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INTRODUCTION 

Pulse - code modulation (PCM) was developed in 1937 at the Paris 

Laboratories of American Telephone and Telegraph Company (AT&T) by 

Aled Reeves. Reeves conducted several succesful transmission experi 

ments across the English channel using the modulation techniqe, in 

cluding pulse-width modulation (PWM). pulse-amplitude modulation 

(PAM) and pulse-position modulation (PPM). At the time circuits involved 

was enormously complex & expensive. Although the significance of Reeve's 

experiments was acknowledged by Bell laboratories, it was no until the 

semiconductor industry evolved in the 1960s that PCM because more 

prevalent. Currently in the world PCM is the prefered method of trans 

mission within the Public Swiched Telephone Network (PSTN). 

PCM is a methode of digital transmission of an analog signal. The 

motives for using PCM in the telephone network can be summarized in the 

following 7 points: 

0 Transmission quality almost independent of distance. A char 

acteristic of a digital signal is its immunity to interference. Digital signals 

can be regenerated at intermediate points along a transmission line with 

out loss of quality. This is not the case with analogue signals where not 

only the signal but also the noise is amplified at the intermediate am 

plification points. In the digital case the repeaters have to make the simple 

decision as to whether an incoming pulse is a "one" or a "zero". After the 

decision has been taken a fresh pulse is transmitted. It is certain that a 

number of incoming pulses will be so distorted that they cannot be rec 

ognized correctly, but this failure rate can be made as low as required. It 

should however be observed, that the PCM-systems used in practice and 



specified by CCITT are not, from a transmission quality point of view bet 

ter than the FDM-system specified by CCITT. 

0 Time-division-multiplex. The TDM principle allows an increase in 

capacity on cable pairs originally used for single telephone channels. It 

may be feasible to introduce PCM transmission on these pairs instead of 

laying new cables. 

0 Economy for certain links. In certain applications, especially in 

the junction network, PCM transmission has shown itself to be com 

petitive with any other method of transmission. The length of the trans 

mission links should be in the inttermediate region where normal voice 

frequency (VF) links tend to be too long and FDM links too short. 

This optimal distance interval is very dependent on local factors 

such as subscriber density, topology of the country etc .. and therefore var 

ies widely. However, the figures in the graph can be taken as being typical 

for the first order PCM multiplex system. 

O Economy in combination with digital switching. A high proportion 

of the cost for PCM-systems lies in the terminal cost. The introduction of 

digital switching will lsubstanttally reduce this cost since switching is per 

formed directly on the digital bit stream and no costly analogue/ digital 

conversion is needed. A combination of digital switching and transmission 

will therefore tend to lower the overall cost. 

0 IC-technology. Developments in integrated circuit technology 

seem to point to favourable cost levels and a high degree of reliabilty. 

0 Integration of services. As a digital medium a PCM-link can 

transmit not only speech but also data, telex, encoded visual information 

etc. A PCM-channel has a capacity of 64,000 bit/s which makes it a very 

powerful data channel. 
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New transmission media. Future wide-band transmission media, 

such as waveguides and optical fibres are more suitable for digital than 

analogue transmission. 

The project consists of 3 chapters: 

Chapter 1 presents five major principles: sampling, quantizing, 

electrical representation of PCM signals, Coding and Companding, de 

modulation for PCM systems. This theoretical material is used it be repre 

sentation first order PCM system. The functional and timing diagram is 

system are presented. 

Chapter 2 starts with description 30 and 24 channels standard 

PCM systems rdecommended by CCIT. The more important accept of PCM 

modulation technique-digital multiplexing hierarchy is analysed. The eval 

uation of Transmission rate for different level hierarchy are clearly cal 

culated and explained. 

Chapter 3 includes an application PCM system in the public 

switched telephone network. Different types of network is considered. New 

method of switching is given to interconnect ceutial office through the use 

of interoffice trunks and tudem trunus. Outside the local area told trunus 

and intertool trunus are considered. 

The text is arrauged so that it can be used by students to study 

same part of the subject "Telecommunication". It can be useful for en 

gineers too. 
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CHAPTER I 

THE FUNCTION BLOCK OF THE PCM SYSTEM 

The statement above gives some idea about the basic processes in 

pulse code modulation. Here we shall give these processes their right 

names. 

The process of choosing measuring points on the analoguee speech 

curve is called sampling. The measurement values are called samples. 

When samlpling, we take the first step towards a digital representation of 

the speech signal as the chosen sampling instants give us the time co 

ordinates of the measuring points. 

The amplitudes of the samples can assume each value in the am 

plitude range of the speech signal. When measuring the sample am 

plitudes we have to round off for practical reasons. In the rounding-off 

process, or the quantizing process, all sample amplitudes between two 

marks on the scale will be given the same quantized value. The number of 

quantized samples is discrete as we have only a discrete number of marks 

on our scale. 

Each quantized sample is then represented by the number of the 

scale mark, i.e. we know now the coordinates on the amplitude axis of the 

samples. 

The processes of sampling and quantizing yield a digital repre 

sentation of the original speech signal, but not in a form best suited to 

transmission over a line or radio path. Translation to a different form of 

signal is required. This process is known as encoding. Most often the sam 

ple values are encoded to binary form, so that each sample value is repre- 
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sented by a group of binary elements. Typically, a quantized sample can 

assume one of 256 values. In binary form the sample will be represented 

by a group of 8 elements. This group is in the following called a PCM word. 

For transmission purposes the binary values O and I can be taken as cor 

responding to the absence and presence of an electrical pulse. 

On the transmission line the pulses in the PCM words will become 

gradually more distorted. However, as long as it is possible to distinguish 

between the absence and the presence of a pulse, no information loss has 

occurred. If the pulse train is regenerated, i.e. badly distorted pulses are 

replaced by fresh pulses at suitable intervals, the information can be 

transmitted long distances with practically no distortion at all. This is one 

of the advantages of digital transmission over analogue transmission; the 

information is contained in the existence or not of a pulse rather than in 

the form of the pulse. 

In our picture of the graph and the table this is analogous to the 

fact that the information in the table is not affected if the digits are badly 

written as long as they are legible. But if the graph is badly drawn, loss of 

information is inevitable. 

On the receiving side the PCM words are decoded. t.e. they are 

translated back to quantized samples. The analogue speech signal is then 

reconstructed by interpolation between the quantized samples. There is a 

small difference between the analogue speech signal on the receiving side 

and the corresponding signal on the transmitting side due to the rounding 

off of the speech samples. This difference is known as quantizing dis 

tortion. 

The function blocks in the pulse code modulation process are 

shown in figure 1. 1. 



Analogue 
signal 

Receiver 

Transmlsslon line 
PCM signal 

Figure 1 - 1. Pulse code modulation Function blocks 

1.1. Sampling 

In the practical electrical meaning, to sample is to take instaneous 

values of the analogue signal at equal time intervals. See figure 1-2. 

Orlqlnal fA '~".'' 1 ~--=:;/ •o,m, 

Sampler , Amplitude Samples 

Sampled ~/J 
s~~~---- I I I I "'lime 

- Sampling Interval t, 
' f • J_ Sampling rate 

' t, 

Figure 1 - 2. The sampling process 

The sampled signal is a train of pulses, whose envelope is the orig 

inal signal. 

Now, what should be thesampling rate, i.e. the number of samplles 

per second? The answer to this question is given by the Sampling Theo- 
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_c_JCC 
a) band limited signal 

•. frequency 

rem, which also illustrates the fundamental fact that the information con 

tained in the signal is not affected by sampling: 

The sampled signal contains within it all information about the 

original signal if: 

0 the original signal is band limited, i.e. it has no frequency 

components in its spectrum beyond some frequency B 

0 the sampling rate is equal to or greater than twice B, 

i.e. fs ~ 2B. 

The sampling theorem is illustrated in figure I-3. Obviously, the 

spectrum of the sampled signal contains the spectrum of the original sig- 

nal, i.e. no information loss has occurred. 

___ :~b'"nh ch l 
I B Is 21s frequency 

b) sampled signal, Is> 2 · B 

Figure 1 - 3 . Spectrum of a) band-limited signal 

b) sampled signal 

In telephony, the part of the speech spectrum between 300 and 

3400 Hz is used. The human speech spectrum extends from a lowest fre 

quency of some 100 Hz up to very high audio frequencies. The telephone 

set reduces this frequency range, but not enough at high frequencies so in 

order to come below this band limit at 3400 Hz, the speech signal must be 

low-pass-filtered before sampling. 
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plitude. This means that a loud talker and quiet talker let a listener hear 

the same quantizing distortion. Relative to the speech levels, the quiet 

talker generates much more distortion than the loud talker. Furthermore, 

a statistical analysis shows that for an individual talker, small amplitudes 

are much more probable than large ones. 

amplitude • , 

sampled signal 
(PAM signal) 

quanllzed 
signal )----- I quantizing Interval 

quantizer 

- quantizing level 

Figure I - 4 . The quantizing process 

1.3. Coding & Companding 

Practical PC systems use seven-and eight-level binary codes, or 

27 = 128 quantum steps 

28 = 256 quantum steps 

Two methods are used to reduce the quantum steps to 128 or 256 

without sacrificing fidelity. These are nonuniform quantizing steps and 

companding before quantizing, followed by uniform quantizing. unlike 

data transmission, in speech transmission there is a much greater like 

lihood of encountering signals of small amplitudes than those of larger 

amplitudes. 

A secondary but equally important aspect is that coded signals are 

designed to convey maximum information, considering that all quantium 

steps (meanings or characters) will have an equally probable occurrence 
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A sampling rate of 8000 Hz is used for PCM systems in telephony. 

This rate is somewhat higher than twice the highest frequency in the 

band, 3400 Hz, due to difficulties in making low-pass filters steep enough. 

The sampled signal is often said to be pulse amplitude modulated 

as it consists of a train of pulses, whose amplitudes have been modulated 

by the original signal. Pulse Amplitude Modulation (PAM) is an analogue 

pulse modulation method as the amplitudes of the pulses may vary con 

tinously in accordance with the original signal variations. 

The relative simplicity of PAM systems makes them attractive for 

some telephony applications. However, PAM is unsuitable for transmission 

over long distances owing to the difficulty of pulse regeneration with suf 

ficient accuracy, which is important as the PAM pulses contain the in 

formation, in the pulse form. 

1. 2. Quantizing 

The continuous pulse amplitude range is broken down to a finite 

number of amplitude values in the quantizing process. The aplitude values 

in the quantizing process. The amplitude range is divided into intervals, 

and all samples whose amplitudes fall into one specific quantizing interval 

are given the same output amplitude. See figure I-4. The rounding off of 

the samples causes an irretrievable error, quanting distortion, in the sig 

nal. 

This voluntary sacrifice, which can be brought down to suitable 

low limits by making the number of permitted amplitude levels large 

enough, is accepted because it makes error-free transmission possible by 

only having a discrete number of amplitudes. 

In figure I-4 the quantizing distortion is independent of sample am- 
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(i.e., the signal-level amplitude is assumed to follow a uniform probabuty 

distribution between O and ± the maximum voltage of the channel). To cir 

cumvent the problem of nonequiprobability of signal level for voice signals, 

specifically, that lower - level signals are more probable than higher-level 

signals, larger quantum steps are used for the larger-amplitude portion of 

the signal, and finer steps are used for the signals with low amplitudes. 

The two methods of reducing the total number of quantum steps can now 

be more precisely labeled: 

* Nonuiform quantizing performed in the coding process. 

* Companding (compression) before the signals enter the coder, 

which now performs uniform quanttizing on the resulting .stgnal before 

coding. At the receive end, expansion is carried out after decoding. 

Most practical PCM systems use complanding to give finer gran 

ularity (more stepss) to the smaller amplitude signals. This is in 

stantaneous companding, as compared to the syllabic companding used in 

analog carrier telephony. Compression imparts more gain to lower am 

plitude signals. The compression and later expansion functions are log 

arithmic and follow one of two laws, the A law or the "mu" (µ)law. The 

curve for the A law may be plotted from the formula 

( Alxl ) 
1 + ln(A) x ~ lxl ~ l 

( 
1 + Inlxl ) 1 A 

1 + ln(A) A s lxJ ~ 1 

where A= 87.6. The curve for theµ law may be plotted from the formula: 

y = ln ( 1 + µJxl 
ln (1 + µ) 

where x is signal imput amplitude and µ = 100 for the original North 

American Tl system (now out dated) and 255 for later North American 

(DSI) systems and the CCITI 24-channel system. 
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A common expression used in dealing with the "quality" of aPCM 

signal is the signal-to-distortion ratio (expressed in decibels). Parameters A 

andµ determine the range over which the signal-to-distortion ratio is com 

paratively constant. This is the dynamic range. Using aµ of 100 can pro 

vide a dynamic range of 40 dB of relative linearity in the signal-to 

distortion ratio. 

In actual PCM systems the companding circuitry does not provide 

an exact replica of the logarithmic curves shown. The circuitry produces 

approximate equivalents using a segmented curve, and each segment is 

linear. The more segments the curve has, the more it approaches the true 

logarithmic curve desired. Such a segmented curve is shown in Figure 1-5. 

If µ law were implemented using a seven (hetghtj-segment linear ap 

proximate eqivalent, it would appear as shown in Figure 1-5. Thus on 

coding, the first three coded digits would indicate the segment number 

(e.g. 23 = 8). Of the seven-digit code, the remaining four digits would di 

vide each segment into 16 equal parts to identify further the exact quan 

tum step (e.g., 24 = 16). For small signals, the companding improvement 

-1.0 
'-::---'--__1_ _ _.l_-f _j__J 

Input 1.0 

Figure I - 5. Seven-segment linear approximate of the logarithmic 

curvefor µlaw(µ= 100) 
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is approximately 

A law: 24 dB 

µlaw: 30 dB 

using a seven-level code. These values derive from the equation of com 

panding improvement or 

Gc!B = Uniform (linear) scale 
Companded scaJe 

Coding in PCM systems utilizes straighforward binary codes. Examples of 

such coding are shown in Figure l-5a, which is expanded in Figure 9.7, 

and in Figure 9.8, which is expanded in Figure 1.6.b showing a number of 

example code levels .. 

The coding process is closely related to quantizing. In practical sys 

tems, whether the A law or the µ law is used, quantizing employes seg 

mented equivalents of the companding curve (Figures I-6 andl-8), as dis 

cussed earlier. Such segmenting is a handy aid to coding. Consider the 

European 30 + 2 PCM system, which uses a 13-segment approximation of 

the A-law curve (Figure 1-6). The first code element indicates whether the 

quantum step is in the negative or positive half of the curve. For example, 

if the first code element were a 1, it would indicate a positive value (e.g., 

the quantum step is located above the origin). The following three-code ele 

ments (bits) identify the segment, as there are seven segments above and 

seven segments below the origin (horizontal axis). 

The first four elements of the fourth + segment are 1101. The first 

1 indicates it is above the horizontal axis (e.g., it is positive). The next 



2 
,ooxxxx 4 

1011xxxx _L1v1 
J 32 

101oxxxx 4 J. (VI 
1001xxxx 

64 
1 

I 4tVI 
1 oooxxxx IL__j 

0 

three elements indicate the fourth step or 

0-1000 and 1001 

1-1010 

2-1011 

~3-1100 

4 -1101 

5-1110 etc. 

Segment Corle 

1 1 1 1 X XX X 0 ____ ,,2 --·- 
1 1 1 0 X X X X -~ 

OG 

80 
1101xxxx 

3 64 

2 48 

32 

0 
£ (VI ltVI 
4 4 

l 
ooooxxxx 
0001xxxx 

001oxxxx 

0011xxxx 

01ooxxxx 

0101xxxx 

011oxxxx 

0111xxxx 

I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I (VI 
I 
l 
1 

Figure I - 6. Quantization and coding used in the CEPT 30 + 2 PCM 

system. 
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Figure 1. 7 shows a "blowup" of the uniform quantizing and sub 

sequent straightforward binary coding of step 4. This is the final segment 

coding, the last four bits of a PCM code word for this system. Note the 16 

steps in the segment, which are uniform in size. 

110101()()<---- 

Figure I - 7. The CEPT 30 + 2 PCM system, coding of segment (4 positive). 

Encoding 
Code 

96 

80 

48 

32 

16 

1 3 5 6 7 
8 Segments 
16 Steps each 

Encoder input 

Figure I - 8. Positive portion of segmented approximation of u law 

quantizing curve used in North American (AIT) DS1 PCM channelizing equip 

ment. Courtesy of IIT Telecommunications, Raleigh, N.C. 
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The North American DSI PCM system uses a 15-segment ap 

proximation of the logarithmic µ law. Again, there ase actually 16 seg 

ments. The segments cutting the origin are colinear and counted as one. 

The quantization in the DSI system is shown in Figure 1-8 for the positive 

portion of the curve. Segment 5, representing quantizing steps 64 through 

80, is shown blown up in Figure 1-8, Figure 1-9 shows the DSI coding. As 

can be seen in the figure, again the first code element, whether a 1 or a 0, 

indicates whether the quantum step is above or below the horizontal axis. 

The next three elements identify the segment, and the last four elements 

(bits) identify the actual quantum level inside the segment. Of course, we 

see that the DSI is a basic 24-channel system using eight-level coding with 

µ-law quantization characteristic whereµ= 255. 

l>igi1 N 11111her 

Code I .evvl I 2 '.I 4 :> 6 7 8 

255 (l't'ak posili\'c le\'l'I) I () () () () () () 0 

23!1 I () () I () () () 0 

223 I () I () () () () () 

207 I () I I () () () () 

11!11 I I () () () () () () 
) I I () I () () () () 
',17:> 
):>!I I I I () () () () 0 

14'.1 I I I I () () 0 () 

127 (( .euu-r levels) I I I I I I I I 

12fi ( Nominal tt'ro) () 

111 () I I I () () 0 () 

9:> () I I () () () () () 

;( 79 () I () I () () () () 

63 () I () () () () 0 () 

47 () () I I () () (l () 

31 () () I () () () () () 

15 () () () I () () () () 

2 () () () () () () I I 
() () () () () () I () 

0 (l't'ak lll'gati\'t' h-vr-l) () 0 () () () () I* () 

*One digit is ad,ll-d to eusurc that rl«: 1i111ing conte111 of the uansruiued paltt'rn is 
mainraiucr], · 

Figure I - 9. Eight-level coding of North American (ATT) DS1 PCM 

system. Note that there are actually only 255 quantizing steps because 

steps O and 1 use the same bit sequence, thus avoiding a code sequence 

with no transitions ii.e., O's only). 
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