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INTRODUCTION

The possible application of d i g i t a l signal processing in the
audio fi e l d has been known and studied f o r many years: the
fi r s t theoretical description of pulse-code modulation in te ‑
lephony actual ly was wri t ten more than 40 years ago!

For application of PCM in High-Fi and professional audio how‑
ever, even today weare not so f a r from the l im i t s o f what i s
technologically possible. Therefore, only r e l a t i ve l y recent‑
l y , it has become possible to develop commercially viable d i ‑
g i t a l audio products.
As a consequence, only a small group of high-level special‑
i s ts are nowadays fami l iar with the theory and applications
of d i g i t a l audio technology.

This booklet is intended as a way to fami l iar ize a newcomer
in the fi e l d with some of the theoretical and technological
aspects of PCM‐audio, in the simplest possible way. We hope
i t w i l l encourage towards fur ther studies in t h i s in te res t ing
fie l d .

SONY SERVICE CENTRE (Europe) N.V.
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PART I

Analog~ to-Digital
Conversion



Analog l l “ D ig i ta l
IN FILTER SAMPLER W CODER OUT

Fig . 1-1. Basic steps of analog-to-digital conversion



P A R T  I

ANALOG-TO-DIGITAL CONVERSION

I .  O U T L I N E

An analog signal, be it audio or any o t h e r, has to be converted to a d i g i t a l

signal before it can be d i g i t a l l y processed. A l though the pr incip les of

A/D- and D/A-conversion may seem r e l a t i v e l y s imple, in f a c t , t h i s

conversion between the analog and the d i g i t a l domain i s , techno log ica l l y

speaking very d i f fi c u l t and w i l l unavoidably cause degradat ion of the

or ig ina l s ignal . Consequently, most of the t ime th is stage wi l l be the

l i m i t i n g f a c t o r that determines system per formance.

Conversion from the analog to the d i g i t a l domain is done in several s teps,

which however are not always c lear ly defined :

-  fi l t e r i n g

-  s a m p l i n g

-  q u a n t i z a t i o n

-  c o d i n g .

(see F i g . 1-1 . )



Fig. 1-2. Two examples of sine waves together with the i r sampled versions
( f s = 44.056kHz)

(a)1kHz sine wave
(b)10kHz sine wave

Although sampling in (b) seems much coarser than in (a ) , in both
cases rest i tu t ion of the or ig ina l signal is per fect ly possible.
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Below, w e wi l l expla in and discuss these basic steps o f analog- t o - d i g i t a l

conversion, along with the signal degradations tha t each conversion

block is l i k e l y to in t roduce.



SAMPLING LUJ
CIRCUIT ‐ 4]: - ‐’ L ' “

I 5 TH'
. qLfi‘ 14sInput SIgnal tS=F§

Output signal

F ig . 1-3. Pr incip le of sampling



I I . SAMPLING

1. Pr inciple - The Nyquist Theorem

By defin i t i on , an audio signal varies cont inuously in t ime . To enable i t

to be converted i n t o a d i g i t a l s ignal , it is necessary t ha t the signal is

fi r s t sampled, i . e . at certain points in t ime a sample must be taken of t he

i n pu t value, which subsequently can be converted. The fixed t i m e

Although the sampl ing operat ion may seem to introduce a ra the r drast ic

modificat ion of the i npu t signal, (since it ignores a l l the signal changes

tha t occur between the sampl ing t imes) , i t can be shown t ha t t h e

t ha t is present in the i npu t s ignal .

This is the famous Nyquist cr i ter ion on sampling (also called Shannon

cr i te r ion or Shannon theorem).

The correctness of the Nyquist c r i te r ion can be understood when we

consider the spectra of the i n pu t and output signals (Fig. 1 -4 . ) .
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F ig . 1-4. Time domain - (a ) , and frequency domain in representat ion (b) of
-sampling process '

l ias ing components

fs-fmax fmax

Fig. 1-5. Principle of aliasing



I f we consider an inpu t signal i n ) which has a maximum frequency fmax:
i t s spectrum may have any form between 0 Hz and fmax (1 ) ; the sampl ing

s ignal 5 “ ) , having a fixed frequency fs, can be represented by one single

l ine a t f 5 (2) . The sampling process i s equivalent t o a mu l t i p l i c a t i on o f

i n ) and 5( t ) ’ and the spect rum of the output s igna l , as shown in (3 ) , can

be seen to contain the same spectrum as the inpu t s igna l , t oge the r wi th

r epe t i t i o n o f the same spec t rum, modulated around mult ip les o f the

sampling frequency.

As a consequence, proper low-pass fi l t e r i n g can completely i so la te and

thus comple te ly recover the inpu t s igna l .

From F ig . 1 -4 . , it can also easi ly be understood tha t fs must be g r ea t e r

than 2x fmax- I f th is would not be the case, the or ig ina l spectrum would

over lap with the modulated pa r t of the spec t rum, and consequently be

inseparable f rom it (Fig. 1-5. )

Fo r example, a 20kHz-signal sampled at 35kHz would produce a 5kHz

difference f requency. This phenomenon is known as aLiasing and must

be avoided by a l l means.

Fo r th i s reason, a very sharp c u t - o f f fi l t e r (anti-al iasing fi l t e r ) is

absolutely requ i red in the signal path to remove al l the unwanted

harmonics out of the inpu t s ignal before the sampl ing takes place. If

th is is not done, al ias ing wi l l cause unremovable distort ion components.
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F ig. 1-6. Characteristic of an t i -a l i as ing fi1 t e r
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2. The problem of the sampl ing frequency
_ _ _ _ ‐ _ _ _ _ _ ‐ ‐ ‐ ‐ - ‐ ‑

2-1. Minimum value

In the d ig i t a l audio fi e l d , proper selection of a convenient sampl ing

f requency i s ex t reme ly impo r t a n t .

I t should indeed be avoided to select the sampling ra t e unnecessar i ly

h igh, since this tends t o increase the hardware costs d r ama t i c a l l y.

On the other hand, since ideal l ow -pass fi l t e r s do not ex is t , a cer ta in

sa fe t y margin must be incorporated in order to avoid any frequency

higher than 0.5fs f r om passing through the fi l t e r with insuffic ient

attenuation.

There fore , i f we wish to reproduce a fl a t audio bandwidth of 20 Hz ‑

20.000 Hz, a sampling frequency of 44 kHz can be considered as a

minimum, g iv ing 22 kHz a s extreme frequency where the “ a n t i - a l i a s i n g

fi l t e r " al ready gives su ffic ien t attenuation (60 dB) to make eventual

a l ias ing components inaudible (F ig . 1 -6 ) .

_ 1 1 ‑



2-2. _l_J_se of 4&056/44J kHl

Ano t he r impo r t a n t cr i ter ion f o r selection o f a sampl ing f requency l i e s i n

the f a c t t h a t , to ar range the d ig i t a l information in a video-l ike s igna l ,

(as i t is done in a l l the PCM-adapters which use a standard helical-scan

video recorder as a s to rage medium) there must be a fixed re la t ionsh ip

between sampling f requency (fs), the horizontal videof requency (fh) and
the vert ical f requency (fv). Fo r th i s reason, these frequencies must be

derived f rom the same master clock by f requency d iv is ion , o r in other

words, fs and fh should have an as-low‐as-possible Least Com mon

Mul t ip le .

In the NTSC system, fh =15.734,2657... Hz (a n o n ‐ i n t e g e r value, due to

the necessary re la t i onsh ip with the NTSC chroma and audio subcarr iers) ,

whereas in the European PAL or SECAM systems, fh = 15.625,0 Hz.

Calculations have shown t h a t , f o r the NTSC system, a f requency of

44.055944... Hz would come closest to th is idea l , whereas f o r the PAL

system, a frequency of 44.100 Hz was also qui te feasible.

The di f ference between these two frequencies is only 0,1%, which is

negl igible f o r normal use ( the d i f fe rence translates as a p i t ch d i f f e rence

at playback, and 0,1% is en t i r e l y imperceptible).

As a consequence, 44.056 has been adapted as sampling frequency in the

EIAJ-standard f o r PCM-adapters f o r E I A J , while 44.1 wi l l be used by

adapters f o r the CCIR-system, as well as f o r the f u t u r e Compac t D i g i t a l

Audio Disc. '

_ 1 3 ‑



2-3. Use of 50.4 kHz

Fo r studio r e c o r d i n g , most ly using the mul t ip le - t rack record ing

technique, the helical-scan recorders are not so idea l , t he re fo re

s ta t ionary -head recorders are being designed, g iv ing up to 48-channel

record ing  capab i l i t y.

One of the aspects of such studio recorders is t h a t the tape speed must be

adjustable, in order to allow easy synchronizat ion between several

machines, correct t u n i n g , e t c . If we consider a speed t u n i n g range of

1 0 s , a sampl ing f requency of 44 kHz could become less than 40 kHz.
which is insu ffic ien t to comply with the Nyquist c r i te r ion . There fore ,

such machines should use a h ighe r sampl ing r a t e , f o r example 50 k H z ,

which a t the lowest speed would s t i l l give a s a t i s f a c t o r y 4 5 k H z .

However, t o allow direct (d ig i ta l ) dubbing between such s t a t i o n a r y head

recorders and helical-scan recorders (which wi th the i r two-t rack

capabi l i ty are ideal and rel iable master recorders), conversion between

the higher and the lower (44.1 kHz) sampl ing r a t e must be possible. To

do this in an economical way, a simple mathematical re la t i onsh ip

between both frequencies i s i m p o r t a n t . A frequency t h a t has a n i n t e g e r

re lat ionship (8 /7) wi th 44.1 kHz is 50.4 kHz. Also, 50.4 kHz has a good

re la t ionsh ip with various TV and fi l m standards (25 f rames/sec) , so i t i s

also possible to make d i g i t a l data blocks coincide with f rames. Fo r

these reasons, Sony as well as some other Japanese manufacturers

selected 50.4 kHz f o r the i r s tat ionary-head machines.

- 1 5 ‑



1
con t r o ]

F ig. 1-7. Basic samp1e-ho1d c i r cu i t

F i g . 1-8. Sine Wave before (upper) and a f t e r (lower) Sample-Hold
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2-4. Use of 32 kHz

Quite a few European broadcasters are a l ready u t i l i z i n g d i g i t a l

transmission l inks between studios and transmit ters. However, since

the FM-broadcast frequency range is l i m i t e d to 15 kHz anyhow, t h e EBU

(European Broadcast ing Union) has chosen 32 kHz as an (economical)

standard sampling f requency. The same f requency wi l l also be adopted

by t h e Japanese P.T.T. However, th i s compl icates the conversion

problems again.

3 .  Sample-Hold  Ci rcu i ts

In the p rac t i ce o f ana log - to -d ig i t a l conversion, the sampl ing opera t ion

is per formed by so-ca l led Sample-Hold Ci rcu i ts , t h a t , once the sample

has been taken, store the sampled analog voltage a cer ta in t i m e , dur ing

which the vo l tage can be converted by the A/D conver tor i n t o a d i g i t a l

code (see fu r the r ) .

The pr inc ip le of a Sample-Hold Ci rcu i t is r e l a t i v e l y simple (Fig. 1 - 7 . ) .

A basic Sample-Hold Ci rcu i t is in f ac t a 'voltage memory' device t h a t

stores a given vo l tage in a h igh-qua l i t y capac i to r. To sample the i n p u t

vo l tage, switch 5 closes momen ta r i l y ; when S opens, capac i t o r C holds

the voltage unt i l C closes again and passes the next sample. F i g . 1 - 8 .

shows a sine wave a t the i n p u t and the output o f a S/H c i r c u i t .
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