DIGITAL COMMUNICATION VI SEM ECE

mmp  Example 1.8.1 : Derive the expression for sighal to quantization noise ratio for PCM
system that employs linear quantization technique. Assume that input to the PCM
system is a sinusoidal signal.

OR
A PCM system uses a uniform quantizer followed by a v bit encoder. Show that rms
signal to quantization noise ratio is approximately given by (1.8 + 6v) dB.

Solution :  Assume that the modulating signal be a sinusoidal voltage, having peak
amplitude A,,. Let this signal cover the complete excursion of representation levels.

The power of this signal will be,
V2

P = ' Here V = rms value
2
= [A, /2] .. 11.8.39)
When R =1, the power P is normalized, i.e.,
A 2
Normalized power : P = % with R =1 in above equation.

- Signal to quantization noise ratio is given by equation 1.8.33 as,

,_.S_.. = BP xzb
N 2

2

m

A
Her'e P T and Ima,‘ =Am

Putting these values in the above equation,
3Ix A—’E‘

S 2 2 o2 = 30w 1 5x0%
& = Az x2 *2><2 =1.5%2

Expressing signal to noise power ratio in dB,
S S

10log o (1.5) +101og 1 2%
1.76 + 2vx10x 0.3

Thus,

[% }iﬂ in PCM : (% }iB = 1.8 + 67 ; for sinusoidal signal

N K VYAS
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mwp Example 1.8.2 : A Television signal with a bandwidth of 4.2 MHz is transmitted
using binary PCM. The number of quantization levels is 512.

Calculate,
i) Code word length i) Transmission bandwidth
ii1) Final bit rate iv) Output signal to quantization noise ratio.

[March-2003, 10 Marks]
Solution : The bandwidth is 4.2 MHz, means highest frequency component will have
frequency of 4.2 MHz i.e,,
W = 42 MHz
Quantization levels g = 512
i) Number of bits and quantization levels are related in binary PCM as,

q=2
ie. 512 = 2
log 512 = vlog2
- % e log 512
- log 2
= 9 bi'S e (Aﬂs’

Thus the code word length is 9 bits.
ii) From equation 1.8.6 the transmission channel bandwidth is given as,
By 2 oW
2 9%4.2%10° Hz
Br 2 378 MHz ... (Ans)
iii) The final bit rate will equal to signaling rate. From equation 1.8.3 signaling rate
is given as,

r=vf
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Sampling frequency f, 2 2W by sampling theorem.
fi 2 2x42MHz since W = 42 MHz
f. > 84 MHz
Putting this value of 'f,' in equation for signaling rate,
9x 84 x10°
756x10¢ bits/sec ... (Ans)

r

From equation 1.8.4 transmission bandwidth is also obtained as,

BTEJZ"."

%x?&ﬁx 106 bits/sec

v

v

or By 37.8 MHz which is same as the value obtained earlier.

iv) The signal to noise ratio

a8

(% )dB < 48+ 6vdB

A

48+6x%x9
58.8 dB .«. (Ans)

A
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Q. 2 Explain Pulse code modulation.

1.8.1 PCM Generator

The pulse code modulator technique samples the input signal x(f) at frequency
f; 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.1.8.1 shows the PCM generator.

v digits
SR = I e e g e
ol (digitzer) | 1 converter | r=vf,
|
@—" Timer

f2 2W

Fig. 1.8.1 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.,

£z W

In Fig. 1.8.1 output of sample and hold is called x(nT,). This x(1T,) is discrete in
time and continuous in amplitude. A g-level quantizer compares input x(nT;) 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;).
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1.8.3 PCM Receiver

Fig. 1.8.2 (a) shows the block diagram of PCM receiver and Fig. 1.8.2 (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
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1/q+ ﬁ k—

—1”q- --E—

Fig. 1.8.2 (a) PCM receiver
(b) Reconstructed waveform
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Q. 3 Explain Linear Quantization.

We know that input sample wvalue is quantized to nearest digital level. This
quantization can be uniform or nonuniform. In uniform quantization, the quantization
step or difference between two quantization levels remains constant over the complete
amplitude range. Depending upon the transfer characteristic there are three types of
uniform or linear quantizers as discussed next.

1.8.4.1 Midtread Quantizer

The transfer characteristic of the midtread quantizer is shown in Fig. 1.8.3.

As shown in this figure, when an input is between — 5/2 and + 5/2 then the
quantizer ouftput is zero. i.e.,

For -8/2 = x(nT) <8/2; “xy(nT,) =0
Here '8’ is the step size of the quantizer.
for 8/2 = x(nT,) <358/2; xq (nNT,) = &

Similarly other levels are assigned. It is called midtread because guantizer output
is zero when x(nT,) is zero. Fig.1.8.3 (b) shows the quantization error of midtread
quantizer. Quantization error is given as,

e = xg (nT,) — x (nTy) .. (1.8.7)

In Fig. 1.8.3 (b) observe that when x(nT,) = 0, xg(nT,) = 0. Hence quantization error
is zero at origin. When x(nT,) = §/2, quantizer output is zero just before this level.
Hence error is 8/2 near this level. From Fig. 1.8.3 (b) it is clear that,

-8/2 = e=b6/2 ... (1.8.8)
Thus quantization error lies between — 8/2 and + §/2. And maximum quantization
error is, maximum quantization error, € ,,, = 1%! --- {(1.8.9)
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Fig. 1.8.3 (a) Quantization characteristic of midtread quantizer

(b) Quantization error
1.8.4.2 Midriser Quantizer

The transfer characteristic of the midriser quantizer is shown in Fig. 1.5.4.
In Fig. 1.8.4 observe that, when an input is between 0 and &, the output is 8/2.
Similarly when an input is between 0 and — §, the output is — 5/2. i.e.,
For 0 = x(nT,) <5; xq(n'l'.)=5.f2
—-8= x(nTy) <0 ; xq(n'l',]=—8.n"2
Similarly when an input is between 3 & and 4 5, the output is 7 5/2. This is called
midriser quantizer because its output is either + /2 or — /2 when input is zero
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Fig. 1.8.4 (a) Transfer characteristic of midriser quantizer
(b) Quantization error

Fig. 1.8.4 (b) shows the quantization error in midriser quantization. When input
«(nT,) = 0, the quantizer will assign the level of §/2. Hence quantization error will be,

e = Xg (nTy) - x (nT)
=8/2-0=5/2
Thus the quantization error lies between - 8/2 and + /2. ie,,
-8/2 £ e<¥/2 ... (1.8.10)

And the maximum quantization error is,

Emax = E| v (1.8.11)
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ymsp Example 1.8.1 : Derive the expression for signal to quantization noise ratio for PCM
system that employs linear quantization technique. Assume that input to the PCM
system is a sinusoidal signal.
OR

A PCM system uses a uniform quantizer followed by a v bit encoder. Show that rins
signal to quantization noise ratio is approximately given by (1.8 + 6v) dB.

Solution : Assume that the modulating signal be a sinusoidal voltage, having peak
amplitude A, . Let this signal cover the complete excursion of representation levels.

The power of this signal will be,
vi
P = 3 Here V = rms value
= [A,, / J'sz .. (1.8.39)
When R =1, the power P is normalized, i.e.,
¥
Normalized power : P = AZ’“ with R =1 in above equation.

' Signal to quantization noise ratio is given by equation 1.8.33 as,

-§- = 3P th
N xha
Al
Here P = T’” and X, =A,,

Putting these values in the above equation,

3xdﬁ
% _ ._E_zl_xzh =%x22"’=1.5x23’

Expressing signal to noise power ratio in dB,
5 5

1.76+2vx10x 03

l

Thus,

(% ]AH in PCM : [TP% }iﬂ = 1.8 +6v ; for sinusoidal signal
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m=p Example 1.8.2 : A Television signal with a bandwidth of 4.2 MHz is transmitted
using binary PCM. The number of quantization levels is 512.

Calculate,
i) Code word length i) Transmission bandwidth
iii) Final bit rate iv) Output signal to quantization noise ratio.

[March-2003, 10 Marks]
Solution : The bandwidth is 42 MHz, means highest frequency component will have
frequency of 42 MHz i.e.,
W = 4.2 MH=z
Quantization levels g4 = 512
i) Number of bits and quantization levels are related in binary PCM as,

g = 2
ie. 512 = 27
log 512 = viog2
_ log512
or v = fog 2
= 9 bits . (Ans)

Thus the code word length is 9 bits.
ii) From equation 1.8.6 the transmission channel bandwidth is given as,
By 2 W
> 9%42x10% Hz
By =z 37.8 MHz «.. {Ans)
iii) The final bit rate will equal to signaling rate. From equation 1.8.3 signaling rate

is given as,
r = vf

Sampling frequency f, = 2W by sampling theorem.

fi 2 2x42MHz  since W = 42 MHz

fe = 84 MHz
Putting this value of ' f," in equation for signaling rate,

r = 9x84x106
= 756x10° bits/sec ... (Ans)

From equation 1.8.4 transmission bandwidth is also obtained as,

1

= .12.x75f,xmﬁ bits/sec

or By = 37.8 MHz which is same as the value obtained earlier.
iv) The signal to noise ratio
(%}dﬂ < 48+60dB

S 48+6x9
< 58.8 dB ... (Ans)
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sy Example 1.8.7 : A Signal of bandwidth 3.5 kHz is sampled quantized and coded by a
PCM system. The coded signal is then transmitted over a transmission channel of
supporting a transmission rate of 50 k bits/sec. Calculate the maximum signal to noise
ratio that can be oblained by this system.

The input signal has peak to peak value of 4 volts and rms value of 0.2 V.

Solution : The maximum frequency of the signal is 3.5 kHz,

ie. W = 3.5kHz
Therefore sampling frequency will be
fe 2 2W
2 2x3.5kHz
= 7 kHz

The signaling rate is given by equation 1.8.3 as,
r=uvf
Putting values of r =50x10? bits/sec and f, 27 x10° Hz in above equation.
50x10° < v.7x10°

I

7.142 bits

v

v = § bits

The rms value of the signal is 0.2 V. Therefore the normalized signal power will
be,

2
Normalized signal power = (ﬂ?

004 W

[R = 1 for normalized power]

Le., P

The maximum signal to noise ratio is given by

S _ 3p.2%®
N =~ .2

*max

Putting the values of P =004, v = 8§ and xp,;, =2 in above equation,
S _ 3x004x228

N G
196608 =33 dB
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Q. Explain Companding in PCM system.

Normally we don’t know how the signal level will vary in advance. Therefore the
nonuniform quantization (variable step size '8) becomes difficult to implement.
Therefore the signal is amplified at low signal levels and attenuated at high signal
levels. After this process, uniform quantization is used. This is equivalent to more step
size at low signal levels and small step size at high signal levels. At the receiver a
reverse process is done. That is signal is attenuated at low signal levels and amplified
at high signal levels to get original signal. Thus the compression of signal at
transmitter and expansion at receiver is called combinely as companding. Fig. 1.8.9
shows compression and expansion curves.

As can be seen from Fig. 1.8.9, at the receiver, the signal is expanded exactly
opposite to compression curve at transmitter to get original signal. A dotted line in the
Fig. 1.8.9 shows uniform quantization. The compression and expansion is obtained by
passing the signal through the amplifier having nonlinear transfer characteristic as

shown in Fig. 1.8.9. That is nonlinear transfer characteristic means compression and
expansion curves.

1
Vow

Compression

Expansion

Linear characteristics

Fig. 1.8.9 Companding curves for PCM

1.8.6.4 p - 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,

Z(9 = (Sgn x)%’;'—) |xl<1 ... (1.8.52)

Fig. 1.8.10 shows the variation of signal to noise ratio with respect to signal level
without companding and with companding.

50 -
T With companding /
w —

®=_1 "

Without companding

L] T T T T -
-40 -30 -20 -10 0

Signal level dB8 —=
Fig. 1.8.10 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.
1.8.6.5 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
1+inA ﬁrﬂileﬁz

x) =
1+in(A|x|) 1
- —<]x|<s1

hd - AT

... (1.8.53)

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.

1.8.6.6 Signal to Noise Ratio of Companded PCM
The signal to noise ratio of companded PCM is given as,

S 3q%
R S— ... (1.8.54
N o n(+p))? : :

Here q = 2" is number of quantization levels.

Q. Explain T1 System.

The multiple channel alignment is very important in TDM/PCM system. Fig. 1.9.3
shows the TDM frame format of most widely used T1 system.

-E_._ 1.9 ma
Mulsraene |1 |2 |32 |St6{7 |8 |9 |1@]n]|12
P Frame
................ | 1 T Pone
G el ' Crannal Tty S
Frame 1:34sl}?s1E:HEEIr312:4567!h\-"512115575 1lzlslalslelzlal 112]alsl5lcl71a
1 Te® 125 ua
r 193 digis '

Fig. 1.9.3 Multiple channel frame alignment in T1 system



