (8 -197)

6«)=JlE,g,@sin2f0 مs1sT, (8-198)
and

 ,ه(=E,T٨)=,,e,E,TAم و6,-(٥٥ ر
(oo-٥)6م i,ة E,7A,,=[E,72ه٨,= 

were E, is te energy of g,() in [0,T,], i.e., E,= "[(),&] إ dr. We see tat te
baeis fnctions 0,(t) and 0,(t) are wirtIally orthonomal for f >>1/T, since g,(t) is
a sloty varying envelope.

(eao0)ه s,()]'«cos' 2rf[ه4 إ= )(]أ4[ 
 ةE ة,

(cos 4rfar]d  ][(ي]أ8-202+1±)
E,  ة
-1 for f >> 1/T,

٢ 27
] ٩() %@)d = [(»,g] أ cos 2mf t cos2rfatdt

 ةE, ة
-2 ء"

[(),g ا sin 4nf،4 d[إ =
E,  ة

- 0 6orf >>1/T, (8-205)
Thus, 6,(t) and @,(t) are neary orthonommel. When g,()=1 in[0,T,],

E, = T. The energy of the i" signal

(8-203)

(8 -204)
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£,() co23f4

cos 2rft

(a)

(b)

(c)

-5٠ح
m ١

(d)

Fig. (8.39) Bandpass MAM modulator and demodulator
a) modulator version 1 b) modulator version 2
c) demodulator version 1 d) demodulator version 2

(E)= ,E لم (A?)
2

The average power (S,) is given by

(E{)ع رى، 
,T٠م 

(y 24E)لإم 
E,

(8-207)

(8-208)
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2(S,)T,
 د

E,
-٤«s,7 (8-209)

Sinمc E, =T, numenically for g(T,)=1 in [0,T,]
A OAM signal is represented in te constellation plane as a point with

coordinates (a, , a,,), where the two axes are 6,(t) and 0, (t). Altematively, the two
axes may be chosen as g,(t) cos 2mft and-g,(t) sin 2mft. Then in this case the
signal coordinates are(A,, , A,,). n ا all cases, the axes are labelled 1,g. Fig. (8.40)
shows 16-OAM constellation. Fig. (8.41) shows 16-0AM modulator, Fig. (8.42) shows
16-0AM demodulator. Assuming twe axes are 0(t) andg,(t), then each signal is
represented by the phasor 5, = (a,, , a, ( ر

]٤ -ا4ة
 -م43

(E=(E,)=(s])
a6,= '-مما ح

The distance beteen any pair of phaeors is

٥-,١٨٤٩-٩٢
1,٠٠M=ز,ة 

(8-210)

(8-211)

(8-212)

(8-213)

(8-214)

(8 -215)
We should make the minimum Euclidean distance dموم among the phasors

(signal points), the phase differencs as large as possible and the average power of
the phasors as smalأ as possible. Suc a square constellation. lt can easily be
decomposed to to MAM signals impressed on two phase quadrature camier. Hence,
it can be easily demodulated to yeld two quadrature components. Each component
can be individually detected by comparing it to a set of thresholds.

2 4و



 بم

0000000100١10010
 م٥ و٥

10001001١011١010
، م٥ م

4
1100١101١١١١١١10
٥ م٥ م

010001010١١١0١10 ٥،٥ و

Fig. (8.40) Gray coded 16-AM constellation

Fig. (8.41) OAM modulator
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(a)

(b)

(c)
Fig. (8.42) QAM damodulator

a) 7hreshold detector b) using a corelator c)Using a matched fter
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8.12 Synchronization:
Coherent demodulation requires a reference signal and symbol timing at the

receiver to be synchronized in phase and frequency with the received signal.
Synchronization can be achieved either by sending a pilot carrier or by using a
carrier recovery circuit such as Costas loop which extracts phase and frequency
information from the noisy received signal and uses it to generate a fresh reference
signal. Symbol synchronization is achieved by a clock (symbol timing) recovery
circuit, which uses the received signal to control the local oscillator. The clock or
symbol timing recovery (STR) can be classified into two basic groups. One group is
the open loop synchronizer which uses nonlinear devices. These circuits recover
the clock signal directly from the data stream by nonlinear operations on the
received data stream. The second group is the closed loop synchronizers which
lock a local oscillator on to the received data stream by comparison measurements
on the local and received signals. An example of open loop synchronizer is shown
(Fig. 8.43) The clock is generated using differentiator rectifier combination. The
LPF is used to counteract the effect of noise.

An example of closed loop synchronizer is the early late gate circuit (Fig.
8.44). A square wave clock is locally generated by the VCO. If the VCO square
wave clock is in perfect synchronization with the demodulated signal m(t) the eary
gate integrator and the late gate integrator will accumulate the same amount of
signal energy so that the error signal e is zero. If the VCO frequency is higher than
that of m(t), then m(t) is late by ٥<d relative to the VCO clock. Thus, the
integration time in the early gate integrator will beT}-d-٥, while the integration
time in the late gate integrator is T;-d. The error signal will be proportional to-٥.
This error signal will reduce the VCO frequency and retard the VCO timing to bring
it back toward the timing ofm(t).

١f the VCO frequency had been lower and the timing had been late the error
signal would be proportional to+٥, and the reverse process would happen, i.e.,
the VCO frequency would be increased and its timing would be advanced toward
that of the incoming signal.

Note that the early gate is designed to integrate from the start of the
incoming data pulse to timeT} -d, while the late gate integrates from d toT,,,
where d is fixed by design. At locking, the VCO and incoming frequencies are
equal. ln transients, however, differences in frequencies are interpreted as
differences in phase which produce a corective voltage for the VCO until locking
takes place and the input to the VCO is zero.
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Fig. (8.43) Open loop synchronizer

8.13 Moncoherent Detector:
Assume a received signal in the fom

٦«)=,/2E/T. os(2%f,1+0) . 0srs1,
and 8 is unknown. We may express

٢(٥١=J2ETT [os ٥ cos 2mf,4-si sin م ه 2f,1] , 0sisT, (8-216)
Suppose that the received signal is applied to a pair of correlators one with the
reference signal [2TT os 2nf,٤ and the other J7T si2م mf,٤. The
dependence on the unknown phase may be removed by summing the squares of
the to correlator outputs and then taking the square root of the sum. This gives
E• which is independent of 6 we may also replace each correlator by a matchedل 
filter. ln one branch we have a flter matched to the signal J27T os 2Mf,t, and in
the other we have a flter matched to ,[7T. sin 2mf, t, both defined for 0stsT.
The filter outputs are sampled at t=T,, squared and then added together.

Altemnatively, we may have a filter matched to s()=,[7T. os (2mf,1 +6)
for 0st <T. The envelope of the matched filter output is unaffected by 0, we
simply might as well use a matched filter with an impulse response

.2TT. eos [2mf, (T, -t)] corresponding to  ا0=8
The output of such a filter is

2 " ,T ء ثر/=.» أ٤»aos[2٦ [)ء+-,»4+  ه
2 ;

+2r,(T,-)]! +(eos2٦f, ,T لي- د»4+  ه
2 ٦,

+٦٥,sia[2٩f «. -][ %6sin 2٦f-/لمر T,  ه
The envelope of the matched filter output is proportional to the square root

of the sum of the squares of the integrals above. The envelope at t=T, is gten by
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(a)

(b)

T,-d-م٥ d

(d)

4
 ا
 ا
 ا

;T=، د

d) data late by ٥

 ب+٥ ي
 ا

(c)

T,-a

 و أننت= أ أة

,_r.  من

FIg. (8.44) Eary ate ا gate synchronizer
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Sample
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(c)

(d)

Fig. (8.45) Noncoherent demodulator
a) quadratute receiver using correlators
b) quadratute receiver using matched filter
c)noncoherent matched filter with integrate and dump or center point sampling att =T
d) quadrature receiver for OOK.
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20s«,٠٠٥; ة٦٠ "{ءهءf«f٤٤0٠ -[ء»:,٠i. «z4 ا-٠
The combination of matched filter and envelope detector is called noncoherent
matched filter (Fig. 8.45). To avoid using an envelope detector, we may use
quadrature receiver. Although we need a carrier yet phase synchronization is not
necessary. We may use noncoherent detection in OOK signals. ln this case, an
envelope detector is used to recover the baseband signal.

8.14 BFSK:
ln BFSK we use to signals with different frequencies to represent 1,0

s,(t)=4cos (2mf4+6),٩7;s45(٩+1)T For1 (8-220)
s,()=Acos (2Mft+0),٩TSs(٩+1)T; For0 (8-221)

where 0, and 0, are initial phases at t=0. The two signals are hence non coherent,
since 0 and 0, are not the same. This form of FSK is called noncoherent FSK. lt can
be generated by switching the modulator output between different oscillators (Fig.
8.46). BFSK can be viewed as to OOK signals (Fig. (8.47).

THe second type of FSK is coherent FSK where the two signals have the same
initial phase 0 at t=0

s,(t) = Acos (2mft+8), ٩T; <t5(٩+1T; For1 (8-222)
5,()= Acos (2mf,٤+0), ;T(1+٩)s و1;54 For0 (8-223)

The modulator shown in Fig. (8.46b) has a frequency synthesizer which
generates two frequencies f, and f, which are synchronized. The binary input data
controls the multiplexer. The bit timing must be synchronized with the carrier
frequency. Note that s,(t) and s,(t) are always there regardless of the input data. For
orthogonality

(٩+١)٦,

s,() s,() dt=0ا 
 و7;

ln this case,
4()=/2TT; cم s 2,، , 0s/s7,,i=1,2

0 elsewhere
،,E-/ .ل٠=  ز=ا

For this to happen, we must have

cos (2%f,4+8) cos (2%f,4+0)dأ 

(8 - 224)

(8 - 225)

(8 - 226)
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2r( +5) +26)+ cos 2r0-6)]=0)و@ _!"}"
2 ٩7,

This reuires
2-(f, +f,)2; =2n,%
23(f-f5)T; =n,٦

wtwor m,,n, are integers. Thus,

t٣,23-م 
;4Tا 

 م2n-n و
 دح

٦ 4T

24=f,- ٢, إ"= 21;

(8 - 227)

(8 -228)
(8-229)

(8 -230)

(8 -231)

(8-232)

Thus, we conclude that for orthogonality each of f,,f, must be an integer multiple
of 1/4T, and their difference must be an integer multiple of 1/2T,
Therefore

f,=f+4
f,=f-4

nج دح ر ير+ى، 

2T2ء 

(8-233)
(8 -234)

(8 -235)

;rotw fو is the nominal (apparent) camier frequency which must be an integer
multiple of 1/2, for orthogonality. At bit transitions we may have a continuous phase
if ,c/T= 4ي2 where c is constant. This is called Sunde's FSK. Let us consider the
ahp ofمم s,()at t=mT;

4=2٦g٢, mT}+8
and the phase of s,(t)

8 -23٩,»77+9

-2n٨«/+٨٠+٥ T;

= 21 mT; +2mm +8
= 235f,mT; +8
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Oscillator 1

(cos (2rf;  <)١(,ى6٨+

Oscillator 2

Freguercy
sythesizer

(a)

(b)

Fi (٥a.(٥ ه. rsk'kti#;"
a) non coherent FSK modulator b) coherent FSK modulator

which is exactly the same as 6. Thus, the input switches from 1 to 0 smoothly and
s,() will start at the same amplitude where s,()has ended. We see then that the
minimum separation for orthogonality between f, and f, isl/2, example of
Sunde's FSK where bit 1 corresponds to f, and 0 tof, since f, and f, are
multiple of 1/T, , the ending phase of the carier is the same as the starting phase
at the bit boundaries. Thus, Sunde's FSK is a continuous phase FSK. FSK with
discontinuities (Fig. 8.48b) is an example of wavefroms with discontinuity of phase
at bit boundaries as f, =9/4T,, f,=6/4T; and 24 =3/4T,. Since discontinuity of
the wavefom broadens the signal bandwidth continuous phase FSK (CPFSK) (Fig.
8.48) is desirable.
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Decision
boudary

 و
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(e)

Fig. (8.47) BFSK
a) Baseband data
b) baseband voltage spectrum of a single symbol
c) BFSK signal and two component bandpass OOK signals
d) frequency spectnim of two OOK signals
e) Signal space for coherent BFSK
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The FSK coherent demodulator can be implemented with two correlators
(Fig. 8.49a) where two reference signals cos2mf,t and cos2mf4 synchronized with
the input are used. Alternatively, one correlator may be used with the reference
signal cos2nft-cos2mf,4 (fig. 8.49b). The correlator may be replaced by a
matched filter which matches cos2mf', -cos2f,t (Fig. 8.49c). For equally likely
binary signals of equal energy

٠ -ماراه- ام معيى
m7

For Sunde's signals because م=0 the signals are orthogonal

[٣-٥]٠٥
Where E, =A'T,/2 is the average bit energy of the FSK signal. P, For BFSK is
shown in (Fig. 8.50). Coherent FSK signals can be noncoherently demodulated to
avoid carrier recovery. lt is a problem of detecting a signal with unknown phase.
The received signal (ignoring noise for the moment) with an unknown phase may
be written as

s,(1,8) = A cos (2rf,1+0) i=1,2
=A cos 0 cos 2mf,1-A sin 0 sin 2mf,t (8-241)

The signal consists of an in phase component A cos 0 cos 2Mf,t and a quadrature
component A sin 8 sin 2mf,t. Thus, the signal is partially correlated with
cos 23f,t and partially correlated with sin 2nf,t. The outputs of the in phase and

. ٨T ٨T ٠quadrature correlators will becos 0 and sin ش 8. The square of the sum of
2 2

these two signals is not dependent on the unknown phase
٨T ٨T. ،2 ٨4T2

4 عث/ء=? ومه8) هغ""/+i م [ه"6=(242-8) 2 2 4
This quantity is the mean value of the statistics ٤? when signal s,(t) is transmitted.
The comparator decides which signal is sent by checking 8? (Fig. 8.51a). A
matched filter implementation is also shown (Fig. 8.51b). Another implementation
uses BPFs centered at and ي f, (Fig. 8.51c).

For noncoherent detectors, the error probability P, for orthogonal,
equiprobable equal energy noncoherent signals is found to be

305

(8-240)



Daua
0 0

Flg. (8.48) FSK slgnal
;Sunde's FSKf, =2/T, ,f,=1/T; , 24 =1/Tه( 

b) FSK wit discontinuous phasef, =9/4T,, f,=6/4T, , 24 =3/4T,

(a)

(b)

P.  لأج٥-6٠٦٩
٥ 2

It is seen (Fig. 8.50) that noncoherent FSK reguires at most only 1dB more
£,/n than that for coherent FSK for Ps10-. The noncoherent FSK demodulator
is considerably easier to build since coherent reference signals need not be
gonerated. Therefore, almost all FSK receivers use noncoherent demodulators.

We have shown that the minimum frequency separation for coherent signals
is 1/2T,. We now show that the minimum separation for noncoherent signals is
1/T, instead of1/2T,، The to noncoherent FSK signals are s,(t)=cos 2mf,t and
s,(t) = cos (2# f,1+8). For them to be orthogonal

(8-243)

Ths,

(٢+١)٦;
cos (2rf,0+8)a =0cos 2٦f(244-8) إ١
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(٩+١)(,٩+١)r,

cos8 } cos23f,t cos2mf4 dt -sin8 [ sin 2 mfي cos2rf, dt =0
,٩r,7و 



r()

Threshold
Detector

co2)و rf)-c (2rf)

(a)

(b)

r()

h()= cs (2r,)- cمs (2rf)

Sample at Detector=ي (c)

(d)

Fig. (8.49) FSK demodulator
a) 7Two coherent correlators demodulator b) one coherent corelator
c) U singل a matched flter d) using PLL
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 ا"٤ »سس»
 .ا١٥-

1.1٥

1.1o

1.1٥

١٠١٥-

E,/n
15١٥3

١٠1٥ م لا

Flg. (8.50) P, of coherenty and noncoherenty demodulated FSK slgnal

Thua,

(8-245)

 ؟{} ب ت /ه٤ جةg )ج٤ م:,2 ""دي-إ:
2٣0,+f,) -2a0,-f,)

 ي5 {ر{ ب ج """أ:جلإ;قع.،جي,إجو/ه،
2r6,+F 2n6,-و } "

For arbitrary 6, this requires that the sums inside the brackets be zero, i.e.
2%(f, +f,)T; =m,m (8-246)
230f -f,)T; =n,٦ (8-247)
2r0, +f,)T; =n,٦ (8-248)
2r(f,-)T, =٨٠٦ (8-249)

For m,, m,, mو , m, integers where m,>m, ,m,>m,. The m, m and m, #
are included in the 2m, m and 2m n respectively. Thus, the aboweتaم 

reuiremonts, are met if
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2m(f,+f)1, =2m, m
2m(f,-f,)T; =2m, ٦
٢ mي +mي ي 

 ا27
mو- mي م 

;2Tة 

(8 -250)
(8 -251)

(8 -252)

(8 -253)

_ m,
،f4٠٦

Thus, for to noncoherent FSK signals to be orthogonal, the two
frequencies must be integer multiple of 1/2T, and their separation must be multiple
of 1/T,، Form, =1, we have minimum separation which is double that for coherent
FSK. Thus, more bandwidth is reuired for noncoherent FSK of the same symbol
rate.

lt is of course possible to choose symbol freguencies f, and f, and symbol
duration T, such that the symbols are not orthogonal

(cos (2rf,) cos (2Jt)=0  أ8-255)
١n this case, there will be nonzero sampling instant outputs from both BFSK

receiver channels when either symbol is present at the receiver input. Denoting a
general pair of symbols by v,(t) and v,(t), we define the correlation coeffcient as م

<٧,()v,()>p=256-8)م ؤ )
«iF٥7 aW,٨إ,

 ا («أ!v@, ه(257-8)
٧١ مه,«"1;

2"٤
=] cos(2m f, t) cos(2f, t) dt (8-258)

T,  ه
lt can be shown that

sin 2m(f, -f,)T, (8-259)
 د«

8' 2M6-FJ٢;
Fig. (8.52) shows plotted م against 2(f,-f,)T. The zero crossing point
represents orthogonal signaling system, and 2(f,-f,)T; =1.43 represents a
signaling system between orthogonal and antipodal.
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FIg. (8.51) FSK norcoherent demodulator
a) corelator implementation b) matched flter implementation
c) BPF implementation



lt has optimum power efficiency. While zero crossing on the ,T- م diagram
corresponds to orthogonal BFSK, It is not possible to use the first
zero,2(f,-f,)T,=1. The minimum frequency separation for successful incoherent
detection of orthogonal BFSK is given by the second zero
2(f,-f,)T,=2 or ٥f =f,/2٠The voltage and power spectra for the scheme are
shown (Fig. 8.53). If the first spectral zero definition of bandwidth (Carson's rule) is
applied to Sunde's FSK, the bandwidth is given by.

8 =2(٥/ +f.)=(١,-f)+2خذ =ذى٥٢ +R, (8-260)-٠٠- T ٦;

. ٠٠ . 1 ١where R, is the bit rate since f,في ==-R,
" ٥, 2°

Thus, the bandwidth is the tone separation plus the bit rate. Thus FSK is bandwidth
expensive.

We may consider the voltage spectrum of the BFSK signal as the
superposition of to OOK spectra, one representing the baseband data stream
modulated onto a carrier with frequency f, and one representing the inverse data
stream modulated onto a carrier with frequencyf,. We cannot, however, consider
the PSD of the BFSK signal as superposition of to OOK PSDs because of the
overlap of the spectral lines (Fig. 8.53c). When the separation of f, and f, is large
this overlap is small then we may perform the superposition. We note that Sunde's
FSK is a special case of continuous phase frequency shift keying (CPFSK) when
the phase at the transition points appears continuous.

The overlapping lines of the component OOK signals result in cancellation
giving a l/f" roll off in the envelope. For this reason we may take B as

lB=f;-/,=-- 4,
Minimum shift keying (MSK) not only has minimum separation but also

continuous phase. We have seen that discontinuity in the wavefom broadens the
bandwidth that is why we resort to continuous phase operation. The frequency
derivation for coherent FSK is given by

J=٢+.4=٢ (8-262)• 2T;' 24,
Hence,

(8 -261)

٠٠k kR"-ذ .
٥r ،" ت=-=ء_ا±= k is an integer

2 2T 2
(8 -263)

511 وود



Fig. (8.52) ,T- م diagram for BFSK

(t/ (8-2e4ب±.م 
2

Then, using the first zero crossing points in the BFSK voltage spectrum to define
its bandwidth B the maximum frequency for the baseband signal of recangular
fomm is fمج =l/2T, . Here again we usually use the relation

B = Tone=( عهf+ 4ك)2 separation + Bit rate (8-265)
We note that the binary symbols of BFSK are orthogonal because

[ cos 2r٤-cos 2r4=0 (8-266)
Thus when the output of a channel in the coherent BFSK receiver is maximum/ the
output of the other channel is zero. Afer subtracting the post filtered sigrls ftom
each receiver channel the orthogonal BFSK decision instant voltage (Fig. 8.6) is

hE-4١٠٥٠ ج== مr &إ-ر هisia ا(267-8 digita 0
where h is a constant, The noise power at the receiver output is

(En {= ه+=8-268٨)
wtere

=٨2 En/2
Em/2ه٨}= 

(8 -269)
(8 -270)

when ; is the noise power in channel 1 and ; is the noise power in channel 2 and
tey add up since they are uncorrelated.
Substittng ٥Y = 2hE and notngG =hfE,, we have
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FIg. (8.53) Sunde's FSK
a) voltage spectrum as superposition of OOK spectrum
b) voltage spectrum
c) PSD
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 [،ع({-ا/إ-م
'22

(8-271)

Noting E <E عد we have the same result for OOK, Table (8.12) summarizes P,
results so far

Table (8.12) P In dIferent schemes

Unipolar (OOK) w-ي w=ي Baseband
signalling Y5ء m W-;Polar

OOk 1 E%٠,٤; }erfc٢;T,B c
2 N

١F٨٢ 1% erfc 1 E+.:1 E ١} erfc$%€TB Csignaliing BFSK (orthogonal) 2 2n 2 N

PRK 2«Fm ٠4 gى= N

Tablo (8.13) Relatlvs power efflciencies in different schemos
BandpassOOFOrtogona/ BFSK PRK

£
n

<E>
n7

4

2

2

2 1

Table (8.13) gives relative power efficiencies for binary bndpass
mdulation schemes. We note that OOK 'and orthogonal FSK systens have
the same probability of symbol error for the same <E>/ since they are bot
ortogonal schemes. PRK is antipodal and is more power effcient i.e. it has better
R perfommance. It is possible to define a nominal spectral efficiency using the signal
pulse's main lobe bandwidth B=2/T, (DSB). This does not corespond to the
theoretical minimum channel bandwidth B=1/T}. Table (8.14) shows relative
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spectral .efficiencies of binary bandpass modulation scheme. Table (8.15) shows a
comparison of several PSK schemes

Table (8.14) Relative spectral efficiencies of binary
bandpass modulation schemes

Baseband Bandpass Orthogonal Sunde's
BASK BASK BASK (n>3)" BFSK (n-2)' BPSK{

Data rate (bits) 1/T, 1/T, ١/T, 1/T, 1/T,
Nominal ١/T, 2/T, (n+4)/2Tbandwidth (Hz) 1/T, or 3/T, 2/T,ى 

Nominal spectral 1 1/2 2/(n +4)efficiency (bitsHz 1 or 1/3 1/2
Minimum 1/2, 1/T,IS/ free bandwidth (8 +4)/2T, 2/T, 1/7,

41 ء2 »سد صده

2 1 2/(٨+2) 1/2 1

Table (8.15) Comparison of several PSK
modulation schemes

Required E,/Nم Minimum channel Required CNR in
bandwidth for ISإ free Max spectral minimum chann6أ 

for P=1٥ signaling (R, =bit rate) efficiency (bitlsHz) bandwidth

PRK 10.6 dB R, 1 B 10.6ه

OPSK 10.6 dB 0.5 R, 2 B 13.6ه

8-PSK 14.0 dB 0.33 R, 3 18.8 aB
16-PSK 18.3 aB 0.25 R, 4 B 24.3ه

Ex. 8.8
Develop a generalized expression P which can be applied to all binary

coherently detected modulation schemes.
Solution
For to channel coherent receiver the decision instant voltage for equiprobable
equal energy symbol

(symbol 0  (ء7=)h اE إ-,V0v@ ه2-272)

(sybo 1  (ء٩7=),٨-/E أ+,8-2734٧٠١٧,٤١)
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=h[E,- [,E م symbo0ا 
h[-E, + [,E م symbol 1

٥٧ =h[2E,-2م E,]= 2hE,(- ( م
The two channels have total noise power of

=h° E,n(1- ( م

٠ -ذ-ب لإي±(جم 2 2 n

For OOK and orthogonal BFSK, , م=0 for PRK  -=م1
Altemnatively we may write

٠ -±-ب {يرء.،جأ 2 2 N,
Assuming ISl free reception and nomfltering (rectangular pulse)

BER=R, R,

(8 -274)
(8 -275)
(8 -276)

(8 -277)

(8 -278)

(8 -279)

(8 -280)
Ex. 8.9

Propose an FSK transmitter and receiver using VCO, and calculate the
dewiation ratio and bandwidth required to transmit a 12006/s digital signal where
logic 0 is represented by 2100 Hz and logic 1 by1300 Hz.
Solution

Fig. (8.54) shows FSK transmitter and receiver using VCO. The modlatlon
index (deviation ratio) is denoted by

، د,م4ك
 مهك

wtwere fا is the ftequency deviation measured from the carrier frequency and  fه
is the maximum baseband modulating frequency. The bandwidth is given by

B=2(4+fبة )
We note tone separation is24f . We also note for the baseband pulse of unfdtered
of (rectangular freuency) pulse

1 R
2 د دح

2T  سءك2
From egns. (8 - 262), (8- 263)

316



Phase
comprator Summer

owtpul
Phase

comparalor

(a)

Thus,

lnpwt

Fig. (8.54) FSK transmitter and receiver using VCO
a) transmitter b) receiver

k
34/٦٠r8

k
، ،J=/٥٠r
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 عه± _وي-
 د

2 27;
Tone speration = 2100-1300 = 800 H>
B = Tone separation+ Baud rate(bit/s) R,

= 2000 kHz
tone separation(ر 
 د

bit rate

800 0.67« «

-120o

(b)
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8.15 MFSK:
ln an M-ary FSK (MFSK), the binary data is divided into k-uples of

k =log, M bits. There are M signals wth different frequencies
s,()=A cos (2Mf,t+6,)٩٠T; s٤5(٩+1T; (8-281)

lf the initial phase 6, =0 is the same for all i, th signal set is coherent. ln
this case, the demodulation could be coherent or noncoherent. Otherwise if8, = 0,
the signal set is noncoherent and the demodulation must be noncoherent. FSK
signals to be orthogonal, the frequency separation between any to of them must
be m/2T, for coherent case and 1/T, for noncoherent case. We express the
separation in tems of modulation index m,=28fT,٠ The frequency separation
is2٥f.
The M-ary messages are

m, =±1,±3,٠.±(-1) (8-282)
Th٥ M -ary signals are

m M
s,()=٨ cos23ا f٠4+m, (٢-٩T,)+٩/٥7,s4s(٩+1T; (8-283)r,

For coherent detection,

 دم4(284-8)
27;

But
T; =T; lo6, M
٥ RMد 

21og, M
The bandwidth efficiency of M-ary FSK

R,
 ع=

• B
2log, M
 د

M

(8-285)

(8-286)

(8-287)

(8-288)

Thus, wtile increasing the number of leves M tends to increase the bandwidth
effciency of MPSK, it tends to decrease the bandwidt effcienCy of MFSK. Thus,
MPSK signals are spectrally efficient while MFSK are not (Table 8.17)
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64

Table ( 8.16) Bandwidth officiency of MPSK and MFSK

M 2 4 8 16 32

3

0.1875

2.521.5

0.31250.50.751

MPSK €, 0.5
bits/s Hz

MFSK €, 1
bits /5 Hz

The noncoherent modulator and demodulator for BFSK (Fig. 8.25) and (Fig.
8.30) can be extended for noncoherent MFSK by simply increasing the number of
independent oscillators to M. The frequency sythesizer generates M signals with
designed freuencies and the multiplexer chooses one according to the n data bits
(Fig. 8.55). The coherent modulator of BFSK (Fig. 8.46) can also be extended to
MFSK (Fig. 8.56)

We assume that MFSK signals are equiprobable and of equal energy. The
symbol error probability for the case when the signal set is of equal energy and
orthogonal and when all distances between any two signals are eual (d =,[2E.) are
shown (Fig. 8.57)

P, =-١٥ (/ET5) (٥-289)
since k =log, M bits ,

(8-290)E,[ت=ر 
log, M

For equally likely orthogonal M-ary signals, all symbol errors are equiprobable. The
demodulator may choose any one of (M-1) erroneous orthogonal signals with equal
probability

P PR,=291-8)ش=ع )
M-1 2'-1

k ٠.٠ .There are [" ,ways ا in which u bits out of k bits may be in eror. Thus, the
u

average number of bit erors per k bit sybol is

٥aoa«١، ءج،-جر)"اي u 2'-1 2-1
Thus, the average bit eror probability in the above divided by k

(293-٥)eإمتج,م 
2-1 2

319



(a)

(b)

Flg. (8.55) MFSK noncoherert modulator and demodulator
a)modulator b)demodulator (corelator- squarer)

Fig. (8.58) shows P, and P, for noncoherent demodulator
From eqn. (8-292), (8-293) as M increases E, increases for the same E,.The
g tem overides the (M-1) tem and as a result P decreases dramaticalky with
increasing M at the same E,/n (Figs. 8.57, 8.58, 8.59).
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Sample at

(a)

(b)

Fig. (8.56) MFSK coherent modulator and demodulator
a) matched filter-squarer b) envelope detector

8.16 Multidimensional Signaling:
We should note that in communication systems where large bandwidths are

available but signal power is limited we use power efficient systems. Such a system is
MFSK. In general, data rate can be improved by increasing the number of symbols at
the transmitter. The symbols must remain as widely spaced in the constellation as
possible. This can be achieved without increasing transmitted power by adding
orthogonl axes to the constellation space i.e. multidimensional signaling. Also, the
most significant power saving comes from optimizing the lattice pattern of constellation
points. This is called symbol packing and results in an increased constellation point
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Multiplexer

(a)

(b)

cos 23f4

Sample at

(c)

FIg. (8.57) MFSK coherent modulator demodulator
a) coherent modulator b) demodulator (comelator) c) demodulator (matched fiiter)

322



density without decreasing point separation. ١n MFSK symbols are mutually
orthogonal. (Fig. 8.60) as an extension of Fig. (8.53) shows the voltage spectrum of an
orthogonal MFSK signal as a superposition of OOK signals. The increased data rate is
realized by MFSK signaling at the expense of increased bandwidth eqn. (8- 286).

Multidimensional signaling can also be achieved using sets of orthogonally
coded bit patterns. (Fig. 8.61) shows an example of orthogonal coded set for 8
symbols. Such symbols must be M binary digits long. The nominal bandwidth of
such a symbol is M /T, Hz for baseband signaling and 2M /T, Hz for bandpass
signaling, while T,/M =T,. For equiprobable symbols, the nominal spectral
efficiency for bandpass orthogonal code signaling is

(٨4 bis/s H>  ج 2soا8-294)
٠ 2M

The maximum spectral efficiency for T', B =M is twice this. For coherent detection of
any equal energy equiprobable, M-ary orthogonal symbol set (including MFSK) in the
presence of AWGN

(E,l,] ، إم(wب-١/١-٥٩,8-295) 2

E,296-8)وظ )
log, M4

For any particular information bit associated with any given smbol only
M /2 symbol errors out of a total of M-1 possible symbol errors will result in that
bit being in error. Thus, for orthogonal signaling.

 ي _م4/2 .م2"(297-8)

8 ٨-١' 2٤-١
if M is  ه

. Plim R, =
-٥ 2

(8-298)

Another system is developed for multicarrier broadcast to mobiles. It uses
orthogonal FDM (OFDM) based on simultaneous MFSK, to reduce a single high
data rate signal into many parallel low data rate signals, and is useful in
overcoming problems in multipath channels where interference may degrade the
received signal. Because of orthogonality such degradation is checked. This is
achieved by transmitting data in parallel by using a large number of modulated
carriers with sufficient frequency spacing so that the carriers are orthogonal. This
provides resistance to data errors due to multipath channels.
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Ex. 8.10
Compare bandwidth and spectral efficiency for MPSK and MFSK.

Solution:
The channel bandwidth for MPSK (for null to null bandwidth of the main spectral
lobe) is

 -ى2
٦

T, =T, log, M
R,=1/,

,2R٥ د
log,M

R,
7wsk  م

_ log,٨
 ، د

2
Consider MFSK that consists of an orthogonal set of M frequency shifted signals.
When the orthogonal signals are detected coherently the adjacent signals need
only be separated from each other by a frequency difference 'T, so as to
maintain orthogonality.

 م ي٨
2,

 و=,1#
B  ي4 و,

210g, M
R,
،77wesk  و
2log, Mج 

M
lncreasing the number of levels M tends to increase the bandwidth efficiency of
MPSK but tends to decrease the bandwidth efficiency of MFSK. Thus MPSK
signals are spectrally efficient where MFSK signals are spectrally inefficient.
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Problems

1. Sketch the output of a 4-ASK and 4-PSK system when the input Bits are
001110.

2. Obtain the orthonormal basis for BPSK0(t), and then express s,(t) and s, (r)
is tems of 4(t).

3. Obtain the orthonormal basis for 4-PSK, and express {s,()} is tems of .{(), }ج

4. Obtain the orthonormal basis for 8-PSK, and express {s,(t)} is temms of .{(), }م

5. Verify eqns. (8- 24), (8- 25).

6. Verify eqn. (8-91).

7. Verify eqn. (8 - 92).

8. Verify eqn. (8- 93).

9. Design an 8-ASK demodulator, then calculate P, and the symbol rate

10. An OOK IF modulated signal is detected by an ideal matched filter receiver.
The 1 symbol at the matched filter input is a rectangular pulse with amplitude
100 m٧ and duration 10 ms. The rms noise input is 140 my for noise
bandwidth 10 kHz. Calculate the probability of bit error.

11.A 140 Mb/s ISl free PRK signaling system uses pulse shaping to constrain its
transmission to double sideband Nyquist bandwidth. The received signal power
is 10 mW and the one sided noise PSD is6 pW/H>. Find BER at the output
of an ideal matched filter receiver. Find the residual power in the carrier and
BER if the angle is160%.

12.A rectangular pulse BFSK system operates atf; -f,=3f2م٠/ The maxbum
available transmitter power results in a carrier power at the receiver input of
60 mW . The one sided noise PSD is0.1 MW/ Hz. What is the maximum bit rate
which the system can support if the probability of bit error is not to fall
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below 10. What is the nominal bandwidth of BFSK signal if the lower
frequency symbol has fequency of80 M Hz.

13.A 2 -PSK modulator has an input bit rate of 2400 b/s and works on
300 Hz- 3400 Hz channel. Determine the number of possible symbols at the
output, symbol rate, phase difference between the symbols, and the maximum
bit rate.

14. Redo the above problem for 16-OAM.

15. Proper a 16- OAM modulator and sketch its constellation based on Gray code.

16. Show that the error in BPSK is 3dB lower than in BFSK for the sameE,/1.

17. Verify Table (8- 14).

18. erify Table (8- 15).

19. Verify Table (8 - 16).

20. Verif Table (8-17).

21. Compare R, and R,, B and 1 for coherent and noncoherent BPSK, What do
you conclude.

22. Compare R,, P,/B and n for coherent and noncoherent BFSK, What do you
conclude?

23. Compare R,, R,, B and n for coherent and noncoherent MPSK, What do you
conclude.

24. Compare P,, R, B and n for coherent and noncoherent MFSK, What do you
conclude.

25. Compare R,, R,,B and n for coherent and noncoherent MPSK and MFSK
what do you conclude?
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