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Encoding Techniques

¢t Analog data, analog signal

&t Digital data, digital signal
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Digital Data, Analog Signal

& Main use is public telephone system (PSTN)
[Alhas freq range of 300Hz to 3400Hz
[~luse modem (modulator-demodulator)

& Encoding techniques:
AIAmplitude shift keying (ASK)
[AIBinary Frequency shift keying (FSK)
[AIBinary Phase shift keying (PSK)

Digital/analog Encoding

ASK BFSK BPSK

QAM
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Digital Data, Analog Signals

(a) ASK

{b) BFSK

(c) BPSK
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Amplitude Shift Keying

#8 Encode Os and 1s by different carrier amplitudes
[AlUsually have one amplitude zero

v ()= Acos(27ft)  binary 1 :\n/'::f
ASKR 0 binary 0 R=mR = R,
B, = (1+r) R
r=0 9 BT =R= Rs
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Amplitude Shift Keying

# Inefficient modulation technique

3 Used for:

[Alup to 1200bps on voice grade lines
[Aldata transmission in optical fiber
XILED
e 0: absence of light pulse
e 1: presence of light pulse LED
XILaser
e 0: low light level
e 1: higher-amplitude light wave
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Amplitude Shift Keying
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Amplitude Shift Keying

1 2 1 1
V, (t) = =+—{cosw,t ——cos3w,t +=cos5w,t —...} w o = 27f
2 3 5
V_(t) =cosw.t w . = 21f,
VASK(t) =V (t)-Vd (t)
1 2 1 1
Vo (1) = 5 cosw.t + —{cosw,_t.cosw,t — 3 COoSW, t.cos 3w,t + c cosw_t.cosow,t —...}
T
1 1
Vo (1) = > cos w_t +—{cos(w,—w, )t+ cos(w,_+w,)t
T

— % cos(w,—3w, )t— % cos(w,_+3w,)t

+ % cos(w,—5w, )t+ % cos(w,_+5w, )t —...}
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Binary Frequency Shift Keying

& Most common is binary FSK (BFSK)

&8 Two binary values represented by two different
frequencies (near carrier)

y B Acos(27f,t)  binary 1
moK Acos(2xf,t)  binary 0

M=2

m=1

R=mR, =R,

B — 1+rM R
BFSK T — lng M

BT = 2(1+T)R
r=0- By = 2R=2R,
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Binary Frequency Shift Keying

&8 FSK can be represented mathematically as:
VFSK(t) =Va (t)-Vd (t) Ve, (t) [1_Vd (t)]

where, V() =cos2aft
V., (t) = cos 21t

where, f; and £, are the two carrier frequencies.

36 Less susceptible to error than ASK

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”
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Binary Frequency Shift Keying
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Binary Frequency Shift Keying

& An example of use of FSK for full-duplex operation over
the PSTN.

& The PSTN will pass frequencies in the approximate range 300
to 3400 Hz.

& In one direction, the frequencies used to represent 1 and O
are centered on 1170 Hz, with a shift of 100 Hz on either
side (i.e., 1070 Hz & 1270 Hz). The effect of alternating
between those two frequencies is to produce a signal.

g8 Similarly, for the opposite direction, the frequencies used to
represent 1 and 0 are centered on 2125 Hz with a shift of
100 Hz on either side (i.e., 2025 Hz & 2205 H2z).
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BFSK Full-Duplex Transmission

signal strength

‘ spectrum of signal spectrum of signal
transmitted in one transmitted in
direction opposite direction

01 01

1| L >
1070 1270 2025 2225 frequency (Hz)
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Multilevel FSK

&8 More than two (M) frequencies used

3 Each element represents more than 1 bits
& more bandwidth efficient

6 more prone to error

3 For one signal element MFSK

s, (t) = Acos(24f 1), 1<i<M

=1+ Q@I—1-M) 1

[XIf. = carrier frequency

XIf4 = difference frequency

[XIM = number of different signal elements = 2™
XIm = number of bits per signal element

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”
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Multilevel FSK

M=8
M=8 = m=3 e
R=mR, = 3R,
Br = ((oo) R Br = =2NR S By = (1+ 1)MR,

000 001 010 011 100 101 110 111

f
A FANA TS A VS A ESA BASA B ff,%féjfdg@
7 Lo I Ih s s 17 Ts

c
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Multilevel FSK

¥ R=mR, |2 | UT,=mxUT, |2 | T, =T,/ m

& To match the data rate of the input bit stream, Each output signal
element is held for a period of T, seconds. Thus, one signal element,
which is a constant-frequency tone, encodes m bits.

3 It can be shown that the minimum frequency separation is 2f; = 1/T,

S| R.=2f, S A T

o | A

2

| /2 ™o | U [felfel % | %
+ ZM‘-;:]. >
38 Total bandwidth required (W) is:

W, =2Mf,

5 | R=2f;m
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Multilevel FSK
Example 1:

& f.=250kHz, fy;=25kHz, M =8 (m = 3)

¥ Calculate
frequency for all 8 possible 3-bit combinations
data rate

Answer:

=1+ Q@2I—1-M) 1

N fi b AL A f f K4

75 KHz

000

125 KHz

001

175 KHz

010

225 KHz

011

275 KHz

100

|75 125 | 175 | 225[250 | 275 | 325 | 375 | 425 |

| 2 2 % |\ ol fal 2 2fa o | fal

325 KHz

101

< 2><fo0, »

Ts=1/R, = T, =1/50k = 0.02x103 second

375 KHz

110

425 KHz

111

T.=mT, > T,=T,//m=0.02 /3 = 0.0667x103 second
Data rate supported (R) = m R, = 3 x 50 kHz = 150kbps
Total Bandwidth (W, ) = M R_= 8 x 50 kHz = 400 kHz

Dr. Mohammed Arafah
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Multilevel FSK

M=8 = m=3
f. = 250 kHz
f, = 25 kHz

000 001 010 011 100 101 110 111

50 KHz 450 KHz
1 f,

f=75KHz f,=125KHz f,=175KHz f,=225KHz =275 KHz f,=325KHz f=375KHz f=425 KHz
f.-7t, f.-51, f.- 31, f.- 1t f.+1, f.+3f, F.+5f f.+71,

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 20



Multilevel FSK
Example 1:

EXAMPLE 5.1 With f. = 250 kHz, f; = 25 kHz, and M = 8 (L = 3 bits), we
have the following frequency assignments for each of the eight possible 3-bit
data combinations:

fi = 75kHz 000 f» = 125kHz 001
fz = 175kHz 010 fa = 225kHz 011
fs = 275 kHz 100 fe = 325kHz 101
f7 =375kHz 110 fs = 425kHz 111

This scheme can support a data rate of 1/7 = 2Lf; = 150 kbps.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 21




Multilevel FSK
Example 2:

& MFSK with M = 4
38 Bit stream of 20 bits, encoded 2 bits at a time
&8 Each of the 4 combinations use different frequency
¢ Column = Ts, row = frequency used

Data
01 11 00 11 11 01 10 00 00 11
g fe#dfaqd 1 - °t__v°r-—— " 1___1__1 L
{2 s=es S i Ry Bt s S S ﬂ[f
El -1 I I S B N R R - v
<5 N
T, Time

Dr. Mohammed Arafah

William Stallings “Data and Computer Communications”
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Multilevel FSK
Example 2:

EXAMPLE 5.2 Figure 5.9 shows an example of MFSK with M = 4. An input bit
stream of 20 bits is encoded 2 bits at a time, with each of the four possible 2-bit
combinations transmitted as a different frequency. The display in the figure shows
the frequency transmitted (y-axis) as a function of time (x-axis). Each column rep-
resents a time unit 7; in which a single 2-bit signal element is transmitted. The
shaded rectangle in the column indicates the frequency transmitted during that
time unit.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 23



Binary Phase Shift Keying

& phase of carrier signal is shifted to represent data
m

_ Acos(2f t) Acos(2At)  binary 1 R:1 -
= = =M =
BPSK Acos(2At+7) |—Acos(24.t) binary 0 o (3(1+r)s)
r logo M

3 Binary PSK Br=(1+7)R
[~AITwo phases represent two binary digits -

0 0 1 1 0 1 0 0 0 1 0

BPSK

24
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Binary Phase Shift Keying

¥ Differential PSK

[AIPhase shifted relative to previous transmission rather
than some reference signal

Differential Phase-Shift Keying (DPSK)

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 25



Binary Phase Shift Keying
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Binary Phase Shift Keying

Different phases:

Amplitude Amplitude
'l
T|me: 1 Time :
Phase = ( Phase = /2 radian
Amplitude Amplitude
- U = )
/N / \‘
.' Time: .' \ Time_
\
\
Phase = r radian Phase = 3n/2 radian
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Multilevel Modulation

3 More efficient use of bandwidth can be
achieved if each signaling element represents
more than one bit.

#6 Instead of a phase shift of 180°, Quadrature

Phase-Shift Keying (QPSK) or (4-PSK)
technique uses phase shifts of multiple of

90e.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 28



(=)
Time
Q =
o M=4
4 +950° =0l m=2
R=mR, = 2R
+180° = 1¢ 0° =00 _(A+1)
: : 1 BT a (logz M)
BT = (1 + T)RS
+ 42707 = |1
r= O 9 BT — RS
4-PSK phase diagram R=2R;
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4-PSK

01 [ 11
135 | 450 M=4
m=2
R=mR, = 2R,
_(@+n)
> BT N (logz M) R

BT = (1 + T')Rs

. L r=0-> BT — RS
2250 T 3150 R= 2R,
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8-PSK

8-PSK phase diagram

Tribit | Phase
000 0
001 45
010 90
011 135
100 180
101 225
110 270
111 315

Dr. Mohammed Arafah

William Stallings “Data and Computer Communications”

M=8

m=3

R=mR, = 3R,
(141

BT - (logz M) R
Br = (1+ )R,

I’ZOQBTZRS
R= 3R,

31



Multilevel Phase Shift Keying

Bit Rate (R) = m x R,

Example:
Given a baud rate of 5000 baud for an 8-PSK signal, what are the
bit rate?
Solution:
R =m x Rs =3 x 5000 = 15000 bps

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”



Quadrature PSK

3 get more efficient use if each signal element
represents more than one bit
[Aleg. shifts of =/2 (90°)
[Aleach signal element represents two bits
[~AIMore efficient use of bandwidth

[Alsplit input data stream in two & modulate onto carrier & phase

shifted carrier
% 01 T

Acos(27f t +%) 11 1350 . a0
Acos(27f t + 31) 01
S(t) = < 741_ >

Acos(2f t — 32) 00

Acos(2xf t — %) 10

L

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 33



Quadrature PSK

Acos(24 t + 1)
© 4

Acos(2xf t + SE)
S(t) =+ 7‘;
Acos(2xf t — 32)

Acos(2xf t—z)
© 4

~

11

01

00

10

01
1350

11

450

v

cos(x +y) =cosx.cosy +sinx.siny

s(t) =

\

s(t) 1t) | Qt)
cos(2af.t +— )—%cos{’ﬂfr)——?sm(?m‘ t) +1 +1
cos(Z,_’zﬁ{+%):;—Ecos(bgjr’rf}—v—asin@;;ﬂ.r) 1 +1
cos(2af,t ——) = 5005(211}":}+ er_5.111(2,@‘ 1) -1 -1
cos{'?}p"r——) = Ecos(QﬁfI} + = \F sin(27 1) +1 -1

Dr. Mohammed Arafah

V2

I(t)cos2mf .t —
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Q(t)sin2nf .t
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QPSK Modulators

I(z)
a, = =1
/2 bp:s
Ri2 bps cos 2mf.i
&)
Carrier V2
Binary - oscillator
input 2-bit Signal out
" serial-to-parallel
R = converter s()
T, Phase
/2 shift
Ri2 bps sin 27f .1
V2
IDelay |
1 <l
Qo Ie §
b —

» = =1 oQpsK
only
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QPSK Modulation

3 Input is stream bin digits with rate R=1/T,

#& Converted to 2 bit streams of R/ 2 bps each

[Altaking alternate bits
[AlI(t): in phase
[A1Q(t): quadrature phase

#6 Carrier wave shifted by n/2 and used to modulate lower
stream Q(t)

& Two modulated signals are then added
& QPSK transmitted signal:

s(t) = % | (t) cos 2xf _t — % Q(t)sin 24f_t

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 36



QPSK Modulation

bit number
value

input signal

Lin)

Q)

phase of
output signal

1 2 3 4 5 6 7 8 9 10
1 -1 1 1 -1 -1 -1 1 1 1
I Q I Q I Q 1T Q I Q
1 11 1 1 1
. s(t) =+
0 _ 0 0 0O
Y ]
1 i3 s, 17 9
Vo O 0
L 1 L 1 1
2 \4/ ' 6| 8 i 10
0 > 1 0/ :
—/4 /4 —3n/4 3n/4 m/4
315° 2259 135°

UUUU

Dr. Mohammed Arafah

180°
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(Acos(2At+x/14) 11

Acos(24f t+3x/4) 01
Acos(2af t—3x/4) 00

01

1350 .

y

A

| Acos(2Aft—x/4) 10

11
450

v

315°
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QPSK Modulation

Dr. Mohammed Arafah

cos(x £y )=cosx cosy sinx siny
)7
cos| — |=—=
4 2
[3;2'] 1
cos| — |=——
4 2
(n’j 1
sin| — |=—
4 2
sm{ﬁ]—i
2
AcosQafr+x/4) 11
0 Acos(2af.t+3x/4) 01
s(t) =
Acos2afr—3x/4) 00
Acos2afr—x/4) 10
01 oo
1350 --pe-ec 450
00 210
225¢ 315°

William Stallings “Data and Computer Communications”

s(t) = \/15 I(t)cos 27f f — \15 Q(t)ysm27rf 1
s(t) It) | Q1)
cos(27y1f+§) :%cos(zzmr)—%sin(z;m) +1 | +1
cos(27y"fr+3%) = _T;cos(byﬂr)—%sin(bmr) 14| 41
cos(z;y‘;r—%”) = _T;cos(nyzr)+%sin(27gﬂr) 1 | -1
cos(zyy;r—%) :%cos@mﬁr)+%sin(2@‘;r) +1 | -1
38




OQPSK Modulators

3 Offset QPSK (OQPSK) or orthogonal PSK:

s(t) = T | (t) cos 2af t—TQ(t —T,)sin 2xf t

& In OQPSK, only one of the two bits in the pair can change at any
time and thus the change in the combined signal never exceeds

900.

& Advantages:

Physical limitation on phase modulators make large phase
shifts at high transition rates difficult to implement.

OQPSK provides superior performance when the transmission channel
(including transmitter and receiver has significant nonlinear
components. The effect of nonlinearities is a spreading of the signal
bandwidth, which may result in adjacent channel interference. It is
easier to control this spreading if the phase changes are smaller.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 39



OQPSK Modulators

I(1)
a, = =1
."fz bps
Ri2 bps cos 2mwf 1
&)
Carrier V2
Binary : oscillator
input 2-bit Signal out
»1serial-to-parallel -
R = 1 converter s()
T, Phase
/2 shift
Ri2 bps sin 27 f 1
V2
IDelay |
1 =J 1
1 T
Qo 3 Ir
by = =1 QpsK
only
40
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OQPSK Example

bit number 1 2 3 4 5 6 7 8 9 10
value 1 -1 1 1 -1 -1 -1 1 1 1
I Q I Q I Q I Q I Q
1 1 1 1 1 1
input signal
0 00 0 s(t)
1 1 1
1(6) 1 '3 5 ' 7 9
: 0 : O
Q) 2 4 6 8 . 10
1 1 1 1 1
Q(t=Ty) 0 0 0 0
phase of /4 4 a4 34 3ad 314 Ind a4 /4
output signal 3150 315° 450 1350 2250 225° 135° 450 45°
NN\ "N U2
0° 90° 90° 90° Q° 90° 90° Q°

Dr. Mohammed Arafah

William Stallings “Data and Computer Communications”

A cos(2xf, +7/4)
A cos(2xf , +37/4)

<
A cos

(
(
(
(

27t —31/4)

A cos(2xf, —/4)

01

1350 .

A

11
450

11
01
00

41
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Performance

¢ The transmission bandwidth B, for ASK is of the form
B, =(1+r)R

where R /s the bit rate, and
r is related to the technigue by which the signal is filtered to establish
a banawidth for transmission; typically 0 < r <1.

&8 Thus the bandwidth is directly related to the bit rate.

3 The preceding formula is also valid for PSK and, under
certain assumptions, FSK.

& With multilevel PSK (MPSK), significant improvements in
bandwidth can be achieved.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 42



Performance

& With multilevel PSK (MPSK), significant improvements
in bandwidth can be achieved.

3% MPSK: B = ("R
log, M

Where log,M is the number of bits encoded per signal element, and

M is the number of different signal elements.
For (r=0) >B;=R/ m (B;=R, and R=mR,)

3 For multilevel FSK (MFSK), we have

38 MFSK g - (HOMyo

log, M
% For (r=0) >B;=MR/m > By = MR, = B; = 2Mf,
¥ For (r=0) and M=2 ->B;=2R/1 2> B;=2R and R=R;

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 43



Performance

¥ Bandwidth efficiency parameter measures the efficiency with which
bandwidth can be used to transmit data. The advantage of multilevel
signaling methods now becomes clear.

Table 5.5 Bandwidth Efficiency (R/By) for Various Digital-to-Analog Encoding Schemes

r=10 r = 0.5 r=1
ASK 1.0 0.67 0.5
FSK 0.5 0.33 0.25
Multilevel FSK
M=4L=2 0.5 0.33 0.25
M=8L=3 0.375 025 0.1875
M=16,L =4 025 0.167 0.125
M=32L=5 0.156 0.104 0.078
PSK 1.0 0.67 0.5
Multilevel PSK
M=4L=2 2.00 1.33 1.00
M=81L=3 3.00 2.00 1.50
M=16,L =4 4.00 2.67 2.00
M=32L=5 5.00 333 2.50

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 44



Performance

F$ MFSK & MPSK have tradeoff between bandwidth efficiency and error
performance

1.0 1.0

/

107" [ 10! N

N

7/
/
/
/
/J"

S
g

Probability of bit error (BER)
=)
.[L
L~
Probability of bit error (BER)
o
a

Il
r2
|

Ny | \ =
1077 \ \\ £ 10 \\\ ~\
. M=3 \\\ M = 4\\ " M= :V M=4 \\
t } | |

ID—? | | \| |\ ID_F-" ||
23456 78 9101112131415 23 456 7 8 9101112131415

(Ex/Ny) (dB) (En/Ng) (dB)
(a) Multilevel FSK (MFSK) (b) Multilevel PSK (MPSK)
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Performance

9, (3) 6
<N_>d ) <N>d3 -(5),,

In MPSK, QAM, and ASK
7= R R __ log:M

== a5 =

Bt _log; R 1+r

In MFSK

_ R _ R _ log,M
M=%, = @M, = Qerm

logo M

Dr. Mohammed Arafah

1.0
10" _‘_-mhh"“mﬁ\ 10! -ﬁx‘\"‘x
e = B
£ 10 Y = 10 \\\
E 3 \'\ M E p [ \
g 107 A g 107
B :(1+_r)R £ N N s z ] BTz(M)R
T |Og ) M R '\\ \.r s 10 \ \\M L |Og M
= = 2
£ 108 \\ £ 10 \ \\
' \ \ ' 3
= 1w F‘t ' P\ - [ \‘I [\1
; Mfﬁ\f\”[:lj' \ 7 M =|H’l1n HM|=T A
O 4 56 78 0101112131415 O T a5 6 78 0101112131415
(EuNa) (dB) (EwfNy) (dB)

Multilevel PSE iMIPSK) MVultilevel FSK iMEFSK)

logzM)
1+r

R
2 Nag = (B_T)dB = 10log10(

R l M
> Nlap = (3)as = 10logso (F27)
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Performance of Digital to

Analog Modulation Schemes

# Bandwidth
ASK/PSK bandwidth directly relates to bit rate
multilevel PSK gives significant improvements
## In the presence of noise:
bit error rate of PSK and QPSK are about 3dB superior to ASK and FSK

for MFSK & MPSK have tradeoff between bandwidth efficiency and error
performance

1.0

10-!

—

-
™~ \\ AMI, pseudoternary,
\\ N ASK, FSK

c 1072

g 107 AN N

= 104

T FA D

\\ 3 \t
10-6 \ \
\ \
107 \ \

01 2 3 4 5 6 7 8 9 1011 1213 1415

Probability of bil e (BER)
Z,
Ce
N
(=3
&
&

£ 107

(E,/Np) (dB)
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Performance - Example

EXAMPLE 5.3 What is the bandwidth efficiency for FSK, ASK, PSK, and
QPSK for a bit error rate of 107~ on a channel with an SNR of 12 dB?
Using Equation (3.2), we have

Eb) (R)
=) _12dB - (—
(N{] dB Br /g

For FSK and ASK, from Figure 5.4,

Eb) .
= = 14.2dB
(Nﬂ dB

R
— = —22dB
(B:r B
R
B_T = 0.6

For PSK, from Figure 5.4,

(&) = 11.2dB
No/an '

i)
— = (0.8 dB
(BT dB

B_T =12 RS

The result for QPSK must take into account that the baud rate D = R/2.
Thus

Bi; —24 1 =2x1.2=2.4 bps/Hz

Probability of bit error (BER)

1.0
[—
107 = =
™~ \\ AMLI, pseudoternary,
B \\ | ASK. FsK
v \‘\ \
1073 AN A
I N N
NRZ, biphase \
) PSK, QPSK \ \
10~ \
_ AN N
1077
\\ SdB\
1076 \ \\
0707 2 3 456 738 910 11&12 13 1415

(E4/Ny) (dB)

11.2dB 14.2dB

As the preceding example shows ASK and FSK exhibit the same bandwidth efficiency, PSK is better,
and even greater improvement can be achieved with multilevel signaling.
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Quadrature Amplitude Modulation
(QAM)

3 Higher bit rates are achieved using 8 and even 16
phase changes. In practice, however, there is a limit
to how many phases can be used.

¢ Hence to increase the bit rate further, it is more
common to introduce amplitude as well as phase
variations of each vector. This type of modulation is
then known as Quadrature Amplitude Modulation

(QAM).

# 16-QAM has 16 levels per signal element, and hence
4-bit symbols.
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8-QAM (2 amplitudes, 4 phases)

m=3

S o R=mR, = 3R,
! J \ \ (@41
—o —o Br = (jogo) R

101 ¢ 100 000/ ;001 By = (1+1)R,

. r=0-> By = R
110 .~ R= 3R,

- ‘\\
- ~
- ~
~ —_—
. M=8
N
N
A
N
- -o N
- ~a \
/’ \\ N
N \
A AY
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8-QAM - Example:

-7 RN
// \\\
010 N
N
N
- =< \
e So N
’ ~ \
‘ \ \
\ \
M \
\

Time

{\101- 100 oo1 000 | 010 \ 011 110 111
il man Al aa (S
VY VAVAVAVATRVVAYAN

D 1baud:

{baud_1baud 1 baud

1 second

V V

1 baud

r————»

1 baud

Dr. Mohammed Arafah

R=mxR,=3x8=24
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2. Limited Bandwidth

Amplitude

001 000 010

110

111

Time

% /\ %
A

4‘1baud‘é 1 baud

NN
VAVAVAY

V

NN
J U\

1 baud
—>

1 baud % 1 baud 1 baud @ 1 baud
<—>< p : < < »

1 baud
—>

R, = 8 baud
B:%:4Hz

R=mxR,=3x8=24Dbps éTb:%:ﬁsecond

Dr. Mohammed Arafah

1 second

1 1
> T, == second
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16-QAM (4 amplitudes, 8 phases)

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 53



16-QAM

amplitude

#8 can use 8 phase angles & more than one

[~A19600bps modem uses 12 angles, four of which have

two amplitudes

0110

0100 @.

0010

® 0000

v

1100

1110

1010

) 1000

M=16
m=4
R=mR, = 4R,

_( (A+1)
BT a (logz M) R
BT = (1 + T)RS

r:OQBT:RS
R= 4R,
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(QAM)

Bit Rate (R) = m x R,

e Both amplitude and phase are changed
S Data rate is different from modulation rate

s Example

[AIM = 16 combinations of amplitude and phase
[Alm = 4 bits/symbol

[Almodulation rate R, = R/4

AIIf R, = 2400 baud, R = 9600 bps

# High data rates over voice-grade lines

Qo Qo Qo
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QAM - Examples:

(a) Compute the baud rate (R.) for a 4800 bps 8-QAM
signal.

(b) Compute the bit rate (R) for a 1000 baud 16-QAM
signal.

(c) Compute the baud rate (R,) for a 72000 bps 64-QAM
signal.

Solutions:
()R, =R+ m = 4800 + 3 = 1600 baud

(b)R = R, x m = 1000 x 4 = 4000 bps
()R,=R+m = 72000 + 6 = 12000 baud
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Bit and Baud Rate Comparison

Encoding Units | Bits/Baud | Baud Bit Rate
Rate
ASK , FSK , 2-PSK Bits 1 N N
4-PSK , 4 QAM Dibit 2 N 2N
8-PSK , 8-QAM Tribit 3 N 3N
16-QAM Quadbit 4 N 4N
32-QAM Pentabit 5 N 5N
64-QAM Hexabit 6 N 6N
128-QAM Septabit 7 N /N
256-QAM Octabit 8 N 8N

Dr. Mohammed Arafah

William Stallings “Data and Computer Communications”
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QAM

& QAM used on asymmetric digital subscriber line
(ADSL) and some wireless standards

& QAM is a combination of ASK and PSK

¢ send two different signals simultaneously on same
carrier frequency
Aluse two copies of carrier, one shifted 90°
[~leach carrier is ASK modulated
[Altwo independent signals over same medium
~Nldemodulate and combine for original binary output
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QAM Modulator

Binary
input

L 4

d,(1)
R/2 bps

d(1)
R bps

2-bit
serial-to-parallel
converter

Dr. Mohammed Arafah

Carrier
oscillator

y QAM

2-\ signal out

_j s(7) ]

s(t) =d, (t)cos24f t +d, (t)sin 24f t

William Stallings “Data and Computer Communications”
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QAM Variants

36 two level ASK
[~Aleach of two streams in one of two states
[Alfour state system
[Alessentially QPSK

36 four level ASK
[Alcombined stream in one of 16 (2%) states

#6 systems using 64 and 256 state have been implemented.

& improved data rate for given bandwidth
[Albut increased potential error rate
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@ o

Modem

$ A modem converts the digital signal generated by
the computer into an analog signal to be carried by a
public phone line. It is also converts the analog
signals receiver over a phone line into digital signals
usable by the computer.

& The term modem is composite word that refers to a
signal modulator and a signal demodulator.

& A moadulator treats a digital signal as a series of 1s
and 0s, and so can transform it into an analog signal
by using the digital-to-analog mechanisms of ASK,
FSK, PSK, and QAM.
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Modem

Analog Signal

Modem
'YX X X
A
o [ 5 ] e [ s 5
.R_eceiv-ed Transmitted
Digital Slgni' Digital Signal
Receiver Transmitter
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Modem

Modem Speeds:

Theoretical Bit Rates for Modems.

Encoding Half-Duplex | Full-Duplex
ASK , FSK , 2-PSK 2400 1200
4-PSK , 4 QAM 4800 2400
8-PSK, 8-QAM 7200 3600
16-QAM 9600 4800
32-QAM 12000 6000
64-QAM 14400 7200
128-QAM 16800 8400
256-QAM 19200 9600

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”
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Modems Standards

Dr. Mohammed Arafah

FSK
FDX | I ‘I
300 baud 1 1‘ f f‘ * 1
300 bps 920 1420 1813 7375
Py 600 1070 1270 2025 2225 3000
0 1 0 1
ASK FSK
HDX
1200 huud, 4 I L 4 4
1200bps ~ 302700 1200 2
2-wire : = 2400 J000
0 1
N 4-PSK L
b J FDIX ‘ — E—I
[§ 600 haud | T T ] T
by 1200 bps o900 1500 2100 3700 10 * 00
2-wire #00 1200 2400 3000 |
[ ]
11
4-PSK o 1
HDX/FDX ,_§| .
1204 baud 1 T 1
;*';[1;'5 600 1200 1800 2400 3000 7
i) 10
B.PSK o1l
Ly FDX 010 . 01
P 1600 baud | L i j !
o 4500 bps P l 10— & 000
Ll 4 wire 1000 1800 2600 3000 |
11 . 100
101
16-00AM
2 LS L
1] i-l-l)l.l haud T
[y Y600 bps 600 |
d-wire B e
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Modems Standards

V.22his

4-DPSK, 16-Q0AM

FIvx
600 Baud ? ? 1
120002400 bps T 1500} 100 2700
Zewire 60 1200 2400 3000

Two speeds: 1200 bps using
4-DPSK or 2400 bps using
16-0QAM

Dr. Mohammed Arafah

Y.z

I2-QAM (trellis)

FDX (pseudoduplex)
2400 baud I

T

32-0AM allows five bits per
baud: four data bits plus one

’ redundant bit
Ef'“?r:"‘ 600 1800 3000
o 64-0)AM
FDX The first modem standand
2400 baud L ? 7 wilh i ik rate of 14,400 byps
14,400 bps
d-wire B0 1800 300K
256-00AM
FI¥x iz
2400 baud l T W
19,200 bps
4-wire N} (Y] 300K}
FDX 128-QAM (trellis) 128-QAM allows 7 bits per
Ml;ﬂ baud L ? ‘I h:;d.; 1;1 ﬂ:n.:_'biu plus one
14,400 bips A
4-wire ()] 1800 3000
4096-QAM Standard speed: 28,800 bps,
FI¥X but with data compression can
2400 bawd l f W achieve speeds up 1o three
00 by imes thal rate
ﬁjm ps pr 1800 000 times thal rale
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Encoding Techniques

Analog Data, Digital Signal

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”

66



Analog Data, Digital Signal

& Digitization is conversion of analog data into
digital data which can then:

pe transmitted using NRZ-L
pe transmitted using code other than NRZ-L
pbe converted to analog signal

‘m —> | Digitizer “ — LI:I:I:I:I: — | Modulator | |—> .[* ” '! H ”

Analog data Digital data Analog signal
(voice) (ASK)
NRZ-L ASK
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Analog Data, Digital Signal

# Why convert later to analog signal ?
[Altransmission media requirements
XImicrowave only transmit analog signal

3 Codec (coder-decoder)
[Aldevice used for converting analog data to digital
[~lalso recover analog data from digital signal

&8 Analog to digital conversion done using a codec
[~IPulse Code Modulation (PCM)
[~IDelta Modulation

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 68



Sampling Theorem

SAMPLING THEOREM: If a signal f(r) 1s sampled at regular intervals of time
and at a rate higher than twice the highest signal frequency, then the samples con-
tain all the information of the original signal. The function f(f) may be recon-
structed from these samples by the use of a lowpass filter.
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Pulse Code Modulation (PCM)

#& Nyquest Sampling Theorem:

A1 *If a signal A ) is sampled at regular intervals at a rate higher
than twice the highest signal frequency, the samples contain
all information in original signal”

eg. 4000Hz voice data, requires 8000 sample per sec

# Strictly have analog samples

The sampled signal is first converted into a pulse stream, the
amplitude of each pulse being equal to the amplitude of the
original analog signal at the sampling instant. The resulting signal

is known as a Pulse Amplitude Modulated (PAM) signal.
& Voice data limited to below 4000Hz
¥ Require 8000 sample per second
& Analog samples (Pulse Amplitude Modulation, PAM)

¥ Each sample assigned digital value
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Pulse Code Modulation (PCM)

# Quantized
[~lQuantizing error or noise

~lApproximations mean it is impossible to recover
original exactly

3 8 bit sample gives 256 levels
# Quality comparable with analog transmission

3 8000 samples per second of 8 bits each gives
64kbps
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From Analog to PCM

PAM .
_m=======— e T Quantizer
~Em1_1nuous g&&’ sampler &Elete um.ef
<£Q11t11111011‘3 allu)hlid'ew <5Itnuots
(analog) input signal sagiplitude ;rg_nal
(PAM pulses)

Encoder
D],;acrete t1ms=_¢

~Tiscrete- "‘\

~ amplitude signal
(PCM pulses)

r_\’}’ﬂi *E’. .:u.lIIHl"

. »[ Quantization

DOA T 1O 100 10)e s Binary e :III| H||L
LrEﬂﬂIIlL

1 |

| +HIA8 H24
Digial/digival (V0 L O LA OOHD L LMD
encoding M n o R
W ’ i

Drcction of transfer

+I2_'?..[

—127
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From Analog to PCM

Step 1: Pulse Amplitude Modulation (PAM) Step 2: Quantized PAM Signal

Amplitude Amplimde Amplitude
e + +127,125
+127 “H110
\ + 100 +90 488 77
- +075 +52
\II +050 4 +38 +48 439 20 |
f | . . +025 . . I Time
P \\. l | TLEm Time < I I I I . .

| | v 025 |

o) 0350 y %0

i -075 :

v -100 .

a. Analog signal b. PAM signal 3
Step 3: Quantizing using Sign & Magnitude Step 4: Pulse Code Modulation (PCM)
+024 000 11000 015 10001111 +125 Or11iol o
i x » v 3

+035 00100110 080 11010000 #110 01101110 +024 +038 048
+048 00110000 050 10110010 #0090 01011010 00011000 00100110 00110000 __
+039 00100111 #052 00110110 +088 01011000 < - . - -
+026 Gon11010 +127 j/ﬁl 111 #0771 0100110 Direction of transfer

"‘ Sign bit
\ tisO -5 1
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PCM

Code

number

15 ————

14 ————
13 ————
12 ————

[ ———-

10 ————

9 ————

8 ————

'}' —_

6 ————

5
_1_ R
3
2
1

0 ———-

PAM value l.

Quantized code number 1

PCM code 0001

Dr. Mohammed Arafah

1 9.2
9
1001
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1111

5.2 10.8
15 10
1010

0101

R

0010

(R

0010

16
15
14
13
12

11
10

=

Nomalized maenitude
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i
() Onginal

—— e ———————— -

signal .
i 1
| | ~ (.2
| |
| I
| I
| |
2.0 |
|
|-I .4
- -
() PAM
pulses
n
kS
I-I L
oLl a0l 1o
vo) POM
pulses

QULIOOTHIQ0nIaGLIL D100

[dp PCM
oulput

Pulse-code modulation.
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PCM - Example 1

Write the output PCM sequence using 4 levels.

Amax 4 ! ; ! ! ! : ; : :

Y | TR S SO SR v S U o S S S i

251 - 4 .
E 2L ~ z u
= 2
£

: : : ' H : . : :
(1 =1 O S S SRR, [T e T N Ry PP .

=]
[=]
]
o
'S
[=]
[=2]
o ...
[=:]
-
-
X
—
'S
—
(2]
o
[+

Amin 0

TS time (milli seconds)

A
\ 4

1
0.0002

Sampling Rate = 2xf__, = Sampling Rate= Ti - Sampling Rate= = 5000 Samples/sec
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PCM -

Example 1

Amax 4 !

25k

= 2
=
1 : : .

| 1 1 1 1 1 1 1

Amin 0

Dr. Mohammed Arafah

0.4 06 08 1 1.2 14 1.6 1.8
time (milli seconds)

5 Levels
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PCM - Example 1

Amax “ : : : : T T 1 : : 4

= e S

Actual Step Size = 1V

Actual Step Size =1V

Actual Step Size =1V

0.5V
i i ] ] ] ] ] ] i
0 02 0.4 06 08 1 1.2 14 1.6 1.8
time (milli seconds)

Amin 0

(8]

Actual Step Size

Actual Resolution = + =+40.5V
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PCM - Example 1

06 08 1 1.2 14 1.6 1.8 2
time (milli seconds)

Output PCM sequence=0001101111111111111010

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 79



PCM - Example 2

Write the output PCM sequence using 8 levels.

Amax 4 ! ; ! ! ! : ; : :

Y | TR S SO SR v S U o S S S i

251 - 4 .
E 2L ~ z u
= 2
£

: : : ' H : . : :
(1 =1 O S S SRR, [T e T N Ry PP .

=]
[=]
]
o
'S
[=]
[=2]
o ...
[=:]
-
-
X
—
'S
—
(2]
o
[+

Amin 0

TS time (milli seconds)

A
\ 4

1
0.0002

Sampling Rate = 2xf__, = Sampling Rate= Ti - Sampling Rate= = 5000 Samples/sec
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PCM - Example 2

dwex AT+ 1 |1l }oxv
o — — 110
101 4

25

mit)
(%]

1.5

0.5 : E " ; ; ; ; : 100 ! Actual Step Size = 0.5V

: ' : : : : : : : 7'y
| | f | | ) ) | | v 025V
0 0.2 0.4 06 0.8 1 1.2 14 1.6 1.8

time (milli seconds)

Amin 0

[N

Actual Step Size

Actual Resolution = + =+40.25V
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PCM - Example 2

B EEEER 201 1

06 08 1 1.2 14 1.6 1.8 2
time (milli seconds)

Output PCM sequence=000011101110111111111110110101101
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PCM

1.5
1.3
1.1
0.9

0.7

1.3

R

1.0 1.1

) .56 0.6
0.5
028 03
0.3 027 D3
(.1 —:HII il
Digit | Binary Equivalent | PCM waveform Digit | Binary Equivalent | PCM waveform
0 0000 8 1000 .
1 0001 ] 9 1001 [ 1
2 0010 - L 10 1010 LI
3 0011 ] 11 1011 M
4 0100 L 12 1100 I
0101 LI 13 1101 I

6 0110 I 14 1110 |
7 0111 | 15 1111 —

Dr. Mohammed Arafah
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PCM

Quantized signal

A

L

PCM encoder

> 1121100

—>| Sampling

Quantizing " Encoding "

Digital data

Analog signal

PAM signal
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PCM

& There are three sampling methods: ideal, natural, and flat-top.

#6 ldeal sampling: Pulses from the analog signal are sampled. This is an ideal sampling
method and cannot be easily implemented.

¥ Natural sampling: a high-speed switch is turned on for only the small period of time
when the sampling occurs. The result is a sequence of samples that retains the shape
of the analog signal.

¥ Flat-top Sampling: The most common sampling method, called sample and hold.

Amplitude Amplitude
A

TTT/mmm e
I N [ = Ny EREnE:S

a. ldeal samplmg b. Natural sampling

Amplitude

A
\/Analogﬂgnal
1_I ﬂ ﬂ Time
Li-L

L -

c. Flat-top sampling
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Sampling Rate

& We can sample a signal only if the signal is band-limited. In other words, a signal
with an infinite bandwidth cannot be sampled.

The sampling rate must be at least 2 times the highest frequency, not the bandwidth.

23

3¢ If the analog signal is low-pass, the bandwidth and the highest frequency are the
same value.

23

If the analog signal is bandpass, the bandwidth value is lower than the value of the
maximum frequency

Amplitude
Nyquist rate=2x f__,
Low-pass signal
fin froax Fre::|;ue ncy
Amplitude
Nyquistrate=2 x f__
Bandpass signal
0 Frnin finax Fre:q;ue ncy
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PCM
Example 1:

& A complex low-pass signal has a bandwidth of 200 kHz. What
IS the minimum sampling rate for this signal?

Amplitude

Nyquistrate=2x f__.

Low-pass signal

-
fnin fax Frequency

Solution

36 The bandwidth of a low-pass signal is between 0 and f, where
f Is the maximum frequency in the signal. Therefore, we can
sample this signal at 2 times the highest frequency (200 kHz).
The sampling rate is therefore 400,000 samples per second.
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PCM
Example 2:

36 A complex bandpass signal has a bandwidth of 200 kHz.
What is the minimum sampling rate for this signal?

Amplitude

Nyquist rate=2 x f_

Bandpass signal

-
0 f . fax Frequency

Solution

& We cannot find the minimum sampling rate in this case
because we do not know where the bandwidth starts or ends.
We do not know the maximum frequency in the signal.
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PCM
Example 3:

What sampling rate is needed for a signal with a
bandwidth of 10000 Hz (1000 to 11000 Hz)? If the
guantization is 8 bit per sample, what is the bit rate?

Solution:

The sampling rate must be twice of the highest frequency
in the signal:

Sampling rate = 2 x 11000=22000 samples/ sec.

- Data rate = 22000 samples/sec x 8 bit/sample =176 Kbps.
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Pulse Code Modulation

3 If signal with highest frequency component £, is

sampled at rate greater than 27,,_, then samples contain

all information of signal

3 Sample analog signal at rate 27,
[Alcalled Pulse Amplitude Modulation (PAM)
AT, = 1/ 2f,,,, second
&8 Assign each sample a binary code
[Alsample is quantized into nearest code
[AImore quantization levels: better approximation

& If voice signal limited to < 4000 Hz, 8000 samples/s is
sufficient

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”
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Original Signal Recovery

3 The recovery of the original signal requires the PCM decoder.

3 The decoder first uses circuitry to convert the code words
into a pulse that holds the amplitude until the next pulse.

36 After the staircase signal is completed, it is passed
through a low-pass filter to smooth the staircase signal
into an analog signal.
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Original Signal Recovery

Amplitude
A

Time

PCM decoder

Make and

11+21100
Digital data

Dr. Mohammed Arafah

> connect
samples

Low-pass
filter

Amplitude

Analog signal
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Pulse Code Modulation

& By quantizing the PAM pulse, the original signal is now only
approximated and cannot be recovered exactly. This effect is
known as quantizing error or quantizing noise. The
signal-to-noise ratio for quantizing noise can be
expressed as:

SNR,, =20 log,,2" +1.76,, =6.02n +1.76

& Thus, each additional bit used for quantizing increases SNR by
about 6 dB, which is a factor of 4.

Dr. Mohammed Arafah William Stallings “Data and Computer Communications”
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Non-Linear Encoding

¥ The PCM scheme is refined using a technique known as
nonlinear encoding, which means, the quantization levels
are not equally spaced.

3 The problem with equal spacing is that the mean absolute
error for each sample is the same, regardless of signal level.
Consequently, lower amplitude values are relatively
more distorted.

3 By using a greater number of quantizing steps for
signals of low amplitude, and a smaller number of
quantizing steps for signals of large amplitude, a
marked reduction in overall signal distortion is
achieved
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Linear Encoding
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Non-Linear Encoding

Quantizing
levels Strong signal ~ Weak signal
%15 — 15—

14 /| \
13 \ 14
12 13
11 12
\ 10 / 1
11

8

"
[ S ISP SN ) T

-
—

]
L

[~

N
T . N A

)
— e P e L S =] 08

-
—

(a) Without nonlinear encoding (b) With nonlinear encoding
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Non-Linear Encoding

Quantizing
levels Strong signal ~ Weak signal
/ / 5 15
AN/ » N
A -q_/ 13 Y 14
A ) 13
1 12
\ 11 12
1 10 (-"' 11
9 10
— —
5 / 1 f
4 / 3
3 2
2 N 1
: A
0 N/ 0 N

(a) Without nonlinear encoding

Dr. Mohammed Arafah
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Companding

# The same effect can be achieved by using uniform quantizing but
companding (compressing-expanding) the input analog
signal.

& Companding is a process that compresses the intensity range of a
signal :
[AlInput: more gain to weak than strong signals
[A1Output: reverse operation is performed

3 The effect on the input side is to compress the sample so that the
higher values are reduced with respect to the lower values. Thus,
with a fixed number of quantizing levels, more levels are
available for lower-level signals. On the output side, the
compander expands the samples so the compressed values
are restored to their original values.
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Companding

& Companding can refer to the use of compression, where gain is
decreased when levels rise above a certain threshold, and its
complement, expansion, where gain is increased when levels drop
bellow a certain threshold.

#& Compressing-expanding - Companding

Original Signal

After compression
and before expansion

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 99


http://upload.wikimedia.org/wikipedia/commons/9/94/Waveformoriginal.png

-- -Mode'rate

No ¢

e e e B
1
1
1
1
1
1
1
|

1.0

Companding

0.6
04

apniugew juess ndinQ

0.0

1.0

0.8

0.6

0.4

0.0

Input signal magnitude

100

William Stallings “Data and Computer Communications”

Dr. Mohammed Arafah



Delta Modulation

& Analog input is approximated by a staircase function

[~lcan move up or down by one quantization level (0) at
each sampling interval (Ts)

& Step can be represented by single bit
[~Al1: next interval up
[~10: next interval down
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Delta Modulation

Signal A Analog Staircase
amplitude input function
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Delta Modulation

3 Transmission

[~lanalog input A compared to latest value L of staircase
function

Rlif A> L, output =1
Aif A<L, output=0

3 Reception
[Alstaircase function is reconstructed
[A11: increment by 1 level (0)
[~10: decrement by 1 level (0)
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Delta Modulation Operation

Analog
input Binary
> output
Comparator >
1=+6
> \+j <
Delay of Rec_on_structed
s € waveform
one time
unit
(a) Transmission
Binary 1 =+é
Input 0=-3 m Reconstructed
\ waveform

Delay of

one time
unit

Dr. Mohammed Arafah

(b) Reception

~
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Delta Modulation

3 There are two important parameters in a DM scheme:
step size (0) and sampling rate
[AIStep size 0: balance between types of errors

Xlvery large: There will be quantizing noise. The noise increases as
d is increased

Xlvery low: When the analog waveform is changing more rapidly than
the staircase can follow, there is slope overload noise. This noise
increases as 0 is decreased

[AlSampling rate
[XIhigher is better, but increases data rate

3 DM is simpler to implement than PCM
3£ PCM has better SNR characteristics at the same data rate

Dr. Mohammed Arafah William Stallings “Data and Computer Communications” 105



Analog Data, Digital Signals
Performance

3 issue of bandwidth used:

good voice reproduction with PCM
Xlwant 128 levels (7 bit) & voice bandwidth 4kHz
XIneed 8000 samples/sec x 7 bits/sample= 56kbps digital signal
Xlrequire 28KHz bandwidth
[XIcompare to 4KHz for analog transmission

even more severe with higher bandwidth signals, e.g. color television
with PCM

1024 quantization levels: 10-bit coding
XIbandwidth 4.6 MHz - 9.2 M samples/second
[X]19.2 M x 10 = 92 Mbps

Xlrequire 46 MHz bandwidth

[XIcompare to 4.6 MHz for analog transmission

# yet, digital technology still preferred for transmission of analog data
3 data compression can improve on this
e.g. Interframe coding techniques for video
#6 still growing demand for digital signals
use of repeaters, TDM, more efficient digital switching techniques
& PCM preferred to DM for analog signals
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Summary

&6 looked at signal encoding technigues
[~ldigital data, digital signal

[~lanalog data, digital signal

[~ldigital data, analog signal

[~lanalog data, analog signal
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Required Reading

# Stallings chapter 5
¢ Eitan Gurari, CIS 677 course notes, Ohio State University,

www.cse.ohio-state.edu/~qurari/course/cis677/cis6775e12.html
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