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Unit One

Text

Pulse Code Modulation

PCM is much more than a technique—it is a system. Yes, it includes a coder and, lat-
er, a decoder. However, to truly understand the role that these functions play, you need

to understand the complete PCM system. To start, look at Figure 1.1

PCM
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Figure 1.1 The Process of PCM

Figure 1. 1 The PCM process is shown in block-diagram form and also in a simplistic
schematic form. By a somewhat convoluted process, an analog signal, such as audio or vid-
eo, is first sampled; then that sample is tagged(compared) at a certain level; and then that
level is encoded as a unique series of digital bits. These successive digital bit-codes can then
be transmitted down a medium, such as a transmission line or, more often, processed in
the digital domain. The transmitted or processed digital signals can then again be quan-
tized, decoded, and sent through an(analog) low-pass, anti-aliasing filter to again emerge
as an analog signal. The circuits shown are for illustration and are not necessarily the actu-
al configurations that would be used. 'Although it is not shown, it is assumed that the ap-
propriate functions in the above figure are controlled by clocking signals.

When the words sampling and clocking are used in the description of a process, they
are glowing clues that this process is, indeed, in the digital domain. To illustrate the PCM
process, we will start with an analog signal and, step by step, show the role of the func-

tions shown in Figure 1. 1. Although one of the features of a PCM system is to accommo-
b 1 s



date almost any input analog waveshape, for clarity, a sawtooth waveshape will be used as
the test analog input. The role of the quantizer is usually to divide the amplitude of the in-
put signal into a series of evenly-spaced, discrete steps. At each tick of the system clock,
the quantizer looks at a small portion of the input signal and decides which one of several
predetermined levels that portion of the signal represents. These predetermined levels are
established by the design of the quantizer. A 1-bit quantizer would only have two levels,
which would be coded as either a 0 or a 1. A 2-bit quantizer would have four possible lev-
els; a 3-bit quantizer would have eight possible levels; and the common 8-bit quantizer
would produce 256 levels. All of these level counts must include zero. Figure 1.2 [b] show
one way to quantize a ramp signal with a 1-bit quantizer.

Note:Giving examples of PCM systems is difficult since there are so many different
approaches. For instance, there are several different approaches to the overall A/D process
including the design of the quantizer. Various texts will show graphics representing the
quantizing process with slightly different details. This is because a quantizer, which is of-
ten simply a series of resistors connected as a tapped DC voltage divider, can be configured
in many ways. Very often, the lowest resistor has a value that is one-half of most of the
other divider resistors, and the top resistor may also have a special value. Similarly, the
tapped voltage divider may be biased in such a way that about half of the quantized levels
are positive that is, above the zero analog signal level, and the other half of the levels are
negative. For instance, the black stair-step lines in Figure 2. 1 are offset slightly downward
from the usual rust colored stair step, and thus, represents a slightly different quantizing
process. This indicates that the first(black line) quantized step is now half above and half
below this zero signal axis. Not all quantizers operate with an analog range of zero to a
maximum (peak value) of one. Some operate from —0.5 to +0.5, some from —1.0 to +
1.0, and so on, depending upon the dictates of the application. Also, some communication
industries, such as telephone companies, use resistor dividers with an uneven(logarithmic)
value distribution for their resistor networks. This special log distribution is used for sig-
nal compression.

Figure 1. 2 (a) This is the template that will be used to show how an analog ramp
waveshape can be quantized. In each illustration, the amplitude of the analog wave is given
as the abscissa and the corresponding digital codes are shown as the ordinate.

Figure 1. 2 (b) This shows the action of a 1-bit (21) quantizer. The rust-colored stair
step and the “{” indicate that any analog value from 0 to 0.5 is quantized as a digital 0.
Likewise, all analog values from 0.5 to 1.0 are quantized as a digital 1.

Figure 1. 2 (c) Here the rust-colored stair step indicates the action of a 2-bit quantizer
that produces four coded levels from an analog ramp.

Figure 1. 2 (d) This shows the action of a 3-bit quantizer where the one volt peak ana-
log ramp is converted into 8 digital codes.

Information Contributed By; Bob Libbey, Retired RCA Engineer and Adjunct Professor, New Jersey

Institute of Technology
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Figure 1.2 Analog in
New Words

access /‘weksos/ n. &wv. BN,V H,# &, FR
circuit /'soikit/ n. W%

compression /komprefon/ n. & %
DC=Direct Current n. H i #

system /sistom/ n. % %4t

PCM=Pulse Code Modulation n. fk # % & i 4|
transmission /treenzmifon/ n. f& #r

wireless /waralas/ n. T % 8

low-loss n. {4 8

sample /sa:mpl/ v. F#E

clock/klok/ n. Wt 4F

simplistic /sim'plistik/ adj. & ¥ 8
schematic /skimeetik/ adj. B & H
convoluted /konvelu:tid/ adj. [ % 8
low-pass adj. 1k #y

anti-aliasing filter /‘eenti-'erliosigfilte/ n. ¥ il ¥ & &
configuration /kenfigjureifon/ n. W &
abscissa /eebsisa/ n. # JE AR

ordinate /‘adinert/ n. kB 47

distribution /'distrrbju:fen/ n. 447

domain /domein/ n.

digital /'didzitl/ adj. ¥ F

accommodate /okpmodert/ v. ¥




Exercises

1 . Phrase expression

1. pulse code modulation 6. IES

2. block-diagram (% %% 4¢ % Jpox:
3. series of digital bits 8. kT

4. anti-aliasing filter 9. (55 4%

5. sawtooth 10. Bt &

Il . True/False statement
1. In PCM, an analog signal is first sampled; then is encoded as a unique series of dig-
ital bits, and then that level that sample is tagged(compared) as being at a certain level.
= )
2. When the words sampling and clocking are used in the description of a process, this
process is in the digital domain. G o)
3. There are several different approaches to the overall A/D process including the de-
sign of the quantizer. «
4. Some communication industries, such as telephone companies, use resistor dividers
with an uneven(logarithmic) value distribution for their resistor networks. This special log
distribution is used for signal coding. ¢ A)
5. Very often, the lowest resistor has a value that is one-half of most of the other divi-
der resistors, and the top resistor may also have a special value. (G

. Cloze

Each input sample is (1) a quantization (2) that is closest to its amplitude height. If
an input sample is not assigned a (3) interval that matches its actual height, then an error
is (4) into the PCM process. This error is (5) quantization noise. Quantization noise is
equivalent to the random noise that impacts the signal-to-noise ratio (SNR) of a voice sig-
nal. SNR is (6) in decibels (dB). The (7) the SNR, the better the voice quality. Of
course, quantization noise (8) the SNR of a signal. Therefore, an increase in quantization
noise degrades the (9) of a voice signal. Figure 3 shows how quantization noise is (10).

For coding purpose, an N bit word will yield 2N quantization labels.

( 1. A. assigned B. assigns C. assigning D. to be assigned
( 2. A. level B. invert C. interva D. involve

(3. A. quantizating B. quantization C. quantity D. quality

( )4.A. to be introduced B. introduced C. being introduced D. introducing

( )5.A.calls B. calling C. being called D. called

( )6. A. measured B. measure C. counted D. count

( )7.A. high B. higher C. highest D. most highest
( 8. A. reduction B. reduces C. increase D. increased

( 9. A. quality B. quantity C. number D. amount

L 4 —



( )10. A. regenerated B. generated C. generator D. regenerator

IV. Translation

The word TELECOMMUNICATION is a combination of two words TELE-+ COM-
MUNICATION.

The word TELE in Latin means distance. Hence telecommunication is distance com-
munication. The necessity of communication began as early as the existence of mankind on
this earth. Communication has become the vital tool for mankind to strife prosperously in
this world.

Short for pulse code modulation, a sampling technique for digitizing analog signals,
especially audio signals. PCM samples the signal 8 000 times a second; each sample is re-
presented by 8 bits for a total of 64 kbps. There are two standards for coding the sample
level. The Mu-Law standard is used in North America and Japan while the A-Law standard
is use in most other countries,

PCM is used with T-1 and T-3 carrier systems. These carrier systems combine the
PCM signals from many lines and transmit them over a single cable or other medium.

Communication networks employ a variety of transmission media ranging from copper
wires to satellite channels to transport user’s information. The transmission media is the
physical path for the communication signal. Transmission media can be classified into two
major categories: guided media, which may constrain and guide the communication signal,
and unguided media, which permits signal to be transmitted but not guide them. Examples
of guided transmission media are metallic cable and optical fibers. Examples of unguided
transmission media are the radio signals and satellite signals. An important characteristic
of these different media is the bandwidth or simply the range of frequencies each can trans-
mit. In general, the greater the bandwidth of a given media, the more it can carry.

After filtering and sampling(using PAM) an input analog voice signal, the next step is
to digitize these samples in preparation for transmission over a telephony network. The
process of digitizing analog voice signals is called PCM. The only difference between PAM
and PCM is that PCM takes the process one step further by encoding each analog sample
using binary code words, Basically, PCM has an analog-to-digital converter on the source
side and a digital-to-analog converter on the destination side. How does PCM encode these

samples? PCM uses a technique called quantization.
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#i| 1 The first step in converting the signal from analog to digital is to filter out the
higher frequency component of the signal, mainly because it’s going to make things easier
downstream for converting this signal.

#i] 2 The second step in converting an analog voice signal to a digital voice signal is to
sample the filtered input signal at a constant sampling frequency..

] 3 The analog voice signal could be sampled at a million times per second or at two to
three times per second.
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#] 1 PCM is a type of coding that is called “waveform” coding because it creates a
coded form of the original voice waveform.

| 2 This band-limiting filter is used to prevent aliasing(anti-aliasing).
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#] 1 Over time, it has become obvious that digital coding is more immune to noise cor-
ruption on long-distance connections, and the world’s communications systems have con-
verted to a digital transmission format called pulse code modulation(PCM).

] 2 The low-pass output filter, used to reconstruct the original input signal, is not
smart enough to detect this overlap, so it creates a new signal that did not originate from
the source.

#| 3 Accomplished by using a process called pulse amplitude modulation (PAM), this
step uses the original analog signal to modulate the amplitude of a pulse train that has a
constant amplitude and frequency.
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terminal-to-terminal (3 ¥t %) , bandwidth (3 5&) , open-loop (FF 3 ) 4 .

5. RN B K R 1A

PHEIEE SR 454 7™ 2 W ok B, BB O {6 R R R a8 4 26 R A 1 SR LR — N B R i i
2. ¥ ULAYIAA :consequently, then therefore, hence, as a result, thus, in addition, fur-
thermore, moreover, besides, however, nevertheless, on the other hand, meanwhile, in
the meantime, at the same time, finally, at first, at last, in conclusion, in fact, in other
words, in order to, generally speaking, in general, as a whole, 2%
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Supplementary Reading

(1)

Companding refers to the process of first compressing an analog signal at the source,
and then expanding this signal back to its original size when it reaches its destination. The
term companding was created by combining the two terms, compressing and expanding,
into one word. During the companding process, input analog signal samples are com-
pressed into logarithmic segments and then each segment is quantized and coded using uni-
form quantization. The compression process is logarithmic, where the compression increa-
ses as the sample signals increase. In other words, the larger sample signals are com-
pressed more than the smaller sample signals, causing the quantization noise to increase as
the sample signal increases. A logarithmic increase in quantization noise throughout the dy-
namic range of an input sample signal will keep the SNR constant throughout this dynamic
range. The ITU-T standards for companding are called A-law and p-law.

A-law and p-law Companding

A-law standard is used by European countries and p-law is used by North America and
Japan. v

Similarities Between A-law and p-law

Both are linear approximations of logarithmic input/output relationship.

Both are implemented using 8-bit code words (256 levels, one for each quantization in-
terval). Eight-bit code words allow for a bit rate of 64 kilobits per second(kbps), calculat-
ed by multiplying the sampling rate(twice the input frequency) by the size of the code word
(2X 4kHzX 8bits=64kbps).

Both break a dynamic range into a total of 16 segments:

8 positive and 8 negative segments.

Each segment is twice the length of the preceding one.

Uniform quantization is used within each segment.



Both use a similar approach to coding the 8-bit word:

First(MSB) identifies polarity.

Bits 2,3, and 4 identify segment.

Final 4 bits quantize the segment are the lower signal levels than A-law.

Differences Between A-law and p-law.

Different linear approximations lead to different lengths and slopes.

The numerical assignment of the bit positions in the 8-bit code word to segments and
the quantization levels within segments are different.

A-law provides a greater dynamic range than p-law.

p-law provides better signal/distortion performance for low level signals than A-law.
A-law requires 13 bits for a uniform PCM equivalent. p-law requires 14 bits for a uniform
PCM equivalent.

An international connection should use A-law, p to A conversion is the responsibility

of the y-law country.

(2)

Quantization is the process of converting each analog sample value into a discrete value

that can be assigned a unique digital code word.

Pulse Code Modulation—Nyquist Theorem

Voice Bandwidth =
200 Hz to 3400 Hz

Analog Audio Soue Sampling Staéé

l = Sample

8 bits per sample
8 kHz (8000 Samples/Sec)

Figure 1.3 Code Technique

As the input signal samples enter the quantization phase, they are assighed to a
quantization interval. All quantization intervals are equally spaced Cuniform quantization)
throughout the dynamic range of the input analog signal. Each quantization interval is as-
signed a discrete value in the form of a binary code word. The standard word size used is 8
bits. If an input analog signal is sampled 8000 times per second and each sample is given a
code word that is 8 bits long, then the maximum transmission bit rate for telephony sys-
tems using PCM will be 64 000 bits per second. Figure 1.3 illustrates how bit rate is de-
rived for a PCM system.
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Each input sample is assigned a quantization interval that is closest to its amplitude
height. If an input sample is not assigned a quantization interval that matches its actual
height, then an error is introduced into the PCM process. This error is called quantization
noise. Quantization noise is equivalent to the random noise that impacts the signal-to-noise
ratio (SNR) of a voice signal. SNR is measured in decibels(dB). The higher the SNR, the
better the voice quality. Of course, quantization noise reduces the SNR of a signal. There-
fore, an increase in quantization noise degrades the quality of a voice signal. Figure 1.4
shows how quantization noise is generated. For coding purpose, an N bit word will yield
2N quantization labels.

One way to reduce quantization noise is to increase the amount of quantization inter-
vals. The difference between the input signal amplitude height and the quantization interval
decreases as the quantization intervals are increased(increases in the intervals decrease the
quantization noise). However, the amount of code words would also have to be inereased
in proportion to the increase in quantization intervals. This process would introduce addi-
tional problems dealing with the capacity of a PCM system to handle more code words.

SNR (including quantization noise) is the single most important factor affecting voice
quality in uniform quantization. As stated earlier, uniform quantization uses equal quanti-

zation levels throughout the entire dynamic range of an input analog signal. Thus low sig-

nals will have a small SNR (low-signal-level voice Pulse Code Modulation—
Analog to Digital Conversion

Quantizing Noise

quality)| and high signals will have a large SNR
(high-signal-level voice quality). Considering that

most voice signals' generated are of the low kind,

having better voice quality at higher signal levels is a | st sl

very inefficient way of digitizing voice signals. To Stage 1 ; ;

improve voice quality at lower signal levels, uniform

quantization(uniform PCM) was replaced by a nonu- Quantizing Stage

niform quantization process called companding. Figire's. 4" Qliatitiding Stage



