Data Encoding (part 2)
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Analog Data,
Digital Signals (5.3)
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Analog Data, Digital Signals

e Digitization
—Conversion of analog data into digital data

—Digital data can then be transmitted using NRZ-L or
any other code other than NRZ-L

—Digital data can then be converted to analog signals
—Analog to digital conversion done using a codec
(coder-decoder)
e Two techniques:
—Pulse code modulation (PCM)
—Delta modulation

Digitizing Analog Data
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PCM Example
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Pulse Code Modulation (1)

There are two steps involved in converting analog data to a digital signal:
1. Sampling: obtain the value of signal every T seconds.

Choice of T is determined by how fast a signal changes, i.e., the
frequency content of the signal

Nyquist Sampling Theorem says:

Sampling rate (1/T) > 2 x maximum frequency in the signal

Tl

—»

Sampling—>

Discrete-time Signal:
Defined for multiples of T
Can have any amplitude

Analogue Signal:
Defined for all time
Can have any amplitude

— Output = PAM signals (pulse amplitude modulation) 6
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Pulse Code Modulation (2)

There are two steps involved in converting an analogue signal to a digital signal:

2. Quantization: approximate signal to certain levels. Number of levels used
determine the resolution.

—»| Quantization

Discrete-time Signal: Digital Signal (PCM):

Defined for multiples of T Defined for multiples of T
Can have any amplitude Amplitude limited to a few levels

SNR introduced by quantization: (20 log,, L + 1.76) dB where L = # levels = 2"
SNR =(6.02n+ 1.76) dB

PCM Example

Example: PCM signal obtained for voice data

Voice: maximum frequency =4 kHz voice
Sampling rate (1/T) >= 2 x 4000 or 8000 samples/second
(quality comparable with analog transmission)
Sampling period (T) =1/8000 = 125 microseconds

For digital telephony, no. of levels (L) used in the uniform quantizer are 256
Number of bits (n) to represent a level = log,(L) = log, (256) = 8 bits

Data rate = 8000 x 8 or 64 kbps
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PCM Block Diagram

PAM .

———> . . Quantizer — - Encoder —
Continuous-time, sampler W piscrete-time Discrete-time Digital bit
continuous amplituds continuous- discrete- stream output
(analog) input signal amplitude signal amplitude signal signal

(PAM pulses) (PCM pulses)

PCM Summary

e Nyquist Sampling Theorem:
If a signal is sampled at regular intervals at a rate

higher than twice the highest signal frequency, the
samples contain all the information of the original

signal.
e Quantized
—~Quantizing error or noise
—Approximations mean it is impossible to recover
original exactly
SNR introduced by quantization:
(20 log10 L + 1.76) dB = (6.02n + 1.76)dB, L = 27
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Nonlinear Encoding

e Quantization levels not evenly spaced
e Reduces overall signal distortion

e Can also be done by companding (compressing-
expanding) the input analog signal
—Significantly improves the PCM SNR ratio
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Non-Linear Coding

Quantizing
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Companding
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Delta Modulation

Analog input is approximated by a staircase
function

Move up or down one level (&) at each sample
interval

Binary behavior

—Function moves up or down at each sample interval
—Moving up: generating 1

—Moving down: generating O

DM versus PCM

—DM: simpler implementation

—PCM: better SNR at the same data rate
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Delta Modulation Example
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PCM versus DM

DM is simpler to implement than PCM
but has worse SNR

issue of bandwidth used

—e.g. for good voice reproduction with PCM
e want 128 levels (7 bit) & voice bandwidth 4khz
e need 8000 x 7 = 56kbps

data compression can improve on this
still growing demand for digital signals
—use of repeaters, TDM, efficient switching
PCM preferred to DM for analog signals

Digital Data,
Analog Signals (5.2)
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Digital Data, Analog Signal

Main use in public telephone system
—300Hz to 3400Hz
—Use modem (modulator-demodulator)

Amplitude shift keying (ASK)
Frequency shift keying (FSK)
Phase shift keying (PSK)
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(c) BPSK
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Amplitude Shift Keying

S(t) = Asin(2nf.t) binary 1
- 0 binary 0

» Values represented by different amplitudes of carrier

e Usually, one amplitude is zero
—i.e. presence and absence of carrier is used

e Susceptible to sudden gain changes
 Inefficient
e Used for voice grade lines (up to 1,200 bps)

» Used over optical fiber (e.g., 1 = light pulse; 0 = no
light)
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Binary Frequency Shift Keying

S(t) = Asin(2xfit) binary 1
| Asin(2nf,t) binary 0

e Most common form is binary FSK (BFSK)
e Two binary values represented by two different
frequencies (near carrier)
e Less susceptible to error than ASK
e Used for
— Up to 1,200 bps on voice grade lines
— High frequency radio (3-30 MHz)
— Even higher frequency on LANs using coaxial cable

22
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Multiple FSK

e More than two frequencies used
» More bandwidth efficient
e More prone to error

e Each signalling element represents more than
one bit

23

FSK on VVoice Grade Line
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Figure 5.8 Full-Duplex FSK Transmission on a Yoice-Grade Line
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Phase Shift Keying

S(t) = Asin(2nf.t+m) binary 1
| Asin(2nfst)  binary O

e Phase of carrier signal is shifted to represent data
e Binary PSK

— Two phases represent two binary digits
« Differential PSK

— Phase shifted relative to previous transmission rather than some
reference signal

Differential PSK
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Quadrature PSK

Asin2nf.t+7/4) binary11

S(t) = Asin(2nf.t+3n/4) binary 10
| Asin(2nf.t+5n/4) binary 01

Asin(2nf.t+7x/4) binary 00

00 : 11 + 01 : 00 : OL : 0

» More efficient: each signal element representing more
than one bit
— QPSK: each element represents two bits

27

PSK Combined with ASK

e 9600 bps modem use 12 angles, four of which have two
amplitudes
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Performance of Digital to
Analog Modulation Schemes

e bandwidth
—ASK/PSK bandwidth directly relates to bit rate
—multilevel PSK gives significant improvements

—FSK bandwidth related to data rate for lower
frequencies, but to offset of modulated frequency
from carrier at high frequencies

 in presence of noise:

—bit error rate of PSK and QPSK are about 3dB
superior to ASK and FSK

—for MFSK and MPSK = tradeoff between bandwidth
efficiency and error performance

Performance of Digital to
Analog Modulation Schemes

e Transmission bandwidth:
— ASK and PSK bandwidth directly related to bit rate

— FSK bandwidth related to data rate for lower frequencies, but to
offset of modulated frequency from carrier at high frequencies

ASK: B, =(1+1)R; r = rolloff factor; 0 <r <1
FSK: B, =2Af +(1+nR; Af =f,—f =1 -1,
PSK: B, =(1+n)R;
. (1+r)
Multilevel PSK: B; =——R; L = no.of levels
log, L
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Analog Data,
Analog Signals (5.4)

31

Analog Data, Analog Signals

e Why modulate analog signals?

— Higher frequency can give more efficient transmission
— Permits frequency division multiplexing (Chapter 8)

e Combining an input signal m(# and a carrier of
frequency 7, to produce a signal s() whose bandwidth is
centered at 7,

— m(®): modulating signal
— s(#): modulated signal
e Types of modulation:

Amplitude Modulation: s(t) =[1+n,X(t)]cos22ft n, = modulation index
Phase Modulation : s(t)=A cos(27zfct + ¢(t)) #(t)=n,m(t); n, = modulationindex
Frequency Modulation: s(t) = A, cos(27zfct + ¢(t)) ¢'(t)=n,m(t); n; = modulation index

32
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Modulation
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Transmission Bandwidth of
Analog Modulation Schemes

e FM and PM require greater bandwidth than AM

AM: B, =2B
PM/FM: B, =2(f+1)B
A.n, for PM
where =
Amn% B forFM
and A, 1s the maximum value of m(t)
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Reading

» Chapter 5, Stallings’ book

= Exercise: Prove that for AM, B, = 2B (hint: see Example
5.4 on page 169 (Example 5.3 on page 160 in the 7t
edition)).
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