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Lecture Plan:

Lecture No. | Content to be taught
Lecture1 | Introduction to the COURSE
Lecture 2 | Review of signals and systems, Frequency domain
representation
of sighals
Lecture 3 | Principles of Amplitude Modulation Systems - DSB, SSB
and VSB
modulations
Lecture 4 | Principles of Amplitude Modulation Systems - DSB, SSB
and VSB
modulations
Lecture 5 | Principles of Amplitude Modulation Systems - DSB, SSB
and VSB
modulations
Lecture 6 | Angle Modulation, Representation of FM and PM signals
Lecture 7 | Angle Modulation, Representation of FM and PM signals
Lecture 8 | Spectral characteristics of angle modulated signals.
Lecture 9 | Review of probability and random process
Lecture 10 Review of probability and random process
Lecture 11 = Noise in amplitude modulation systems
Lecture 12 Noise in amplitude modulation systems
Lecture 13  Noise in Frequency modulation systems
Lecture 14 Pre-emphasis and De emphasis
Lecture 15

Threshold effect in angle modulation
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Pulse modulation. Sampling

Lecture 17 Pulse Amplitude and Pulse code modulation (PCM)
Lecture 18 Pulse Amplitude and Pulse code modulation (PCM)
Lecture 19 Differential pulse code modulation

Lecture 20 Delta modulation

Lecture 21 Noise considerations in PCM

Lecture 22 Time Division multiplexing, Digital Multiplexers
Lecture 23 Elements of Detection Theory

Lecture 24 Optimum detection of signals in noise

Lecture 25 Coherent communication with waveforms- Probability of
Error
evaluations

Lecture 26 = Coherent communication with waveforms- Probability of
Error
evaluations

Lecture 27 Baseband Pulse Transmission - Inter symbol Interference
and Nyquist criterion

Lecture 28 Baseband Pulse Transmission - Inter symbol Interference
and
Nyquist criterion

Lecture 29 Pass band Digital Modulation schemes

Lecture 30 | Phase Shift Keying

Lecture 31 = Frequency Shift Keying

Lecture 32 Quadrature Amplitude Modulation

Lecture 33 Continuous Phase Modulation and Minimum Shift Keying.




Lecture 34 Digital Modulation tradeoffs

Lecture 35 Optimum demodulation of digital signals over band-limited
channels

Lecture 36 Optimum demodulation of digital signals over band-limited
channels

Lecture 37 Maximum likelihood sequence detection (Viterbi receiver)

Lecture 38 Equalization Technigues

Lecture 39 @ Synchronization and Carrier Recovery for Digital modulation

Lecture 40 Synchronization and Carrier Recovery for Digital modulation




Assignments:

Assignment 1

Q1. Design Modulator and Demodulator of SSB-SC
Modulation based on its mathematical expression.

Q2. Derive the figure of merit in

a) FM Receiver b) PM Receiver

Q3. A Carrier signal c(t) = 20cos (2 n10 6t) is
modulated by a message signal having three
frequencies 5 KHz, 10 KHz & 20 KHz. The
corresponding modulation indexes are 0.4, 0.5& 0.6.
Sketch the spectrum. Calculate bandwidth, power and
efficiency.

Assignment 2

Q1. Derive the expression for probability of error in ASK,
FSK and PSK systems and compare them.

Q2. With block diagrams explain about DPCM & DM.
also compare them.

Q3. A message signal m(t) = 4 cos (2n10 3t) is sampled
at nyquist rate and transmitted through a channel
using 3 -bit PCM system.

Calculate all the parameters of the PCM.

If the sampled values are 3.8, 2.1,0.5,-1.7,-3.2& -4
then determine the quantizer output, encoder output and
quantization error per each sample.

Sketch the transfer characteristics of the quantizer.







UNIT-I

Introduction to Communication System
Communication is the process by which information is exchanged between

individuals through a medium.

Communication can algo be defined as the transfer of information from one point

in space and time to another point.

The basic block diagram of a commumnication system is as shown in Fig.1.
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Fig.1 Block Diagram of a Commum cation System

e Transmitter: Couples the message into the channel using high frequency signals.
e Channel: The medium used for transmission of signals

e Modulation: It is the process of shifting the frequency spectrum of a signal to a
frequency range in which more efficient transmission can be achieved.

e Receiver: Restores the signal to its onginal form.

e Demodulation: It is the process of shifting the frequency spectrum back to the original

baseband frequency range and reconstructing the original form.

Modulation:

Modulation is a process that causes a shift in the range of frequencies in a signal.

» Signals that occupy the same range of frequencies can be separated.




e Modulation helps in noise immunity, attenuation - depends on the
physical medium. The below figure shows the different kinds of analog
modulation schemes that areavailable

. polem .o Carrier Modulation
Communication System

N N

Base—band Carrier Amplitude Angle
Modulation Modulation (AM) /\
Frequency Phase
(FM) (PM)

Modulation 1s operation performed at the transmitter to achieve efficient and reliable

information transmission.

For analog modulation, it 1s frequency translation method caused by changing the

appropriate quantity in a carrier signal.

It involves two waveforms:

A modulating signal/baseband signal — represents the message.

A carrier signal — depends on type of modulation.

Once this information is received, the low frequency information must be removed from

the high frequency camier. This process i¢ known as “Demodulation™.

Need for Modulation:

Baseband signals are incompatible for direct transmission over the medium so,
modulation 1s used to convey (baseband) signals from one place to another.

Allows frequency translation:

Frequency Multiplexing

Reduce the antenna height

Avoids mixing of signalg

Narrowbanding

Efficient transmission

Reduced noise and interference




Types of Modulation:
Three main types of modulations:
Analog Modulation
Amplitude modulation

Example: Double sideband with carrier (DSB-WC), Double- sideband suppressed
carrier (DSB-SC), Single sideband suppressed carrier (SSB-SC), vestigial sideband
(VSB)
Angle modulation (Frequency modulation & Phase modulation)

Example: Narrow band frequency modulation (NBFM), Wideband frequency

modulation (WBFM), Narrowband phase modulation (NBPM), Wideband phase
modulation (NBPM)

Pulse Modulation

Carrier is a train of pulses

Example: Pulse Amplitude Modulation (PAM), Pulse width modulation (PWM) . Pulse
Position Modulation (PPM)

Digital Modulation
Modulating signal is analog

Example: Pulse Code Modulation (PCM), Delta Modulationi (DM), Adaptive Delta
Modulation (ADM), Differential Pulse Code Modulation (DPCM), Adaptive
Differential Pulse Code Modulation (ADPCM) etc.

Modulating signal is digital (binary modulation)

Example: Amplitude shift keving (ASK), frequency Shift Keyings (FSK), Phase Shift
Keyving (PSK) ete

Frequency Division Multiplexing

Multiplexing is the name given to techniques, which allow more than one
message to be transferred via the same communication channel. The channel in this
context could be a transmission line, e.g. a twisted pair or co-axial cable, a radio system

or a fiber optic system etc.

FDM is derived from AM techniques in which the signals occupy the same
physical ‘line” but in different frequency bands. Each signal occupies its own specific

band of frequencies all the time, i.e. the messages share the channel bandwidth.




FDM — messages occupy narrow bandwidth — all the time.

Multiplexing requires that the signals be kept apart so that they do not interfere
with each other, and thus they can be separated at the receiving end. This is
accomplished by separating the signal either in frequency or time. The technique of
separating the signals in frequency 1s referred to as frequency division multiplexing
(FDM), whereas the technique of separating the gignals in time is called time- division
multiplexing (TDM).

Fig.2 shows the block diagram of FDM System. As shown in the figure, input
message signals, assumed to be of the low-pass type are passed through input low-pass
filters. This filtering action removes high-frequency components that do not contribute
significantly to signal representation but may disturb other message signals that share
the common channel.

The filtered message signals are then modulated with necessary carrier
frequencies with the help of modulators. The most commonly used method of
modulation in FDM 1s single sideband modulation, which requires a bandwidth that is
approximately equal to that of original message signal. The band pass filters following
the modulators are used to restrict the band of each modulated wave to its prescribed
range. The outputs of BPF are combined in parallel which form the input to the common
channel.

At the receiving end, BPF connected to the common channel separate the
message signals on the frequency occupancy basis. Finally, the original message signals

are recovered by individual demodulators.

Message Low-pass Band-pass Band-pass Low-pass Massags
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Fig.2. Frequency Division Multiplexing




Amplitude Modulation (AM)
Amplitude Modulation is the process of changing the amplitude of a relatively
high frequency carrier signal in accordance with the amplitude of the modulating signal

(Information).

The carrier amplitude varied linearly by the modulating signal which usually consists of

a range of audio frequencies. The frequency of the carrier is not affected.

Application of AM —

Radio broadcasting,

TV pictures (video),

Facsimile transmission

Frequency range for AM - 535 kHz — 1600 kHz
Bandwidth - 10 kHz

Various forms of Amplitude Modulation
+ Conventional Amplitude Modulation (Alternatively known as Full AM or Double
Sideband Large carrier modulation (DSBLC) /Double Sideband Full Carrier (DSBFC)

* Double Sideband Suppressed carrier (DSBSC) modulation

+ Single Sideband (SSB) modulation

* Vestigial Sideband (VSB) modulation

Time Domain and Irequency Domain Description

It is the process where, the amplitude of the carrier is varied proportional to that

of'the message signal.

Let m (1) be the base-band signal, m (t) «<— M (®) and ¢ (1) be the carrier, c(t)
= A¢ cos(oct). fo 1s chosen such that fo >> W, where W is the maximum frequency

component of m(t). The amplitude modulated signal is given by
s(t) = A1 + k,m(t)|cos(2mf.t)

Fourier Transform on both sides of the above equation
S(w) =1 Ac/2 (6(w — vc) + 8(® + oc)) + kiAc/ 2 (M(e — oc) + M(o + wc))

kais a constant called amplitude sensitivity.




kam(t) < 1 and it indicates percentage modulation.

2 A2} M(0)

Fig.3. Amplitude modulation in time and frequency domain

Single Tone Modulation:

Consider a modulating wave m(t ) that consists of a single tone or single frequency

component given by

m(t) =Am cos(2afmt)
where  Am is peak amplitude of the sinusoidal modulating wave
fm is the frequency of the sinusoidal modulating wave
Let Ac be the peak amplitude and f. be the frequency of the carrier signal. Then the
corresponding single tone AM wave is given by
s(h=Ac [1+ m cos(2nafut) Jcos(2nfi)
m is the modulation index
Let Amax and Amin denote the maximum and minimum values of the envelope of the

modulated wave. Then from the above equation we get

Amax Ac(1+m)
Amin  Ac(l —m)

Amax — Amin

m = -
Amax + Amin

Expanding the equation (2), we get

s(t) = A.cos(2rf.t) +%mACcos[2n(fc + fot] + %mA,:cos[Zn(fC — fot]




The Fourier transform of s(t) is obtained as follows

1 1

1
+ 7 MALS = fo + fi) + 8¢ + fe = fin)]

Thus the spectrum of an AM wave, for the special case of sinusoidal modulation
consists of delta functions at + fc, fc + fmand — fc £ fm. The spectrum for

positive frequencies is as shown in the figure

Je
&

Fig.4. Frequency Domain characteristics of single tone AM
Power relations in AM waves:

Consider the expression for single tone/sinusoidal AM wave
s(t) = AgcosQrf.t) + %mACcos[Zn(fC + fi)t] + %mAccos[Zn(fC — f)t]
(D

This expression contains three components. They are carrier component, upper
side band and lower side band. Therefore Average power of the AM wave is the sum of
these three components.

Therefore the total power in the amplitude modulated wave 1s given by

P — VCZCH"
£t~ R
Where all the voltages are rms values and R is the resistance, in which the power is

dissipated.

AC/ 2
Pcchirz( 2 _a
R R 2R

b Vig  mAJP1 mPAL m?
LSB — R - 2\/2

R=T8R 4 '¢




P =@=[mx4c]21=m214§=m_2p
s R 2721 R 8R d; 6

Therefore total average power 1s given by

Py =F. + Pisp + Pysp

m? m?
Pt = PC+TPC+TPC
2 2
P, Pll+—+—
t C( 4 4)
mz
Pp= P (1475 oreeeeeees 3)

The ratio of total side band power to the total power in the modulated wave is

given by

This ratio is called the efficiency of AM system Generation of AM waves:
Two basic amplitude modulation principles are discussed. They are square law

modulation and switching modulator.

Square L.aw Modulator

When the output of a device is not directly proportional to input throughout the
operation, the device is said to be non-linear. The Input-Output relation of a non-linear
device can be expressed as

VO = ao + al‘Vfﬂ + CLZVE% + ag‘Vf% + a4Vi;}1 s L

When the input is very small, the higher power terms can be neglected. Hence
the output is approximately given by
Vo = ag + a1 Vi + a, Vi,
When the output is considered up to square of the input, the device is called a

square law device and the square law modulator is as shown in the figure 5
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Fig.5. Square Law Modulator

Consider a non-linear device to which a camrier c{t)=A.cos(2xnfit) and an
information signal m(t) are fed simultaneously as shown in figure 4. The total input to

the device at any instant 1s

Vin = c(t) + m(t)
Vin = A.cos(2nf.t) + m(t)
As the level of'the input is very small, the output can be considered upto square of the

input ie.,

Vo = ag + @ Vi, + @, V2

Vo = ag + a[A, cos(Zn’fct) +m(6)] + ay[A, COS(ZT[fCt) + m(t)]2

ay A2 9
Vo = ag+ alACcos(Zfrfct) +a,m(t)] + 5 (1 + cosdmf.t) + a,[m(t)]
+ 2a,m(t)A, cos(Zﬂfct)
@ A7 a A%

+ a, [m(t)]?

Vo = ag + a4, cos(Zﬂrfct) +a,m(t)] + (cosdmf.t) +

2 2

+ 2a,m(t)A, cos (ZTrfCt)

Taking Fourier Transform on both sides , we get

2
V() = (ao + “22‘4“) 8 + B~ 1)+ 80 + 1 + ()
a;

2
+ fc [6(F — 2f) + 8(f + 2f)] + a; M(f)

+ @A [M(f — f. + M(f + )]




Therefore the square law device output 0 V consists of the dc component at f=0. The

information signal ranging from O to W Hz and its second harmonics are signal at f: and

21,

Frequency band centered at f. with a deviation of + W Hz.The required AM
signal with a carrier frequency f. can be separated using a BPF at the output of the
square law device. The filter should have a lower cut off frequency ranging between 2W
and (f. — W) and upper cut-off frequency between (f. + W) and 2f,.

Therefore the filter output is

s(t) = a4, cos(2nf t) + 2a,A,;m(t) cos(2nf t)
s(t) =a A1+ 22—2m(t)] cos(ZRfCt)
Ifm(t) = 4,, cos(ZRfmt), we get
a;
s(t) =aAJ1+2—A, cos(ZRfmt)] cos(2n:fct)
a,

Comparing this equation with the standard representation of AM Signal,
s(t) = A.[1+ k,m(t)] cos(2n:fct)

Therefore modulation index of the output signal is given by

a;
m=2—A
ay

m

The output signal is free from distortion and attenuation only when (f, — W)=2W or f, >
3w

Spectrum 1s as shown below

Band-pass filter

|

———— ——1
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-—— e
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Switching Modulator
Consider a semiconductor diode used as an ideal switch to which the carrier
signal
c(t) = A.cosQ2rf.t)

and information signal m(t) are applied simultaneously as shown in the Fig.6

NN B

[ NG valt) == || Ry
A.cos (2 f.1) (N )

T ‘ r

Tunad to f,
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Fig.6. Switching Modulator
The total input for the diode at any instant is given by
v, = c(t) + m(t)
vy = A.cos(2rf.t) + m(t)
When the peak amplitude of ¢(t) 18 maintained more than that of information
signal, the operation 1 agsumed to be dependent on only c(t) irrespective of m(t).
When c¢(t) 1s positive, vy, = 17, since the diode 1s forward biased. Similarly, when
c(t) 1s negative, v2=0 since diode ig reverse biased. Based upon above operation,

switching response of the diode is periodic rectangular wave with an amplitude umty

and is given by

il _1yn—1
p(t) = % +% Z %cos(Znﬁt@n —-1))

M=—uD
() = + > cos(anft) — - cos(nf)
P —2-I-n_cos f. — 35 €0S B+ wvminn
Therefore the diode response V, is a product of switching response p(t) and input v,.

vy =1y *p(f)

Vo = [Accos(2rfet) + m(t)] [% + %cos(Zn’fCt) —;—Hcos(ﬁnfct) e g |

Applying the Fourier Transform we get




M)
2

A A
V() = (5) 800 + F10(F — £ + 8(F + 31 +
A, 1
+ (8 = 2f) + 8 (F + 2/ + —[M(f — f + M(f + f))]
A, &
—Z[8(f — 4f) + 8 (f + 4] =S Z[8(f — 2£) + 8(F + 21,)]
1
— g[M(f —3f + M(f +3£))]

The diode output v, consists of a dc component at f = 0, information signal

ranging from 0 to w Hz and infinite number of frequency bands centered at

[ W —

The required AM signal centred at fc can be separated using band pass filter. The
lower cut off-frequency for the band pass filter should be between w and fc-w and the

upper cut-off frequency between fe+w and 2fc. The filter output is given by the equation

A, 4m(t)
s(t) = 7[1 +E 1

Jcos2mf.t

C

For a single tome information, let m(t) = A,, cos(2nf,,t)

A, 44,
s(t) = 5 [1+ EA—CCOSZTIfmt]COS 2nf.t

Therefore modulation index,

The output AM signal is free from distortions and attenuations only when

fe—w>wor f. > 2w

Detection of AM waves
Demodulation is the process of recovering the information signal (base band)
from the incoming modulated signal at the receiver. There are two methods, they are

Square law Detector and Envelope Detector

Square Law Detector
Consider a non-linear device to which the AM signal s(t) is applied. When the level of

s(t) 1s very small, output can be considered upto square of the input.
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Fig .7. Demodulation of AM using square law device

Therefore

Vo = ag + aViy, + @,V
If m(t) is the information signal (0-wHz) and ¢(t) = A, cos(2rf.t) is the carrier, input
AM signal to the non-linear device 18 given by
s(t) = A1 + k,m(¢)] cos(ZﬂrfCt)

Vo = ag + a;s(t) + a,[s(t)]?

Vo = ap + a4, COS(2T[fCﬁ) + a, A k,m(t) cos (ZT[fct)

+a,[4, cos(Zﬂfct) + Ak, m(t) COS(Zﬂfct)]z

Applying Fourier Transform on both sides, we get

2 2

V.(f)=|a,+ a4, }St,_r’ )+ a4, [J{_r‘— f)+o(f+ f }]

|

+ —”LA;R“ M(F = £+ M(F+ ) —"quf“" M(f-2£)+M(f+25))

. a;A;__qﬁ_, {M :;rﬂ +#[u (f=2£)+M(f+21))

W

+ ”j‘ [0 =2£)+8(f+2f)]+a,A°K [M(f)]

The device output congists of a de component at =0, information signal ranging
from 0-W Hz and its second harmonics and frequency bands centered at fc and 2fc. The
required information can be separated using low pass filter with cut off frequency
ranging between W and fc-w. The filter output s given by

2 a,A RK‘:mil 7
+a,A, K m(t) + ———= )

, [ a,A
m'(t)=| a, +——
: ’ n

s

DC component + message signal + second harmonic




The dc component (first term) can be eliminated using a coupling capacitor or a
transformer. The effect of second harmonics of information signal can be reduced by
maintaining its level very low. When m(t) is very low, the filter output is given by

m' (t) = a, A2k, m(t)

‘When the information level is very low, the noise effect increases at the receiver, hence

the system clarity 1s very low using square law demodulator.

Envelope Detector

It is a simple and highly effective system. This method is used in most of the

commercial AM radio receivers. An envelope detector 1s as shown below.

Pt ’
R, §
C == R § Output
AM wave
s(r)

Fig.8. Envelope Detector

During the positive half cycles of the input signals, the diode D 1s forward biased
and the capacitor C charges up rapidly to the peak of the input signal. When the input
signal falls below this value, the diode becomes reverse biased and the capacitor C
discharges through the load resistor RL.

The discharge process continues until the next positive half cycle. When the
input signal becomes greater than the voltage across the capacitor, the diode conducts

again and the process is repeated.

The charge time constant (rf+Rs)C must be short compared with the carrier
period, the capacitor charges rapidly and there by follows the applied voltage up to the
positive peak when the diode 1s conducting. That is the charging time constant shall
satigfy the condition,

1
(77 + R)C « 3




On the other hand, the discharging time-constant Rz’ must be long enough to
ensure that the capacitor discharges slowly through load resistor R1 between positive
peaks of the carrier wave, but not so long that the capacitor voltage will not discharge at
the maximum rate of change of the modulation wave.

That is the discharge time constant shall satisfy the condition,

1 R.C 1
— K &K =
foo W
Where ‘W’ 18 band width of the message

signal. The result is that the capacitor voltage or detector output is nearly the same as the

envelope of AM wave.

Advantages and Disadvantages of AM: Advantages of AM:

Generation and demodulation of AM wave are easy.

AM systems are cost effective and easy to build.

Disadvantages:
AM contains unwanted carrier component, hence it requires more transmission power.
The transmission bandwidth is equal to twice the message bandwidth.

To overcome these limitations, the conventional AM system is modified at the
cost of increased system complexity. Therefore, three types of modified AM systems
are discussed.

DSBSC (Double Side Band Suppressed Carrier) modulation: In DSBC
modulation, the modulated wave consists of only the upper and lower side bands.
Transmitted power is saved through the suppression of the carrier wave, but the channel
bandwidth requirement is the same as before.

SSBSC (Single Side Band Suppressed Carrier) modulation: The SSBSC
modulated wave consists of only the upper side band or lower side band. SSBSC is
suited for transmission of voice signals. It is an optimum form of modulation in that it
requires the minimum transmission power and minimum channel band width.

Disadvantage is increased cost and complexity.

VSB (Vestigial Side Band) modulation: In VSB, one side band is completely
passed and just a trace or vestige of the other side band is retained. The required channel
bandwidth is therefore in excess of the message bandwidth by an amount equal to the
width of the vestigial side band. This method is suitable for the transmission of wide

band signals.




DSB-SC MODULATION

DSB-SC Time domain and Frequency domain Description:

DSBS C modulators make use of the multiplying action in which the modulating
signal multiplies the carrier wave. In this system, the carrier component is eliminated
and both upper and lower side bands are transmitted. As the carner component is

suppressed, the power required for transmission is less than that of AM.
If m(t) is the message signal and c(t) = A, cos(2rf.t) is the carrier signal,
then DSBSC modulated wave s(t) is given by

s(t) = c(t)m(t)

s(t) = A, cos(2rf.t) m(t)

Consequently, the modulated gignal s(t) under goes a phase reversal , whenever the

message signal m(t) crosses zero as shown below.

Modulated
Carrier

a) DSB*SC,wuvefDrmu

Amp

l l

fc“‘m fc fc"’ﬁ!’l

) Frequency spectrum

freq

Fig.1. (a) DSB-SC waveform (b) DSB-SC Frequency Spectrum

The envelope of a DSBSC modulated signal is therefore different from the

message signal and the Fourier transform of s(t) is given by

A
S(f) = 3‘5 [M(f — £.) + M(f + £)]




For the case when base band signal m(t)is limited to the interval —W < f < W
as shown in the figure below, we find that the spectrum S(f) of the DSBSC wave s(t)
1s as illustrated below. Except for a change in scaling factor, the modulation process
simply translates the spectrum of the bage band signal by .. The transmigsion bandwidth
required by DSBS C modulation is the same as that for AM

AN EVANS

M/

W 0 1]

Fig.2. Message and the corresponding DSBSC spectrum

Generation of DSBSC Waves:
Balanced Modulator (Product Modulator)

A balanced modulator consists of two standard amplitude modulators arranged
in a balanced configuration so as to suppress the carrier wave as shown in the
following block diagram. It 1s assumed that the AM modulators are identical, except for
the sign reversal of the modulating wave applied to the input of one of them. Thus, the
output of the two modulators may be expressed as,

s; (1) = A,[1 + k,m(2)] cos(ZTrfct)

sy (1) = A [1 — k,m(t)] cos(ZTrfct)

(e} Amplitude I s}
—
Modulator-1 I

elt)= A cos(27f 1) 3 s(1)
Oscillator '

(1) Amplitude I

Modulator-1 I ST}

Fig 3. Balanced Modulator




Subtracting s, (t) from s, (t)
s(t) = s1(t) — s2(t)

s(t) = 2k, m(t) Accos(Zﬂfct)

Hence, except for the scaling factor 2ka, the balanced modulator output is equal

to the product of the modulating wave and the carrier.

Ring Modulator

Ring modulator 1s the most widely used product modulator for generating DSBSC wave

and 1s shown below.

Fig.4. Ring Modulator

The four diodes form a ring m which they all point in the same
direction. The diodes are controlled by square wave carrier ¢(t) of frequency fc, which
1s applied longitudinally by means of two center-tapped transformers. Assuming the
diodes are ideal, when the camrier is positive, the outer diodes D1 and D2 are forward
biased where ag the inner diodes D3 and D4 are reverse biagsed, so that the
modulator multiplies the base band signal m(t) by c(t). When the carner is negative,
the diodes D1 and D2 are reverse biased and D3 and D4 are forward, and the
modulator multiplies the base band signal —m(t) by c(t).

Thus the ring modulator in its ideal form is a product modulator for square

wave carrier and the base band signal m(t). The square wave carrier can be expanded using

Fourier series as

c(t) = %Z%cos@nﬁ:t@n —1)

Therefore the ring modulator output is given by




s(t) = c(t)m(t)

oo

4G (—1)nt
s(t) = mlt) [;Z%cos@nﬁt@n — 1))]

n=1
From the above equation it is clear that output from the modulator consists

entirely of modulation products. If the message signal m(t) is band limited to the
frequency band — w < f< w, the output spectrum consists of side bands centred at fc.

Detection of DSB-SC waves:
Coherent Detection:

The message signal m(t) can be uniquely recovered from a DSBSC wave s(t)
by first multiplying s(t) with a locally generated sinusoidal wave and then low pass

filtering the product as shown.

v(r)
_ Product .. | Low-pass -
s() >1 modulator ~|  filter > 0,(1)
A
A, COS {2?7,'( f + (,“!)
Local
oscillator

Fig.5 Coherent Detector

It is assumed that the local oscillator signal is exactly coherent or synchronized,
in both frequency and phase, with the carrier wave c(t) used in the product modulator to
generate s(t). This method of demodulation 18 known as coherent detection or
synchronous detection.

Let ALcos(2rf.t +¢) be the local oscillator signal, ands(t) =
A, cos(2rf.t)m(t) be the DSBSC wave. Then the product modulator output v(t) is
given by

v(t) = A AL cos(2rf.t) cos(2rf.t + ¢Im(t)

AA, A A,

v(t) = 3 cos(4mfit + @) m(t) +

The first term in the above expression represents a DSBSC modulated signal

cos(@) m(t)

with a carrier frequencyZ2f., and the second term represents the scaled version of

message signal. Assuming that the message signal 1s band limited to the interval-w <

f < w, the spectrum of v(t) is plotted as shown below.
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Fig.6.Spectrum of output of the product modulator

From the spectrum, it is clear that the unwanted component (first term in the
expression) can be removed by the low-pass filter, provided that the cut-off frequency
of the filter is greater than W but less than 2fc-W. The filter output is given by
A A¢

2
The demodulated signal v.(t) is therefore proportional to m(t) when the phase error ¢

;) = cos(@) m(t)

1s constant.
Costas Receiver (Costas Loop):

Costas receiver i1s a synchronous receiver system, suitable for demodulating
DSBSC waves. It consists of two coherent detectors supplied with the same input
signal, that is the incoming DSBSC wave s(t) = A.cos(2rf.t) m(t) but with
individual local oscillator signals that are in phase quadrature with respect to each other

as shown in Fig.7

I-channel

;-“: cos ¢ m(r)
Product Low-pass s, Demodulated
modulator filter signal

A CcoS (27f .t + &)

Y

Phase
discriminator

Vollage-
- controlled
oscillator

DSB-SC signal — \ A
A, cos (2mf.1) m(r)

a0
phase-shifter

sin (27.’{{ r+ )

Product Low-pass
modulator filter

,—;' A sin ¢ ()

@-channel

Fig.7. Costas Receiver




The frequency of the local oscillator is adjusted to be the same as the carrier
frequency fc. The detector in the upper path is referred to as the in-phase coherent
detector or I-channel, and that in the lower path is referred to as the quadrature-phase

coherent detector or Q-channel.

These two detector are coupled together to form a negative feedback system
designed in such a way as to maintain the local oscillator synchronous with the carrier

wave. Suppose

the local  oscillator signal s of the same phase as the
carrier ¢(t) = Accos(2rft) wave used to generate the incoming DSBSC wave. Then we
find that the J-channel output contains the desired demodulated signal m(t), where as the
Q-channel output is zero due to quadrature null effect of the Q-channel.
Suppose that the local oscillator phase drifts from its proper value by a small angle ¢
radians. The I-channel output will remain essentially unchanged, but there will
be some signal appearing at  the Q-channel output, which is

proportional  to sin(¢) = ¢ for small ¢.

This Q-channel output will have same polarity as the I-channel output for one
direction of local oscillator phase drift and opposite polarity for the opposite direction of
local oscillator phase drift. Thus by combining the I-channel and Q-channel outputs in a
phase discriminator (which consists of a multiplier followed by a LPF), a dc control

signal is obtained that automatically corrects for the local phase errors in the VCO.

Radio Transmitters

There are two approaches in generating an AM signal. These are known as low
and high level modulation. They're easy to identify: A low level AM transmitter
performs the process of modulation near the beginning of the transmitter. A high level
transmitter performs the modulation step last, at the last or "final" amplifier stage in the
transmitter. Each method has advantages and disadvantages, and both are in common

use.




Low-Level AM Transmitter:

Fig.8. Low-Level AM Trangmitter Block Diagram

There are two signal paths in the transmitter, andio frequency (AF) and radio
frequency (RF). The RF signal is created in the RF carrier oscillator. At test point A the
oscillator's output signal is present. The output of the carrier oscillator is a fairly small
AC voltage, perhaps 200 to 400 mV RMS. The oscillator is a critical stage in any
transmitter. It must produce an accurate and steady frequency. Every radio station is
assigned a different carrier frequency. The dial (or digplay) of a receiver displays the
carnier frequency. If the osallator drifts off frequency, the receiver will be unable to
receive the transmitted signal without being readjusted. Worse yet, if'the oscillator drifts
onto the frequency being used by another radio station, interference will occur. Two
circuit techniques are commonly used to stabilize the oscillator, buffering and voltage

regulation.

The buffer amplifier has something to do with buffering or protecting the
oscillator. An oscillator is a little like an engine (with the speed of the engine being
similar to the oscillator's frequency). Ifthe load on the engine 1s increased (the engine is
asked to do more work), the engine will respond by slowing down. An oscillator acts in
a very similar fashion. If the current drawn from the oscillator's output 1s increased or

decreased, the oscillator may speed up or slow down slightly.

Buffer amplifier is a relatively low-gain amplifier that follows the oscillator. It
has a constant input impedance (resistance). Therefore, it always draws the same
amount of current from the oscillator. This helps to prevent "pulling” of the oscillator
frequency. The buffer amplifier is needed because of what's happening "downstream" of

the oscillator. Right after this stage is the modulator. Because the modulator is a

nonlinear amplifier, it may not have a constant input resistance -- especially when




information is passing into it. But since there is a buffer amplifier between the oscillator
and modulator, the oscillator sees a steady load resistance, regardless of what the

modulator stage is doing.

Voltage Regulation: An oscillator can also be pulled off frequency if its power
supply voltage isn't held constant. In most transmitters, the supply voltage to the
oscillator is regulated at a constant value. The regulated voltage value is often between 5
and 9 volts; zener diodes and three-terminal regulator ICs are commonly used voltage
regulators. Voltage regulation is especially important when a transmitter is being
powered by batteries or an automobile's electrical system. As a battery discharges, its
terminal voltage falls. The DC supply voltage in a car can be anywhere between 12 and
16 volts, depending on engine RPM and other electrical load conditions within the

vehicle.

Modulator: The stabilized RF carrier signal feeds one input of the modulator
stage. The modulator is a variable-gain (nonlinear) amplifier. To work, it must have an
RF carrier signal and an AF information signal. In a low-level transmitter, the power
levels are low in the oscillator, buffer, and modulator stages; typically, the modulator

output is around 10 mW (700 mV RMS into 50 ohms) or less.

AF Voltage Amplifier: In order for the modulator to function, it needs an
information signal. A microphone is one way of developing the intelligence signal,
however, it only produces a few millivolts of signal. This simply isn't enough to operate

the modulator, so a voltage amplifier is used to boost the microphone's signal.

The signal level at the output of the AF voltage amplifier is usually at least 1
volt RMS; it is highly dependent upon the transmitter's design. Notice that the AF
amplifier in the transmitter is only providing a voltage gain, and not necessarily a
current gain for the microphone's signal. The power levels are quite small at the output

of this amplifier; a few mW at best.

RF Power Amplifier: At test pont D the modulator has created an AM signal
by impressing the information signal from test point C onto the stabilized carrier signal
from test point B at the buffer amplifier output. This signal (test point D) is a complete
AM signal, but has only a few milliwatts of power. The RF power amplifier is normally
built with several stages. These stages increase both the voltage and current of the AM
signal. We say that power amplification occurs when a circuit provides a current gain. In
order to accurately amplify the tiny AM signal from the modulator, the RF power

amplifier stages must be linear. You might recall that amplifiers are divided up into




"classes," according to the conduction angle of the active device within. Class A and
class B amplifiers are considered to be linear amplifiers, so the RF power amplifier
stages will normally be constructed using one or both of these type of amplifiers.
Therefore, the signal at test point E looks just like that of test point D; it's just much

bigger in voltage and current.

Antenna Coupler: The antenna coupler is usually part of the last or final RF
power amplifier, and as such, is not really a separate active stage. It performs no
amplification, and has no active devices. It performs two important jobs: Impedance
matching and filtering. For an RF power amplifier to function correctly, it must be
supplied with a load resistance equal to that for which 1t was designed.

The antenna coupler also acts as a low-pass filter. This filtering reduces the
amplitude of harmonic energies that may be present in the power amplifier's output. (All
amplifiers generate harmomic distortion, even "linear" ones.) For example, the
transmitter may be tuned to operate on 1000 kHz. Because of small nonlinearities in the
amplifiers of the transmitter, the transmitter will also produce harmonic energies on
2000 kHz (2nd harmonic), 3000 kHz (3rd harmonic), and so on. Because a low-pass
filter passes the fundamental frequency (1000 kHz) and rejects the harmonics, we say
that harmonic attenuation has taken place.

High-Level AM Transmitter:
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Fig.9. Low-Level AM Transmitter Block Diagram

The high-level transmitter of Figure 9 is very similar to the low-level unit. The
RF section begins just like the low-level transmitter; there 1s an oscllator and buffer

amplifier. The difference in the high level transmitter is where the modulation takes




place. Instead of adding modulation immediately after buffering, this type of transmitter
amplifies the unmodulated RF carrier signal first. Thus, the signals at points A, B, and D
in Figure 9 all look like unmodulated RF carrier waves. The only difference is that they

become bigger in voltage and current as they approach test point D.

The modulation process in a high-level transmitter takes place in the last or final
power amplifier. Because of this, an additional audio amplifier section is needed. In
order to modulate an amplifier that is running at power levels of several watts (or more),
comparable power levels of information are required. Thus, an audio power amplifier is
required. The final power amplifier does double-duty in a high-level transmitter. First, it
provides power gain for the RF carrier signal, just like the RF power amplifier did in the
low-level transmitter. In addition to providing power gain, the final PA also performs
the task of modulation. The final power amplifier in a high-level transmitter usually

operates in class C, which is a highly nonlinear amplifier class.

Comparison:
Low Level Transmitters

Can produce any kind of modulation; AM, FM, or PM.

Require linear RF power amplifiers, which reduce DC efficiency and increases

production costs.

High Level Transmitters
Have better DC efficiency than low-level transmitters, and are very well suited for

battery operation.

Are restricted to generating AM modulation only.




UNIT-II

Introduction to SSB-SC

Standard AM and DSBSC require transmission bandwidth equal to twice the
message bandwidth. In both the cases spectrum contains two side bands of width
W Hz, each. But the upper and lower sides are uniquely related to each other by the
virtue of their symmetry about the carrier frequency. That is, given the amplitude and
phase spectra of either side band, the other can be umquely determined. Thus if only one
side band 1s transmitted, and if both the carnier and the other side band are suppressed at
the transmitter, no information is lost. This kind of modulation is called SSBSC and
spectral companison between DSBSC and SSBSC 18 shown in the figures 1 and 2.

i N y

Figure.1 : Spectrum of the DSBSC wave

- h

Figure 2 : Spectrum of the SSBSC wave

Frequency Domain Description

Consider a message signal m(t) with a spectrum M(f) band limited to the
interval-w < f < wasg shown in Fig.3, the DSBSC wave obtained by multiplexing
m(t) by the carrier wave c¢(t) = A cos(2xf.t) and is also shown in figure 4. The upper
side band 1s represented in duplicate by the frequencies above f. and those below -f. ,

and when only upper side band is transmitted; the resulting SSB modulated wave has the

spectrum shown in figure 6. .
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Figure .6 : Spectrum of SSBSC-USB wave

Similarly, the lower side band 1s represented in duphcate by the
frequencies below fc and those above -fc and when only the lower side band is
transmitted, the spectrum of the corresponding SSB modulated wave shown in
figure 5. Thus the essential function of the SSB modulation is to translate the spectrum
of the modulating wave, either with or without inversion, to a new location in the
frequency domain.

The advantage of SSB modulation is reduced bandwidth and the elimination

of high power carrier wave. The main disadvantage is the cost and complexity of its

implementation.




Generation of SSB wave:
Frequency discrimination method

Congider the generation of SSB modulated signal containing the upper side
band only. From a practical point of view, the most severe requirement of SSB
generation arises from the unwanted sideband, the nearest component of which 1sg
separated from the desired side band by twice the lowest frequency component of the
message signal. It implies that, for the generation of an SSB wave to be possible,
the message spectrum must have an energy gap centered at the origin as shown in
figure 7. This requirement  is naturally satisfied by voice signals, whose energy gap
18 about 600Hz wide.
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Figure .7 : Message spectrum with energy gap at the origin

The frequency discrimination or filter method of SSB generation consists of a
product modulator, which produces DSBSC signal and a band-pass filter to extract the
desired side band and reject the other and ig shown in the figure 8.

Sideband filter (hand-

) > % —_— pass filter on either s\) .
Modulation upper or lower SSB signal
input sideband) ;
A cos(w, 1)
Oscillator
=1
Figure 8 :Frequency discriminator to generate SSBSC wave

Application of this method requires that the message signal satisfies two conditions:

1. The message signal m(t) has no low-frequency content. Example: speech, audio,

music.

2. The highest frequency component W of the message signal m(t) is much less

than the carnier frequency fc.




Then, under these conditions, the desired side band will appear in a non-
overlapping interval in the spectrum in such a way that it may be selected by an
appropriate filter.

In designing the band pass filter, the following requirements should be satisfied:

1. The pass band of the filter occupies the same frequency range as the
gpectrum ofthe desired SSB modulated wave.

2. The width of the guard band of the filter, separating the pass band from
the stop band, where the unwanted sideband of the filter input lies, is

twice the lowest frequency component of the message signal.

When it is necessary to generate an SSB modulated wave occupying a frequency
band that is much higher than that of the message signal, it becomes very difficult to
design an appropriate filter that will pass the desired side band and reject the other. In
such a situation it is necessary to resort to a multiple-modulation process so as to ease
the filtering requirement. This approach is illustrated in the following figure 9 involving
two stages of modulation.

n ?'(t ) Product Band [ [ Product Band Ry (t )
=" Modulatorl » Pass Filter » Modulator2 » Pass Filter I?SPB
wave

L cos27;t) L cod 2771)
Figure 9 : Two stage frequency discriminator

The SSB modulated wave at the first filter output is used ag the modulating wave
for the second product modulator, which produces a DSBSC modulated wave with a
spectrum that ig symmetrically spaced about the second carrier frequency f2. The
frequency separation between the side bands of this DSBSC modulated wave is
effectively twice the first carrier frequency fl, thereby permitting the second filter to

remove the unwanted side band.

Hilbert Transform & its Properties:
The Fourier transform ig useful for evaluating the frequency content of an
energy signal, or in a hmiting case that of a power signal. It provides mathematical basis

for analyzing and designing the frequency selective filters for the separation of signals

on the basis of their frequency content. Another method of separating the signals 1s




based on phase selectivity, which uses phase shifis between the appropriate signals
(components) to achieve the desired separation. In case of a sinusoidal signal, the
simplest phase shift of 180° is obtained by “Ideal transformer” (polarity reversal). When
the phase angles of all the components of a given signal are shifted by 90°, the resulting
function of time is called the “Hilbert transform™ of the signal.

Consider an LTI system with transfer function defined by equation 1

—j,f>0
H(D) =20, =0 oo (1)
jf<0

and the Signum function given by

1,f>0

sgn(f) =4 0,f=0
~1,f<0

The function H(f) can be expressed using Signum function as given by equ (2)

H(E) = —J8gnlL) v s win sssssuni sono LR
We know that
e 2= —J, ¢ f2 = j and e™? = cos(8) + jsin(0)

Therefore,

-y

e 2,f>0

H(P) = { o
e /Z,f <0

Thus the magnitude |H(f)| = 1, for all f, and angle

—”/2,f>0

4HU%={Wmf<O

The device which possesses such a property is called Hilbert transformer.
Whenever a signal is applied to the Hilbert transformer, the amplitudes of all frequency
components of the input signal remain unaffected. It produces a phase shift of -90° for
all positive frequencies, while a phase shifts of 90° for all negative frequencies of the

signal.




If x(t) 18 an input signal, then its Hilbert transformer is denoted by x(t ) and

shown in the following diagram.

x(t) #(r)

— | Hilbert Transformer [____

To find impulse response h(t) of Hilbert transformer with transfer
fanction H(f). Consider the relation between Signmum function and the umt step
function.

sgn(t) = 2ult) — 1 = x(t)

Differentiating both sides with respect to t,

d

s ) = 28(t

—(x(1)} = 25(1)
Applying Fourier transform on both sides,

2
sgn(t) @ — — sgn(t) & —
Jjo jrf

Applying duality property of Fourier transform,

1
—Sgn(f) < ey

We have,
H(f) = —jsgn(f)

1
H(f)“’g

Therefore the impulse response A(t) of an Hilbert transformer is given by the equation
(3,

1
O T R )

Now consider any input x(t) to the Hilbert transformer, which 1s an LTI system.
Let the impulse response of the Hilbert transformer is obtained by convolving the input
x(t) and impulse response h(t) of the system.
x(t) = x(t) = h(t)

() =x(t) # %




1 x®
)= f_m -0

- @
This equation gives the Hilbert transform of x(t).

The inverse Hilbert transform x(t) is given by
—1 +t* 2(7)

X(t) =? - (t_T)

N )

We have £(t) = x(t) * h(t)
The Fourier transform X(f) of £(t) is given by
X(H =X(OH)
() = —jsgn(NDX) e v vve . (6)

Properties:

A signal x(t) and its Hilbert transform £(¢) have the same amplitude spectrum. The
magnitude of —jsgn(f) is equal to 1 for all frequencies . Therefore x(#) and £(t) have the
same amplitude spectrum. That is | X(f)| = |X(f)| for all f

If £(t) is the Hilbert transform of x(#), then the Hilbert transform of £(t)is — x(t). To
obtain its Hilbert transform of x¢#), x(#) is passed through LTI system with a transfer
function equal to —jsgn(f). A double Hilbert transformation is equivalent to passing x(t)

through a cascade of two such devices. The overall transfer function of such a cascade is equal

to
[—sgn(F)J? = —1 for all f
The resulting output is —x(¢t). That is the Hilbert transform of £(¢)is equal to

—x(t).

Time Domain Description:

The time domain description of an SSB wave s(t) in the canonical form is given
by the equation 1.

5(8) =5 (8) cos(2n L) — Sol)SIN(2TE) s vor s swssmss s won (L)

where S;(t) is the in-phase component of the SSB wave and S5,(t) is the
quadrature component. The in-phase component S;(¢t)except for scaling factor, may be
derived form S(t) by first multiplying S(¢) by cos(2nf.t) and then passing the product
through a low pass filter.Similarly, the quadrature component S5, (t), except the scaling
factor, may be derived from S(¢) by first multiplying S(¢t) by sin(27f.t) and then
passing the product through an identical filter.




The Fourier transformation of S;(t) and S5(t) are related to that of SSB wave as

follows, respectively

S;(f) _ {S(f _fc) + S(f + fc);_w =f=w o

0, elsewhere

. (2)

S {j[S(f —f)-SF+fI-wsf=w (3

0,elsewhere

Where —w = f = w defines the frequency band occupied by the message signal m(t)
Consider the SSB wave that is obtained by transmitting only the upper side band
as shown in figure 10. Two frequency shifted spectra S(f — f.) and S(f + f,) are
shown in figure 11 and figure 12 respectively. Therefore, from equations 2 & 3, is
follows that the corresponding spectra of the in-phase component S;(t) and the

quadrature component S, (t) are as shown in figure 13 & 14 respectively.
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Figure 10 : Spectrum of SSBSC-USB
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Figure 13 : Spectrum of in-phase component of SSBSC-USB

Figure 14 : Spectrum of quadrature component of SSBSC-USB

From the fig.13, 1t is found that
5:(f) = A M(f)

Where M(f) 1s the Fournier transform of the message signal m(t). Accordingly in-phase
component §,(t) is defined by the equation 4.
1
Si(t) = S A e ()

Now on the bagis of fig.14, itis found that

~J

Solf) = 0,f=0
]
—ACM(f),f <0

Solf) = JAwMﬂMﬂ ()

Where sgn(f) is the Signum Function

But from the discussions on Hilbert transforms, it is shown that
—jsgn(FMF) = M(f) oo v e (6)
Where M(f) is the Fourier transform ofthe Hilbert transform of m(t).
Hence, substituting equ.(6) in equ.(S), we get
Sl = T s s i

Therefore the quadrature component 5, (t) is defined by equation (8)

1
So(t) = SAM(D) . )




Therefore substituting equ.(4) and (8) in equ.(1), we find that the canonical
representation of an SSB wave s(t) obtained by transmitting only the USB is given by

equ (9)
1 1
Su(t) = EACm(t) cos(2mf.t) — EACﬁi(t) SINTLE) v i v e ver v e e e (9)

Following the same procedure, we can find the canonical representation for an SSB

Wave s(t) obtained by transmitting only the lower side band 1s given by

5.0 = %Acm(t) cos(2mf t) + %Acﬁ’l(f) SIZTEF ) vnesss war sscnenss smwsiss <o (0}

Phase discrimination method for generating SSB wave:

Time domain description of SSB modulation leads to another method of SSB
generation using the equations 9 or 10. The block diagram of phase discriminator  1s

as shown in figure 15.

Product In-phase path _I__/_\ S(t)

»  Modulator I Z
10 —L‘/
* A cos{27.rfcr) i
v v
-90° Phase -90° Phase
Shifter Shifter
l A_sin(27£.1)
#i(r) Product
*»  Modulator
Quadrature path

Figure 15 : Block diagram of phase discriminator

The phase discriminator consists of two product modulators 1 and Q,
supplied with carrier waves in-phase quadrature to each other. The incoming base band
signal m(t) is applied to product modulator I, producing a DSBSC modulated wave that

contains reference phase sidebands symmetrically spaced about carrier frequency fe.

The Hilbert transform m” (t) of m (t) is applied to product modulator Q,
producing a DSBSC modulated that contains side bands having identical amplitude
spectra to those of modulator I, but with phase spectra such that vector addition or
subtraction of the two modulator outputs results in cancellation of one set of side

bands and reinforcement of the other set.



The use of a plus sign at the summing junction yields an SSB wave with
only the lower side band, whereas the use of a minus sign yields an SSB wave with

only the upper side band. This modulator circuit is called Hartley modulator.

Demodulation of SSB Waves:

Demodulation of SSBSC wave using coherent detection 1s as shown in fig. 16. The SSB
wave s(t) together with a locally generated carrier ¢(t) = AL cos(2rf.t + ©)is applied
to a product modulator and then low-pass filtering of the modulator output yields the

message signal.

t:(r)
” Product . | Low-pass
K\ *1 modulator = filter = Vo)
T AL cos (2mf. .1+ )
Loca
oscillator

Fig.16. Coherent Detector of SSBSC

The product modulator output 14(t) 1s given by
v(t) = AL cosQ2rf.t + ) s(t),Put @ = 0

v(t) = %AC cos(2rf.t) [m(t) cos(2mf.t) + m(t)sin(2zf.1)]

v(t) = %Acm(t) + %Ac[m(t) cos(dmf.t) + m(t)sin(4rft)] v (1)

The first term in the above equ.(l) 1s desired message signal. The other term

represents an SSB wave with a carrier frequency of 2f. as such; it is an unwanted

component, which is removed by low-pass filter.




Vestigial Side Band Modulation

Vestigial sideband is a type of Amplitude modulation in which one side band is
completely passed along with trace or tail or vestige of the other side band. VSB is a
compromise between SSB and DSBSC modulation. In SSB, we send only one side
band, the Bandwidth required to send SSB wave 1s w. SSB 1s not appropriate way of
modulation when the message signal contains significant components at extremely low

frequencies. To overcome this VS B 1s used.

Frequency Domain Description

The following Fig illustrates the spectrum of VSB modulated wave s (t) with regpect to
the message m (t) (band limited)

M(f)

- 0 W f

v

Fig.1. Spectrum of message signal

Si{f)

fow-fe-feefv 0 fofvic feaw —

< >’[ {\ 5 [6—

Fig.2. Spectrum of VSB wave containing the vestige of the LSB

Agsume that the Lower side band i modified into the vestigial side band. The

vestige of the lower sideband compensates for the amount removed from the

upper sideband. The bandwidth required to send VSB wave 1s
B=w+f,
where f,, 18 the width ofthe vestigial side band.




Similarly, if USB is modified into the VSB then,

Si(f)

-f.-f,-f. faw 0 f.-w ffef, f >

wi,

Fig.3. Spectrum of VSB wave containing the vestige of the USB

The vestige of the Upper sideband compensates for the amount removed from
the Lower sideband. The bandwidth requred to send VSB wave 1s
B = w + f,, where fv 1s the width of the vestigial side band.

Therefore, VSB has the virtue of congerving bandwidth almost as efficiently as
SSB modulation, while retaining the excellent low-frequency base band characteristics

of DSBS C and it 1s standard for the transmission of TV signals.

Generation of VSB Modulated Wave

VSB modulated wave 1s obtained by passing DSBSC through a sideband shaping filter

as shown in below fig.

FI'I(:[:I |DSBSC ] L :rt]
—> | Product Modulator Sideband snhaping f iter F———>

4

A.cos2mt T

Fig.4. Block Diagram of VSB Modulator
The exact design of this filter depends on the spectrum of the VSB waves. The
relation between filter transfer function H (f) and the spectrum of VSB waves is given
by

A
S() = f[M(f — [+ MU+ OIHE) e (1)




Where M(f) 1s the spectrum of Message Signal. Now, we have to determine the
specification for the filter transfer function H(f) It can be obtained by passing s(t) to a
coherent detector and determining the necessary condition for undigtorted version of the
message signal m(t). Thus, s (t) 1s multiplied by a locally generated sinusoidal wave cos
(2rf.t) which is synchronous with the carrier wave A.cos(2mf.t) in both frequency and
phase, as in the below fig.,

Product Modulator () Vol Low Pass Filtr

Fig.5 Block Diagram of VS B Demodulator
Then,

v(t) =s5(t). cos(2rft) oo v (2)

In frequency domain equ (2) becomes,

1
VI =580 — ST +f) i )

Substituting equ.1 in equ. 3, we get

V) = 2[4/ G — 26 + MUDIHGE — )

1
+ [/ G + 26 + MOOTHC + 1]

A
V(f) = fM(f)[H(f — £+ HE + )]

FEEIMG - 20H( - £)
+M(F+2f)HF+ ] i . ()

The spectrum of V(f) as shown in fig below




Vi(f)

A\ AN

-2fc -W 0 W 2fc f
—_—
f+wih,+w L }! < >‘
Fig.6. Spectrum of the product modulator output v(t)
Pass v(t) to a LPF to eliminate VSB wave corresponding to 2f.
A
G(f) = MOHG = f)+ HE+ ] (5)
The spectrum of V,(f) is in fig below,
Ve(f)
A /4 M(O)[H (- £.) + H(F)]
W 0 W f ?

Fig.7. Spectrum of demodulated signal v, (t)

For a distortion less reproduction of the original signal m(t), V,(f) is to be a
scaled version of M(f). Therefore, the transfer function H(f) must satisfy the condition

H(f —f)+HE+ L) =2H{) oo v v (6)
Where H(f.) is a constant

Since m(t)is a band limited signal, we need to satisfy eqn. (6) in the interval
—w < f =w. The requirement of eqn. (6) 1s satisfied by using a filter whose transfer

function 1s shown below.

H(f)

0 iataw ' —

Fig.8. Frequency response of sideband shaping filter




Note: H(f)1s shown for positive frequencies only
The regponse is normalized so that F( /)at f.is 0.5. Ingide this interval f. — f, =
f = f. + [, response exhibits odd symmetry .7.e., sum of the values of H(f)at any two

frequencies equally displaced above & below 1s Unity
Similarly, the transfer function H(f) of the filter for sending Lower sideband

along with the vestige of the Upper sideband 1s shown in fig below,
H(f)

1.0
05

0 l=w Lttt !

Fig.9. Frequency response of sideband shaping filter
Note: H( f)1s shown for positive frequencies only

Time Domain Description:

Time domain representation of VSB modulated wave, procedure 1s similar to
SSB Modulated waves. Let s(t) denote a VSB modulated wave and assuming that s(t)
contaimng Upper sideband along with the Vestige of the Lower sideband. VSB
modulated wave s(t) 1s the output from Sideband shaping filter, whose input 1s DSBSC
wave. The filter transfer function H(f) i¢ of the form as in fig below,

H(f) ‘

1.0 [ R e ;

0.5 |

0 fff foeffew | N

Fig.10. H(f)of sideband shaping filter

The DSBSC modulated wave 1s
Spegeckt) = AmE) cosC2REt ) e vvvini v (1)
It s a band pass signal and hag in-phase component only. Its low pass complex envelope
1s given by
Spsesc(t) = Acm(t) o oo (2)
The V3B modulated wave 1s a band pass signal.

Let the low pass signal s (#) denote the complex envelope of VSB wave s(f), then
s(t) = Rel[5(t) exp(G2rft)] o vooviiii i i (3)




To determine 5(¢) we proceed as follows
. The side band shaping filter transfer function H(f)ig replaced by ity equivalent

complex low pass transfer function denoted by H(f) as shown in fig below
H(f)

Fig.11. Low pass equivalent to H(f)

We may express () as the difference between two components H_(f) and H_(f) as
HOE) =H () — ) s avewn (8]

These two components are considered individually as follows
i.  The transfer function H,,(f) pertains to a complex low pass filter equivalent to a

ban pass filter design to reject the lower side band completel y ag

Hu(f)

Fig.12. First component of H(f)

0, otherwise
ii.  The transfer function H,(f) accounts for the generation of vestige and removal

of'a corresponding portion from the upper side band.

He(f)

\U =1

Fig.13. Second component of H(f)




Substitute eqn.5 in eqn. 4, we get,

H(F) = {1/2 [L+sgn() —2h(PL,  f<f<w 6

0, otherwise

The sgn(f) and H,(f) are both odd functions of frequency. Hence both have purely
imaginarylnverse Fourier transform (FT). Accordingly, the new transfer function is

-1
Ho(f) = /;[sgn(f) = FILF)| sosermmscomns wronoil)

It has purely Inverse FT and h, (t) denote IFT of Hy(f)

JHalf)

1.0(

-, OfLf

4

-1.0

Fig.14. Transfer function of the filter jH,(f)

Rewrite eqn. (6) in terms of H,(f) as

H(F) = {1/2 [1+Ho (D], fo<f<w e (8)

0, otherwise

. The DSBSC modulated wave is replaced by 1ts complex envelope as

Spsesc(f) = AcMUf) oo v vee e (9)
3. The desired complex envelope §(t)is determined by evaluating IFT of the

product H(F)Spspsc(F). Le.,
S(f) = H()Spspsc(f) o vvv . (10)
S =/ [1 + fH(OIMEF) e e (11)
Take IFT of eqn. 11, we get,

5(8) = Ae/y [m() + fmg®] . (12)




where m,, (t) is the response produced by passing the message through a low pass filter
of impulse response Ay (t).

Substitute eqn. 12 in egn.3 and simplify, we get

S(8) = ¢/, m(®) cos@nfot) — A/ y mo(O)SIN@ALL) e (13)
Where AC/Z m(t) ... ........in — phase component
AC/Z mo(t) conn Quadrature component
Note:

. If vestigial side band is increased to full side band, VSB becomes DSCSB, i.e., mg(t) =
0.
.If VSB is reduced to zero, VSB becomes SSB.i.e., mo(t) =i(t). Where the M (1) is the
Hilbert transform of m(t)
Similarly if the VSB containing a vestige of the upper sideband, then s(t) is
given by
S(t)y= A2 m(t) cos (2afet) + Ae/2 mo(t) sin (2afet)------ (14)




Envelope detection of a VSB Wave plus Carrier

To make demodulation of VSB wave possible by an envelope detector at the
receiving end it is necessary to transmit a sizeable carrier together with the modulated
wave. The scaled expression of VSB wave by factor k, with the carrier component

A.cos(2mf.t) can be given by

s(t) = A cos(2rf.t) + %kam(t) cos(2nf.t) — %kamo (t)sin(2nf.t)

2y (6) SIS e (1)

s(t)=A, [1 + ’;—“m(t)] cos(2mf.t) —

Where k,is the modulation index; it determines the percentage modulation. When

above signal s(t) is passed through the envelope detector, the detector output is given
by

2 1/2

k, S iy
a(®) = A, (1 + 7m(t)) + (7711@(12))

. (2)

The detector output is distorted by the quadrature component m,(t) as indicated by

equation (2)

Methods to reduce distortion

Distortion can be reduced by reducing percentage modulation &,

Distortion can be reduced by reducing m(t) by increasing the width of the vestigial
sideband.




Comparison of AM Techniques:

S.No | Parameter Standard AM SSB DSBSC VSB
1 Power High Less Medium Less than
DSBSC but
greater than
SSB
2 Bandwidth 24 fm 2fm fn<BW< 21,
3 Carrier No Yes Yes No
Suppression
4 Receiver Simple Complex Complex Simple
complexity
5 Modulation | Non-Linear Linear Linear Linear
6 Sideband No One side band | No One
Suppression completely sideband
suppressed
parlty
7 Transmission | Minimum Maximum Moderate Moderate
efficiency
8 Application | Radio Point to Point Point to Point TV
Communication | Communication | Communication | Broadcasting

Applications of different AM systems:

Amplitude Modulation: AM radio, Short wave radio broadcast

DSB-SC: Data Modems, Color TV’s color signals.

SSB: Telephone

VSB: TV picture signals




UNIT 111
ANGLE MODULATION

Basic concepts
Frequency Modulation
Single tone frequency modulation
Spectrum Analysis of Sinusoidal FM Wave
Narrow band FM,Wide band FM,Constant Average Power
Transmission bandwidth of FM Wave
Generation of 'M Waves:
o Indirect FM.Direct FM: Varactor Diode and Reactance Modulator
Detection of FM Waves:
o Balanced Frequency discriminator, #ro crossing detector, Phase lockd
loop
Comparison of FM & AM
Pre-emphasis & de-emphasis

FM Transmitter blocldiagram and explanation of each block




Instantaneous Frequency
The frequency of a cosine function x(¢) that is given by
x(t) = cos(wc+0o)

is equal to @ since it is a constant with respect to £, and the phase of the cosine is the constant
&. The angle of the cosine &) = @t +6 1s a linear relationship with respect to 7 (a straight
line with slope of @ and y—intercept of &). However, for other sinusoidal functions, the
frequency may itself be a function of time, and therefore, we should not think in terms of the
constant frequency of the sinusoid but in terms of the INSTANTANEOUS frequency of the
sinusoid since it is not constant for all . Consider for example the following sinusoid

y(£) = cos(6())
where O(t)is a function of time. The frequency of (¢) in this case depends on the function of

&(t) and may itself be a function of time. The instantaneous frequency of 3(f) given above is

defined as

Wi (O)=(O(D)

As a checkup for this definition, we know that the instantancous frequency of x(f) is equal to
its frequency at all times (since the instantaneous frequency for that function is constant) and is
equal to . Clearly this satisfies the definition of the instantancous frequency since &) = @t
+6 and therefore wy(¥) = w..

If we know the instantancous frequency of some sinusoid from —oo to sometime #, we can find

the angle of that sinusoid at time t using
0=/, («)da
Changing the angle (8(t))of some sinusoid is the bases for the two types of angle modulation:
Phase and Frequency modulation techniques.
Phase Modulation (PM)

In this type of modulation, the phase of the carrier signal is directly changed by the message
signal. The phase modulated signal will have the form

Jpm(t) = Acos[wct + kp(t)]

where 4 1s a constant, @, 1s the carrier frequency, m(f) 1s the message signal, and %, 1s a
parameter that specifies how much change in the angle occurs for every unit of change of m(7).

The phase and instantaneous frequency of this signal are

B, () = wet + ky(£)




w;(t) == w¢ + kyd/dt(m(t)
So, the frequency of a PM signal is proportional to the derivative of the message signal.

Frequency Modulation (FM)

This type of modulation changes the frequency of the carrier (not the phase as in PM) directly
with the message signal. The FM modulated signal is

Irm(@®) = Acos[wet + kg (t) f_toom(oc)doc]

where £r is a parameter that specifies how much change in the frequency occurs for every unit

change of m(f). The phase and instantaneous frequency of this FM are

0 (t) = wet + kp(t) f_toom(a)da

wi(t) = wet + kf% [f_tmm(oc)da]

Relation between PM and FM
PM and FM are tightly related to cach other. We see from the phase and frequency

7
relations for PM and FM given above that replacing m(#) in the PM signal with j m{a)d o

gives an FM signal and replacing #(¢) in the FM signal with % gives a PM signal. This is

illustrated in the following block diagrams.

Frequency Modulator (FM)

t _[ m(t)d o Phase
j ()d o = Modulator
e (PM)

Phase Modulator (PM)

dm(t)

dr Frequency

Modulator
(FM)




Frequency Modulation

In Frequency Modulation (FM) the instantaneous value of the information
controls the frequency of the carrier wave. This is illustrated in the following diagrams.

\/ \/ Time

Time

Notice that as the information signal increases, the frequency of the carrier increases,
and as the information signal decreases, the frequency of the carrier decreases.

The frequency fi of the information signal controls the rate at which the carrer
frequency increases and decreases. As with AM, f; must be less than f.. The amplitude of the
carrier remains constant throughout this process.

When the information voltage reaches its maximum value then the change in frequency
of the carrier will have also reached its maximum deviation above the nominal value. Similarly
when the information reaches a minimum the carrier will be at its lowest frequency below the
nominal carrier frequency value. When the information signal is zero, then no deviation of the
carrier will oceur.

The maximum change that can occur to the carrier from its base value f; 1s called the
frequency deviation, and 1s given the symbol Af.. This sets the dynamic range (i.e. voltage
range) of the transmission. The dynamic range 1s the ratio of the largest and smallest analogue

information signals that can be transmitted.




Construction of Narrowband I'requency and Phase Modulators

The above approximations for narrowband FM and PM can be easily used to construct
modulators for both types of signals

kf<<]

@W Eras piarrowBana) L)
T —+

cos(m D)

Narrowband M Modulator

s1n(o 7))

—a/2 CZ ) l| :: > ™ Epas (Warrewsap B
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Narrowband PM Modulator

Generation of Wideband FM Signals

Consider the following block diagram

Narrowband P
FM M (.) > gupm ()

Modulator j

grue s (1)
e Assume a BPF is included in this

block 1o pass the signal with the
highest carrier freugnecy and
reject all others

A narrowband FM signal can be generated easily using the block diagram of the narrowband
FM modulator that was described in a previous lecture. The narrowband FM modulator
generates a narrowband FM signal using simple components such as an integrator (an OpAmp),

oscillators, multipliers, and adders. The generated narrowband FM signal can be converted to a




wideband FM signal by simply passing it through a non—linear device with power P. Both the
carrier frequency and the frequency deviation Af of the narrowband signal are increased by a
factor P. Sometimes, the desired increase in the carrier frequency and the desired increase in Af
are different. In this case, we increase Af to the desired value and use a frequency shifter

(multiplication by a sinusoid followed by a BPF) to change the carrier frequency to the desired

value.
SINGLE-TONE FREQENCY MODULATION

Time-Domain Expression

Since the FM wave is a nonlinear function of the modulating wave, the frequency
modulation is a nonlinear process. The analysis of nonlinear process is the difficult
task. In this section, we will study single-tone frequency modulation in detail to

simplify the analysis and to get thorough understanding about FM.

Let us consider a single-tone sinusoidal message signal defined by
m(t)=A4A,,cos(21fmt)
The instantaneous frequency is then

Ft) = fetkfAmcos(2rfut) = fo+ Af cos(2nfat)

8() = 2mfct + 21k; [ A coS(2mfmt)dt
=2nf t+ 2wk . sin(2xf,,t)

f

=21f .t + Ky ?—m sin(2mfpt)

:?—f Sin(2aft)t 2aft

0(t) = 2rf t + Pesin(2rf . t)

Where ¢ = f—f

is the modulation index of the FM wave. Therefore, the single-tone FM wave is expressed by

seM(t) = Ac cos[2mfct + PBr sin(2fmt)]




This is the desired time-domain expression of the single-tone FM wave

Similarly, single-tone phase modulated wave may be determined from Eq.as

spM(t) = Ac cos|[2nfct + KpAn cos(2nfnt)]

or, spmM(t) = Ac cos[2nf:t + bp cos(2nfut)]

where
bp — kpAn

is the modulation index of the single-tone phase modulated wave.

The frequency deviation of the single-tone PM wave is

Sem(t) = Accos[2nf .t + Bf sin(2mf,t)]

Spectral Analysis of Single-Tone FM Wave

The above Eq. can be rewritten as

spm(t) = Re{ACejZchtejb Sin(annt)}

Forsimplicity, the modulation index of FM has been considered as p instead of by

afterward. Since sin(2nfut) is periodic with fundamental period T = 1/fu, the

complex expontial elP S jg a150 periodic with the same fundamental period.

Therefore, this complex exponential can be expanded in Fourier series representation
as

O
ejﬁsin(anmt) : E CnejZﬂnfmt

n=—co

where the ourier series coefficients ¢p are obtained as




i/

B e 5 -
Cn =_J e}ﬁSln(Z:‘Tfm[]e—ﬂ?ﬂtfm!d[ (5.24)
¥ i —T/Z

Let 2m f,,t = x. then Eq. (5.24) reduces to

4 T -
C. = _1_ ejﬁsin(x)e-jnxdx — i_f ef(,ﬁ' sin(.w.‘)—nx]dx (5.25)
"o 2m)_, 2m )_,

The integral on the right-hand side is known as the n™ order Bessel function of the
first kind and is denoted by J,(B). Therefore. ¢, = J,(f) and Eq. (4.23) can be
written as

— (5.26)
ejﬁsin{anmn__.___ Z jn(ﬁ)eﬂnn{mt

Nn=-=oa

By substituting Eq. (5.26) in Eq. (5.22). we get

SFM(!!) = Re {A'_ Z jn(B)eI—znnfml e,fzfr,"c{}

n=-=oo

=, Z Ju(B) cos[2n(f. + nf,)t] (5.27)

n=-—coo

Taking Fourier transform of Eq. (5.27). we get

1 oo
S(f) = EAL. Z JnBIS(f = fe —nfn) +6(f + fo +nfi)]  (5.28)

n==—o

From the spectral analysis we see that there 1s a carrier component and a number of
side-frequencies around the carrier frequency at +nf,.

The Bessel function may be expanded in a power series given by

n+2k

& (-1 (36) -
WFZ k! (k + n)! F

Plots of Bessel function J,(f) versus modulation index f for n=0,1,2,3,4 are
shown in Figure 5.3.




Figure 5.3 Plot of Bessel function as a function of modulation index.

Figure 5.3 shows that for any fixed value of n. the magnitude of /,,(f) decreases as 8
mcreases. One property of Bessel function 1s that

Ja(B), n even

J-n(B) ={ ~J.(8), modd (5.30)

One more property of Bessel function is that

Z J2B) = 1 (5.31)

n=—ow

(1)  The average power of the FM wave remains constant. To prove this. let us
determine the average power of Eq. (5.27) which is equal to

1 oo
P=4 ) Ji(B)

n==uw

Using Eq. (5.31). the average power P is now

1
P =4




TRANSMISSION BANDWIDTH OF FM WAVE

The transmission bandwidth of an FM wave depends on the modulation index p. The
modulation index, on the other hand, depends on the modulating amplitude and modulating
frequency. It is almost impossible to determine the exact bandwidth of the FM wave. Rather,

we use a rule-of-thumb expression for determining the FM bandwidth.

For single-tone frequency modulation, the approximated bandwidth is determined by

the expression

B =2(Af + f) = 2(B + Df, = 241(1 +%)

This expression is regarded as the Carson’s rule. The FM bandwidth determined

by this rule accommodates at least 98 % of the total power.

For an arbitrary message signal n(t) with bandwidth or maximum frequency W, the

bandwidth of the corresponding FM wave may be determined by Carson’s rule as

B = 2(Af + W) :2(D+1)W=2Af(1+%)

GENERATION OF FM WAVES

FM waves are normally generated by two methods: indirect method and direct method.

Indirect Method (Armstrong Method) of I'M Generation
In this method, narrow-band FM wave is generated first by using phase modulator and
then the wideband FM with desired frequency deviation is obtained by using

frequency multipliers.
t
s(t) = Accos[2mf.t + 2nkff m(t) dt]
0
s(t) = A cos[2nf .t + D(t)]

t
@(t) = 2nkff m(t) dt
0

s(t) = A cos(2mf.t) cos[@(t)]| — A, sin(2mf.t) sin[B(t)]




The above eq is the expression for narrow band FM wave
In this case

cos|@(t)] = 1 and sin[@(t)]| =~ @(t)

s(t) = Accos2rfet) — Acsin(2rft)D(t)

t
or,s(t) = A;cos(2rf.t) — 2mA Ky Sill(zﬁf}_.t)f m(t)dt
0

)\ Acos(2nf k)

: |

|

m(t) [ ) Product (3| NBFM

| modulator \ }
| ¥
' |
' 1
: Asin(2nf.t) [
i 1
' -m/2 |
' 1
' |
' |
' |
' [
' [
|

Narrow-band phase modulator
Fig: Narrowband FM Generator

The frequency deviation Af is very small in narrow-band FM wave. To produce
wideband FM, we have to increase the value of Af to a desired level. This is achieved by

meang of one or multiple frequency multipliers. A frequency multiplier consists of a nonlinear

device and a bandpass filter. The 1t order nonlinear device produces a d¢ component and n
number of frequency modulated waves with carrier frequencies f, 2f.. ... nf. and frequency
deviations Af, 2Af, ... nAf, respectively. If we want an FM wave with frequency deviation

211(1 31'(1

of 6Af, then we may use a 6t order nonlinear device or one order and one order
nonlinear devices in cascade followed by a bandpass filter centered at 6f.. Normally, we may
require very high value of frequency deviation. This automatically increases the carrier
frequency by the same factor which may be higher than the required carrier frequency. We
may shift the carnier frequency to the desired level by using mixer which does not change the

frequency deviation.

The narrowband FM has some distortion due to the approximation made in deriving
the expression of narrowband FM from the general expression. This produces some amplitude

modulation in the narrowband FM which is removed by using a limiter in frequency

multiplier.




Direct Method of FM Generation

In this method, the ingtantaneous frequency f(t) of the carrier signal c(t) ig varied directly
with the instantaneous value of the modulating signal n(t). For this, an oscillator is used in
which any one of the reactive components (either C or L) of the resonant network of the
oscillator 1s varied linearly with n(t). We can use a varactor diode or a varicap as a voltage-
variable capacitor whose capacitance solely depends on the reverse-bias voltage applied
acrosg it. To vary such capacitance linearly with n(t), we have to reverse-bias the diode by
the fixed DC voltage and operate within a small linear portion of the capacitance-voltage
characteristic curve. The unmodulated fixed capacitance Cqis hinearly varied by n(t) such that

the resultant capacitance becomes

C(t) = Co— kn(t)

where the constant k 1s the sensitivity of the varactor diode (measured in

capacitance per volt).

c(t)

fig: Hartley oscillator for FM generation

The above figure shows the simplified diagram of the Hartley oscaillator in
which 1s implemented the above discussed scheme. The frequency of oscillation for

such an oscillator ig given

1
f(O =— _
27 J(L, + Lo)C(0)
1
fF ey = - y -
21t~/ Ly + La)(Co — Kkmt))
1 1
2/ Cl.y + La)>Co \fl ~ kernice
('Ill




where f, 1s the unmodulated frequency of oscillation. Assuming,

km(t)

0

<1

we have from bimomial expansion,

1
-1y L
:‘cm(r)) = km(t)
¥ ~14+—
( Co 2Cy

‘Ce) = _ (1 fem ()’
FRER e A 2 T " gn, )

. Kfemd(o)

2C,

or, f(t) = fco + kgpm(r)

1s the frequency sensitivity of the modulator. The Eq. (5.42) 1s the required expression for the
instantaneous frequency of an FM wave. In this way, we can generate an FM wave by direct
method.

Direct FM may be generated also by a device in which the inductance of the resonant
circuit 18 linearly varied by a modulating signal n(t); in thig case the modulating signal being
the current.

The main advantage of the direct method is that it produces sufficiently high
frequency deviation, thus requiring little frequency multiplication. But, it has poor frequency
gtability. A feedback scheme is used to stabilize the frequency in which the output frequency
1s compared with the constant frequency generated by highly stable crystal oscillator and the
error signal 1s feedback to stabilize the frequency.

DEMODULATION OF FM WAVES

The process to extract the message signal from a frequency modulated wave 1s known
as frequency demodulation. As the information in an FM wave is contained in its
instantaneous frequency, the frequency demodulator has the task of changing frequency
variations to amplitude variations. Frequency demodulation method is generally categorized

into two types: direct method and indirect method. Under direct method category, we will

discuss about limiter discriminator method and under indirect method, phase-locked loop

(PLL) will be discussed.




Limiter Discriminator Method

Recalling the expression of FM signal,

s(t) = Accos[2rf .t + 2mk; J’tm(t) dt]
0

In this method, extraction of n(t) from the above equation involves the three steps:
amplitude limit, discrimination, and envelope detection.

A. Amplitude Limit

During propagation of the FM signal from transmitter to receiver the
amplitude of the FM wave (supposed to be constant) may undergo changes due to
fading and noise. Therefore, before further processing, the amplitude of the FM
signal is limited to reduce the effect of fading and noise by using limiter as discussed
in the section 5.9. The amplitude limitation will not affect the message signal as the

amplitude of FM does not carry any information of the message signal.

B. Discrimination/ Differentiation

In this step we differentiate the FM signal as given by

Ast) _ [ coclonis & 5 J{ t)dl
dt LII[ e COS | 2Me i am( (

d {-AL. cos [Zn];.t + 21k, j:m(i )(H]} {f{EH}L.{ + 21k ]nr m(z.]dt}

d{2nf.t + 2mky [ m(t)dt} dt

-
= —At.[2rr];. + 2mk; m(t)lsin [ZH};{ + Zm’qJ m({)dtl
0

Here both the amplitude and frequency of this signal are modulated.
In this case, the differentiator is nothing but a circuit that converts change in
frequency into corresponding change in voltage or current as shown in Fig. 5.11. The

ideal differentiator has transfer function

H(w) = j2nf
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Figure : Transfer function of ideal differentiator.

Instead of ideal differentiator, any circuit can be used whose frequency
regponse 18 linear for some band in positive slope. This method 18 known as slope
detection. For this, linear segment with positive slope of RC high pass filter or LC
tank circuit can be used. Figure 5.13 gshows the use of an LC circuit as a

differentiator. The drawback is the limited linear portion in the

slope of the tank circuit. This is not suitable for wideband FM where the peak frequency
deviation 1s high.

[H(D)

|
8
A |
FAl

/o |

1 | |
0|
0 : £l
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Figure : Use of LC tank circuit as a differentiator.

A better solution 1s the ratio or balanced slope detector in which two tank
circuits tuned at fo+ Af and f.— Af are used to extend the linear portion as shown in
below figure.
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Figure : Frequency response of balanced slope detector.

Another detector called Foster-seely digeriminator eliminates two tank circuits but still
offer the same linear as the ratio detector.

C. Envelope Detection

The third step is to send the differentiated signal to the envelope detector to recover the
message signal.

Phase-Lockd Loop (PLL) as FM Demodulator
A PLL consists of a multiplier, a loop filter, and a VCO connected together to form a

feedback loop as shown in Fig. 5.15. Let the mput signal be an FM wave as defined
by

s(t) = A; cos[2nft + B1(t)]

L
?,(t) = 2k, ] m(t)dt

0

() <7\ e® Loop filter v(t)
N/ h(t)

I v 'l’ll._i__'l(t}

VvCO

Fig: PLL Demodulator




Let the VCO output be defined by
vveo(t) = Avsin[2nft + ©2(1)]

where

=

@2(t) = 2nks Fv(t)dt
Here k, 1s the frequency sensitivity of the VCO measured in hertz per volt. The
multiplication of s(¢) and vy, (t) results
S(t)vyeo(t) = Aqcos|2mf .t + 0,(t)] A, sin[27f .t + 0,(t)]

4.4,

2

AcA, |
= 'T‘sinmw +0,(t) +0,(t)] +——sin[0,(t) - 0,(¢)]

The high-frequency component is removed by the low-pass filtering of the loop
filter. Therefore, the input signal to the loop filter can be congidered as

AA _
- -sin[0,(t) — 0,(t)]

e(t) =

The difference @2(t) — @1(t) = @e(t) constitutes the phase error. Let us assume that
the PLL 1s in phase lock so that the phase error 1s very small. Then,

sin[@,(t) — 0,(0)] = @,(t) — D,(¢)

t
D.(t) = anl,f v(t)dt — @,(t)




Differentiating Eq. (5.48) with respect to time. we get

dd.(t) dd, (£)
—_—_— 2 k. ot — e
dt Tl AL) dt
Since
_/itr".'.
v(t) = e(t) = h(t) = —5—[@. () = h(e)]
Eq. (5.50) becomes
dD,. (L) 1.4, d@, (L)
—""'—-_?.'fo‘../—.-:—lmg.(f)+h(f)| =

dt ot

dd. () d®d, ()
et et

or,wk, A AL[O () « h(t)]
Taking Fourier transform of Eq. (5.52). we get
whk , A Ay B (fIHS) — j2rf@(f) = j2rr fD,(f)

izt

or: Bkl = R B — Joaf Pa)
1
or,@.(f) = Tk, AL Ay Gy @,0/)

J2af

Fourner transtorm of Eq. (5.51) 1s

- AcAy : _——
Vi ) mi=F= D IHCS)

Subsuming Eq. (5.53) imto (5.54), we gei

5 ALAL 1
VO =2 wk A A, .- —
2 f D

D,(FIHCS)

We design /1 ( /) such that

!.“ffl.i“_..‘1 v H < I = 1
J2Zf ry >

i the frequency band | f| =< W of the message signal.

-

u LR = Bt : @y CFIH )
-1 _ 2 ke, A,.A,, z 2
12wy U

1 i
{J!'__V(j ;) ——2}1!\_ _;".:’.!(_f(()‘_(_f )
L

Taking inverse Fourier transformm of Eq. (4.56)., we get

1 dd, ()
2l dt

1 d ( ~ € i
—{Z.rrk., I (e )(!{.}
Jo

T 2arke,, dt

(L)

L .

- m:zﬂ'f{; e (L)
Ie

& CE) = °r m(t)
f‘.n.'

Since the control voltage of the VCO is proportional to the message signal, v(t) is the

demodulated signal.




We observe that the output of the loop filter with frequency response H(f) is the desired
message signal. Hence the bandwidth of H(f) should be the same as the bandwidth W of the message
signal. Congequently, the noige at the output of the loop filter i also limited to the bandwidth W. On
the other hand, the output from the VCO 1s a wideband FM signal with an instantaneous frequency that
follows the instantaneous frequency of the received FM signal.

PREEMPHASIS AND DEEMPHASIS NETWORK

In FM, the noise increases linearly with frequency. By this, the higher frequency components
of message signal are badly affected by the noise. To solve this problem, we can use a preemphasis
filter of transfer function Hy(f) at the transmitter to boost the higher frequency components before
modulation. Similarly, at the receiver, the deemphasis filter of transfer function Hu(f)can be used
after demodulator to attenuate the higher frequency components thereby restoring the original
message signal.

The preemphasis network and its frequency response are shown in Figure 5.19

(a) and (b) regpectively. Similarly, the counter part for deemphasis network is shown in Figure

5.20.
20log|Hy()]
I| .
Message I 2 Preemphasized
signal T message signal

(a) (b)

Figure ;(a) Pre-emphasis network. (b) Frequency response of pre-emphasis network.
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Figure (a) Deemphasis network. (b) Frequency response of Deemphasis network.

In FM broadcasting, fi and fzare normally chosen to be 2.1 kHz and 30 kHz
respectively.

The frequency response of preemphasis network 1s

) '.Vz j\-v -+ ]-Vl
1) - (2
»(f) wy/ jw + ws
Here. w = 2rrf and wy; = 2rtf;. For w << wy.
Hp(f) ~=
And for wy <K w < ws,
j2nf
Hy(f) =~
wy

So, the amplitude of frequency components less than 2.1 kHz are left unchanged and
greater than that are increased proportional to f.

The frequency response of deemphasis network 1s

- e W
Ha(1) = j2uf + wy
For w < w,,
e J2Tf +wy
Hy(f) = =

such that

Hy(f)Ha(f) = 1

over the baseband of 0 to 15 KHz.




Comparison of AM and FM:

S.NO

AMPLITUDE MODULATION

FREQUENCY MODULATION

1.

Band width is very small which is one of
the biggest advantage

It requires much wider channel ( 7to 15
times ) as compared to AM.

The amplitude of AM signal varies
depending on modulation index.

The amplitude of FM signal is constant
and independent of depth of the
modulation.

Area of reception is large

The are of reception is small since it is
limited to line of sight.

Transmitters are relatively simple &
cheap.

Transmitters are complex and hence
expensive.

The average power in modulated wave is
greater than carrier power. This added
power is provided by modulating source.

The average power in frequency
modulated wave is same as contained in
un-modulated wave.

More susceptible to noise interference and
has low signal to noise ratio, it is more
difficult to eliminate effects of noise.

Noise can be easily minimized amplitude
variations can be ¢liminated by using
limiter.

it is not possible to operate without
interference.

it is possible to operate several
independent transmitters on same
frequency.

The maximum value of modulation index
= 1, other wise over-modulation would
result in distortions.

No restriction is placed on modulation
index.

FM Transmitter

The FM transmitter is a single transistor circuit. In the telecommunication, the frequency
modulation (FM)transfers the information by varying the frequency of carrier wave according to the
message signal. Generally, the FM transmitter uses VHF radio frequencies of 87.5 to 108.0 MHz to
transmit & receive the FM signal. This transmitter accomplishes the most excellent range with less
power. The performance and working of the wireless audio transmitter circuit is depends on the
induction coil & variable capacitor. This article will explain about the working of the FM transmitter
circuit with its applications.

The FM transmitter is a low power transmitter and it uses FM waves for transmitting the sound,
this transmitter transmits the audio signals through the carrier wave by the difference of frequency. The
carrier wave frequency is equivalent to the audio signal of the amplitude and the FM transmitter
produce VHF band of 88 to 108MHZ.Plese follow the below link for: Know all About Power
Amplifiers for FM Transmitter




To
Antenna

Microphone Audio Pre-

Amplifier Modulator

Oscillator RF-Amplifier

Block Diagram of FM Transmitter

Worlag of FM Transmitter Circuit

The following circuit diagram shows the FM transmitter circuit and the required electrical and
electronic components for this circuit is the power supply of 9V, resistor, capacitor, trimmer capacitor,
inductor, mic, trangmitter, and antenna. Let us consider the microphone to understand the sound signals

and inside the mic there is a presence of capacitive sensor. It produces according to the vibration to the

L1
0.1uH
—£<T 1
R2 T o-1000f
[] 4.7K _ ey
Q1 l T BAT1
BCS47 c2 av
l 22pf-100pf
Do, T

change of air pressure and the AC signal.

T o0.001uF (102) |
R1
330R

FM Transmitter circuit

The formation of the oscillating tank circuit can be done through the transistor of 2N3904 by using the
inductor and variable capacitor. The transistor used in this circuit is an NPN transistor used for general
purpose amplification. If the current 1s passed at the inductor L1 and variable capacitor then the tank
circuit will oscillate at the resonant carrier frequency of the FM modulation. The negative feedback

will be the capacitor C2 to the oscillating tank circuit.

To generate the radio frequency carrier waves the FM transmitter circuit requires an oscillator.
The tank circuit is derived from the LC circuit to store the energy for oscillations. The input audio
signal from the mic penetrated to the base of the transistor, which modulates the LC tank circuit carrier

frequency in FM format. The variable capacitor is used to change the resonant frequency for fine

modification to the FM frequency band. The modulated sienal from the antenna is radiated as radio




waves at the FM frequency band and the antenna is nothing but copper wire of 20em long and 24
gauge. In this circuit the length of the antenna should be significant and here you can use the 25-27

inches long copper wire of the antenna.

Application of 'm Transmitter

e The FM transmitters are used in the homes like sound systems in halls to fill the sound with the

audio source.

These are also used in the cars and fitness centers.

The correctional facilities have used in the FM transmitters to reduce the prison noise in common
areas.

Advantages of the FM Transmitters

The FM transmitters are easy to use and the price is low
The efficiency of the transmitter is very high
It has a large operating range

This transmitter will reject the noise signal from an amplitude variation.
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UNIT IV
NOISE

Noise in communication System,

White Noise

Narrowband Noise —In phase and Quadrature phase components
Noise Bandwidth

Noise Figure

Noise Temperature

Noise in DSB& SSB System

Noise in AM System

Noise in Angle Modulation System

Threshold effect in Angle Modulation System



Noise in communication system

A signal may be contamunated along the path by noise. Noise may be defined as any
unwanted mtroduction of energy into the desired signal. In radio receivers. noise may
produce “hiss” in the loudspeaker output. Noise is random and unpredictable.

Noise i1s produced both external and internal to the system. External noise
mncludes atmospheric noise (e.g., from lightning). galactic noise (thermal radiation
from cosmic bodies), and industrial noise (e.g.. from motors, igmtion). We can
minimize or eliminate external noise by proper system design. On the other hand.
internal noise 1s generated mside the system. It 1s resulted due to random motion of
charged particles in resistors, conductors, and electronic devices. With proper system
design. 1t can be nunimized but never can be elimmated. This 1s the major constraint
m the rate of telecommunications.

® Noige 15 unwanted signal that affects wanted signal

® Noige 18 random signal that exists in communication systems
Effect of noise

» Degrades system performance (Analog and digital)
» Receiver cannot distinguish signal from noise

> Efficiency of communication system reduces
Types of noise

% Thermal noise/white noise/Johnson noise or fluctuation noise
7 Shot noise
» Noise temperature

» Quantization noige

Noise temperature

Equivalent noise temperature is not the physical temperature of amplifier, but a theoretical construct,
that 1s an equivalent temperature that produces that amount of noise power

Te=(F—1)

White noise

One of the very important random processes is the whife noise process. Noiges in many
practical situations are approximated by the white noise process. Most importantly, the white noise
plays an important role in modelling of WSS signals.

A white noise process w(t) 18 a random process that has constant power spectral density at all
frequencies. Thus

Swlw) = % 00 (<0




where N, is a real constant and called the infensity of the white noise. The corresponding
autocorrelation function is given by

Ry (1) = %8(1’) where 8(7) 1s the Dirac delta
The average power of white noise
Pavg = EW2()— [ = d w—o0
The autocorrelation function and the PSD of a white noise process is shown in Figure 1 below.

S (@) 1
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2

fig: auto correlation and psd of white noise
NARROWBAND NOISE (NBN)

In most communication systems, we are often dealing with band-pass filtering ot signals. Wideband
noise will be shaped into band limited noise. Ifthe bandwidth of the band limited noise is relatively
small compared to the carrier frequency, we refer to this as narrowband noise.

the narrowband noise is expressed as as

n(t)=x(t)cos(2rft)-y(t)sin (2 ft)

where fo 1s the carrier frequency within the band occupied by the noise. x(¢) and y(f) are known

as the quadrature components of the noise n(f). The Hibert transform ol s(f) 1s

Proof.
The Fourier transform of m(¢) 1s

N X = f2) +5X(f + ) +57Y(F = f) =2V (f + /)

Let ]G (/Y be the Fourier transform of # (¢). In the frequency domain,]\/} (f) =

N(NH[-7 sgn(f)]. We simply multiply all positive frequency components of M(f) by -j and all negative

[CQUCTICY COTIPOTICTITS



A)=H[n(t)|=x(t)sin(2m f.t)y+y(t)cos 2mf.t)
N X(f = )+ 5 X+ £) = j50Y(F = f) —J5/Y(F + £)
NO=—5X(f = f)+13XF+ ) +5Y(F =) +5Y(F + 1)

And the Inverse Fourier transform of N(f) 1S

AO=x(Osin2r f tyty(t)cos (2 f,t)

The quadrature components x(f) and y(f) can now be derived from equations

x(f) = n(B)eo2 [f-t+ #'(fsin 2711t |
and
WH = n(Heos 200t -1 (Hsin 2 fot

Wideband Narro_wband
noise noise
Ba%};jepiass > Gp(f)
f I
¢ f\ ! [\ ™ Frequency
fco 0f,

Fig: Generation of narrow band noise

x [t Fx (¢ Jcos4n fot -y (t)sin 47 f,t
f LPF

—-—® -—ﬁ—LX t)

2n(t)

LPF

sin27wf, t

Fig: Generation of quadrature components of #(7).

o Filters at the receiver have enough bandwidth to pass the

desired signal but not too big to pass excess noise.
o Narrowband (NB) fc center frequency 1s much bigger that the bandwidth.
© Noige at the output of such filters is called narrowband noise (NBN).

© NBN has spectral concentrated about some mud-band frequency f¢




© The sample function of such NBN #n(f) appears as a sine wave of frequency f, which modulates

slowly in amplitude and phase

Input signal-to-noise ratio (SR, ): 1s the ratio of the average power of modulated signal s(f)to the
average power of the filtered noise.

Output signal-to-noise ratio (SNR,) ): 1s the rafio of the average power of demodulated message fo the
average power of the noise, both measured at the receiver output.

Channel signal-to-noise ratio (SNR.. ): is the ratio of the average power of modulated signal s(1)to

the average power of the noise in the message bandwidth, both measured at the receiver mput,

Noise figure

The Noise figure is the amount of noise power added by the electronic circuitry in the receiver to the
thermal noise power from the input of the receiver. The thermal noise at the input to the receiver passes
through to the demodulator. This noise is present in the receive channel and cannot be removed. The
noige figure of circuits in the receiver such as amplifiers and mixers, adds additional noise to the

receive channel. This raises the noise floor at the demodulator

signal toneiseratioc at input

Noise figure =— _ :
s;gnal fa noise ratio at output

Noise Bandwidth

A filter’s equivalent noise bandwidth (ENBW) 1s defined as the bandwidth of a perfect rectangular
filter that passes the same amount of power as the cumulative bandwidth of the channel selective filters
in the receiver. At this point we would like to know the noise floor in our receiver, 1.e. the noise power
in the receiver intermediate frequency (IF) filter bandwidth that comes from kTB. Since the units of
kTB are Watts/ Hz, calculate the noise floor in the channel bandwidth by multiplying the noise power
in a 1 Hz bandwidth by the overall equivalent noise bandwidth in Hz.

NOISE IN DSB-SC SSTEM:
Let the transmitted signal is

u(t)=A4.m(t) cos(2m f.t)




The received signal at the output of the receiver noise- imiting filter : Sum of thig signal and filtered

noise .A filtered noiseprocess can be expressed in terms of its in-phase and quadrature components as

n(r) = A(t)cos[2af 1 +6(1)] = A(r) cos B(r) cos(2af 1) — A(t)sin O(t)sm(27f 1)
=n_(t)cos(2af.t)—n_(t)sm(27f 1)

where n Cﬂ) 18 in-phase component and #» s( #) 1g quadrature component

Received signal (Adding the filtered noise to the modulated signal)

r(ty=u(t)ytn(t)
=A.m(t) cosQ2m fet)t n(t)cos(2rf 1)- n()sin(2wf 1)

Demodulate the received signal by first multiplying 1(t) by a locally generated sinusoid cos(ZHfCt + ),

where [ is the phase of the sinusoid. Then passing the product signal through an ideal lowpass filter
having a bandwidth W.

The multiplication of r(t) with cos(2xfct + ¢) yields
r(f)cos(2z ft+ )
=u(f)cos(2z f.t+¢)+n(t)cos(27 f.1 + ¢)
= A m(t)cos(27 f.t)cos(27 f 1+ 4)
+n_(t)cos(27 f.t)cos(27 f.t+¢)—n (1) sin(27 £t )cos(27 f.1+ @)
=1 A m(t)cos(¢)+L A m(r)cos(dr f1+9)
+1 [szr (t)cos(¢)+n, (1)sin(gp )]+ %[nf (t)cos(dz ft+¢)—n (r)sin(dr ft+g )]

The low pass filter rejects the double frequency components and passes only the low pass components.

Y= Acm(t) cos(@)F5 [ne(t)cos(@ )+ ny(t)sin(@)]
the effect of a phase difference between the received carrier and a locally generated carrier at the
receiveris a drop equal to cos?() in the received signal power.

Phase-locked loop

The effect of a phase-locked loop 1s to generate phase of the received carrier at the receiver.

If a phase-locked loop 1s employed, then ¢ =0 and the demodulatoris

called a coherent or synchronous demodulator.




In our analysis in this section, we assume that we are employing a coherent demodulator.
With this assumption, we assume that ¢ =0
1
YO [A:m(e) + no(0)]

Therefore, at the receiver output, the message signal and the noise components are additive and we are

able to define a meaningful SNR. The message signal power is given by

AZ
PO — TC PM
Power Py ris the content of the messagesignal
The noise power is given by
1 1
Pno__4 ne 4in

The power content of n(t) can be found by noting that it is the result of passing nw(t) through a filter
with bandwidth B C.Therefore, the power spectral density of n(t) i1s givenby

ES — W
Sn(f)zg{ | F—J0 1=

0 otherwise

The noise power 1s

o0 N
B = [ 8,(f)df ==L = 21N,

Now we can find the output SNR as

[' SY _& S0, _ADh,

N)s FB, +2WN, 2WN,
In this case, the received signal power, given by
> 2
'[H _‘_'{t' j,:”rfz
I'he output SNR for DSB-SC AM may be expressed as
(5 __ &
\N ), .. NW

which is 1dentical to baseband SNR.

In DSB-SC AM, the output SNR is the same as the SNR for a baseband system. DSB-SC AM does not

provide any SNR improvement over a simple baseband communication system.




NOISE IN SSB-SC SSTEM:

Let SSB modulated signal 1s
u(t=A m(t) cos(2mf t)xmi(t) sin (2mf, 1)

Input to the demodulator

r(r)y=A.m(r)cos(2x L) F Am(t)ysm(2x f.1)+n(r)
= A m(t)cos(Rr f.t) F An(t)sin(2x f.1) +n () cos(2x £t )—n, (1) sin(2x £.1)
= [-4t_m(r) +n_(t }]coa(:’.rr_f;f) + [¢ A m(t)—n, (H]-ain(:;rj:_r)

Assumption : Demodulation with an ideal phase reference.

Hence, the output of the lowpass filter is the in-phase component (with a coefficient of

5} of the preceding signal.
Parallel to our discussion of DSB. we have
A
RJ = 1 P_'u
S P, AP
P,=7B =7E () ==
4 = 4 \N )y £, WN,

N S
R’ - I ‘S-!r( f}““f :_.,P‘X 2W = IT:\‘O

B,=P.=APB,
@4 _&.ﬂi]
\N)o, N \N),

The signal-to-noise ratio in an SSB gystem is equivalent to that of a DSB system.
Noise in Conventional AM

DSB AM signal : (1) = A_[1+am, (1)]cos(27 f.1)
Received signal at the input to the demodulator
r(t)=A[l1+am,(t)|cos(2z f.t)+n(t)
= A_[1+am, (t)]cos(2x f.t)+n_(f)cos(27x f.t)—n, (t)sin(27 f.1)

[.Jc [1+am, (£)]+n_( r]]cos{ 2 ft)—n (t)sin(27 f.r)

Where a 18 the modulation index

m,(t) is normalized so that its minimum value is -7




If a synchronous demodulator i¢ employed, the situation ig basically similar to the DSB
case, except that we have 1 + am, (#) instead ofm(2).

Y= [Acamy (D] + ()]

Rece1ved signal power

=

P, =2 1+a’R, |

Assumed that the message process 1s zero mean.
Now we can derive the output SNR as
(8 pavm, Lon, on, th+ap,|
04

N 1P, 2NW 1+a’P, N
__a'R, B _ aB, (S ) B !7[ S ]
1+a’B, NW 1+a°’B, \ N), N ),

7 denotes the modulation efficiency

Since a F, <1l+a B, | the SNR in conventional AM is always
smaller than the SNR i1n a baseband system.

In practical applications, the modulation index a 1g in the range of 0.8-0.9.
Power content of the normalized message process depends onthe message source.

Speech signals : Large dynamic range, Py ris about0.1.

Y ¥ ¥V ¥

The overall logs in SNR, when compared to a baseband system, is a factor of

0.075 or equivalent to a loss of 11 dB.

The reason for this loss is that a large part of the transmitter power is used to send the carrier
component of the modulated signal and not the desired signal. To analyze the envelope-detector

performance in the presence of noise, we must use certain approximations.

This is a result of the nonlinear structure of an envelope detector, which makes an exact analysis
difficult

In this case, the demodulator detects the envelope ofthe received signal and the noise process.

The input to the envelope detectoris

()= [A.-[1 + am, ()] + n.(D)]) cos@rf.t)- n,(t)sin(2rf.t)

Therefore, the envelope of 7 (1) 18 given by

V. A{f)= \‘.‘"[Af[l +am, (1)]+n,_ (_r)]: +nZ(r)

Now we assume that the signal component in » (¢ ) 1s much stronger than the noise
component. Then




P(n (1) << A[l+am, ()])~1
Therefore, we have a high probability that
V)~ A[l+am (1)]+n.(t)
After removing the DC component, we obtain
)= A.am, (1) + n.(t)

which is basically the same as y(#) for the synchronous demodulation without the %4

coefficient.
This coefficient, of course, has no effect on the final SNR. So we conclude that, under the

assumption of high SNR at the receiver input, the performance of synchronous and envelope

demodulators is the same.

However, if the preceding assumption 1s not true, that is, 1f we assume that, at the receiver input, the

noise power is much stronger than the signal power, Then

V(1) = \;"[.ic [1+am,(1)]+n, (r}]z +n (1)

= \;"Af [L+am, (OF +n2(t)+n} (t)+ 240, (O[1+am, (1]

3 7 :".. r [ b
—2 5 X)) +n2 () 1+— An. (1) (1+am, (1))
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(a): A[1+am ()] is small compared with the other components
(b): L (D) +n (D) =V, (1) :the envelope of the noise process
Use the approximation
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We observe that, at the demodulator output, the signal and the noise components are no longer

additive. In fact, the signal component is multiplied by noise and is no longer distinguishable. In this

case, no meaningful SNR can be defined. We say that this system 1s operating below the threshold.




The subject of threghold and its effect on the performance of'a communication system will be covered

in more detail when we discuss the noise performance in angle modulation.

Effect of threshold in angle modulation system:

FM THRESHOLD EFFECT FM threshold is usually defined as a Carrier-to-Noise ratio at
which demodulated Signal-to-Noise ratio falls 1dB below the linear relationship . This is the effect
produced in an FM receiver when noise limits the desired information signal. It occurs at about 10 dB,
ag earlier stated in 5 the introduction, which i at a point where the FM signal-to-Noige improvement 1s
measured. Below the FM threshold point, the noise signal (whose amplitude and phase are randomly
varying) may instantaneously have amplitude greater than that of the wanted signal. When this
happens, the noise will produce a sudden change in the phase of the FM demodulator output. In an
audio system, this sudden phase change makes a “click”. In video applications the term “click noige” is

used to describe short horizontal black and white lines that appear randomly over a picture

An mmportant aspect of analogue FM satellite systems 18 FM threshold effect. In FM systems where the
signal level i1¢ well above noise received carrier-to-noise ratio and demodulated signal-to-noise ratio

are related by:

2
S = 3p CHN Em?%

where S signal-to-noise ratio at output of FIvI deraodulator
fs Fldeviation ratio or modulaton index = { Af/B)
cH = camier-to-noise ratio at input of FIV deraodulator
Af'=rpeak deviation
B =basebandwidth of sighal being raodulated

The expression however does not apply when the carmer-to-noise ratio decreases below a certain point.
Below this critical point the signal-to-noise ratio decreases significantly. This is known as the FM
threshold effect (FM threshold 1s usually defined as the carnier-to-noise ratio at which the demodulated
signal-to-noise ratio fall 1 dB below the linear relationship given in Eqn 9. It generally is considered to
occur at about 10 dB).

Below the FM threshold point the noise signal (whose amplitude and phase are randomly varying),
may instantaneously have an amplitude greater than that of the wanted signal. When this happens the
noise will produce a sudden change in the phase of the FM demodulator output. In an audio system this
sudden phase change makes a "click”. In video applications the term "click noise” 1s used to describe

short horizontal black and white lines that appear randomly over a picture, because satellite

communications gystems are power limited they usually operate with only a small design margin above




the FM threshold point (perhaps a few dB). Because of this circut designers have tried to devise
techniques to delay the onset of the FM threshold effect. These devices are generally known as FM
threshold extension demodulators. Techniques such ag FM feedback, phage locked loops and frequency
locked loops are used to achieve this effect. By such techmques the onset of FM threshold effects can
be delayed till the C/N ratio is around 7 dB.

Noise in Angle Modulated Systems

Like AM, noise performance of angle modulated systems 1s characterized by parameter v

_3 2
}’FM—,Z.B

If it is compared with AM

YFM i(CUFM' =
2
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Note if bandwidth ratio is increased by a factor 2.Then
Y Ens

vase  Increages by a factor 4

This exchange of bandwidth and noise performance is an important feature of FM
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P is the average power of the message signal

C? 1s a constant that ensures that the ration 1s dimensionless.
7" 15 the message bandwidth.

A, 15 the amplitude of the carrier signal

k, 1s the amplitude sensitivity of the modulator.

p=k,A4, and 4, 1sthe amplitude sinusoidal wave
p= %is the modulation index.

k, 1s the frequency sensitivity of the modulator.

Af 1s the frequency deviation.




UNIT-V
Receivers
Introduction:

In radio communications, a radio receiver is an electronic device that receives radio
waves and converts the information carried by them to a usable form.The antenna intercepts
radio waves (electromagnetic waves) and converts them to tiny alternating currents which are
applied to the receiver and the receiver extracts the desired information. The receiver uses
electronic filters to separate the desired radio frequency signal from all the other signals picked
up by the antenna, an e¢lectronic amplifier to increase the power of the signal for further
processing, and finally recovers the desired nformation through demodulation. The information
produced by the receiver may be in the form of sound, moving images (television), or data.
Radio receivers are very widely used in modern technology, as components of communications,
broadcasting, remote control, and wireless networking systems.

Types of Receivers:

The component technology, and in particular semiconductor technology has surged
forwards enabling much higher levels of performance to be achieved in a much smaller
space.Many of the different radio receiver types have been around for many years. Some of them
are

1. Tuned radio frequency, TRF:

This type of radio receiver was one of the first that was used. The very first radio
receivers of this type simply consisted of a tuned circuit and a detector. Crystal sets were early
forms of TRF radios. Later amplifiers were added to boost the signal level, both at the radio
frequencies and audio frequencies. There were several problems with this form of receiver. The
main one was the lack of selectivity. Gain / sensitivity were also a use.

2 Regenerative receiver:

The regenerative radio receiver significantly improved the levels of gain and selectivity
obtainable. It used positive feedback and ran at the point just before oscillation occurred. In this
way a significant multiplication in the level of "Q" of the tuned circuit was gained. Also major
improvements in gain were obtained this way.

3. Super regenerative receiver:

The super regenerative radio receiver takes the concept of regeneration a stage further.
Using a second lower frequency oscillation within the same stage, this second oscillation
quenches or interrupts the oscillation of the main regeneration — typically at frequencies of
around 25 kHz or so above the audio range. In this way the main regeneration can be run so that
the stage is effectively in oscillation where it provides very much higher levels of gain. Using the
second quench oscillation, the effects of running the stage in oscillation are not apparent to the
listener, although it does emit spurious signals which can cause interference locally.




4.Super heterodyne receiver:

The super heterodyne form of radio receiver was developed to provide additional levels
of selectivity. It uses the heterodyne or mixing process to convert signals done to a fixed
mtermediate frequency. Changing the frequency of the local oscillator effectively tunes the radio.

5. Direct conversion receiver:

This type of radio format converts the signal directly down to the baseband frequency.
Imitially it was used for AM, Morse (CW) and SSB transmissions. Now it is widely used for
digital communications where IQ demodulators are used to take advantage of the variety of
phase shift keyving, PSK, and quadrature amplitude modulation, QAM signals.

Many of these different types of radio receiver are in widespread use today. Each type of
radio has its own characteristics that lend its use to particular applications.

Tuned Radio Frequency Receiver(TRF)

The tuned radio frequency receiver is one in which the tuning or selectivity is provided at
the radio frequency stages. Tuning is provided by a tuned coil / capacitor combination, and then
the signal is presented to a simple crystal or diode detector where the amplitude modulated signal

18 recovered. This 1s then passed straight to the headphones.

The tuned radio frequency receiver was used in the early days of wireless technology but
it 18 rarely used today as other techmques offering much better performance are available.
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Fig.Block diagram of Tuned radio frequency receiver
Operation:

TRF receiver consists of two or three stages of RF amplifiers, detector, audio amplifier
and power amplifier. The RF amplifier stages placed between the antenna and detector are used
to increase the strength of the received signal before it is applied to the detector. These RF
amplifiers are tuned to fix frequency, amplify the desired band of frequencies. Therefore they
provide amplification for selected band of frequencies and rejection for all others. As selection
and amplification process ig carried out in two or three stages and each stage must amplify the




same band of frequencies, the ganged tuning is provided.

The amplified signal is then demodulated using detector to recover the modulating signal.
The recovered signal is amplified further by the audio amplifier followed by power amplifier
which provides sufficient gain to operate a loud speaker. The TRF receivers suffered from
number of annoying problems.

The tuned radio frequency receiver was popular in the 1920s as it provided sufficient gain
and selectivity for the receiving the broadcast stations of the day. However tuning is difficult in
which as each stage in the early radios needed to be adjusted separately. The TRF receiver has
largely been disregarded in recent years. Other receiver topologies offer far better levels of
performance, and with integrated circuit technology, the additional circuitry of other types of
receiver is not an issue.Later ganged tuning capacitors were introduced, but by this time the
superheterodyne receiver was becoming more widespread.

Disadvantages of TRF receiver

* Poor selectivity and low sensitivity in proportion to the number of tuned amplifiers used.

» Selectivity requires narrow bandwidth, and narrow bandwidth at a high radio frequency implies
high Q or many filter sections.

* An additional problem for the TRF receiver is tuning different frequencies. All the tuned
circuits need to tune together to the same frequency or track very closely. Another problem is to
keep the narrow bandwidth tuning. Keeping several tuned circuits aligned is difficult.

* The bandwidth of a tuned circuit doesn’t remain constant and increases with the frequency
increase.

* The need to have all RF stages track one another

* Instability due to large number of RF stages.

* Received bandwidth increases with frequency (varies with center frequency)

* Gain is non-uniform over a wide range of frequencies

Superheterodyne Receiver:

To solve basic problem of TRF receivers, first all the mmcoming RF frequencies are
converted to fix lower frequency called Intermediate Frequency (IF). Then this fix intermediate
frequency i1s amplified and detected to reproduce the original information. Since the
characteristics of the IF amplifier are independent of the frequency to which the receiver is
tuned, the selectivity and sensitivity of superheterodyne receivers are fairly uniform throughout
its tuning range.

The basic concept and theory behind the superheterodyne radio involves the process of
mixing. This enables signals to be translated from one frequency to another. The input frequency
is often referred to as the RF input, whilst the locally generated oscillator signal is referred to as
the local oscillator, and the output frequency is called the intermediate frequency as it is between
the RF and audiofrequencies.
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Fig .Block diagram of a Superheterodyne receiver
Operation:

Signals enter the receiver from the antenna and are applied to the RF amplifier where
they are tuned to remove the image signal and also reduce the general level of unwanted signals
on other frequencies that are not required.

The signals are then applied to the mixer along with the local oscillator where the wanted
signal 1¢ converted down to the intermediate frequency. Here significant levels of amplification
are applied and the signalg are filtered. This filtering selects signals on one channel against those
on the next. It is much larger than that employed in the front end.The advantage of the IF filter as
opposed to RF filtering is that the filter can be designed for a fixed frequency. This allows for
much better tuning. Variable filters are never able to provide the same level of selectivity that
can be provided by fixed frequency ones.

Once filtered the next block in the superheterodyne receiver is the demodulator. This
could be for amplitude modulation, single sideband, frequency modulation, or indeed any form
of modulation. It is also possible to switch different demodulators in according to the mode being
received.

The final element in the superheterodyne receiver block diagram is shown as an audio
amplifier, although thig could be any form of circuit block that is used to process or amplified the
demodulated signal.

Another important circuit in the superheterodyne receiver 18 AGC and AFC circuit. AGC is
used to maintain a constant output voltage level over a wide range of RF input signal levels.

It derives the d¢ bias voltage from the output of detector which 1s proportional to the
amplitude of the received signal. This dc bias voltage is feedback to the IF amplifiers to control
the gain of the receiver. As a result, it provides a congtant output voltage level over a wide range
of RF input signal levels. AFC circuit generated AFC signal which 1s used to adjust and stabilize
the frequency of the local oscillator.




Advantages of the superheterodyne receiver

» IF stage permits use at very high frequencies.

* Because many components operate at the fixed IF, they can be optimized.
* Less expensive.

* Better selectivity

 Improved circuit stability.

» Uniform gain over a wide range of frequencies

Receiver Sections:

RF tuning & amplification:

RF amplifier provides mitial gain and selectivity. RF amplifier 1s a simple class A circuat.
This RF stage within the overall block diagram for the receiver provides initial tuning to remove
the image signal. If noise performance for the receiver i important, then thig stage will be
designed for optimum noise performance. This RF amplifier circuit block will also increase the
signal level so that the noise introduced by later stages is at a lower level in comparison to the
wanted signal. A typical bipolar circuit as (a) and FET circuit as (b) 18 shown below.

° "VCC “Vm

CIRES |
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(@) (b)

Values of resistors R1 and R2 in the bipolar circuit are adjusted such that the amplifier
works as a class A amplifier. The antenna 1s connected through coupling capacitor to the base of
the transistor.This makes the circuit very broad band as the transistor will amplify virtually any
signal picked up by the antenna. The collector is tuned with a parallel resonant circuit to provide
the initial selectivity for the mixer input.

FET circuit Fig.(b) is more effective than the transistor circuit. Their high input
impedance minimizes the loading on tuned circuits, thereby permitting the Q of the circuit to be
higher and selectivity to be sharper.

Local oscillator:

The local oscillator circuit block can take a varety of forms. Early receivers used free
running local oscillators. Today most receivers use frequency synthesizers, normally based
around phage locked loops. These provide much greater levels of stability and enable frequencies
to be programmed 1in a variety of ways.




Mixer or Frequency Changer or Converter:

Real-life mixers produce a variety of other undesired outputs, including noise and they
may also suffer overload when very strong signals are present.

Although very basic non-linear devices can actually perform a basic RF mixing or multiplication
process, the performance will be far from the ideal, and where good receiver performance is
required, the specification of the RF mixer must be match this expectation.

The basic process of RF mixing or multiplication where the incoming RF gignal and a
local oscillator are mixed or multiplied together to produce signals at the sum and difference
frequencies is key to the whole operation of the superheterodyne receiver.

There are a number of congiderations when looking at the receiver design and topology
with respect to the RF mixer.There are many different forms of mixer that can be used, and the
choice of the type depends very much upon the receiver and the anticipated performance.

Separately Excited Mixer
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Fig. Separately Excited Mixer

In Separately excited mixer, one device acts as a mixer while the other supplies the
necessary oscillations. Bipolar transistor T2 forms the Hartley oscillator circuit and oscillates
with local frequency. FET T1 is a mixer whose gate s fed with the output of local oscillator and
ite biag i1 adjusted. The local oscillator varies the gate biag of the FET to wvary its
transconductance resulting intermediate frequency at the output. Output is taken through double
tuned transformer in the drain of the mixer and fed to the IF amplifier.




Self Excited Mixer

‘ Antenna coil Lg

Cr

Fig: Self Excited Mixer
Self Excited circuit oscillates and the transconductance of the transistor is varied in a nonlinear
manner at the local oscillator gate. This variable transconductance is used by the transistor to
amplify the incoming RF signal.
[F amplifier & filter:

Traclng
The Superheterodyne receiver has number of tunable circuits which must all be tuned

correctly if any given station is to be received. The ganged tuning is employed which
mechanically couples all tuning circuits so that only one tuning control is required. Usually there
are three tuned circuits: Antenna or RF tuned circuit, Mixer tuned circuit and local oscillator
tuned circuit.

All these circuits must be tuned to get proper RF input and to get IF frequency at the
output of the mixer. The process of tuming circuit to get the desired output is called Tracking.
Tracking error will result in incorrect frequency being fed to the IF amplifier and these must be
avoided.

To avoid tracking errors,ganged capacitors with identical sectiong are used.

A different value of inductance and capacitors called timmers and padders are used to adjust the
capacitance of the oscillator to the proper range. Common methods used for tracking are

e Padder Tracking

e Trnmmer Tracking

e Three-Point Tracking

Intermediate IF amplifier:

Figure shows two Stage IF Amplifier. Two stages are transformer coupled and all IF




transformers are single tuned i.e, tuned for single frequency.

[F amplifiers are tuned voltage amplifiers which istuned for the fixed frequency. Its
function 18 to amplify only tuned frequency signal and reject all others .Most of the receiver gain
18 provided by the IF amplifiers and the required gain is obtained usually by two or more stages
of IF amplifiers are required.
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Fig. Two Stage [F Amplifier

Automatic Gain Control AGC:

An automatic gain control 1s incorporated into most superheterodyne radios. Its function
18 to reduce the gain for strong signals so that the audio level is maintained for amplitude
sensitive forms of modulation, and also to prevent overloading. It is a gystem in which the
overall gain of a radio receiver is varied automatically with the variations in the strength of the
receiver signal to maintain the output substantially constant.

When the average signal level increases, the size of the AGC bias increases and the gain
18 deceased. When there ig no signal, there is a minimum AGC biag and the amplifiers produce
maximum gain. There are two types of AGC circuits. They are Simple AGC and Delayed AGC.

Simple AGC

In Simple AGC, the AGC bias starts to increase as soon as the received signal level
exceeds the background noise level.As a result receiver gain starts falling down, reducing the
sensitivity of the receiver.

In the circuit, the dec bias produced by half wave rectifier is used to control the gain of RF
or IF amplifier. The time constant of the filter is kept at least 10 times longer than the period of
the lowest modulation frequency received. If the time constant is kept longer, it will give better
filtering. The recovered signal is then passes through capacitor to remove de. The resulting ac
signal 18 further amplified and applied to the loud speaker.
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Fig. Simple AGC circuit

Delayed AGC
In simple AGC, the unwanted weak signals (noise signals) are amplified with high gain.

To avoid thig, in delayed AGC circuits, AGC biag 18 not applied to amplifiers until signal
strength has reached a predetermined level, after which AGC bias 1s apphed as with simple
AGC, but more strongly.

» ~Vee

Fig. Delayed AGC circuit

AGC output 15 applied to the difference amplifier. It gives de AGC only when AGC
output generated by diode detector is above certain dc threshold voltage. This threshold voltage

can be adjusted by adjusting the voltage at the positive input of the operational amplifier.

Recsived output voltage

Fig. Response of receiver with various AGC
Demodulator:

The superheterodyne receiver block diagram only shows one demodulator, but in reality




radios may have one or more demodulators dependent upon the type of signals being receiver.

Audio amplifier:

Once demodulated, the recovered audio is applied to an audio amplifier block to be
amplified to the required level for loudspeakers or headphones. Alternatively the recovered
modulation may be used for other applications whereupon it is processed in the required way by
a specific circuit block.

Receiver Characteristics

The performance of the radio receiver can be measured in terms of following receiver
characteristics
e Sclectivity
Sensitivity
Fidelity
Image frequency and its rejection
Double Spotting

Selectivity

The ability of the receiver to select the wanted signals among the various incoming
signals is termed as Selectivity. It rejects the other signals at closely lying frequencies.
Selectivity of a receiver changes with incoming signal frequency and are poorer at high
frequencies.

Selectivity in a receiver is obtained by using tuned circuits. These are 1.C circuits tuned to
resonate at a desired signal frequency. The Q of these tuned circuits determines the selectivity.
Selectivity shows the attenuation that the receiver offers to signals at frequencies near to the one
to which it is tuned. A good receiver isolates the desired signal in the RF spectrum and
eliminates all other signals.

Sensitivity

The sensitivity of a radio receiver is its ability to amplify weak signals. It is often defined
in terms of the voltage that must be applied to the receiver nput terminals to give a standard
output power, measured at the output terminals.The most important factors determining the
sensitivity of a superheterodyne receiver are the gain of the IF amplifier(s) and that of the RF
amplifier . The more gain that a receiver has, the smaller the input signal necessary to produce the

desired output power. Therefore sensitivity is a primary function of the overall receiver gain.
Good communication receiver has a sensitivity of 0.2 to 1 uV

Fidelity

Fidelity refers to the ability of the receiver to reproduce all the modulating frequencies
equally. Figure shows the typical fidelity curve for radio receiver.
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Fig.3. Typical Fidelity curve

The fidelity at the lower modulating frequencies is determined by the low frequency response of
the IF amplifier and the fidelity at the higher modulating frequencies is determined by the high
frequency response of the IF amplhfier. Fidelity 1g difficult to obtain in AM receiver because
good fidelity requires more bandwidth of IF amplifier resulting in poor selectivity.

Image frequency and its Regction

In a standard broadcast receiver the local oscillator frequency is made higher than the
incoming signal frequency for reasons that will become apparent .It is made equal at all times to
the signal frequency plus the intermediate frequency.Thus fO=fs+fi or f0=fs—fi, no matter what
the signal frequency may be. When f0 and fs are mixed, the difference frequency, which 1s one
of the by-products, equal to fi is passed and amplified by the IF stage.If a frequency fs1 manages
to reach the mixer, such that fui=fo+fi, that is , fsi=fs+2fi then this frequency will also
produce fi when mixed with 10.

Unfortunately, this spurious intermediate-frequency signal will also be amplified by the
[F stage and will therefore provide interference.This has the effect of two stationg being received
simultaneously and 1s naturally undesirable. The term fs1 1s called image frequency and is defined
as the signal frequency plus twice the intermediate frequency.

The rejection of an image frequency by a single —tuned circuit, i.e., the ratio of the gain at
the signal frequency to the gain at the image frequency, is given by

o= 1+Q%?>
where

Q=loaded Qoftuned circuit

If the receiver has an RF stage, then there are two tuned circuits |, both tuned to fs .The
rejection of each will be calculated by the same formula , and the total rejection will be product
of'the two.

Image rejection depends on the front-end selectivity of the receiver and must be achieved
before the IF stage.Once the spurious frequency enters the first IF amplifier, it becomes
impossible to remove it from the wanted signal.




Double spotting

This ig well-known phenomenon, which manifests itself by the picking up of the same
shortwave station at two nearby points on the receiver dial.It 1s caused by poor front-end
selectivity, 1.e., inadequate image-frequency rejection .That is to say, the front end of the receiver
does not select different adjacent signals very well | but the IF stage takes care of eliminating

almost all of them .

As a matter of interest, double spotting may be used to calculate the intermediate
frequency of an unknown receiver, since the spurious point on the dial is precisely 2f, below the
correct frequency .An improvement in image-frequency rejection will produce a corresponding

reduction in double spotting.

FM Receiver

{

Fig. Block diagram of FM receiver

FM receiver is a Superheterodyne receiver and the basic block diagram 1s same as AM
receiver. The basic differences are as follows.

Bl e

Different methods of obtaining AGC.

Comparison with AM Receiver

Generally much higher operating frequencies in FM
Need for limiting and de-emphasis in FM.
Totally different methods of demodulation.

Different stages of FM receiver are explained below.

RF
| amplifier

L
Mixer o ‘::' - et Limiter =t Discriminator

| 1

1
Local De-emphasis
otciistor network
AF and power
amplifwers




RF Amplifier

Since FM signal has a larger bandwidth it 18 likely to encounter more noise. Hence to
reduce the noise figure of the receiver, an RF amplifier is used. The RF amplifier stage matches
the antenna to the receiver. For this purpose and to avoid neutralization, grounded-base or
grounded gate circuits are employed for this stage. Both circuits have low input impedance,
suitable for matching with antenna impedance and nether require neutralization.

i
Y g
'—! \Jg‘wb—-—lg""no—:— 'T - i—"—(}
L | g | | } | N\ /7
\11_5.
i I
It s N | ‘
+V

Fig. Grounded-gate FET RF amplifier

In figure, since gate terminal is grounded, the input and output sides are isolated for RF
purposes. There 18 no feedback and hence no instability. Therefore circuit does not require
neutralization. The low impedance of the FET amplifier 1s matched to antenna through a tuned
RF transformer. Both the input and output tank circuits are tuned to carrier frequency.

Oscillators and Mixers

The oscillator circuit may be Clapp and Colpitts which 15 suited in VHF operation
Tracking i not normally much of a problem in FM broadcast receivers. This is because the
tuning frequency is only 1.25:1.much less than in AM broadcasting.

The mixer stage uses a tuned circuit as its load. The circuit is tuned to Intermediate
frequency of 10.7 MHz and hence selects the difference between incoming carrier frequency and
locally generated oscillator frequency.

Intermediate Frequency and IF amplifier

The types and operation do not differ much from their AM counterparts. But the
intermediate frequency and bandwidth required are far higher than in AM broadcast receivers.
For receivers operating in the 88 to 108 MHz band is an IF of 10.7 MHz and a bandwidth of 200
KHz. Due to large bandwidth, gain per stage may be low. Two IF amplifier stages are often
provided, in which case the shrinkage of bandwidth as stages are cascaded must be taken into
account.




Amplitude Limiter:

Frequency modulation 1s developed to provide a communication system which 1s less
noise sensitive than AM system.The most of the nose accompanying the desired signal
accompanies it as AM. Thus the intelligence is contained in the frequency variation of signal. So
at the receiver remove all the amplitude variations without loss of the information content of the
desired signal. To remove the amplitude variations of the signal is the main function of the
limiter. At the output of the limiter stage, a constant amplitude signal is obtained even though the

amplitude of input signal may be varying.
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Fig. Amplitude limiter transfer characteristics

Limiter is basically a clipper circuit which clips off the undesired amplitude variations of
the input signal. The input signal provides the bias for the FET circuit. Negative bias increases as
input increases and hence it lowers the gain of the amplifier for high amplitude of the input
gignal and output voltage remains constant.

The basic function of the Limiter ig flat topping(Squaring off) the upper and lower
extremities of the signal.

Although the signal is distorted, it makes no difference as far as FM is considered, since




the information is contained in frequency variation and not in amplitude variation.
Use of AGC and Double Limiting

Sometimes it is quite practicable that average input signal amplitude may lie outside the
limiting range. As a result, further limiting becomes necessary. The solution for this is the use of
double limiter consisting two amplitude limiters in cascade. This gives satisfactory limiting

range.
An alternative to the used of second limiter is automatic gain control. The AGC ensures,

by reducing the gain for higher signal strengths, that the signal applied to the limiter is within the

limiting range of the limiter. This also prevents the overloading of the last IF amplifier stage.




PULSE MODULATION
Introduction:
Pulse Modulation

e Carrier is a train of pulses
o Example: Pulse Amplitude Modulation (PAM), Pulse width modulation (PWM) ,
Pulse Position Modulation (PPM)

Types of Pulse Modulation:
® The immediate result of sampling is a pulse-amplitude modulation (PAM) signal

PAM is an analog scheme in which the amplitude of the pulse is proportional to the
amplitude of the signal at the instant of sampling

Another analog pulse-forming technique is known as pulse-duration modulation
(PDM). This is also known as pulse-width modulation (PWM)

¢ Pulse-position modulation is closely related to PDM
Pulse Amplitude Modulation:

In PAM, amplitude of pulses is varied in accordance with instantancous value of
modulating signal.

PAM Generation:

The carrier is m the form of narrow pulses having frequency fc. The uniform
sampling takes place in multiplier to generate PAM signal. Samples are placed Ts sec

away from each other.
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Fig.12. PAM Modulator

® The circuit is simple emitter follower.

® [n the absence of the clock signal, the output follows mput.

¢ The modulating signal is applied as the input signal

® Another input to the base of the transistor is the clock signal

¢ The frequency of the clock signal is made equal to the desired carrier pulse train
frequency.

¢ The amplitude of the clock signal is chosen the high level is at ground level(0v) and
low level at some negative voltage sufficient to bring the transistor in cutoff region.

®  When clock 1s high, circuit operates as emitter follower and the output follows in the
input modulating signal.

®  When clock signal is low, transistor 1s cutoff and output is zero.

® Thus the output is the desired PAM signal.

PAM Demodulator:
.

The PAM demodulator circuit which is just an envelope detector followed by a
second order op-amp low pass filter (to have good filtering characteristics) is as
shown below
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Fig.13. PAM Demodulator




Pulse Width Modulation:

® [In this type, the amplitude is maintained constant but the width of each pulse is varied
in accordance with instantaneous value of the analog signal.

¢ [n PWM information is contained in width variation. This is similar to FM.

® In pulse width modulation (PWM), the width of each pulse i1s made directly
proportional to the amplitude of the information signal.

Pulse Position Modulation:

® [In this type. the sampled waveform has fixed amplitude and width whereas the
position of each pulse is varied as per instantancous value of the analog signal.

® PPM signal is further modification of a PWM signal.

PPM & PWM Modulator:

Analog input [ . PWM
signal . - 4 ' : output
— .‘_‘r }-——.—-‘ Compar unr > -
Iriangle |
function reference level

generator ] PPM
output

[ Monostable P

multivibrator

Fig.14. PWM & PPM Modulator
* The PPM signal can be generated from PWM signal.

+  The PWM pulses obtained at the comparator output are applied to a mono stable multi
vibrator which is negative edge triggered.




» Hence for each trailing edge of PWM signal, the monostable output goes high. It
remains high for a fixed time decided by its RC components.

» Thus as the trailing edges of the PWM signal keeps shifting in proportion with the
modulating signal, the PPM pulses also keep shifting.

» Therefore all the PPM pulses have the same amplitude and width. The information is
conveyed via changing position of pulses.

Analog b e —
plus
triangle _ | 1 — e ——

B ] fhamcie]

Fig.15. PWM & PPM Modulation waveforms

PWM Demodulator:
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Fig.16. PWM Demodulator




® Transistor T1 works as an inverter.

® During time interval A-B when the PWM gignal is high the input to transistor T2 is
low.

® Therefore, during this time interval T2 ig cut-off and capacitor C ig charged through
an R-C combination.

® During time interval B-C when PWM signal is low, the input to transistor T2 1is high,
and it gets saturated.

® The capacitor C discharges rapidly through T2.The collector voltage of T2 during B-
C 15 low.

e Thus, the waveform at the collector of T2is similar to saw-tooth waveform whose
envelope 1s the modulating signal.

® Passing it through 2* order op-amp Low Pass Filter, gives demodulated signal.

PPM Demodulator:

S v | | =< ,
| r34 BC 2 T | N
e - o | — R ———
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» - |
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Fig.17. PPM Demodulator

® The gaps between the pulses of a PPM signal contain the information regarding the
modulating signal.

® During gap A-B between the pulses the transistor 1s cut-off and the capacitor C gets
charged through R-C combination.

® During the pulse duration B-C the capacitor discharges through transistor and the
collector voltage becomes low.

® Thus, waveform acrosg collector i saw-tooth waveform whose envelope 1y the
modulating signal.

® Passing it through 2 order op-amp Low Pass Filter, gives demodulated signal.




UNIT-1

Digital Pulse Modulation

Elements of Digital Communication Systems:

1.

Source of —  SOUrce —  Channel

Information Encoder Encoder eoe
Binary Stream Channel
Use of . Source Channel I
Information Decoder e Decoder e otor

Fig. 1 Elements of Digital Communication Systems

Information Source and Input Transducer:

The source of information can be analog or digital, e.g. analog: audio or video
signal, digital: like teletype signal. In digital communication the signal produced by
this source is converted into digital signal which consists of 1's and 0's. For this we
need a source encoder.

Source Encoder:

In digital communication we convert the signal from source into digital signal
as mentioned above. The point to remember is we should like to use as few binary
digits as possible to represent the signal. In such a way this efficient representation
of the source output results in little or no redundancy. This sequence of binary digits
is called information sequence.

Source Encoding or Data Compression: the process of efficiently converting
the output of whether analog or digital source into a sequence of binary digits is

known as source encoding.




Channel Encoder:

The information sequence is passed through the channel encoder. The
purpose of the channel encoder is to introduce, in controlled manner, some
redundancy in the binary information sequence that can be used at the receiver to
overcome the effects of noise and interference encountered in the transmission on
the signal through the channel.

For example take k bits of the information sequence and map that k bits to
unigque n bit sequence called code word. The amount of redundancy introduced is
measured by the ratio n/k and the reciprocal of this ratio (k/n) is known as rate of
code or code rate.

Digital Modulator:

The binary sequence is passed to digital modulator which in turns convert the
sequence into electric signals so that we can transmit them on channel (we will see
channel later). The digital modulator maps the binary sequences into signal wave
forms , for example if we represent 1 by sin x and 0 by cos x then we will transmit sin
x for 1 and cos x for 0. ( a case similar to BPSK)

Channel:

The communication channel is the physical medium that is used for
transmitting signals from transmitter to receiver. In wireless system, this channel
consists of atmosphere , for traditional telephony, this channel is wired , there are
optical channels, under water acoustic channels etc.We further discriminate this
channels on the basis of their property and characteristics, like AWGN channel etc.
Digital Demodulator:

The digital demodulator processes the channel corrupted transmitted
waveform and reduces the waveform to the sequence of numbers that represents
estimates of the transmitted data symbols.

Channel Decoder:

This sequence of numbers then passed through the channel decoder which
attempts to reconstruct the original information sequence from the knowledge of
the code used by the channel encoder and the redundancy contained in the received
data

Note: The average probability of a bit error at the output of the decoder is a

meastre of the performance of the demodulator — decoder combination.

8. Source Decoder:

At the end, if an analog signhal is desired then source decoder tries to decode
the sequence from the knowledge of the encoding algorithm. And which results in

the approximate replica of the input at the transmitter end.




9. Qutput Transducer:

Finally we get the desired signal in desired format analog or digital.

Advantages of digital communication:

Can withstand channel noise and distortion much better as long
as the noise and the distortion are within limits.

Regenerative repeaters prevent accumulation of noise along the
path.

Digital hardware implementation is flexible.

Digital signals can be coded to yield extremely low error rates,
high fidelity and well as privacy.

Digital communication is inherently more efficient than analog in
realizing the exchange of SNR for bandwidth.

It is easier and more efficient to multiplex several digital signals.

Digital signal storage is relatively easy and inexpensive.

Reproduction with digital messages is extremely reliable without
deterioration.

The cost of digital hardware continues to halve every two or
three years, while performance or capacity doubles over the
same time period.

Disadvantages

TDM digital transmission is not compatible with the FDOM

A Digital system requires large bandwidth.




Introduction to Pulse Modulation

What is the need for Pulse Modulation?

e Many Signals in Modern Communication Systems are digital
e Also, analog signals are transmitted digitally.
e Reduced distortion and improvement in signal to noise ratios.
e PAM, PWM, PPM, PCM and DM.
e In CW modulation schemes some parameter of modulated wave varies continuously with
message.
e In Analog pulse modulation some parameter of each pulse is modulated by a particular
sample value of the message.
e Pulse modulation is of two types
o Analog Pulse Modulation
= Pulse Amplitude Modulation (PAM)
= Pulse width Modulation (PWM)
®  Pulse Position Modulation (PPM)
< Digital Pulse Modulation
= Pulse code Modulation (PCM)
= Delta Modulation (DM)

PULSE MODULATION

Pulse Amplitude Modulation i 'y

Pulse Width Modulation
JLULYL T h (L

Pulse Position Modulation |

[ |
Pulse Code Modulation I

L. 3
T
Delta Modulation mﬂDEﬂML

Pulse Code Modulation:

Three steps involved in conversion of analog signal to digital signal

e  Sampling
e Quantization
¢ Binary encoding




Quantized signal

PCM encoder
11+++1100
Digital data
Analog signal
I 1 1 l_.;
PAM signal
Fig. 2 Conversion of Analog Signal to Digital Signal
Note: Before sampling the signal is filtered to limit bandwidth.
Elements of PCM System:
Source of
; ? PCM signal
t.°°"""”°"'s' > Lo:rng?ss > Sampler > Quantizer |~ Encoder j—3 applied to
ime message channel input
signal
(a) Transmitter
_ Regenerated

Distorted PCM .

4 Regenerative Regenerative PCM signal

signal produced = e e e e o e EN i

at channel output fepaates repeater applied to the
receiver
(b) Transmission path
Final A " c
channel —3»{ HegeNeration Ll necoder |l Reconstruction Lol pegtination
circuit filter
output
(¢) Receiver
Fig. 3 Elements of PCM System

Sampling:

e Process of converting analog signal into discrete signal.
e Sampling is common in all pulse modulation techniques




¢ Thesignal is sampled at regular intervals such that each sample is proportional to
amplitude of signal at that instant

¢ Analogsignal is sampled every Ts Secs, called sampling interval. fs=1/Tsis called
sampling rate or sampling frequency.

e f[s=2fmis Min. sampling rate called Nyquist rate. Sampled spectrum () is repeating
periodically without overlapping.

¢ Original spectrum is centered at w=0 and having bandwidth of wm. Spectrum can be
recovered by passing through low pass filter with cut-off wm.

e For fs<2fmsampled spectrum will overlap and cannot be recovered back. This is
called aliasing.

Sampling methods:

¢ |deal — An impulse at each sampling instant.
¢ Natural — A pulse of Short width with varying amplitude.
¢ Flat Top — Uses sample and hold, like natural but with single amplitude value.

Amplitude Amplitude

A
Analog signal

A = A
A T l——l Y UJJU

a. ldeal sampling b. Natural sampling

Amplitude

A
Analog signal
\/ 954
‘]—l Time

\t\_\,\ U,U-U‘>

¢. Flat-top sampling
Fig. 4 Types of Sampling

Sampling of band-pass Signals:

¢ A band-pass signal of bandwidth 2f, can be completely recovered from its samples.

Min. sampling rate =2xBandwidth
:2X2fm=4fm
¢ Range of minimum sampling frequencies is in the range of 2xBW to 4xBW

Instantaneous Sampling or Impulse Sampling:

¢ Sampling function is train of spectrum remains constant impulses throughout
frequency range. It is not practical.




Natural sampling:

e Thespectrum is weighted by a sinc function.
e  Amplitude of high frequency compcnents reduces.

Flat top sampling:

e Heretop of the samples remains constant.

e Inthe spectrum high frequency components are attenuated due sinc pulse roll off.
This is known as Aperture effect.

e |f pulse width increases aperture effect is more i.e. more attenuation of high
frequency components.

Sampling Theorem:

Statement of sampling theorem

1) A band limited signal of finite energy, which has no frequency components
higher than W Hertz, is completely described by specifying the values of the

signal at instants of time separated by % seconds and
2) A band limited signal of finite energy, which has no frequency components

higher than W Hertz, may be completely recovered from the knowledge of its
samples taken at the rate of 2W samples per second.

The first part of above statement tells about sampling of the signal and second
part tells about reconstruction of the signal. Above statement can be combined and
stated alternately as follows :

A continuous time signal can be completely represented in its samples and recovered back
if the sampling frequency is twice of the highest frequency content of the signal. ie.,
k& 2N
Here f; is the sampling frequency and
W is the higher frequency content
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Fig.s CT and its DT signal




Proof of sampling theorem
There are two parts : (I) Representation of x(f) in terms of its samples
(IT) Reconstruction of x(f) from its samples.
Part 1 : Representation of x(f) in its samples x(nT)

-Step 1: Define x5(f)

Step 2 : Fourier transform of xs(f) i.e. X5(f)
Step 3 : Relation between X(f) and X;(f)
Step 4 : Relation between x(f) and x(nT.) atad

Step 1 : Define x5(t)
The sampled signal x5(f) is given as,
xs() = Y AH)8(t-nTy) o |

n=—oe

Here observe that xg(f) is the product of x5 and impulse train §(f) as shown in
above fig In the above equation §(t-nT;) indicates the samples placed at +T,, 2T,
+3T; ... and so on.

Step 2 : FT of xz(t) i.e. X5(f)

Taking FT of equation (1.3.1).

Xs(f) = r-‘rl i.t(t}ﬁ(t—-rﬂ",)]

= FT {Product of x(f) and impulse train}

We know that FT of product in time domain becomes convolution in frequency
domain. i.e.,

Xs() = FTRO)*FTB(E-nT,)) oo 2
By definitions, x(f) «—— X(f) and
8t-nTy) s £, 3 8(f-nf)

Hence equation (1.3.2) becomes,
Xs() = X()of, T8¢ -n)

n= = o
Since convolution is linear,

Xs() = fi TX(N*8(F-nfy)

n==—o




= f $X(f-nf) By shifting property of impulsé funiction

= S XU =2f) +fs XU =)+ fs XN+ fs XU = f) + fs X(f =~2f) 4

Comments

() The RHS of above equation shows that X(f) is placed
attf ,22f ,£3f,,

(i) This means X(f) is periodic in f,.
(iii) If sampling frequency is f;, = 2W, then the spectrums X(f) just touch

each other.
T T 111
f | X(n Spectrum of
3 | original signal
- 1_ |
[ | |
h s .___i. E T - - -
E | | - I l : : == "'_‘
X(f) is placed at ... L ’ A L1 L 1 1 | Spectrumof
Hy 220N 1 | Xg(f) | [sampled signa
NN A
I LA | /\,
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Fig.6  Spectrum of original signal and sampled signal

Step 3 : Relation between X(f) and X 3(f)
Important assumption : Let us assume that f; = 2W, then as per above diagram.

Xs() = £ X( for—-W<f<Wandf = 2W
or X() = —Xs() .. 3
§

Step 4 : Relation between x(t) and x(nT)
DTFTis, X(Q) = ¥ xn)e~

= — oo

X(f) = Y dme iz 5i. B
ns — oo




In above equation 'f' is the frequency of DT signal. If we replace X(f) by X;(f),
then 'f' becomes frequency of CT signal. i.e.,

Xs(f) = f;xtn)e_mé"

H= — o

Innboveequaﬁon'?is&equmcyofCTsigmLAnd%=quumcyofmsigul

s

in equation 4 Since x(n) = x(nT}), i.e. samples of x(f), then we have,
Xs() = Y anT,)e 2% since % =T,
]

L]
Putting above expression in equation 3 ,
X = + FnT,)e 2%

§

fMl=~—os

Inverse Fourier Transform (IFT) of above equation gives x{f) i.e.,

x(t) = rrr{ ix(n'l’,)e'fz“f"":*] w B

i
|

Comments :
i) Here x(t) is represented completely in terms of x(nT).

ii) Above equation holds for f; = 2W. This means if the samples are taken at the
rate of 2W or higher, x(f) is completely represented by its samples.

iii) First part of the sampling theorem is proved by above two comments.
Part II : Reconstruction of x(f) from its samples

Step 1: Take inverse Fourier transform of X(f) which is in terms of X5().
Step 2 : Show that x() is obtained back with the help of interpolation function.

Step 1: The IFT of equation 5  becomes,

f) = f{% ix(n'r,)e'f’*‘“f”s]ei?“ﬂ df

- n=-—oeo

Here the integration can be taken from -WSf<W. Since X(f) = —X5(f) for
s

-WSf<W. (See Fig.6 ).
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W, w
) = | 1 3 onT,)e~ 125/ . oi25ft 4f
i

Interchanging the order of summation and integration,

oo w
x(t) Ez{nr,)l [ ef2sfit-nTs) g
5w

n=—oe

- f:;(nr,).

e

1 [,izw~nr,> ]“’

jZa-nTy)| .

= E;("Ts).?}

ei2mW(t-nTg) _ o~ j28W(t-nT;)
j2m(E-nTy)

o 1 sin2nW(t-nT,)
R A A = 2

" =d airm(ZW!—er‘fuT,)
AT Ty

1 1 ;
Heref,=2W,henceT,=}.;=§-W-.Simprymgaboveequaﬁon,

- sinm(2Wt-n)
0= I T Sawn
= S xnT,)sinc@Wt-n) sinceﬂzga= sinc 0

Step 2 : Let us interpret the above equation. Expanding we get,
Xt) =+ x(=2T)sinc(2W t+2)+ x(~T,) sinc(2Wt +1) + x(0) sinc(2W £) + X(T,) sinc(2W t=1) +--
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Fig. 7 (a) Sampled version of signal x(t)
(b) Reconstruction of x(t) from its samples

|- —

Comments :

i) The samples x(nT,) are weighted by sinc functions.

ii) The sinc function is the interpolating function. Fig.7 shows, how x({) is

interpolated.

Step 3 : Reconstruction of x(t) by lowpass filter

When the interpolated signal of equation 6 is passed through the lowpass
filter of bandwidth ~-W<f<W, then the reconstructed waveform shown in above
Fig. 7(b) is obtained. The individual sinc functions are interpolated to get smooth
x(t).
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PCM Generator:

The pulse code modulator technique samples the input signal x(f) at frequency
fs 22W. This sampled 'Variable amplitude' pulse is then digitized by the analog to
digital converter. The parallel bits obtained are converted to a serial bit stream.
Fig. 8 shows the PCM generator.

v digits
x(t) Lowpass x0T | q-tevel |%0T) Binary "1 Paralel PCM
—] fiter }—w SH *1 quantizer [~ encoder 1 1o serial [—>

fo=W (digitizer) | ) converter | r=vf,

@—b- Timer

f,22W

Fig. 8 PCM generator

In the PCM generator of above figure, the signal x(f) is first passed through the
lowpass filter of cutoff frequency 'W' Hz. This lowpass filter blocks all the frequency
components above ‘W' Hz. Thus x(f) is bandlimited to ‘W' Hz. The sample and hold
circuit then samples this signal at the rate of f.. Sampling frequency f; is selected
sufficiently above Nyquist rate to avoid aliasing i.e.,

fi 2 2W

In Fig. 8 output of sample and hold is called x(nT,). This x(nT) is discrete in
time and continuous in amplitude. A g-level quantizer compares input x(n T;) with its
fixed digital levels. It assigns any one of the digital level to x(nT;) with its fixed
digital levels. It then assigns any one of the digital level to x(nT;) which results in
minimum distortion or error. This error is called quantization error. Thus output of
quantizer is a digital level called x, (n T).

Now coming back to our discussion of PCM generation, the quantized signal level
x,(nT,) is given to binary encoder. This encoder converts input signal to 'v' digits
binary word. Thus x, (nT,) is converted to V' binary bits. The encoder is also called
digitizer.

It is not possible to transmit each bit of the binary word separately on
transmission line. Therefore 'v’' binary digits are converted to serial bit stream to
generate single baseband signal. In a parallel to serial converter, normally a shift
register does this job. The output of PCM generator is thus a single baseband signal of
binary bits.

An oscillator generates the clocks for sample and hold an parallel to serial
converter. In the pulse code modulation generator discussed above ; sample and hold,
quantizer and encoder combinely form an analog to digital converter.

13




Transmission BW in PCM:

Let the quantizer use 2" number of binary digits to represent each level. Then the
number of levels that can be represented by 'v” digits will be,

g =2 - 3
Here ‘g’ represents total number of digital levels of g-level quantizer.
For example if v =13 bits, then total number of levels will be,
q = 23 =8 levels
Each sample is converted to "0’ binary bits. i.e. Number of bits per sample = v
We know that, Number of samples per second = f;
. Number of bits per second is given by,
(Number of bits per second) = (Number of bits per samples)
% (Number of samples per second)
v bits per sample x f, samples per second .. 2

The number of bits per second is also called signaling rate of PCM and is denoted
by ' ie.,

Signaling rate in PCM : r= v f, 3

Here f, 2 2W.

Bandwidth needed for PCM transmission will be given by half of the signaling
rate i.e.,

BTZ%Y 4

Transmission Bandwidth of PCM :  {By 25 0f, Since f, 22W . 5
Br2oW .
L
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PCM Receiver:

Fig. 9 (a) shows the block diagram of PCM receiver and Fig. 9 (b) shows the
reconstructed signal. The regenerator at the start of PCM receiver reshapes the pulses
and removes the noise. This signal is then converted to parallel digital words for each
sample.

v digits
PCM+ Noise pcm| Seral Digital %) Lowpass | yq(t)
~——————{ Regenerator |— to paraliel] = | 0analog —ai S/H f—»] filter |—»
I converter] - converter fo=W
W ol Timer | (a)
Xq(t)
L0~ ‘
qu J x(l) U "\“
XKT,) %
3/q ! R
q / \ (b)
t' ‘\
’f
1 'q “ r -
0 T e T - r T T 1
’,' ilT'
-1/q4{ -

Fig. 9 (a) PCM receiver
(b) Reconstructed waveform

The digital word is converted to its analog value x, (f) along with sample and
hold. This signal, at the output of S/H is passed through lowpass reconstruction filter
to get y; (). As shown in reconstructed signal of Fig. 9 (b), it is impossible to
reconstruct exact original signal x(f) because of permanent quantization error
introduced during quantization at the transmitter. This quantization error can be
reduced by increasing the binary levels. This is equivalent to increasing binary digits
(bits) per sample. But increasing bits 'v' increases the signaling rate as well as
transmission bandwidth as we have seen in equation 3 and equation 6.
Therefore the choice of these parameters is made, such that noise due to quantization
error (called as quantization noise) is in tolerable limits.

Quantization

e The quantizing of an analog signal is done by discretizing the signal with a number of
quantization levels.
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Quantization is representing the sampled values of the amplitude by a finite set of
levels, which means converting a continuous-amplitude sample into a discrete-time
signal
Both sampling and quantization result in the loss of information.
The quality of a Quantizer output depends upon the number of quantization levels
used.
The discrete amplitudes of the quantized output are called as representation levels
or reconstruction levels.
The spacing between the two adjacent representation levels is called a quantum or
step-size.
There are two types of Quantization

o Uniform Quantization

o Non-uniform Quantization.
The type of quantization in which the quantization levels are uniformly spaced is
termed as a Uniform Quantization.

The type of quantization in which the quantization levels are unequal and mostly the
relation between them is logarithmic, is termed as a Non-uniform Quantization.

Uniform Quantization:

There are two types of uniform quantization.
— Mid-Rise type
—  Mid-Tread type.
The following figures represent the two types of uniform quantization.

Output level Output level
at

A

‘,l -
‘ ] o | | Input - o i ! ! ot
I ' 2, i 0 2 4 level
J ' 0 z 4 level

T2 A2

4. i

Fig 1 : Mid-Rise type Uniform Quantization Fig 2 : Mid-Tread type Uniform Quantization

The Mid-Rise type is so called because the origin lies in the middle of a raising part of
the stair-case like graph. The quantization levels in this type are even in number.

The Mid-tread type is so called because the origin lies in the middle of a tread of the
stair-case like graph. The quantization levels in this type are odd in number.

Both the mid-rise and mid-tread type of uniform quantizer is symmetric about the
origin.
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Quantization Noise and Signal to Noise ratio in PCM System:
Derivation of Quantization Error/Noise or Noise Power for Uniform (Linear) Quantization

Step 1 : Quantization Error

Because of quantization, inherent errors are introduced in the signal. This error is
cailed quantization error. We have defined quantization error as,
e = x4(nT5)-x(nTy) sessutiwesismrainisuimiin L)

Step 2 : Step size
Let an input x(n 7,) be of continuous amplitude in the range —x,,., 10 +x,,..

Therefore the total amplitude range becomes,

Total amplitude range = X, = (= ¥max) @

& e
If this amplitude range is divided into 'q’ levels of quantizer, then the step size '§
is given as,
Xmax = (= Ymax)
SaS

2 Ymax R -

q

If signal x (f) is normalized to minimum and maximum values equal to 1, then

Xmax = 1
“Xpax = =1 —(4)
Therefore step size will be,
§ = % (for normalized signal) R A )

Step 3 : Pdf of Quantization error

If step size '8 is sufficiently small, then it is reasonable to assume that the
quantization error 'e’ will be uniformly distributed random variable. The maximum
quantization error is given by

Emax = lg‘ ........................... (6)
. ’

a5 @2 miaasaatd @
%3

Le. =

2
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Thus over the interval [—g g] quantization error is uniformly distributed random

variable.

feh

(a) (b)

Fig. 10 (a) Uniform distribution
(b) Uniform distribution for quantization error

In above figure, a random variable is said to be uniformly distributed over an
interval (a, b). Then PDF of ‘X' is given by, (from equation of Uniform PDF).

0 for x<a
1
fx(® = {b-a for weEsd
0 for  x>b s o U0y

Thus with the help of above equation we can define the probability density
function for quantization error ‘e’ as,

&
0 fO’f ES-Z'
1 8 d
f@© = {3 fr ~gsesy
0 for e:-g -(9)
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Step 4 : Noise Power
quantization error 'e' has zero average value.
That is mean 'm_’' of the quantization error is zero.
The signal to quantization noise ratio of the quantizer is defined as,
: . Signal power (normalized)
N Noise power (normalized) k9

If type of signal at input i.e., x(f) is known, then it is possible to calculate signal
power.

The noise power is given as,
V2
Noise power = % - (11)

Here Vnzoi“ is the mean square value of noise voltage. Since noise is defined by
random variable ‘e’ and PDF f; (g), its mean square value is given as,

mean square value = Efe?] = g2 - (12)

The mean square value of a random variable X' is given as,

L

X? = E[X?]= [ x? fy(dx By definition w (13)
Here E[e?] = JEZ fe (€) de v (14)

From equation 9  we can write above equation as,
8/2

Ele?] = [ e?xde
-8/2
] e em
8 3 — 8 3 3
) ol B o4 i3
35| 8 8| 12 i
. From equation 1.8.25, the mean square value of noise voltage is,
2
V2., = mean square valuem%
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When load resistance, R =1 ohm, then the noise power is normalized ie.,

v2

Noise power (normalized) = ":l"" [with R =1 in equation11 ]
- ¥/ 8
1 12

Thus we have,

Normalized noise power

2
or Quantization noise power = 5_

T For linear quantization.

or Quantization error (in terms of power) w  (16)

Derivation of Maximum Signal to Quantization Noise Ratio for Linear Quantization:
signal to quantization noise ratio is given as,
S _ Normalized signal power
N = Normalized noise power

Normalized signal power
= 2 - @7
(8° /12
The number of bits 'v' and quantization levels 'q’ are related as,
q=72 - (18)
Putting this value in equation (3) we have,
2x
6 = B
v (19)

Putting this value in equation 1.8.30 we get,

S _ Normalized signal power
N 2
(2 Xmax ] +12
25‘
Let normalized signal power be denoted as 'P'.
S __ P _3
N 4 'trzl\.ﬂl x l xg'lﬂ_h
22 12
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This is the required relation for maximum signal to quantization noise ratio. Thus,

Maximum signal to quantization noise ratio : % = x;: 2% - (20)

This equation shows that signal to noise power ratio of quantizer increases
exponentially with increasing bits per sample.

If we assume that input x(f) is normalized, i.e.,
K @ 1 -« (21)
Then signal to quantization noise ratio will be,

g
—'ﬁ = 3x2%xP s [29)

If the destination signal power P is normalized, i.e.,

Ps1 s (23)
Ti.er the signal to noise ratio is given as,
% < 3x2% - (24)

Since x_, =landP <1, the signal to noise ratio given by above equation is
normalized.

Expressing the signal to noise ratio in decibels,

b

10log 4 [E,— ]dB since power ratio.

A

10l0g o [3% 2%
(48+60)dB

IA

Thus,

Signal to Quantization noise ratio

for normalized values of power : (% ]dBS (4.6 +6 v)dB

'P' and amplitude of input x (f) - (25)

Non-Uniform Quantization:

In non-uniform quantization, the step size is not fixed. It varies according to certain
law or as per input signal amplitude. The following fig shows the characteristics of Non
uniform quantizer.
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Output sample

2 0 | Example: Nonuniform 3 bit quantizer

| | | | | 1 | 1
| I | ] I I | I
-1 -5

b ) ‘Input sample

In this figure observe that step size is small at low input signal levels. Hence
quantization error is also small at these inputs. Therefore signal to quantization noise
power ratio is improved at low signal levels. Stepsize is higher at high input levels.
Hence signal to noise power ratio remains almost same throughout the dynamic range
of quantizer.

Companding PCM System:

* Non-uniform quantizers are difficult to make and expensive.
* Analternative is to first pass the speech signal through nonlinearity before
quantizing with a uniform quantizer.
* The nonlinearity causes the signal amplitude to be compressed.
— The input to the quantizer will have a more uniform distribution.
* Atthereceiver, the signal is expanded by an inverse to the nonlinearity.
* The process of compressing and expanding is called Companding.

Q/P. Voltage of
Compander Compression

{Expansion
.

I/P. Voltage of
Compander

Expansion
"

Compression
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Compressor Uniform Quantizer Expander

mir) ,JJII
—_—

L
\

mi)
-

The 3 stages combine to
give the characteristics of a
Non-uniform quantizer

u - Law Companding for Speech Signals

Normally for speech and music signals a p - law compression is used. This
compression is defined by the following equation,

In(l+p|x])

Z(x) = (Sgnx) n(+m)

|x|<1 e (1)

Below Fig shows the variation of signal to noise ratio with respect to signal level
without companding and with companding.

50—
T With companding /

[-S-]Dda 1 #

Without companding
20 -

T T T T -
-40 -30 -20 -10 0
Signal level a8 —»

Fig. 11 PCM performance with u - law companding
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It can be observed from above figure that signal to noise ratio of PCM remains
almost constant with companding.

A-Law for Companding

The A law provides piecewise compressor characteristic. It has linear segment for
low level inputs and logarithmic segment for high level inputs. It is defined as,

Alx|

1+InA

1+In(A|x|) 1
_— —<|x|<1
1+nA Jor A x|

1
for Os|x|sz

Z(x) = «(2)

When A = 1, we get uniform quantization. The practical value for A is 87.56. Both
A-law and p-law companding is used for PCM telephone systems.

Signal to Noise Ratio of Companded PCM
The signal to noise ratio of companded PCM is given as,

S 342
B et a— v (3
N [In(l+p)? )

Here q = 2¥ is number of quantization levels.

[UR.] 2

| o

0

Differential Pulse Code Modulation (DPCM):

Redundant |Information in PCM:

The samples of a signal are highly corrected with each other. This is because any
signal does not change fast. That is its value from present sample to next sample does
not differ by large amount. The adjacent samples of the signal carry the same
information with little difference. When these samples are encoded by standard PCM
system, the resulting encoded signal contains redundant information.
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Fig. shows a continuous time signal x(f) by dotted line. This signal is
sampled by flat top sampling at intervals T, 2T, 3T; ....nT,. The sampling frequency is
selected to be higher than nyquist rate. The samples are encoded by using 3 bit
(7 levels) PCM. The sample is quantized to the nearest digital level as shown by small

x(t) A
bits (lavels)
7 (1)
o s 58 _ 0
6 (110) . Tee S = -~
5 . “reg e
5 (101) e o1 $1.971 8
§ l". “-‘b";o ...........
4 (100)- g [
UL Jp
S/
2000004 &
1 (001)
o
0 (000) T, 2T, 3T, 4T, 5T, 6T, 7T, 8T, 9T, 10T,
x(nT,)

Fig. Redundant information in PCM

circles in the diagram. The encoded binary value of each sample is written on the top
of the samples. We can see from Fig. that the samples taken at 4T, 5T, and 6T,
are encoded to same value of (110). This information can be carried only by one
sample. But three samples are carrying the same information means it is redundant.
Consider another example of samples taken at 97, and10T,. The difference between
these samples is only due to last bit and first two bits are redundant, since they do

not change.
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Principle of DPCM

If this redundancy is reduced, then overall bit rate will decrease and number of
bits required to transmit one sample will also be reduced. This type of digital pulse
modulation scheme is called Differential Pulse Code Modulation.

DPCM Transmitter

The differential pulse code modulation works on the principle of prediction. The
value of the present sample is predicted from the past samples. The prediction may
not be exact but it is very close to the actual sample value. Fig. shows the
transmitter of Differential Pulse Code Modulation (DPCM) system. The sampled signal
is denoted by x(nT,) and the predicted signal is denoted by ¥(nT,). The comparator
finds out the difference between the actual sample value x(nT,) and predicted sample
value ¥(nT,). This is called error and it is denoted by ¢(n T,). It can be defined as,

e(nT,) = x(nTg)-x(nTy)

SR b §

Comparator
Sampled
+ e(nT,) e.(nTy) |
st z : Quantizer|— > & EI_._D_PC&:
X(nT,) is signa
UnTy)
Fig. Differential pulse code modulation transmitter

Thus error is the difference between unquantized input sample x(nT,) and
prediction of it X(nT,). The predicted value is produced by using a prediction filter.
The quantizer output signal ¢, (27,) and previous prediction is added and given as
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input to the prediction filter. This signal is called x, (nT.). This makes the prediction
more and more close to the actual sampled signal. We can see that the quantized error
signal e, (nT;) is very small and can be encoded by using small number of bits. Thus
number of bits per sample are reduced in DPCM.

The quantizer output can be wrilten as,

eg(nTy) = e(nT)+q(nTy) (2)
Here q(nT;) is the quantization error. As shown in Fig. the prediction filter
input x, (nT,) is obtained by sum ¥(nT,) and quantizer output ie.,
Xg(nT) = X(muT)+e,(nTy) (3)
Putting the value of ¢, (nT;) from equation 2 in the above equation we get,
X, (nT) = X(nT)+e(nT)+q(nT) e (4)
Equation 1 is written as,
¢e(nT,) = x(nT,)=x(nT,)
e(mT)+x(nTy) = x(uTy) (5)
. Putting the value of e(nT;) + X(n T;) from above equation into equation 4 we
et,
° x,(nT) = x(nT)+q(nTg) (6)

Thus the quantized version of the signal x, (n7T;) is the sum of original sample
value and quantization error q(nT.). The quantization error can be positive or
negative. Thus equation 6 does not depend on the prediction filter characteristics.

Reconstruction of DPCM Signal

Fig. shows the block diagram of DPCM receiver.
+
l?r?pcu?_h Decader II -% » Qutput
Prediction |
fiter
Fig. DPCM receiver

The decoder first reconstructs the quantized error signal from incoming binary
signal. The prediction filter output and quantized error signals are summed up to give
the quantized version of the original signal. Thus the signal at the receiver differs
from actual signal by quantization error q(nT;), which is introduced permanently in
the reconstructed signal.

Line Coding:

In telecommunication, a line code is a code chosen for use within a communications
system for transmitting a digital signal down a transmission line. Line coding is often used
for digital data transport.

The waveform pattern of voltage or current used to represent the 1s and 0s of a
digital signal on a transmission link is called line encoding. The common types of
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line encoding are unipolar, polar, bipolar and Manchester encoding. Line codes are used
commonly in computer communication networks over short distances.

NRZ-L

NRZ-M

NRZ-S

RZ

Biphase-L

Biphase-M

Biphase-S
Differential
Manchester

Bipolar

Signal Comments

NRZ-L Non-return to zero level. This is the standard positive logic
signal format used in digital circuits.

1 forces a high level

0 forces a low level

NRZ-M Non return to zero mark

| forces a transition

0 does nothing

NRZ-S Non return to zero space

1 does nothing

0 forces a transition

RZ Return to zero

1 goes high for half the bit period

0 does nothing

Biphase-L Manchester. Two consecutive bits of the same type force a
transition at the beginning of a bit period.

1 forces a negative transition in the middle of the bit

0 forces a positive transition in the middle of the bit
Biphase-M There is always a transition at the beginning of a bit period.
1 forces a transition in the middle of the bit

0 does nothing

Biphase-S There is always a transition at the beginning of a bit period.
1 does nothing

0 forces a transition in the middle of the bit

Differential | There is always a transition in the middle of a bit period.
Manchester 1 does nothing

() forces a transition at the beginning of the bit

Bipolar The positive and negative pulses alternate.

1 forces a positive or negative pulse for half the bit period
0 does nothing
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Time Division Multiplexing:

The sampling theorem provides the basis for transmitting the information contained in a
band-limited message signal m(t) as a sequence of samples of m(t) taken uniformly at a
rate that is usually slightly higher than the Nyquist rate. An important feature of the
sampling process is a conservation of time. That is, the transmission of the message samples
engages the communication channel for only a fraction of the sampling interval on a
periodic basis, and in this way some of the time interval between adjacent samples is cleared
for use by other independent message sources on a time-shared basis. We thereby obtain
a time-division multiplex (TDM) system, which enables the joint utilization of a common
communication channel by a plurality of independent message sources without mutual
interference among them.

The concept of TDM is illustrated by the block diagram shown in Figure Each
input message signal is first restricted in bandwidth by a low-pass anti-aliasing filter to
remove the frequencies that are nonessential to an adequate signal representation. The
low-pass filter outputs are then applied to a commutator, which is usually implemented
using electronic switching circuitry. The function of the commutator is twofold: (1) to take
a narrow sample of each of the N input messages at a rate f, that is slightly higher than
2W, where W is the cutoff frequency of the anti-aliasing filter, and (2) to sequentially
interleave these N samples inside the sampling interval T,. Indeed, this latter function is
the essence of the time-division multiplexing operation. Following the commutation pro-
cess, the multiplexed signal is applied to a pulse modulator, the purpose of which is to
transform the multiplexed signal into a form suitable for transmission over the common
channel. It is clear that the use of time-division multiplexing introduces a bandwidth ex-
pansion factor N, because the scheme must squeeze N samples derived from N independent
message sources into a time slot equal to one sampling interval. At the receiving end of
the system, the received signal is applied to a pulse demodulator, which performs the
reverse operation of the pulse modulator. The narrow samples produced at the pulse de-
modulator output are distributed to the appropriate low-pass reconstruction filters by
means of a decommutator, which operates in synchronism with the commutator in the
transmitter. This synchronization is essential for a satisfactory operation of the system.

The way this synchronization is implemented depends naturally on the method of pulse
modulation used to transmit the multiplexed sequence of samples.

The TDM system is highly sensitive to dispersion in the common channel, that is, to
variations of amplitude with frequency or lack of proportionality of phase with frequency.
Accordingly, accurate equalization of both magnitude and phase responses of the channel
i necessary to ensure a satisfactory operation of the system;
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Low-pass Low-pass
\anti-aliasing) (reconsruction)
Message  fifers filtes ~ Message
Inputs outputs

L LFF SO ... S | LBF — 1
N ,’ 73 __“
| \ Pulse Lﬁomm.n'tat‘-on Pulse f \ |
2=y ”’F »_’1 modulator - 1 demodulator | (15 —>-2

channe!

N meum: I T Decommutater N[ pe | o v

Clock pulses Clock pulses

FIGURE Block diagram of TDM system.

TDM is immune to nonlinearities in the channel as a source of crosstalk. The reason
for this behaviour is that different message signals are not simultaneously applied to the
channel.

Introduction to Delta Modulation

PCM transmits all the bits which are used to code the
sample. Hence signaling rate and transmission channel bandwidth are large in PCM.
To overcome this problem Delta Modulation is used.

Delta Modulation

Operating Principle of DM

Delta modulation transmits only one bit per sample. That is the present sample
value is compared with the previous sample value and the indication,whether the
amplitude is increased or decreased is sent. Input signal x(f) is approximated to step
signal by the delta modulator. This step size is fixed . The difference between the
input signal x(!) and staircase approximated signal confined to two levels, i.e.
+8and -3 If the difference is positive, then approximated signal is increased by one
step i.e. ‘8. If the difference is negative, then approximated signal is reduced by '§.
When the step is reduced, ‘0" is transmitted and if the step is increased, ‘1’ is
transmitted. Thus for each sample, only one binary bit is transmitted. Fig. shows
the analog signal x(f) and its staircase approximated signal by the delta modulator.
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Fig. Delta modulation waveform

The principle of delta modulation can be explained by the following set of
equations. The error between the sampled value of x(f) and last approximated sample
is given as,

e(nT,) = x(nT.)-x(nT,) wi( )
Here, e(nT,) = Error at present sample

x(nT,) = Sampled signal of x (1)

X(nT;) = Last sample approximation of the staircase waveform.

We can call u(nT,) as the present sample approximation of staircase output.
Then, u[(n-1)T,] = x(nT,) w2
= Last sample approximation of staircase waveform.
Let the quantity b(n T,) be defined as,
b(nT,) = dsgnle(nT,)] ol 9)

That is depending on the sign of error ¢(nT,) the sign of step size & will be
decided. In other words,

b(nT,) = +d if x(nT,) 2 X(nT,)
= - if x(nT,) < X(nTy) (4
If b(nT,) = +3; binary ‘1’ is transmitted
and if b(nT,) = -3§; binary ‘0’ is transmitted.
T, = Sampling interval.
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DM Transmitter

Fig. (a) shows the transmitter based on equations 3to 5.

The summer in the accumulator adds quantizer output (+8) with the previous
sample approximation. This gives present sample approximation. ie.,

u(nTy) =u(nT, -T,)+[+8] or
= ul(n-DT1+b(nT,) w( 5

The previous sample approximation u[(n-1)T,] is restored by delaying one
sample period T,. The sampled input signal x(n T,) and staircase approximated signal
x(nT,) are subtracted to get error signal e(nT,).

s ‘o Error
amp e(kT
input_+ = WTs) ronebi] bTy) ik
—PC i——’ i ultpu
x{ kT,) el quantizer
RAKT)
I 1]
! ul(k=1)T :
: (k1) Tl ' Summer
i i
' 1
] ]
i Delay i
: Ts u(kTy) '
Accumulator
(a)
Accumulator

Input Lowpass L= Qutput

filtar

Fig. (a) Delta modulation transmitter and
(b) Delta modulation receiver
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Depending on the sign of ¢(nT;) one bit quantizer produces an output step of +8
or —&. If the step size is +9, then binary ‘1’ is transmitted and if it is - &, then binary
‘0’ is transmitted.

DM Receiver

At the receiver shown in Fig. (b), the accumulator and low-pass filter are
used. The accumulator generates the staircase approximated signal output and is
delayed by one sampling period T,. It is then added to the input signal. If input is
binary ‘1’ then it adds +& step to the previous output (which is delayed). If input is
binary ‘0’ then one step '8 is subtracted from the delayed signal. The low-pass filter
has the cutoff frequency equal to highest frequency in x(f). This filter smoothen the
staircase signal to reconstruct x(f).

Advantages and Disadvantages of Delta Modulation

Advantages of Delta Modulation
The delta modulation has following advantages over PCM,

1. Delta modulation transmits only one bit for one sample. Thus the signaling
rate and transmission channel bandwidth is quite small for delta modulation.

2. The transmitter and receiver implementation is very much simple for delta
modulation. There is no analog to digital converter involved in delta
modulation.

Disadvantages of Delta Modulation

Granular noise

F/

Slope - overioad
distortion .

Staircase __ e s
approximation—" ' g mem———
ult) T
Fig. Quantization errors in delta modulation

The delta modulation has two drawbacks -
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Slope Overload Distortion (Startup Error)

This distortion arises because of the large dynamic range of the input signal.

As can be seen from Fig. the rate of rise of input signal x(f) is so high that
the staircase signal cannot approximate it, the step size '8' becomes too small for
staircase signal u(f) to follow the steep segment of x(f). Thus there is a large error
between the staircase approximated signal and the original input signal x(f). This error
is called slope overload distortion. To reduce this error, the step size should be increased
when slope of signal of x(t) is high.

Since the step size of delta modulator remains fixed, its maximum or minimum
slopes occur along straight lines. Therefore this modulator is also called Linear Delta
Modulator (LDM).

Granular Noise (Hunting)

Granular noise occurs when the step size is too large compared to small variations
in the input signal. That is for very small variations in the input signal, the staircase

signal is changed by large amount (8) because of large step size. Fig shows that
when the input signal is almost flat, the staircase signal u (f) keeps on oscillating by £
around the signal. The error between the input and approximated signal is called
granular noise. The solution to this problem is to make step size small

Thus large step size is required to accommmodate wide dynamic range of the inpul
signal (to reduce slope overload distortion) and small steps are required to reduce
granular noise. Adaptive delta modulation is the modification to overcome these
errors.

Adaptive Delta Modulation

Operating Principle

To overcome the quantization errors due to slope overload and granular noise, the
step size (8) is made adaptive to variations in the input signal x (). Particularly in the
steep segment of the signal x(t), the step size is increased. When the input is varying
slowly, the step size is reduced. Then the method is called Adaptive Delta Modulation
(ADM).

The adaptive delta modulators can take continuous changes in step size or discrete
changes in step size.

Transmitter and Receiver

Fig. (a) shows the transmitter and (b) shows receiver of adaptive delta
modulator. The logic for step size control is added in the diagram. The step size
increases or decreases according to certain rule depending on one bit quantizer output.
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Fig. Adaptive delta modulator (a) Transmitter (b) Receiver

For example if one bit quantizer output is high (1), then step size may be doubled for
next sample. If one bit quantizer output is low, then step size may be reduced by one

step. Fig. shows the waveforms of adaptive delta modulator and sequence of bits
transmitted.
In the receiver of adaptive delta modulator shown in Fig. (b) the first part

generates the step size from each incoming bit. Exactly the same process is followed as
that in transmitter. The previous input and present input decides the step size, It is
then given to an accumulator which builds up staircase waveform. The low-pass filter
then smoothens out the staircase waveform to reconstruct the smooth signal.

) |
|.. e .J: ..... i : ——
/“"' E ! '
¥ 4 .
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£ ¥ i
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I——T— __i. | - = Pl e i Pove. [T _i =
- i
. : i
qﬂm;“;gﬁ‘ >=t1f{1f111]olfolojoi1{o}1 OTET:E__
Fig. Waveforms of adaptive delta modulation
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Advantages of Adaptive Delta Modulation
Adaptive delta modulation has certain advantages over delta modulation. i.e,

1. The signal to noise ratio is better than ordinary delta modulation because of
the reduction in slope overload distortion and granular noise.

2. Because of the variable step size, the dynamic range of ADM is wide.
3. Utilization of bandwidth is better than delta modulation.

Plus other advantages of delta modulation are, only one bit per sample is required
and simplicity of implementation of transmitter and receiver.

Condition for Slope overload distortion occurrence:

Slope overload distortion will occur if

8

} R,
nf, T

m
where T_ is the sampling period.

Let the sine wave be represented as,
x() = A, sin(2uf, t)

Slope of x(!) will be maximum when derivative of x(f) with respect to ‘t" will be
maximum. The maximum slope of delta modulator is given

Step size
Sampling period

Max. slope

L1
T,

Slope overload distortion will take place if slope of sine wave is greater than slope
of delta modulator i.e.

mx‘%x(t% > %
max‘% A,, sin@nf, r)1 > %
max|A,, 21 f,, cos(2nf, 1] > %
Anp2nf, > ;:':
or A, > —2-,-1—}%—17; ............... (2)
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Expression for Signal to Quantization Noise power ratio for Delta
Modulation:

To obtain signal power :

slope overload distortion will not occur if
3

28f s
Here A,, is peak amplitude of sinusoided signal

Ay 'S

m

d is the step size
fin is the signal frequency and
T, is the sampling period.
From above equation, the maximum signal amplitude will be,

4 .
A e e Rt (1
" 2nfy, T )
Signal power is given as,
v2
s 1
Here V is the rms value of the signal. Here V = AT;— Hence above equation
becomes, -
Ay
P = (ﬁ—]l /R
Normalized signal power is obtained by taking R = 1. Hence,
AZ2
F ==

Putting for A, from equation 1

P w3
= m,r—(z ................. (2)
This is an expression for signal power in delta modulation.
(ii) To obtain noise power

We know that the maximum
quantization error in delta
modulation is equal to step size
'§. Let the quantization error be
uniformly distributed over an
interval [-8,8]} This is shown in
Fig. From this figure the

-5 8 PDF of quantization error can be
expressed as,
Fig. Uniform distribution of quantization error

f(e)
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0 for e<d
1
fe(€) = % for ~d<g<d

................ (3)
0 for e>d
The noise power is given as,
2.
Noise power = —"E'—‘"—"—
Here V2.  is the mean square value of noise voltage. Since noise is defined by
random variable &' and PDF f (g), its mean square value is given as,
mean square value = E[e2]=¢2
mean square value is given as,
E[e2] = [e?f, (e)de
From equation 3
.1
2] = e
E[e?] = _[e 55 e
-0
. L[si]”
(3|,
1153 §3 52 :
B s e W — e 4
25[ TS ] 3 3
Hence noise power will be,
; 52
noise power = | = /R
Normalized noise power can be obtained with R = 1. Hence,
82 essessasesses(D)

noise power = 5
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This noise power is uniformly

S(h distributed over —f, to f, range. This is
illustrated in Fig. At the output of

= delta modulator receiver there s
lowpass reconstruction filter whose
cutoff frequency is 'W'. This cutoff
frequency is equal to highest signal

t frequency. The reconstruction filter

' passes part of the noise power at the

output as Fig. From the geometry

Fig. PSD of noise of Fig. _ output noise power will
be,

2
Output noise power= W x noise power = W s

Js o3

We know that f; -*%—, hence above equation becomes,
L
Wrs2 (6)
3

Qutput noise power=

(lil) To obtain signal to noise power ratio
Signal to noise power ratio at the output of delta modulation receiver is given as,

S _  Normalized signal power
N Normalized noise power

From equation 2. and equation 6
52
Br2fi1s
WT, 82
3

_ 3 ] e (7)
SRIWfR T

Zlw

Zlwn

This is an expression for signal to noise power ratio in delta modulation.
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UNIT-2
DIGITAL MODULATION TECHNIQUES

Digital Modulation provides more information capacity, high data security, quicker system
availability with great quality communication. Hence, digital modulation techmques have a greater

demand, for their capacity to convey larger amounts of data than analog ones.

There are many types of digital modulation technmques and we can even use a combination of these
techniques as well. In this chapter, we will be discussing the most prominent digital modulation
techniques.

if the information signal 1s digital and the amplitude (IV of the carrer is varied proportional to
the information signal, a digitally modulated signal called amplitude shift keying (ASK) 1s
produced.
If the frequency (f) 1s varied proportional to the information signal, frequency shift keying (FSK) is
produced, and if the phase ofthe carrier (0) is varied proportional to the information signal,
phase shift keying (PSK) 1s produced. If both the amplitude and the phase are varied proportional to
the information signal, quadrature amplitude modulation (QAM) results. ASK, FSK, PSK, and
QAM are all forms of digital modulation:

W)=Vsm(2r - fr + 6)

R,

ASK FSK PSK
\\ /
*oAM ¥

a sumplified block diagram for a digital modulation system.

Amplitude Shift Keying
The amplitude of the resultant output depends upon the input data whether i1t should be a zero level

or a variation of positive and negative, depending upon the carrier frequency.

Amplitude Shift Keying (ASK) is a type of Amplitude Modulation which represents the binary

data in the form of variations in the amplitude of a gignal.

Following is the diagram for ASK modulated waveform along with its input.




1v

Ov

Input binary sequence

- — M1

ASK Modulated output wave

Any modulated signal has a high frequency carrier. The binary signal when ASK is modulated,
gives a zero valie for LOW input and gives the carrier output for HIGH mnput.
Mathematically, amplitude-shift keying is

. 1A '
"!.ni_r“) =11 rm(”i[,C““("’.!)J

where vask(t) = amplitude-shift keying wave
vm(t) = digital information (modulating) signal (volts)
A/2 =unmodulated carrier amplitude (volts)

oc=analog carrier radian frequency (radians per second, 2xfct)

In above Equation, the modulating signal [vm(t)] is a normalized binary waveform, where + 1V =
logic 1 and -1 V =logic 0. Therefore, for a logic 1 input, vm(t) =+ 1 V, Equation 2.12 reduces to

Via(?) = [1 + ]]|i%cns(m,r)j|
= A cos(w)

Mathematically, amplitude-shift keying is (2.12) where vask(t) = amplitude-shift keying wave
vm(t) = digital information (modulating) signal (volts) A/2 = unmodulated carrier amplitude (volts)
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wc= analog carrier radian frequency (radians per second, 2znfct) In Equation 2.12, the modulating
gignal [vm(t)] is a normalized binary waveform, where + 1 V = logic 1 and -1 V = logic 0.
Therefore, for a logic 1 input, vin(t) =+ 1 V, Equation 2.12 reduces to and for a logic 0 input, vm(t)

= -1 V,Equation reduces to

, A .
Viasiif) = | 1 I ]( —cos(w 1 ]J

Thus, the modulated wave vask(t),is either A cos(wct) or 0. Hence, the carrier 1s either "on “or
"off," which is why amplitude-shift keying is sometimes referred to as on-off keying (OOK).

it can be seen that for every change in the input binary data stream, there is one change in the ASK
waveform, and the time of one bit (tb) equals the time of one analog signaling element (t,).
B=1/l1=1b baud = tb/1 =1b

Example :

Determine the baud and minimum bandwidth necessary to pass a 10 kbps binary signal using
amplitude shift keying. 10Solution For ASK, N = 1, and the baud and minimum bandwidth are
determined from Equations 2.11 and 2.10, respectively:

B=10,000/1=10,000
baud = 10, 000 /1 = 10,000
The use of amplitude-modulated analog carners to transport digital information 1s a relatively low-
quality, low-cost type of digital modulation and, therefore, is seldom used except for very low-
gpeed telemetry circuits.

ASK TRANSMITTER:
Mixer

Modulation signal ASK modulated wave
m(t) Sask(t)

Carrier wave
C(t)




The input binary sequence is applied to the product modulator. The product modulator amplitude
modulates the sinusoidal carrier .it passes the carrier when input bit ig “1° .1t blocks the carrier when

mput bit 1s 0.’
Coherent ASK DETECTOR:

FREQUENCYSHIFT KEYING
The frequency of the output signal will be either high or low, depending upon the input data
applied.

Frequency Shift Keying (FSK) is the digital modulation technique in which the frequency of the
carrier signal varies according to the discrete digital changes. FSK i1s a scheme of frequency

modulation.

Following is the diagram for FSK modulated waveform along with its input.

1v

Ov

Input binary sequence time

1v
1v
/1 f2

FSK Modulated output wave

time

The output of a FSK modulated wave 1g high in frequency for a binary HIGH input and is low in
frequency for a binary LOW input. The binary 1s and Os are called Mark and Space frequencies.

FSK 1s a form of constant-amphtude angle modulation similar to standard frequency modulation
(FM) except the modulating signal is a binary signal that varies between two discrete voltage levels
rather than a continuously changing analog waveform.Consequently, FSK iz sometimes called
binary FSK (BFSK). The general expression for FSK is
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where Vialt) =V costnlf, 1 v, (0} A

vik(t) = binary FSK waveform
V¢ = peak analog carrier amplitude (volts)

fe = analog carrier center frequency (hertz)
f=peak change (shift)in the analog carrier frequency(hertz)
vm(t) = binary input (modulating) signal (volts)

From Equation 2.13, it can be seen that the peak shift in the carrier frequency ( f) is proportional to
the amplitude of the binary input signal (v[t]), and the direction of the shift is determined by the
polarity.

The modulating signal is a normalized binary waveform where a logic 1 =+ 1 V and a logic 0 = -1

V. Thus, for a logic 1 input, vin(t) =+ 1, Equation 2.13 can be rewritten as

v () = V.cos[2n(f,. + Afi]

For a logic 0 input, vm(t) = -1, Equation becomes
vﬁ;k(r) = V(‘ COS[QTC(]((- - Af)ﬂ

With bmary FSK, the carrier center frequency (fc) is shifted (deviated) up and down in the

frequency domain by the binary input signal as shown in Figure 2-3.

Is fe Sm

Logic 1

Logic 0 Binary input
signal

FIGURE-FSK-inmthe frequency domain
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As the binary input signal changes from a logic 0 to a logic 1 and vice versa, the output frequency
shifts between two frequencies: a mark, or logic 1 frequency (1), and a space, or logic 0 frequency
(f). The mark and space frequencies are separated from the carrier frequency by the peak frequency
deviation ( f) and from each other by 2 £

Frequency deviation is illustrated in Figure 2-3 and expressed mathematically as

Pl K2 (2.14)

where  f = frejuency deviation (hertz)
[t — fi| = absolute difference between the mark and space frequencies (hertz)

Figure 2-4a shows in the time domain the binary input to an FSK modulator and the corresponding
FSK output.

When the binary input (/) changes from a logic 1 to a logic 0 and vice versa, the FSK output

frequency shifts from a mark ( f,) to a space (f;) frequency and vice versa.

In Figure 2-4a, the mark frequency is the higher frequency ¢/: + f) and the space frequency 1s the
lower frequency (f: - f), although this relationship could be just the opposite.

Figure 2-4b shows the truth table for a binary FSK modulator. The truth table shows the input and

output possibilities for a given digital modulation scheme.

‘c
Binary
imput O [ 1O 1O 1 |Of1 )0} 0
| | [ L [ | | | |
I, b i [ l [ ; i binary frequency
output ! ' | e
' i el ! Pl P P ' 0 space (f,)
-fs -fm-fs'frv-.-fs'fm-f:lfm-fSIJ’rm ){s' ’
1 mark (f,)
Jfm. mark frequency; f, space frequency e
(a) {b)
b ]
FIGURE 2-4 FSK in the time domain: (a) waveform: (b) truth
table




FSK Bit Rate, Baud, and Bandwidth

In Figure 2-4a, it can be seen that the time of one bit (1) is the same as the time the FSK output is a
mark of space frequency (#J). Thus, the bit time equals the time of an FSK signaling element, and
the bit rate equals the baud.

The baud for binary FSK can also be determined by substituting N = 1 in Equation 2.11:

baud =1,/ 1 =1}
The minimum bandwidth for FSK is given as

B=(fi—fo) — (fn—To)

=|(fe fm)| + 2f
and since |(fs— fin)| equals 2 f, the minimum bandwidth can be approximated as

B=2(f+ fp) (2.1%5)
where
B= minimum Nyquist bandwidth (hertz)
f= frequency deviation |(fi— £5)| (hertz)
f» = input bit rate (bps)

Example 2-2

Determine (a) the peak frequency deviation, (b) minimum bandwidth, and (¢) baud for a binary
FSK signal with a mark frequency of 49 kHz, a space frequency of 51 kHz, and an input bit rate of
2 kbps.

Solution

a. The peak frequency deviation is determined from Equation 2.14:

f=|149kHz - 51 kHz|/ 2 =1 kHz
b. The minimum bandwidth is determined from Equation 2.15:
B = 2(100+ 2000)
=6 kHz




¢. For FSK, N = 1, and the baud 1s determined from Equation 2.11 as
baud = 2000 / 1 =2000

FSK TRANSMITTER:

Figure 2-6 shows a simplified binary FSK modulator, which is very similar to a conventional FM
modulator and 1s very often a voltage-controlled oscillator (VCO).The center frequency (fo) is
chosen such that it falls halfway between the mark and space frequencies.

_ : FSK output
y UL FSK modulator
R e (VCO) A
k1 = HZ/V
|
~Af : +Af
|
f m f c fs
Logic 0
Logic 1

A logic 1 input shifts the VCO output to the mark frequency, and a logic O input shifts the VCO
output to the space frequency. Consequently, as the binary input signal changes back and forth
between logic 1 and logic O conditions, the VCO output shifts or deviates back and forth between
the mark and space frequencies.

NRZ e FSK output
binary N I I FSK modulator
input SHECESS & (VCO) Tese——
Ky = Hzv
1
-af | +Af
w !
Im fe fs
Logic 0
Logic 1

FIGURE 2-6 FSK modulator

A VCO-FSK modulator can be operated in the sweep mode where the peak frequency deviation 1s
simply the product of the binary mput voltage and the deviation sensitivity of the VCO.




With the sweep mode of modulation, the frequency deviation 1s expressed
f=vm(ki

vm(t) = peak binary modulating-signal voltage (volts)
k= deviation sensitivity (hertz per volt).

FSK Receiver

mathematically as

(2-19)

FSK demodulation is quite simple with a circuit such as the one shown m Figure 2-7.

Analog mark or
space frequency

f

s

Ny

7 ~ “ | Envelope | dc
. ’LBfiJ ™| detector .
FSK input——»-| FOWer &
splitter £ .
’_‘* BPF I | Envelope | dc T
detector Comparator

FIGURE 2-7 Noncoherent FSK demodulator

Rectified signal

Data output

The FSK input signal is simultaneously applied to the mputs of both bandpass filters (BPFs)

through a power splitter. The respective filter passes only the mark or only

the space frequency on to

its respective envelope detector.The envelope detectors, i turn, indicate the total power in each
passband, and the comparator responds to the largest of the two powers.This type of FSK detection

1s referred to as noncoherent detection.

Figure 2-8 shows the block diagram for a coherent FSK receiver. The

imcoming FSK signal is

multiplied by a recovered carrier signal that has the exact same frequency and phase as the

transmitter reference.

However, the two transmitted frequencies (the mark and space frequencies) are not generally
continuous; it 1s not practical to reproduce a local reference that 1s coherent with both of them.

Consequently, coherent FSK detection 1s seldom used.

Multiplier

Carrier

Multiplier [

Carrier

FIGURE 2-8 Coherent FSK demodulator

Power

FSK input —» splitter

-»l+_—~" Data out




PHASESHIFT KEYING:

The phase of the output signal gets shified depending upon the input. These are mainly of two
types, namely BPSK and QPSK, according to the number of phase shifts. The other one 18 DPSK
which changes the phase according to the previous value.

1 g 0 1 O 1 1 0
I.

Amp., V

1.0

Phase shift keying (PSK)

Phase Shift Keying (PSK) 1s the digital modulation technique in which the phase of the carrier
signal 1s changed by varying the sine and cosine inputs at a particular time. PSK techmque 1s widely
used for wireless LANs, bio-metric, contactless operations, along with RFID and Bluetooth

commumications.
PSK is of two types, depending upon the phases the signal gets shifted. They are —

Binary Phase Shift Keying (BPSK)
This 18 also called as 2-phase PSK {(or) Phase Reversal Keying. In this technique, the sine wave

carrier takes two phase reversals such ag 0° and 180°.

BPSK 1g basically a DSB-SC (Double Sideband Suppressed Carrier) modulation scheme, for
mesgage being the digital information.

Following is the image of BPSK Modulated output wave along with its input.

iv

! Input binary sequence time

- AL

-1v
BPSK Modulated output wave
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Binary Phase-Shift Keying

The simplest form of PSK is binary phase-shift keying (BPSK), where N = 1 and M =
2. Therefore, with BPSK, two phases (2! = 2) are possible for the carrier.One phase represents a
logic 1, and the other phase represents a logic 0. As the mput digital signal changes state (i.e., from
altoa0orfroma0 toa 1), the phase of the output carrier shifts between two angles that are
separated by 180°.

Hence, other names for BPSK are phase reversal keying (PRK) and biphase modulation. BPSK
is a form of square-wave modulation of a continuous wave (CW) signal.

e Y e

Binar Level
dallaly » | converter Balanced » | Bandpass » Modulated
in (UP to BP) modulator filter PSK output

"\, sin(e.t)

Buffer
A

’L sin(e,t)

Reference
carrier
oscillator

FIGURE 2-12 BPSK transmitter
BPSK TRANSMITTER:

Figure 2-12 shows a simplified block diagram of a BPSK transmitter. The balanced modulator acts
as a phase reversing switch. Depending on the logic condition of the digital mput, the carrier is
transferred to the output either in phase or 180° out of phase with the reference carrier oscillator.

Figure 2-13 shows the schematic diagram of a balanced ring modulator. The balanced modulator
has two inputs: a carrier that is in phase with the reference oscillator and the binary digital data. For
the balanced modulator to operate properly, the digital input voltage must be much greater than the
peak carrier voltage.

This ensures that the digital input controls the on/off state of diodes D1 to D4. If the binary input is
a logic 1(positive voltage), diodes D 1 and D2 are forward biased and on, while diodes D3 and D4

11




are reverse biased and off (Figure 2-13b). With the polarities shown, the carrier voltage is

developed across transformer T2 in phase with the carrier voltage across T

1. Consequently, the output signal is in phase with the reference oscillator.
If the binary input is a logic 0 (negative voltage), diodes DIl and D2 are reverse biased and off,

while diodes D3 and D4 are forward biased and on (Figure 9-13c). As a result, the carrier voltage is
developed across transformer T2 180° out of phase with the carrier voltage across T 1.

™ i T2
L |
- - o
sin et Reference D3
carrier Modulated PSK
(\; input D4 output
D2
Binary data in
(a)
T D1 (on) T2
+ e ol D3 and D4 + | ®ly
_ {\J I (off) f\}
sin wyet | sin @t
—_— e
Carrier . Carrier o
Input i il s - output
D2 (on)
+V (Binary 1)
(b)
—SiMn et

| bl
—V (Binary 0)
(c)

FIGURE 9-13 (a) Balanced ring modulator; (b) logic 1 input; (c) logic 0 input
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Binary input | Output phase
Logic 0 180°
Logic 1 0*
(a)
COS it
+1680° @ ® 0° Reference
Logic 0 Logic 1
=COS wel

ie)

{+90%)

€O8 0 t
-$in agt 8in wet
(180°) (0%
Logic 0 Logic 1
-COS (et
(-90°)
(b

FIGURE 2-14 BPSK modulator: (a) truth table; (b) phasor diagram; (c) constellation

diagram

BANDWIDTH CONSIDERATIONS OF BPSK:

In a BPSK modulator. the carrier input signal is multiplied by the binary data.

If+1 V is assigned to a logic 1 and -1 V is assigned to a logic 0, the input carrier (sin w.t) is

multiplied by eithera+or-1.

The output signal 1s either + 1 gin w.t or -1 sin w.t the first represents a signal that is in phase with
the reference oscillator, the latter a signal that iz 180° out of phase with the reference
oscillator.Each time the input logic condition changes, the output phase changes.

Mathematically, the output of a BPSK modulator is proportional to

BPSK output = [sin (21Tfit) ] x [sin (217f:1)]

where

13
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f.=maximum fiundamental frequency of binary input (hertz)

f. = reference carrier frequency (hertz)

Solving for the trig identity for the product of two sine functions,
0.5cos[211(f; — £)t] — 0.5cos[2TT(f. + £)t]

Thus, the minimum double-sided Nyquist bandwidth (B) /s

fc+1a fc+ 1a
i

—(fc iz fa) or _ :
2fa

and because f.=f./ 2, where fp = input bit rate,
where B /s the minimum double-sided Nyquist bandwidth.

Figure 2-15 shows the output phase-versus-time relationship for a BPSK waveform. Logic 1 mput
produces an analog output signal with a 0° phase angle, and a logic O input produces an analog
output signal with a 180° phase angle.

Ag the binary input shifts between a logic 1 and a logic 0 condition and vice versa, the phase ofthe
BPSK waveform shifts between 0° and 180°, respectively.

BPSK signaling element (%) 1s equal to the time of one information bit (), which indicates that the
bit rate equals the baud.

to : ts

% 1 % I & 2 %

H i i

| sinagt |o-sinext i sinagt | -sinag sin gt —sin et

i [} L} ) (]

! 0 H 180 : 0 ' 180 ' o H 180 - Degrees
] 3 0 x o = Radiars

FIGURE 2-15 Output phase-versus-time relationship for a BPSK modulator
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Example:

For a BPSK modulator with a carrier frequency of 70 MHz and an input bit rate of 10 Mbps,
determine the maximum and minimum upper and lower side frequencics, draw the output spectrum,
de-termine the minimum Nyquist bandwidth, and calculate the baud..

Solution
Substituting into Equation 2-20 yields
output = [sin (21fit)] x [sin CEt)]; L=/ 2 =5 MHz

=[sin 2M(SMHz)t)] x [sin 2TT(70MHz)t)]
=0.5¢0s[2m(70MHz — SMHz)t] — 0.5c0s[2m(70MHz + SMHz)t]
lower side frequency upper side frequency

Minimum lower side frequency (LSF):
LSF=70MHz - 5MHz = 65MHz
Maximum upper side frequency (USF):
USF =70 MHz + 5 MHz = 75 MHz

Therefore, the output spectrum for the worst-case binary input conditions /8 as follows: The
minimum Nyquist bandwidth (B) is

< - B=10MHz ~ ~ >
|
I
l
65 MHz 70 MHz 75 MHz
(Suppressed)

B =75 MHz - 65 MHz = 10 MHz
and the baud = fp or 10 megabaud.

BPSK receiver:.

Figure 2-16 shows the block diagram of a BPSK receiver.
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The input signal maybe+ sin Wt or - sin Wt . The coherent carrier recovery circuit detects and
regenerates a carrier signal that is both frequency and phase coherent with the original transmit
carrier.

The balanced modulator is a product detector; the output is the product d the two inputs (the BPSK
signal and the recovered carrier).

The low-pass filter (LLPF) operates the recovered binary data from the complex demodulated signal.

FIGURE 2-16 Block diagram of a BPSK receiver

+ sin(w.t) BUP v
ina +
BPSK »| ser .| Balanced »|  LeF ! Level e !’W
input modulator converer ala 0
output
A A
sin{w,1) Y
Y Clock
recovery
Coherent
carner

recovery

Mathematically, the demodulation process 1s as follows.
For a BPSK input signal of + sin wct (logic 1), the output of the balanced modulator is

output = (sin Wt )(sin Wet) = sin’wet 2.2

or sin‘Wet = 0.5(1 — cos 2Wt) = 0.5

filtered out
leaving output = + 0.5 V = logic 1

It can be seen that the output of the balanced modulator contains a positive voltage (+{1/2]V) and a
cosine wave at twice the carrier frequency (2 Wt ).

The LPF has a cutoff frequency much lower than 2 wd, and, thus, blocks the second harmonic of
the carrier and passes only the positive constant component. A positive voltage represents a
demodulated logic 1.

For a BPSK input signal of -sin wt (logic 0), the output of the balanced modulator is
output = (-sin Wet )(sin Wet) = sin®w.t

or

sin®coct = -0.5(1 — cos 2Wt) = 0.5
S

filtered out
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leaving
output=- 0.5V =logic 0

The output of the balanced modulator contains a negative voltage (-[L'2]V) and a cosine wave at
twice the carrier frequency (2w.t).

Again, the LPF blocks the second harmonic of the carrier and passes only the negative constant
component. A negative voltage represents a demodulated logic 0.

QUADRATURE PHASE SHIFT KEYING (QPSK):
This is the phase shift keying technique, in which the sine wave carrier takes four phase reversals
such as 0°, 90°, 180°, and 270°.

If this kind of techniques are further extended, PSK can be done by eight or sixteen values also,
depending upon the requirement. The following figure represents the QPSK waveform for two bits
mput, which shows the modulated result for different instances of binary inputs.

Carrier / Channel

Modulating value from tivo bits
0 2 ' 1 3
(00) (100 1 (01) (11)

Modulated
Result

QPSK 18 a variation of BPSK, and 1t is also a DSB-SC (Double Sideband Suppressed Carrier)
modulation scheme, which sends two bits of digital information at a time, called as bigits.
Instead of'the conversion of digital bits into a series of digital stream, it converts them into bit-pairs.

This decreases the data bit rate to half, which allows space for the other users.

QPSK transmitter.

A block diagram of a QPSK modulator 18 shown in Figure 2-17Two bits (a dibit) are
clocked into the bit splitter. After both bits have been serially inputted, they are simultaneously
parallel outputted.
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The I bit modulates a carrier that is in phase with the reference oscillator (hence the name "I" for "in
phase" channel), and theQ bit modulate, a carrier that is 90° out of phase.

Foralogic 1 =+ 1V and a logic 0=- 1 V, two phases are possible at the output of the I balanced
modulator (+sin W.t and - sin Ww.t), and two phases are possible at the output of the Q balanced
modulator (+cos W), and (-cos Wt).

When the linear summer combines the two quadrature (90° out of phase) signals, there are four
possible resultant phasors given by these expressions: + sin Wt + cos W.t, + sin Wt - cos Wt, -sin
Wt + cos w.t, and -sin Wt - cos 0.t

i chennel /2 Balanced 1 sin ot
lwk 1=41V modulator
LogicO=-1V ]
Binary input - »
ry inpu
data fy sin axt e
Reference ’
carriar *
oscillator
1 (sin wet) QPSK
Bit Linear output
Splitier summer BPF
a
] ! '
90" phase ,
shift
*2
Bit Bandpass
clock cOS it fiter
Logic 1 =41V
Logicﬂ -1V Balanced
Q channel /2 modulstor | oo gt

Example:

For the QPSK modulator shown in Figure 2-17, construct the truthtable, phasor diagram, and
constellation diagram.

Solution

For a binary data input of Q = O and [=0, the two inputs to the Ibalanced modulator are -1 and sin
w.t, and the two inputs to the Q balanced modulator are -1 and cos w.t.

Congequently, the outputs are
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I balanced modulator =(-1)(sin w.t) =-1 sin .t

Q balanced modulator =(-1){(cos w.t) = -1 cos w.t and the output of the linear summer 1sg
-1 cos et - 1 sin wet =1.414 sin{w.t - 135°)

For the remaining dibit codes (01, 10, and 11), the procedure is the same. The results are shown in
Figure 2-18a.

a 1 a 1
o8 @t - 8in et cos ! ©O8 ot - min ot
1 0 1 1
sin (mgt + 138%) sin (met + 45"
" §in mgt
Binary QPsSK Bt ! (0% raforance)
input output
a 1 phase
[ -135°
0 -45" a 1 a 1
1 0 +135* <08 Gt ~ 8in gt e ~08 mt + 8in et
11 «A5* 0 0 0 1
sin (ot - 135% #in (et - 45%)
s)
(b}
10 CO8 a3t n
L ;q El
=gin gt ~---====--- e ———— sin wet
i
)
B ; .
00 —CO8 et 01

FIGURE 2-18 QPSK modulator: (a) truth table; (b) phasor diagram; (c) constellation
diagram

In Figures 2-18b and c, it can be seen that with QPSK each of the four possible output phasors has
exactly the same amplitude. Therefore, the binary information must be encoded entirely in the

phase of the output signal
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Figure 2-18b, it can be seen that the angular separation between any two adjacent phasors in QPSK
18 90° Therefore, a QPSK signal can undergo almost at45° or -45° ghift in phase dunng
transmisgion and still retain the correct encoded information when demodulated at the receiver.

Figure 2-19 shows the output phase-versus-time relationghip for a QPSK modulator.

Dibit Q 1 a 1 a 1 Q 1
input ' 1 0 0 1 1 1 0 0
i ' \ ' :
QPSK r\ | _
output | Time
phase | : \J
H . 4 ) .
I ] L] ] [}
. +135° : -45° . +45° ! -135° Degrees

FIGURE 2-19 Output phase-versus-time relationship for a PSK modulator
Bandwidth considerations of QPSK

With QPSK, because the input data are divided into two channels, the bit rate in either the I or the Q
channel ig equal to one-half of the input data rate (f./2) (one-half of £/2 = fi/4).

QPSK RECEIVER:

The block diagram of a QPSK receiver is shown in Figure 2-21

The power gplitter directs the input QPSK signal to the [ and Q product detectors and the carrier
recovery circuit. The carrner recovery circuit reproduces the original transmit carner oscillator
signal. The recovered carrier must be frequency and phase coherent with the transmit reference
carrier. The QPSK signal is demodulated in the I and Q product detectors, which generate the
original I and Q data bits. The outputs of the product detectors are fed to the bit combining circuit,
where they are converted from parallel I and Q data channels to a gingle binary output data stream.
The incoming QPSK signal may be any one of the four possible output phases shown in Figure 2-
18. To illustrate the demodulation process, let the incoming QPSK signal be -sin w.t + cos w.t.
Mathematically, the demodulation process 1s ag follows.
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FIGURE 2-21 QPSK receiver

The receive QPSK signal (-sin .t + cos Wct) 18 one of the inputs to the I product detector. The
other input is the recovered carrier (sin wW.t). The output of the I product detector is

I = (—sin wt + cos wt)(sin wr)

— e ’]

QPSK input signal carmer

= (—sin ws)sin w.) + (cos wI)(sin w 1)

~sin® .t + (cos w 1)(sin w,1)

I (. 1 .
= —:;(I - cos 2wt) + S sin(w, + o, )+ -,}-sm(w‘ - W)t
(filgered out) (equals 0)
T ’/ ] ,,/ -
= —— 4+ —cos 2wt + —sin 2wt + =S
5 ¥ 5c0s 20, 5 Sin 20, 5 Sin

1 tood
= =5V (logic 0) (2.23)

Again, the receive QPSK signal (-sin Wt + cos Wt) 1s one of the inputs to the Q product detector.
The other input is the recovered carrier shifted 90° in phase (cos wt). The output of the Q product
detector 1s
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Q = (—sin ws + cos w.)(cos wr)

~ o
—~ ~

QPSK nput signal carer
= cos’ w1 — (sin wt)(cos wr)
i, . | i
= ;{l + cos 2w,1) — sin(w, + w )t — _sin(w, — )1

(Tihered out) tequals (1)

- ) |
— + () 2 —_— : 2 - .__-' '
Q 5 T 5cos 2wt — Zsin 2w.1 ’sm(

_ ;V(In-,gic 1) (2.24)

The demodulated I and Q bits (0 and 1, respectively) correspond to the constellation diagram and
truth table for the QPSK modulator shown in Figure 2-18.

DIFFERENTIAL PHASE SHIFT KEYING (DPSK):

In DPSK (Differential Phase Shift Keying) the phase of the modulated signal is shifted relative to
the previous signal element. No reference signal is considered here. The signal phase follows the
high or low state of the previous element. This DPSK techmque doesn’t need a reference oscillator.

The following figure repregents the model waveform of DPSK.

O 0 1 1 0 1 O O O 1 0

It i¢ seen from the above figure that, if the data bit is LOW 1i.e., O, then the phase ofthe signal ig not
reversed, but is continued as it was. If the data is HIGH i.e., 1, then the phase of the signal is

reversed, as with NRZI, invert on 1 (a form of differential encoding).
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If we observe the above waveform, we can say that the HIGH state represents an M in the

modulating signal and the LOW state represents a W in the modulating signal.

The word binary represents two-bits. M simply represents a digit that corresponds to the number of
conditions, levels, or combinations possible for a given number of binary variables.

This is the type of digital modulation technique used for data transmission in which instead of one-
bit, two or more bits are transmitted at a time. As a single signal is used for multiple bit
transmission, the channel bandwidth is reduced.

DBPSK TRANSMITTER.:

Figure 2-37a shows a simplified block diagram of a differential binary phase-shift keying
(DBPSK) transmitter. An incoming information bit is XNORed with the preceding bit prior to
entering the BPSK modulator (balanced modulator).

For the first data bit, there is no preceding bit with which to compare it. Therefore, an initial
reference bit is assumed. Figure 2-37b shows the relationship between the input data, the XNOR
output data, and the phase at the output of the balanced modulator. If the initial reference bit is
assumed a logic 1, the output from the XNOR circuit is simply the complement of that shown.

In Figure 2-37b, the first data bit is XNORed with the reference bit. If they are the same, the XNOR
output is a logic 1; if they are different, the XNOR output is a logic 0. The balanced modulator
operates the same as a conventional BPSK modulator; a logic I produces +sin Wt at the output, and
A logic 0 produces —sin Wt at the output.
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FIGURE 940 ([a] Cock recovery circuit; [b) timing diagram

F— e =]

1
’ _Hl sin angt
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ireference bit)
80" o o o L 1807 L a0 Bmo* 1o~ o o

FIGURE 2-37 DBPSK modulator (a) block diagram (b) timing diagram

BPSK RECEIVER:

Figure 9-38 shows the block diagram and timing sequence for a DBPSK receiver. The received
gignal 18 delayed by one bit time, then compared with the next signaling element in the balanced
modulator. If they are the same. J logic 1(+ voltage) is generated. If they are different, a logic O (-
voltage) 1s generated. [f the reference phase 1s incormrectly assumed, only the first demodulated bit is
m error. Differential encoding can be implemented with higher-than-binary digital modulation
schemes, although the differential algorithms are much more complicated than for DBPS K.

The primary advantage of DBPSK is the simplicity with which it can be implemented. With
DBPSK, no carrier recovery circuit is needed. A disadvantage of DBPSK is, that it requires
between 1 dB and 3 dB more signal-to-noise ratio to achieve the same bit error rate as that of
absolute PSK.
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s JNNE TR TR SR N D N SN SR SR T B

bit stream
FIGURE 2-38 DBPSK demodulator: (a) block diagram; (b) timing sequence

COHERENT RECEPTION OF FSK:

The coherent demodulator for the coherent FSK signal falls in the general form of coherent
demodulators described in Appendix B. The demodulator can be implemented with two correlators
as shown in Figure 3.5, where the two reference signals are cos(27r f't) and cos(27r fit). They must
be synchronized with the received signal. The receiver is optimum in the senge that it mimmizes the
error probability for equally likely binary signals. Even though the receiver 18 rigorously derived in
Appendix B, some heuristic explanation here may help understand its operation. When s 1 (1) is
transmitted, the upper correlator yields a signal 1 with a positive signal component and a noise
component. However, the lower correlator output 12, due to the signals' orthogonality, has only a
noige component. Thus the output of the summer 15 most likely above zero, and the threshold
detector will most likely produce a 1. When s2(t) is transmitted, opposite things happen to the two
correlators and the threshold detector will most likely produce a 0. However, due to the noise nature
that its values range from -00 to m, occasionally the noise amplitude might overpower the signal
amplitude, and then detection errors will happen. An alternative to Figure 3.5 1s to use just one
correlator with the reference signal cos (271 f't) - cos(2s f2t) (Figure 3.6). The correlator in Figure
can be replaced by a matched filter that matches cos(27r fit) - cos(27r f2t) (Figure 3.7). All
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implementations are equivalent in terms of error performance (see Appendix B). Assuming an

AWGN channel, the received signal is
r(t) =s;(t)+n(t), i1=12

where n(t) 1s the additive white Gaussian noise with zero mean and a two-sided power spectral
density A',/2. From (B.33) the bit error probability for any equally likely binary signals is

S —
| E;I -+ E'_._' - 2;012\"’.13.! L.:’
P,=0Q \/f 2N

where No/2 is the two-sided power spectral density of the additive white Gaussian noise. For

Sunde's FSK signals El = Ez = Eb, plI2 =0 (orthogonal). thus the error probability is

n-a(V%)

where Eb = A2T/2 1s the average bit energy of the FSK signal. The above Pb 1s plotted in Figure 3.8
where Pb of noncoherently demodulated FSK, whose expression will be given shortly, is also

plotted for comparison.

(k+1)T
J. dt
kT
Threshold
cos(2nfit) Detector
r(t) 1
—— 0 | -
0
cos(2nfat)

(k+1)T
I dt
kT
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Figure: Pb of coherently and non-coherently demodulated FSK signal.
NONCOHERENT DEMODULATION AND ERROR PERFORMANCE:

Coherently FSK signals can be noncoherently demodulated to avoid the carrier recovery.
Noncoherently generated FSK can only be noncoherently demodulated. We refer to both cases as
noncoherent FSK. In both cases the demodulation problem becomes a problem of detecting signals
with unknown phases. In Appendix B we have shown that the optimum receiver is a quadrature
receiver. It can be implemented using correlators or equivalently, matched filters. Here we assume
that the binary noncoherent FSK signals are equally likely and with equal energies. Under these
assumptions, the demodulator using correlators i shown in Figure 3.9. Again, like in the coherent
case, the optimality of the receiver has been rigorously proved (Appendix B). However, we can
gasily understand its operation by some heuristic argument as follows. The received signal

(ignoring noise for the moment) with an unknown phase can be written as

s;(t.8) = Acos(2nf.t+0). =12
A cos @ cos 27 fit — Asin@sin 2w f;t
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The signal consists of an in phase component A cos 8 cos 27r 't and a quadrature component A sin
8 sin 2x fit sin 0. Thus the signal is partially correlated with cos 2s fit and partiah'y correlated with
sin 27r fit. Therefore we use two correlators to collect the signal energy in these two parts. The
outputs of the in phase and quadrature correlators will be cos 19 and sin 8, respectively. Depending
on the value of the unknown phase 8, these two outputs could be anything in (- 5, y). Fortunately
the squared sum of these two signals is not dependent on the unknown phase. That 1s

AT , AT

A =
A L'Usﬁ'j‘?—r—-:msmn) = e——
2 Erey .

This quantity is actually the mean value of the statistics I? when signal s1 (t) is transmitted and noise
18 taken into consideration. When si (t) is not transmitted the mean value of 1: is 0. The comparator
decides which signal 1s sent by checking these I?. The matched filter equivalence to Figure 3.9 1s
shown in Figure 3.10 which has the same error performance. For implementation simplicity we can
replace the matched filters by bandpass filters centered at f and fi, respectively (Figure 3.1 1).
However, if the bandpass filters are not matched to the FSK signals, degradation to

Sample at
t=kT
Bandpass Envelope \ i
- P ; - I }pL (
filter at f) Detector ,‘
it >14
r(t) choose |
Su.l‘nplc at C\Impﬂldltﬂ’ — :f‘rJ > l’;
S choose 0
Bandpass Envelope \ f
filter at 1 Detector A

various extents will result. The bit error probability can be derived using the correlator demodulator
(Appendix B). Here we further assume that the FSK signals are orthogonal, then from Appendix B
the error probability is

e Ew/2N,

-~
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PART-2

DATATRANSMISSION
BASE BAND SIGNAL RECEIVER:

Consider that a binary encoded signal consists of a time sequence of voltage levels +V or —V.
if there is a guard interval between the bits, the signal forms a sequence of positive and
negative pulses. in either case there is no particular interest in preserving the waveform of the
signal after reception .we are interested only in knowing within each bit interval whether the
transmitted voltage was +V or —V. With noise present, the receives signal and noise together
will yield sample values generally different from +V. In this case, what deduction shall we
make from the sample value concerning the transmitted bit?

Suppose that the noise is gaussian and therefore the noisec voltage has a
probability density which is entirely symmetrical with respect to zero volts. Then
the probability that the noisec has increased the sample value is the same as the
probability that the noise has decreased the sample value. It then seems entirely
recasonable that we can do no better than to assume that if the sample value is
positive the transmitted level was <+ V. and if the sample value is negative the
transmitted level was — V. It is, of course, possible that at the sampling time the
noise voltage may be of magnitude larger than ¥ and of a polarity opposite 1o
the polarity assigned to the transmitted bit. In this case an error will be made as
indicated in Fig. 11.1-1. Here the transmitted bit is represented by the voltage
+ V' which is sustained over an interval T from r, to ;. Noise has been superim-
posed on the level + V so that the voltage r represents the reccived signal and
noise. If now the sampling should happen to take place at a time ¢ = 1, + Ar, an
error will have been made.

We can reduce the probability of error by processing the received signal plus
noise in such a manner that we are then able to find a sample time where the
sample voltage due to the signal 1s emphasized relative to the sample voltage due
to the noise. Such a processer (receiver) is shown in Fig. 11.1-2. The signal input
during a bit interval is indicated. As a matter of convenience we have set t = 0 at
the beginning of the interval. The waveform of the signal s(t) before ¢t = 0 and
after +t = T has not been indicated since, as will appear, the operation of the
receiver during each bit interval is independent of the wavceform during past
and future bit intervals.

The signal s(r) with added white gaussian noise n{r) of power spectral density
n/2 is presentied to an integrator. At time 7 = 0 4+ we require that capacitor C be
uncharged. Such a discharged condition may be ensured by a brief closing of
switch SW, at time r = 0 — | thus relieving C of any charge it may have acquired
during the previous interval. The sample is taken at the output of the integrator
by closing this sampling switch SW, . This sample is taken at the end of the bit
interval, at ¢ = 7. The signal processing indicated in Fig. 11.1-2 is described by
the phrase inregrate and dump, the term dump referring to the abrupt discharge of
the capacitor after each sampling.
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Figure 11.1-2 A reeciver for a binary coded signal,
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The integrator yields an output which is the integral of its input multiplied by
iI/RC. Using v = RC, we have

1 7 1 (7 1 [T
e AT) = ; L [s(t) + n(e)] dr = ;‘[‘ sir) de + = L mry de (11.1-1)
The sample voltage due to the signal is
=
s,,(T)=1J. th=£ (11.1-2)
T o T

The sample voltage due to the noise is
r
n.(T)=%Lntr)dr (11.1-3)

This noise-sampling voltage n,(7T) is a gaussian random variable in contrast with
nir). which is a gaussian random process.
The variance of n(T) was found in Sec. 7.9 [see Eq. (7.9-17)] to be

nT
22

ol =ni{T) = (11.1-4)

and. as noted in Sec. 7.3, n(7) has a gaussian probability dcnsity.

The output of the integrator, before the sampling switch, is v(r) = s.ir)
+ n(r). As shown in Fig. 11.1-3a, the signal output s,(t) is a ramp, in each bit
interval, of duration T. At the end of the interval the ramp attains the voltage
s5AT) which is + VT /r or — VT/1. depending on whether the bitisa 1 or a 0. At
the end of cach intcrval the switch SW, in Fig. 11.1-2 closes momentarily to dis-
charge the capacitor so that s (rf) drops to zero. The noise nr). shown in
Fig. 11.1-35, also starts each interval with 7 (0) = 0 and has the random value
n(7T) at the end of each interval. The sampling switch SW, closes briefly just
before the closing of SW, and hence reads the voltage

v AT) = 5AT) + nAT) (11.1-5)
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Figure 11.1-3 (a) The signal ouiput and (h) the noise output of the integrator of Fig. 11.1-2.

We would naturally like the output signal voltage to be as large as pnss;blc
in comparison with the noise voltage. Hence a figure of merit of interest is the

signal-to-noise ratio

%L—_{(?;_Z=§ vy (11.1-6)
”ﬂ

This result is calculated from Eqs. (11.1-2) and (11.1-4). Note that the signal-to-
noise ratio increases with increasing bit duration T and that it depends on V2T
which is the normalized ecnergy of the bit signal. Therefore, a bit represented by a
narrow, high amplitude “gnal and one by a wide, low amplitude signal are
equally effective, provided V* 7T is kept constant.

It is instructive to note that the integrator filters the signal and the noise such
that the signal voltage increases linearly with time, while the standard deviation
(rms value) of the noise increases more slowly, as ﬁ Thus, the integrator
enhances the signal relative to the noise, and this enhancement increases with
time as shown in Eq. (11.1-6).

PROBABILITY OF ERROR

Since the function of a receiver of a data transmission is to ditinguish the bit 1 from the bit 0
in the presence of noise, a most important charcteristic is the probability that an error will be
made in such a determination.we now calculate this error probabilty P. for the integrate and

dump receiver of fig 11.1-2
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We have seen that the probability density of the noise sample n (7T') is gauss-
ian and hence appears as in Fig. 11.2-1. The density is therefore given by

e TN ZeL?

fMnAT)] = (11.2-1)

A nol

where o7, the variance, is a2 = n2(T) given by Eq. (11_1-4). Suppose, then, that
during some bit interval the input-signal voltage is held at, say, — V. Then, at the
sample time, the signal sample voltage is 5,{7T) = — V T /r, while the noise sample
is n (T) If n(T) is positive and larger in magnitude than V7 /t, the total sample
voltage v (T) = 5,(T) = n(T) will be positive. Such a positive sample voltage will
result in an error, since as noted earlier, we have instructed the receiver 1o inter-
pret such a positive sample voltage to mean that the signal voltage was + V
during the bit interval. The probability of such a misinterpretation, that is. the
probability that n(7) > VT/z, is given by the area of the shaded region in
Fig. 11.2-1. The probability of error is, using Eq. (11.2-1).

s = . — e TWEra2

P, = J S T)] dn(T) = dniT) (11.2-2)
L S

vrre o/ 2ral

Defining x = n(T)//20,. and using Eq. (11.1-4), Eq. (11.2-2) may be rewritten as
E 2 =

P,= 5= e " dx
R Jeaw/Tin

-7 2 12 102
- (v \/I)slcrrc (" ") =1crl'c(§—') (11.2-3)
2 n 2 n 2 "

in which E, = ¥?¥T is the signal energy of a bit.

IT the signal voltage were held instead at 4+ V during some bit interval, then it
is clear from the symmetry of the situation that the probability of error wonld
again be given by P_in Eq. (11.2-3). Hence Eq. (11.2-3) gives P_ quite generallv,

fnatT]

LT
VT np LT}
T

Figwre 11.2-1 The gaussian probahility density of the nodse sample n (T)

ponog g g'lya-p oy
—4 -20 2 4 6 810121416 E, e
= - d8 Fignere 11.2-2 Variation of P, versus E_‘n.
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The probability of error p., as given in eq.(11.2-3).is plotted in fig.11.2-2.note that p. decreases
rapidly ag E; /n increages. The maximum value of p. s '4.thusg ,even if the signal is entirely lost in
the noise o that any determination of the receiver 1s a sheer guess, the receiver cannot bi wrong
more than half'the time on the average.

THE OPTIMUM FILTER:

In the recerver system of Fig 11.1-2, the signal was passed through a filter(integrator),so that at the
gsampling time the signal voltage might be emphasized in comparison with the noise voltage. We are
naturally led to risk whether the integrator is the optimum filter for the purpose of minimizing the
probability of error. We shall find that the received signal contemplated in system of fig 11.1-2 the
integrator is indeed the optimum filter. However, before returning specifically to the integrator

receiver.

We agsume that the received signal ig a binary waveform. One binary digit is represented by
a signal waveformS; (t) which persists for time T, while the4 other bit 1s represented by the
waveform S(t) which also lasts for an interval T. For example, in the transmission at baseband, as
ghown in fig 11.1-2 S1(t)=t+V; for other modulation systems, different waveforms are transmitted.
for example for PSK signaling , S1(t)=Acoswot and So(t)=-Acoswot;while for FSK,
Si1(t)=Acos(wogit.

As shown in Fig. 11.3-1 the input, which is s,(t) or s,(r). is corrupted by the
addition of noise r{r). The noise is gpaussian and has a spectral density G{ /). [In
most cases of interest the noise is white, so that G( F) = /2. However, we shall
assume the more gencral possibility, since it introduces no complication to do
s0.] The signal and noise are filtered and then sampled at the end of each bit
interval. The output sample is either v (T) = 5, (T) + nAT) or v AT) = 5,07
+ nAT). We assume that immediately after each sample, every energy-storing
clement in the flter has been discharged.

We have already considered in Sec. 2.22, the matrer of signal determination
in the presence of noise. Thus, we note that in the absence of noise the ouiput
sample would be 7 (T) = 5_,(7) or s_,(T)r When noise is presenl we have shown
that to minimize the probability of error one should assume that s,(r) has heen
transmitted if o (T) is closer to s5,,(T) than to s,,(T). Similarly, we assume s,(r)
has been transmitted if v {T) is closer to 5,;(7T) The decision boundary is there-
fore midway between s ,(T) and s,,(T). For example, in the baschand system of
Fig. 11.1-2, where 5,((T) = VT/t and 5.,(7T) = — VT /r, the decision boundary is
P AT) = 0. ITn general, we shall take the decision boundary to be

AT
0 (T) = >

(11.3-1)

The probability of error for this general case may be deduced as an extension
of the considerations used in the baseband case. Suppose that 5,,(T) > s_,(7) and
that s,(r) was transmitted. If, at the sampling time. the noise n(7T) is positive and
larger in magnitude than the voltage difference 4[s5,,(T) + 5.:(T)] — s5.2:(7T). an
crror will have been made. That is, an crror [we decide that s,(r) is transmitrted
rather than s.(r)] will result f

5,,(T) = 5,4(T)

11.3-
3 ( 2)

niT) 2
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Hence probability of error is

- e n TN 20y
P, = —— g {'T) (11.3-3)
B Ihll'l"l-ln[?’lln'l / 2nal

Gaussian noise, m( 1)
Spectral density, G, (f)

5t Sample 1, T1 4R, (T)
:r o—-él-)-—~—‘ Fiter ";"' —0 5, (T) = {-a p3
sec el T14m, (T)

#yll)

Figure 1131 A receiver for binary coded signalling.
If we make the substitution x = n,,(T).,"ﬁa,. Eq. (11.3-3) becomes

Pt A e=** dx (11.3-4a)
N \,/; 2t (T — 22t T2 S Ty
P T . [-*--47') = -.lel] (11.3-ab)
2 2 /20,
Note that for the case 5,,(T) = VT /t and 5_,(7T) = — ¥V T/r, and, using Eq. (11.1-

4). Eq. {(11.3-4b) reduces to Eq. (11.2-3) as expected.

The complementary error function is a monotonically decreasing function of
its argument. (See Fig. 11.2-2.) Hence, as is to be anticipated, P, decreases as the
difference 5,,({T) — 5,,(T) becomes larger and as the rms noise voltage o, becomes
smaller. The optimum filter, then, is the filter which maximizes the ratio

.‘,l{ﬁ = S-z(n (] 1.1“5}

T,

1}=

We now calculate the transfer function H( /) of this optimum filter. As a matter of
mathematical convenience we shall actually maximize y? rather than ».

Calculation of the Optimum-Filter Transfer Function H( /)

The fundamental requirement we make of a binary encoded data receiver is that
it distinguishes the voltages s,(¢t) + nir) and s5,{(r) + n(r). We have seen that the
ability of the receiver to do so depends on how large a particular receiver can
make y. It is important to note that y is proportional not to s,(f) nor to s,(r), but
rather to the difference between them. For example, in the baseband system we
represented the signals by voltage levels + V and — V. But clcarly, if our only
interest was in distinguishing levels, we would do just as well to use + 2 volts and
0 volt, or + 8 volts and + 6 volts, etc. (The + V and — V levels, however. have
the advantage of requiring the least average power to be transmitted.) Hence,
while s,(r) or s,(¢) is the received signal, the signal which is to be compared with
the noise, Le., the signal which is relevant in all our error-probability calculations,
is the difference signal

pir) = s,(r) — 5,(¢) (11.2-6)

Thus, for the purpose of calculating the minimum error probability, we shall
assume that the input signal to the optimum filter is p{tr). The corresponding
output signal of the filter is then

P.(f, = sol(‘) = Snz(ﬂ (' 13-71
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We shall let P(f) and P, f) be the Fourier transforms, respectively, of p{r} and
Pale).
If H( ) is the transfer function of the filter,

PAS)= H{(f)P([) (11.3-8)
and PAT) = 'r PANe2IT df = J‘m H( NP e*~'T df (11.3-9)

The input noise to the optimum filter is nir). The output noise is n (r) which
has a power spectral density G, (f) and is rclated to the power spectral density of
the input noise G () by

G.() = 1HNIPGAN (11.3-10)

Using Parseval's theorem (Eq. 1.13-5), we find that the normalized output noise
power, i.e., the noise variance o2, is

0} = F Go(Sf) df = j‘w | (O PGS df (11.3-11)

-t - oy

From Eqs. (11.3-9) and (11.3-11) we now find that

2 _ Pa(T) _ |f=. HUOPUI?T! dfP?
a; F= TH(NIPG L) df

Equation (11.3-12) is unaltered by the inclusion or deletion of the absolute value
sign in the numerator since the quantity within the magnitude sign p(7) is a
positive real number. The sign has been included, however, in order to allow
further development of the equation through the use of the Schwarz inequality.

The Schwarz inequality states that given arbitrary complex functions X([)
and Y(f) of a common variable f, then

(11.3-12)

}I

o 2 o L
j X(fw(f)a‘fl S.[ lXt_f)l’q‘fJ’ LY(N)? df (11,313

= o

The equal sign applies when
X(f)=KY*)) (11.3-14)
where K is an arbitrary constant and Y*(f) is the complex conjugate of Y( /)

We now apply the Schwarz inequality to Eq. (11.3-12) by making the identifi-
cation

X(N=JGASN H(N) (11.3-15)
and Y(f) = \/--—5'_‘?_}—} P(f)ei3"TS (11.3-16)

Using Eqgs. (11.3-15) and (11.3-16) and using the Schwarz inequality, Eq.(11.3-13),
we may rewrite Eq. (11.3-12) as

paAT) _ [ XUNY(O df? _ J"‘

Y = i A
p == I XD df _ml (NN dr (11317
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or. using Eq. (11.3-16),

2 o - 2
Pa(T) 2 A = LANI7
p= sJ._‘ | YINI df——J‘_’ GAD) df (11.3-18)
The ratio pi(T)/o] will attain its maximum value when the equal sign in
Eq. (11.3-18) may be employed as is the case when X(f) = KY*(f). We then find
from Eqs. (11.3-15) and (11.3-16) that the optimum filter which yields such a
maximum ratio p2(T)/a2 has a transfer function

P - samer

o 11.3-19
gy G AN ( )
Correspondingly, the maximum ratio is, from Eq. (11.3-18),
pa(T) - 1PN
Pol ? ) o | PUNIE o
[ o2 ]..... j_ - GAN < (11.3-20)

In succeeding scctions we shall have occasion to apply Eqgs. (11.13-19) and
(11.13-20) to a number of cases of interest.

1.4 WHITE NOISE: THE MATCHED FILTER

An optimum filter which yiclds a maximum ratio p2(T)Veo2 is called a matched
filter when the inputl noise is white. In this case G (/) = n/2, and Eq. (11.3-19)
hecomes

H(f}=K}:+g)e'”"r (11.4-1)

The impulsive response of this filter, ie, the response of the filter to a unit
strength impulse applied at ¢t = 0, is

hit) = & UCHOM = 5~ _f T Pere T gy (11.4-2a)

. % J-m Po(f)el2=sie -1 ge (11.4-2b8)

A physically realizable filter will have an impulse response which is real, i.e, not
complex. Therefore hir) = h*(r). Replacing the right-hand mcmber of Eq. (11.4-2b)
by its complex conjugate, an operation which lcaves the equation unaltered, we
have

i) = ?.;:5 'ru P(f)eP=rT -0 df (11.4-3q)

-%pﬂ"-—t} (11.4-3b)
Finally, since p(r) = s,(r) — 5,(1) [sce Eq. (11.3-6)], we have

mn=%[.\-.n‘wn—s,cr—n] (11.4-4)
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The significance of these results for the matched filter may be more readily
appreciated by applyving them to a specific exampie. Consider then, as in
Fig. 11.4-1a, that s,{r) is a triangular waveform of duration 7T, whilc s.{f) as
shown in Fig. 11.4-15, is of identical form except of reversed polarity. Then p(r) is
as shown in Fig. 11.4-1lc, and p{ — r) appears in Fig. 11.4-1d. The waveform p{ —r)
is the waveform r) rotated around the axis ¢t = 0. Finally, the wavelformm pi T — 1)
called for as the impulse response of the filter in Eqg. (11.4-3b) 1s this rotated
waveform p{ —r) translated in the positive ¢ direction by amount 7. This last
transiation ensures that A7) = O for r < O as is required for a causal filter.

In general, the impulsive response of the matched filter consists of p(t) rotated about t=0 and
then delayed long enough(i.e., a time T) to make the filter realizable. We may note in passing, that
any additional delay that a filter might introduce would in no way interfere with the performance of
the filter ,for both signal and noise would be delayed by the same amount, and at the sampling time
(which would need similarity to be delayed)the ratio of signal to noise would remain unaltered.

0

w1

- pes=as
PlLE) = () -aglt)
26

(d)

(e) Figure 11.4-1 The signals (a) 5,(7), (B} s,(¢), and
(e) pln) = 5,01}y = s,(t). (d} plr) rorated about the
axig t = 0, (¢) The waveform in {d) translated 1o
the right by amount T

11.5 PROBABILITY OF ERROR OF THE MATCHED FILTER

The probability of error which results when emploving a matched filter, may be
found by evaluating the maximum signal-to-noise ratio [p2(TVa2],.. given by
Fq. (11.3-20), With G_ () = n/2. Eq. (11_3-20) becomes

T 2 [=
[P'jz)J =;j [ PO df (11.5-1)

-
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From parseval's theorem we have

- - T
J [P df=j. pin) dr = J: () de (11.5-2)

L]

In the last integral in Eq. (11.5-2), the limits take account of the fact that p(r) per-
sists for only a time 7. With p(r) = s,(t) — s,(r)., and using Eqg. (11.5-2), we may
write Eq. (11.5-1) as

2 T
paiT) 2
[ i L = ;’ -L [s4(0) — s5(0)]? dt (11.5-3a)
2 T T T
- [L s dr + J; si(r) dt - 2 J- s dr - (11.5-3b)
(1]
-
= "l (Eﬂ + Eli = ZEGI 2] (11.5-3¢)

Here E,, and E,; are the energies, respectively, in s,(r) and s,(z), while E_, , is the
cnergy due to the corrclation between s,(r) and s,(r)

Supposc that we have selected s5,(r), and let s,(r) have an energy E,, . Then it
can be shown that if s(¢) is to have the same energy, the optimum choice of s,(t)

LE
55(0) = —5,(0) (11.5-4)

The choice is optimum in that it yields a maximum output signal p3(7) for a
given signal energy. Letting s,(r) = — s,(r), we find

E, ZEnZ“ —Lg2 = E!

and Eq. (11.5-3¢) becomes

3
[g_.f_T_l - (11.5-5)

Rewriting Eq. (11.3-4b) using p(T) = 5,,(T) — 5,2(T), we have

2 §2
P, =1t etic| LA | o1 orpe | BT (11.5-6)
2 2/20,) 2 8a;

Combining Eq. (11.5-6) with (11.5-5), we find that the minimum error probability
(P, corresponding to a maximum value of pH TV el is

3 12
(Pia = % erfc { ;‘ [%}T)'I } (11.5-7)
11
= ;’; erfc (E-’) (11.5-8)
2 "

We note that Eq. (11.5-8) establishes more generally the idea that the error
probability depends only on the signal energy and not on the signal waveshape.
Previously we had established this point only for signals which had constant

voltage levels.
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We note also that Eq. (11.5-8) gives (P_),,.,. for the case of the matched filter
and when s,(f) = —si(r). In Scc. 11.2 we considered the casc when s,(f) = + V
and si{t) = — ¥V and the fhlter employved was an integrator. There we found
[Eq. (11.2-3)] that the result for P_ was identical with {P_),.;. given in Eq. (11.5-8).
This agreement leads us to suspect that for an input signal where 5,(f) = + V and
£:(1) = — V_ the integrator is the matched filter. Such is indeced the case. For when

we have

5=V 0<t<T (11.5-94)

5{==V 01T (11.5-9h)
the impulse response of the matched filter is, from Eq. (11.4-4),

hity = 3‘;‘5 [T — 1) = 5o(T — 1)) (11.5-10)

The quantity s, (T — ) — 5,(T — 1) is a pulse of amplitude 2V extending from
t = 0Otor =T and may be rewritten, with w(s) the unit step.

) = 2TK12V}[W) —u(t - T (1L511)

The constant factor of proportionality 4K V/n in the expression for h(r) (that is,
the gain of the filter) has no effect on the probability of error since the gain affects
signal and noise alike. We may thercfore select the cocflicient K in Eq. (11.5-11)
so that 4K V/n = 1. Then the inverse transform of hir). that is, the transfer func-
tion of the filter, becomes, with s the Laplace transform variable,

—aT

(11.5-12)

s
5

The first term in Eq. (11.5-12) represents an integration beginning at ¢ = 0,
while the second term represents an integration with reversed polarity beginning
at ¢+ = T. The overall response of the matched filter is an integration from ¢ = 0
to r =T and a zero response thercafter. In a physical system. as already
described. we achieve the effect of a zcro response after ¢ = T by sampling at
t = T. so that so far as the determination of one bit is concerned we ignore the
responsec after r = 7T,

COHERENT RECEPTION: CORRELATION:

.Vv'c discuss now an alternative type of receiving systemn which. as we shall see, is
identical in performance with the matched filter receiver. Again, as shown in
Fig. 11.6-1, the input is a binary data waveform sy(f) or s;(r) corrupted by noise
#(r). The bit length is T. The received signal plus noise vAe) is multiplied by a
locally generated waveform s,(r) — s (7). The output of the multiplier is passed
through an integrator whose output is sampled at ¢t — 7. As before, immediately
after each sampling, at the beginning of each new bit interval. all energy-storing
clements in the integrator are discharged. This type of rcceiver is called a correla-
for, since we are correlating the rececived signal and noise with the waveform s,(1)
— sa(rh
The output signal and noise of the correlator shown in Fig. 11.6-1 are

T
$(T) = % J; SAN[s, (1) = s5,(0)] de
(11.6-1)
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T
n(T) = s L n(e)[s,(r) — s4(r)] de
(11.6-2)
Where g1(t) 1s either 81(t) or go(t),and wthere x 18 the constant of the integrator(i.e.,the integrator
output 1s 1/z times the integral of its input). we now compare these outputs with the matched filter

outputs.

Locai signal
Bth=nl1)
- vy (2)
) +nie) fie) / i Tian, Ty
LAL) -{ or - —_— Iintegrator | oLo I of -y (T
CAUETI] ol k:tf'i".IT*J
Musttiplesr sti=T
- — )}
Correlator

Fig:11.6-1 Coherent system of signal reception

If h(t) is the impulsive response of the matched filter ,then the output of the matched filter vo#) can
be found using the convolution integral. we have

0,(1) = I odAW(e — 1) di = _[r.-,(;_mu — ) dA
b (11.6-3)

The limits on the integral have been charged to O and T since we are interested in the filter response

to a bit which extends only over that interval. Using Eq.(11.4-4) which gives h(t) for the matched
filter, we have
h(t) = % [s(T = 1) —5,(T —1)]

(11.6-4)
2K

so that M1 A) = ‘:n.. [.tlfT =4 1) - ‘]fT - )n (1 1 6—5)

gub 11.6-51n 11.6-3
- K ~T
n) = == | nhAT — 0+ D — T — e+ 1 ax (11.66)

o0

Since vdd) = s5{4) + al2), and v (t) = s5,(t) + n (1), setting t = T yields
2K (7
sAT) = 3 l‘ sAAs,(A) — 54(A)] di
= (11.6-7)

where s{2) is eqnal to 5,(4) or s,(4). Similarly we find that

2K [T
AfT) = — J n{A) s,(4) — s5(4)] d4
n Jo

(11.6-8)

Thus g0(T) and no(T), as calculated from eqs.(11.6-1) and (11.6-2) for the correlation receiver, and
as calculated from eqs.(11.6-7) and (11.6-8) for the matched filter receiver, are identical hence the
performances of the two systems are identical. The matched filter and the correlator are not simply
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two distinet, independent techniques which happens to yield the same result. In fact they are two
techniques of synthesizing the optimum filter h(t)
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5 1%&1‘!# Probability of ASK
Amplitude Shift Keying (ASK), some number of carrier cycles are transmitted to
send '1’ mdnosagnallsh’mmuttedforb‘lmry 0. Thus,

Binary '0'= x; () = 0 (i.e. no signal) w (5.13.1)

2

Here F; is the normalized power of the signal in 1Q load. i.e. power P, .--42_.

Hence A =2P,. Therefore in above equation for x; () amplitude ‘A’ is replaced by
J2F,.

We know that the probability of error of the optimum filter is given as,

..e,fc{’v.l.___m xe O - (5.132)
2\2¢

S [101(!) Icn(T)] ”S(mUl“)z aF

The above equations can be applied to matched filter when we consider white
Gaussian noise. The power spectral density of white Gaussian noise is given as,

N
Su(f) = ‘20_

Putting this value of S, (/) in above equations we get,

301("')“-"u2(1’_'2'!2 _ Tix(ﬂlz df
o | '

< max e
2
> A _
= V;u IR . (5.13.3)

Parseval's power theorem states that,
JIX(prd = [x2@ar

Hence equation 5.13.3 becomes,

[ xo1 (1) - X2 M7
L a

= R T4
- Non (f) dt

Jlﬂlt
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We know that x(f) is present from 0 to T. Hence limits in above equation can be
changed as follows :

Imlﬂ-xmm‘iz
Ly

IN

Z

max 0

’
[ x2 () dt ... (5.13.4)
o

We know that x(f) = x; (f) = x4 (). For ASK x; (f) is zero, hence x(f) = xy (t). Hence
above equation becomes,

- 2 T
[x01 (T) =% (.T}] . "p.‘g‘j"f () dt
a _— No?

Putting equation of x4 (f) from equation 5.13.1 in above equation we get,

; > r
'i.xm (T) = xq2 (T) ] » qu I [\ﬁ_ cos(h;fof)_lz dt

a
max

_ T
- i-;F:"'—J C052 [2#0 f)df
No:

We know that cos? 8= - ?m Here applying this formula to cos® (2afy!) we get,
[In: M-x2 (0] _ 4R } 1+ cosdnfyt
(8] Jmax \0 0 a.
(T T '
4P, 1|7 [
= Ny --2-1:!: di +£ cos-!n,fgz‘drl

2p, | sin4x fo 1]
- R ]
'Nﬁi 4n fo -]l)'

_ 2B [ sindnfyT)
No | iz fo

We know that T is the bit period and in this one bit period, the carrier has integer
number of cycles. Thus the product f; T is an integer. This is illustrated in Fig. 5.13.1
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Fig. 5.13.1 In one bit period T, the
carrier completes Its two cycles. The
carrier has Mm% From figure we can

<

' S |
T = * =
fo i
- T -
one ' ie. T = 2
n 2
panod o fo » 2 (integer no. of cvcles)

As shown in above figure, the carrier completes two cycles in one bit duration.
Hence

foT = 2
Therefore, in general if carrier completes ‘X’ number of cycles, then,
foT = &k (Here k is an integer)
Therefore the sine term in equation 5.13.5 becomes, sindmk and k is integer.
For all integer values of k, sin 47k « 0. Hence equation 5.13.5 becomes,

i i 2
xgy (T) - x¢p fn] _ 2P: T . (5.13.6)
| o —r No
[ X3 (T) = Xgn m] 25T
. [&T .. (5.13.
Co W !

Putting this value in equation 5.132 we get error probability of ASK using
matched filter detection as,

sp T s =
b« Lol L [BT) 1, [BET
2 71272 ¥ No 2 7 \2Np

Here P, T =L i.e. energy of one bit hence above equation becomes,

Error probability of ASK : P, =  erfe \'ﬂ\i'o - (5.13.8)

This is the expression for error probability of ASK using matched filter detection.
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Error Probability of Binary FSK

The observation vector x has two elements x; and x, that are defined by, respectively,

.}.ﬁ

%, = fo x(t)p,(t) dt (6.92)
.Ts

X = JO x(t)po(t) dt (6.93)

where x(t) is the received signal, the form of which depends on which symbol was trans
mitted. Given that symbol 1 was transmitted, x(t) equals s,(¢) + w(t), where w(t) 18 d“’
sample function of a white Gaussian noise process of zero mean and power spectral density
No/2. If, on the other hand, symbol 0 was transmitted, x(t) equals s,(¢) + w/(?). .
Now, applying the decision rule of Equation (5.59), we find that _the obscrfatﬂm
space is partitioned into two decision regions, labeled Z; and Z; in Flgu.re 6_.2). .
decision boundary, separating region Z, from region Z, is the perpendicular bisector

the line joining the two message points. The receiver decides in favor of symbol 1 if the
received signal point represented by the observation vector x falls inside region Z,. This
occurs when x; > x,. If, on the other hand, we have x, < x,, the received signal point
falls inside region Z,, and the receiver decides in favor of symbol 0. On the decision
boundary, we have x; = x;, in which case the receiver makes a random guess in favor of
symbol 1 or 0.

Define a new Gaussian random variable Y whose sample value y is equal to the
difference between x, and x.; that is,

y=x—x (6.94)

The mean value of the random variable Y depends on which binary symbol was trans-
mitted. Given that symbol 1 was transmitted, the Gaussian random variables X, and X,
whose sample values are denoted by x, and x;, have mean values equal to VE,, and zero,

respectively. Correspondingly, the conditional mean of the random variable Y, given that
symbol 1 was transmitted, is

E[Y|1] = E[X,|1] - E[X; 1]
= +VE, (6.95)

On the other hand, given thar symbol 0 was transmitted, the random variables X, and X,
have mean values equal to zero and VE,, respectively. Correspondingly, the conditional
mean of the random variable Y, given that symbol 0 was transmitted, is
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E[Y|0] = E[X,|0] — E[X;|0]
= ~VE,
The variance of the random variable Y is independent of which binary symbol was trans-

mitted. Since the random variables X, and X, are statistically independent, each with a
variance equal to Ny/2, it follows that

var[Y] = var[X;] + var[X,]
= Ny

Suppose we know that symbol 0 was transmitted. The conditional probability density
function of the random variable Y is then given by

B0} = s [_lﬂ]
vly "-_MZWNO Xp 2N,

Since the condition x, > x,, or equivalently, y > 0, corresponds to the receiver making a
decision in favor of symbol 1, we deduce that the conditional probability of error, given
that symbol 0 was transmitted, is

(6.96)

(6.97)

(6.98)

P10 = P(y > 0|symbol 0 was sent)

- L f(v]0) dy (6.99)
1 f " x|~ T VET
VZ?TNU 0 P ZNO £

Y (6.100)
il e - .
V2N,
Then, changing the variable of integration from y to z, we may rewrite Equation (6.99)
as follows:

_ 1 I 3y o3
p“’"\/?rfvmexp‘ sl

e (6.10
i erfc Es !
T2 2N,

Similarly, we may show the po1, the conditional probability of error givcn that m.nh"l 1
was transmitted, has the same value as in Equation (6.101). A.ccordlngly, averaging p,
and poy, we find that the average probability of bit error or, equivalently, the bit error g,
for coberent binary FSK is (assuming equiprobable symbols)
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x Ey
P, = 3 erfc(\/;Nu) (6.102)

Comparing Equations (6.20) and (6.102), we sec that, in a coherent binary FSk
system, we have to double the bit energy-to-noise density ratio, E,/Ny, to maintain the
same bit error rate as in a coherent binary PSK system. This result is in perfect accord with
the signal-space diagrams of Figures 6.3 and 6.25, where we see that in a binary PSK
system the Euclidean distance between the two message points is equal to 2VE,, whereas
in a binary FSK system the corresponding distance is \/2E,. For a prescribed Ey, the
minimum distance d.;, in binary PSK is therefore /2 times that in binary FSK. Recal
from Chapter 5 that the probability of error decreases exponentially as d7,, hence the
difference between the formulas of Equations (6.20) and (6.102).

Error Probability of QPSK
In a coherent QPSK system, the received signal x() is defined by

x(t) = s;(2) + wit), {?j; j g 4 (623)

where w(t) is the sample function of a white Gaussian noise process of zero mean and
power spectral density No/2. Correspondingly, the observation vector x has two elements,
x, and x,, defined by

T
X = L x(t)d,(t) dt
= VE cosl(Zf -1) %T:l + w, (6.29)

=tf-E-+w1
V2
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rT

X = JO x(t)p,(2) dt
= -VE sin[(li - 1) -;I] + w; (6.30)

L,
--+J2 W,

Thus the observable elements x; and x, are sample values of independent Gaussian random
variables with mean values equal to +\/E/2 and V'E/2, respectively, and with a common
variance equal to No/2.

The decision rule is now simply to decide that s,(t) was transmitted if the received
signal point associated with the observation vector x falls inside region Z,, decide that
s,(t) was transmitted if the received signal point falls inside region Z,, and so on. An
erroneous decision will be made if, for example, signal s,(t) is transmitted but the noise
w(t) is such that the received signal point falls outside region Z,.

To calculate the average probability of symbol error, we note from Equation (6.24)
that a coherent QPSK system 1s in fact equivalent to two coherent binary PSK systems
working in parallel and using two carriers that are in phase quadrature; this is merely
statement of the quadrature-carrier multiplexing property of coherent QPSK. The in-phase
channel output x, and the quadrature channel output x; (i.e., the two elements of the
observation vector x) may be viewed as the individual outputs of the two coherent binary
PSK systems. Thus, according to Equations (6.29) and (6.30), these two binary PSK sys-
tems may be characterized as follows:

» The signal energy per bit is E/2.

» The noise spectral density is Ny/2.
Hence, using Equation (6.20) for the average probability of bit error of a coherent binary
PSK system, we may now state that the average probability of bit error in each channel of
the coherent QPSK system is

@)

erfc( —
N,
V__’_ (6.31)

. 2
1 ([E
E erfc(\} ZNO)

Il
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Another important point to note is that the bit errors in the in-phase and quadrature
channels of the coherent QPSK system are statistically independent. The in-phase channel
makes a decision on one of the two bits constituting a symbol (dibit) of the QPSK signal,
and the quadrature channel takes care of the other bit. Accordingly, the average probability
of a correct decision resulting from the combined action of the two channels working
together is

P.=(1-P) :
1 [E
- [1 - Eerfc( \/ﬁ)} (6.32)

E 1 'E
=1- /_-:- 4 = - Pl
erfc(VZNn) 4 oLk ( ZNO)

The average probability of symbol error for coherent QPSK is therefore

P, =1=P, -
JEY 3 . 1B (6.33)
= crfc(‘/z—Nn) = 4 erfc (\fZNg)

In the region where (E/2Ny) >> 1, we may ignore the quadratic term on the right-hapg
side of Equation (6.33), so we approximate the formula for the average probability

symbol error for coherent QPSK as
¢ [ E
P, = erfc \/Z_Ng

The formula of Equation (6.34) may also be derived in another insig}ntful way, using
the signal-space diagram of Figure 6.6. Since the four message points of this diagram ar,
circularly symmetric with respect to the origin, we may apply Equation (5.92), reproduceq
here in the form

(6.34)

= di ) .
- f for all 6.3
'P‘Ezg‘, erc(lm or all 7 (6.35)

kwi
Consider, for example, message point 7, (corresponding to dibit 10) ChOS-Cl:l as the trans-
mitted message point. The message points 721, and 7, (corresponding to dibits 00 and 11)
are the closest to m1,. From Figure 6.6 we readily find that m, is equidistant from 71, and
m, in a Fuclidean sense, as shown by

dys = dis = V2E

49




Assuming that E/N, is large enough to ignore the contribution ot the most distant message
point m1; (corresponding to dibit 01) relative to 71, we find that the use of Equation (6.35)
yields an approximate expression for P, that is the same as Equation (6.34). Note that in
mistaking either m1, or m, for my, a single bit error is made; on the other hand, in mistaking
m- for my, two bit errors are made. For a high enough E/N,, the likelihood of both bits
of a symbol being in error is much less than a single bit, which is a further justification
for ignoring m; in calculating P, when m, is sent.

In a QPSK system, we note that since there are two bits per symbol, the transmitted’

signal encrgy per symbol is twice the signal energy per bit, as shown by

Thus expressing the average probability of symbol error in terms of the ratio E,/Ng, we
may write
E,
» 2o (6.37)
"8 erfc(vr No)

With Gray encoding used for the incoming symbols, we find from Equations (6.31)
and (6.36) that the bit error rate of QPSK is exactly

BER = 2 erfc( @) (6.38)

2 ' I\{o
We may therefore state that a coherent QPSK system achieves the same average probabuty
of bit error as a coherent binary PSK system for the same bit rate and the same Es/No
but uses only half the channel bandwidth. Stated in a different way, for the same Ey/No
and therefore the same average probability of bit error, a coherent QPSK system transmifs
information at twice the bit rate of a coherent binary PSK system for the same ch

bandwidrh. For a prescribed performance, QPSK uses channel bandwidth better than bi-
nary PSK, which explains the preferred use of QPSK over binary PSK in practice.

ERROR PROBABILITY OF BINARY PSK:

To realize a rule for making a decision in favor of gymbol 1 or symbol 0,we partition the signal
gpace into two regions:

» The set of points closest to message point 1 at +V E;.
# The set of points closest to message point 2 at =V E,.
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This is accomplished by constructing the midpoint of the line joining these two message
points, and then marking off the appropriate decision regions. In Figure 6.3 these decision
regions are marked Z; and Z,, according to the message point around which they are
constructed.

The decision rule is now simply to decide that signal s,(#) (i.e., binary symbol 1) was
transmitted if the received signal point falls in region Z,, and decide that signal s,(¢) (i.e.,
binary symbol 0) was transmitted if the received signal point falls in region Z,. Two kinds
of erroneous decisions may, however, be'made. Signal s,(#) is transmitted, but the noise is
such that the received signal point falls inside region Z; and so the receiver decides in favor
of signal s,(z). Alternatively, signal s,(t) is transmitted, but the noise is such that the re-
ceived signal point falls inside region Z; and so the receiver decides in favor of signal s,(¢).

To calculate the probability of making an error of the first kind, we note from Figure
6.3 that the decision region associated with symbol 1 or signal s,(t) is described by

21:0<x1<°°

where the observable element x, is related to the received signal x(¢) by

Ty
X, =J; x(t)dy(t) dt (6.15)

The conditional probability density function of random variable X, given that symbol 0
[i.e., signal s;(2)] was transmitted, is defined by

1 1
fxl(xp |0) = V,w_o €Xp _—E (xl e 521)2]

(6.16)

1 1
= \/TT_NO exP_-lT’o (%, + \/E—b}l:l

The conditional probability of the receiver deciding in favor of symbol 1, given that symbol
0 was transmitted, is therefore

P = Jo— fx,(x:(0) dx,

1 5 1
= \/TI'_NOL ﬂp[‘ﬁa (%, + \/E_b)zJ dx,

(6.17)
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Putting
1
z= VN, (x; + VE,) (6.18)

and changing the variable of integration from x, to z, we may rewrite Equation (6.17) in
the compact form

oL | o
Pro = \//; G cxp( Z") dz

_1 .@)
=5 erfc(v N,

where erfc(+) is the complementary error function.
Thus, averaging the conditional error probabilities‘pw and po;, We hnd maF the
average probability of symbol error or, cquivalently, the bit error rate for coberent binary
PSK is (assuming equiprobable symbols)

1 [E, )
P, = —erfc| | (6.20

- (\/ N, )
As we increase the transmitted signal energy per bit, E;, tor a specihed noise spectey|
density Ny, the message points corresponding to symbols 1 ar}d ( move furthe_r apart, and
the average probability of error P, is correspondingly reduced in accordance with Equarigy
(6.20), which is intuitively satisfying.

(6.19)
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