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2. Introduction

Pulse Code M oduation (PCM) was invented in the 192G by P.M. Rainy and rediscovered by
A.H Reevesin 1939, buit couldn't be pradically used before the 196G because of the st
and size of the large anount of vaauum tubes needed for aredisation. The first working PCM
communicaion system was introduced in the early 196Gs by the Bell Laboratories.

The importance of PCM systems grew up whit the massproduction d cheg transistors and
digital circuits.

Objedives of the PCM lab were to demonstrate diff erent stagesin the cnversion o an
analogue waveform into abinary signal andthe recovery of the origina signal at the recaver.

3. Pulse Code Modulation

analogue Signal Low Pass Filter filtered signal Sampler e Quantizer "!‘ ADC PCM Signal
" L signal

figure 1

Figure 1 shows ablock diagram of atypicd PCM encoding system. First the incoming
analogue signal is lowpassfiltered with a ait off frequency f. lower than half the sampling
frequency fsto prevent aliasing.

The low passfiltered signal is than converted into atime discrete signal by means of a
sampler. This ssmpled signal is cdled a pulse anplitude moduated signal (PAM).

The quantizer changes the PAM signal into signal, which is discrete in its amplit ude too and
the encoder converts the quantized signal into a bitstream. This bitstream is cdled a PCM
signal.

input I~ ~ PAM
sample
clock I
infegreated circuit -

figure 2 — Sampling circuit

The figure on the foll owing page (figure 3) shows the different steps of converting an
analogue signal into a PCM bitstream:
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figure 3

The processof converting an analogue signal into abinary signa is aso knavn as “ Analogue
to Digital Conversion”.



4. Remnstructing a thereosiver

The PCM data ae dter recaving through ausually nonideal channel recmnstructed at the
recever to oltain the origina fed in signal.

Digital to analogue  — . :“ >
PCM data converter (DAC) Low Pass Filter analogue signal

The quality of the reconstructed signal is at all depending onthe resolution and so onthe
number of different bits transmitted. Usually PCM systems work wit 8 or 16 data bits.

5. Lab Objectives

a) Equipment

— Function Generator ¢}

Data Source Data Receiver
(ADC, 4-7-8-Bits) (DAC, 4-7-8 Bits) Low Pass Filter Speaker

figure 4 - block diagram

The lab equipment consists of afunction generator which generates the analogue signals, a
data source modue which generates aPCM data stream from the analogue signal, the data
recaver which recvers the analogue signal from the PCM data stream and alow passfilter to
filter the recovered data, an oscill oscope to oltain plots of the different waveform and at last a
spedker to convert the analogue signal into sound.

The Data Sourceworks with an sample frequency f.=10kHz. So the maximum theoreticdly
inpu frequency isf,=5kHz.



b) Dday between | nput and Output of the system

First after connecting the lab equipment together, setting to 8-Bit sampling and conrecting a
100Hz audio signal with an amplitude of 4Vpp to the inpus of the data sourcemodu e was to
measure the delay due to the two conversions. Analogue to dgital at the data source modue
and dgital to analogue & the datarecever modue.

The oscill ospcope was connected to the output of the frequency generator and to the output of
the datarecever modue. A plot of both signals can be foundat appendix 1.

The delay of 280us between the input and ouput signal was automaticdly determined by the
HP digital storage oscill oscope. The stepping of the output signal is caused by the 8-Bit
quantization at the encoder and deaoder.

c) St ings

Next step was to raise the signal frequency from 100Hz to 20(Hz and then to 50(Hz and to
determine the number of steps, the cycle and word period.

fsigna/Hz 100 200 500
teycle 10ms 5ms 2ms
tword=lcycld/ StEPS 217us 200us 181us
steps 46 25 11

The word period depends only on the sample frequency of 10kHz. Every sample the data
source modu e generates an 8-bit word of abou 200us duration.

The number of steps depends on the frequency of theinput signal. The slower the input signal
is, the more often it can be sampled and the higher is the number of maximum steps.

The stepping of the 100Hz signal can be foundat appendix 2.

d) Signal quality

Next step of the lab was to change the input frequency badk to 10Hz and the 2" channel of
the oscill oscope was to conned to the output of the low passfilter. The stepping, which was

in the part before dearly visible was now disappeaed because of the low passfilter, which
filters out the high frequency parts of the recovered signal (the stepping). Turning onthe
loudspedker and comparing with the output of the frequency generator there was no dfference
heabable.

A plot of thefiltered signal and the generator output can be foundat appendix 3.



e) Aliasing

Next step wasto increase the signal frequency slowly upto 5kHz. At frequency around 5z
the reconstructed signal became distorted, because the inpu frequency was greater than the
Nyquist frequency fy=0.5fs and the signal can na be sampled well. Aliasing occurs.

5kHz isthe last frequency, which can be theoreticdly sampled well at 10kHz sampling rate.
All higher input frequencies cause distortion, if they are not suppressed via alowpassfilter at
the data source.

This distortions above 5kHz can be heard as purious sgnals through the loudspeaker, if the
lowpassfilter is not conneded. The lowpassfilter suppresses all frequencies higher than
4.2kHz.

A plot of the unfiltered ouput signa with an inpu frequency of 5SkHz can be foundat
appendix 4. Theremvered signa isonly aredangular one. Any increase of theinpu
frequency will result in distortions.

f) L ow frequency response

when turning the signal frequency bad to 10Hz and then down to 2(Hz there was no signal
through the loudspeaker hearable. But when conreding an ascill oscope to the lowpassfilter

output avery clear sine wave could be obtained: The system works well onlow frequencies,

which canna be head by a human ear.

g) Quantization noise

The quantization nase occurs due the finite number of signals by which the origina analogue
signal isrepresented. The mntinuowsly analogue signal is replaced by afinite number of
codes. The difference between the original and the recovered signal is cdl ed the Signal to
Quantization nase. It can be calculated by Soner=Sige) + 4.80B + 6dBn, where n is the number
of bits used for the quantization and Spg) the signal in dezibel.

The Signal to Quantization nase can be determined by subtrading the recvered from the
origina signal and puting them in ratio together. The ratio between the noise andthe signa is
cdled the Signal to Quantization nase.

A plot of the quantization nase of the lab equipment can be foundas appendix 5.



6. Questions

a) Samplin

An Analogue signal having 4kHz bandwidth is sampled at 2.5times the Nyquist rate and each
sampleis quantized into ore of 512levels, assumed equally likely. If succesgve samples are
statisticdly independent,

i) what isthe information rate of this ource?

M=2"=512 > =9

fr=4kHz

f=fm2[2.5=20kHz

r=f4n

r=20kHz[9=180kbs - Information rate

i) What isthe S/N ratio required for error-freetransmisson ower an AWGN channel with a
bandwidth of 10kHz?

(S/N)pe=o=6.02r=60B O
(S/N)pe=0:54CB

b) PCM System

Draw ablock diagram showing the main comporents of a ammplete PCM telecommunicaion
system.

(pulse amplitude
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c) PCM System Il

An analogue signal isto be mnverted to abinary PCM signa and transmitted over a dhannel
that is bandimited to 100kHz. Assume that 32 quantization levels are used and that the
overal equivalent transfer functionis of the raised cosine type with roll -off factor, r=0.6.

i) Find the max PCM bhit rate, that can be used by this system withou introducing intersymbal
interference
m=32=2" - n=5

By = % Bgaseband L T rolloff) — whereBg,..pane= Bpoy =Nfs =7

By =%r(1+ rolloff )

. __ 2B, _2x100kHz
1+ rolloff 1.6

=125%bps

i) Find the maximum signal bandwidth that can be acommodated for the analogue input
signal.

r =nf,
2T _12%bps_oo
n 5
.I:
B > =12.5kHz

iii) Intersymbad Interference
Explain the term intersymbal interference and haw it can be reduced.

Due to limited bandwidth the sent redangular impulses will be distorted and overlap into the
other signals. A recever deteds the sum of the individual pulse responses and because of the
overlapping between the signals, they can’'t be exadly deteded. Thisis cdled intersymbal
interference > 1SI.



iv) Eye Pattern

Describe how an eye diagram can be used to assessthe level of intersymbal interference &
well as other degradation.

An Eye Pattern ar Eye Diagram is an easy way to show thelevel of ISI and aher signad
degradation.

An eye diagram is the superimpasition d successve recaved symbals.

The more an eye pattern is opened, the better can a symbal be deaded without error.

slope=sensitivy
over timing error

distortion over{ \

sampling time

margain over distortion over zero
noise 0ssing

time interval over which the
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Appendix 1 —Delay between the Inpu and Output of the System
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Appendix 2 — 100Hz stepping
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Appendix 3 —Inpu and Output after filtering
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Appendix 4 —Aliasing — fsgna=0.S sample
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Appendix 5 —Quantization nase
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