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discipline ,since it involves a variety of electroni: devices

V)
o3
]

the wide applicatiorn o many entertainment ,esotational ool

industrial fields,most of which
few decades.In recent years audio technologyv has witnessed <he
advent of revolutionary ncise reducticr ,digital orocessing  and

laser recording systems that have reguired audic engineers 4o

update and broaden their base of expertise.

There are about a billion reasons thaz prempted us Lo ac

the project on Digital Audio Systems.

billion CD's are sold everv vear, and

climbing. Exceedinc <the axceptions oFf  svar o= asver
supperters,the compact cisc nas becoms cne of = TTET SUCCessSiu

consumer electronics products ever introduced.The

D
8]
o]
{
a}
=
O
[t
b
o]

wide marketplace has encouraced rapic deval

techrnology and spawned entirelv rnew anviications “or The Zimnlae
disc.

The entertainment worid is going dig-tz: =:zopnisticates
digital technology holds promise for virtually compicte fidelity
in sound reproduction and super picture guality 1- televisgio:
sets.A number of products based on digital technology such as the

compact disc (CD),digital audio tape {(DAT} ans diuital TV have

been developed.



Among the most popular forms or =ntortalinment o

digital technology is the compact disc, Compacs

radical <change 1in recording technology sIvnC:

S5

demonstrated his tin-foil

The new dimensior in  audio S3eh

digital sound reproduction. The latest trerc

inclined towards the compact disc svstem whiach cas

preferences of music lovers.

Exactly how important is it to bon

technoclogy such as the compacht drsc 7 SLIT I
=l <
hflusnce Cuxr zVer.soa oA S .

©)

)

oG LTI
ooy
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cainment bl
ocyid wide 3
chEangen AUCio
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INTRODUCTION

In the 1%80,the compact disc =svsTe 3

beyond the ’wildest dreams of its inventors.Tne riginal 2ucio
CD was one of the most successful new electron:c wroducts ever
introduced,evervone was surprised by its T acceptance by
music lovers.Over the first few years the biggesz news concerned
shortages,particularly of discs themselves.Ther tn2 disc  caught
the attention of data lovers as well.CD-ROM guickiv stared 1its
own acceleration into the market of mass stcrace.As 5f that
wasn't enocugh.CD-I's future looks similarly oromising as  an
interactive audio-video medium.0I course,wii. SR Eeb ot zza g
Tun, sriting  data 13 a2veEn ners Turn L 2 :
write-onceCD's was introduced, and erasable T sechnolocy  has
been developed. Further more, CD's with Tranioze anc  MITT
information and mini-Ch's were alsc introducs The  marget
viace.

Exactly how important is 1t tc be bone on & o rechnology s

as the Compact disc ? how significintly will 12 “nfluerce our
every day lives, and for how long 2 <thrers number of

factors

that determine the life span of

Manufacturing cost,product performance ,mark=t= cenety
boredom,and innovative competicion al: move tTEohro 3T
tion forward and heightern expectaticons.As 10 g

cn a8
n,user




goes it 1is safe to say that the future looks sright  indeed.In

market share continues to expand ,and  aew  onc consesuantisl

applications are undoustaedly
insightly entrepreneurs.Gf course,nc technoicay, axcept the

very primitive kind last fcrever, and some dav Pernaps  rels-

531

tively scon) the CD will be onlv 2 curiosic:o.

h

discs themselves should long outlast their usefuiness

0O

Meanwhile ;this project book covers ail the
fundamentals of CD player and should prove useful to anyone
delving into this technology, especially “or the first time.

Hopefulily,it will answer a _ cuest

cns about a audic Tliaver

m

[



INTRODUCTION : To Digital Audios

Tn spite 0Of the fact theat prolieszioyal aucis 4=
been hnandled predominantly L7y  anraisg  LGIIW “or o moTe S
century, it would appear that a total transitcio o dagital
audio technology is wunder way after less tnan 1f vears  of
experience .The general reason is,as the analog e.ements irn  Tne
audio chain such as recording. Processing, transmission,
distribution and reproductiorn are replaced witn cigital

elements,a number of advantages appear.These advantages reiate

to audio gquality. operational efficiency. new processing

possikilities or ecconomy.



TABLE : Some Important Events In The History C©f Audic

1857 - Leon Scoctrt demonstrated ; z -3 wing
Tachine
1877 - Edison filed his patent "Improvenent irn Phonocgrapn <oF
speakinc machine.
1925 - Electrical recording and reproduction intrcduced kv
3211 Lakoratories.
1927 - First motion picture with sound released (The Jazz
Singer;
1937 - Rinarv-Coded PCM inventen LLoHE L eeTes
1948 - Columbia introduced LP{Long-Piayving; XecoIrd.
1961 - Digital reverberation simulated in computers.
1967 -~ NHK(Japan; demonstrated Digital Aucic Tzazpe Recorder.
1971 - Digital deley lire Introducec.
1972 - Records digitally mastered by Nipoon CTol
1872 - PCM used in united kingdom for ic cuaility sounc
distributiocor Zor radic and T

1875 - Real-Time digital reverberation system zvalilakle.
1976 - Digitally restored carusc record .

1976 - BBC Demonstratec¢ 10 - Channel digital records.
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1377 - Several professional digita’

=

1980 -~ Idea of COMPACT - DISK Svstem announce:s .
1982 - COMPACT - DISK Players released.

1984 - First Professional Digital Audios nixing Conscle

re_eased

COMPARISION OF ANALOG  AND DIGITAL AUDIOC SYSTEM

SPECIFICATIONS

Specifications P Regoos 8 T
or

Feature

Fregquency Response 30 Hz Tc 20 Khz 20 Hz 7o 20¢ WHz

Dynamic Range 70 dE 20
S / N Ratio 50 4F L 8=
Harmonic Distortion L= 25 G.004
Channel Separation z5 - 30 ¢3 = 20 4w

Stylus Life 500 - 600 Hrs 500C Hrs



A brief description of the inherent draviacks of

conventional ©LP's and audic tap: w211 hels £ CTLTesIans "¢
advanced feature and high tecnrncli- nsed Iin Compadst CE

Phonograph (LP) reccrds store i wion - z
continuous groove cut into the surface of the 2iz.. The ttorage
technique is analog,i.e the amplitude or depth of —he crocve IS &
direct representation of the aucic signals vi=s 2 mecranical
pick up (needle or stylus) that cetects the shape of the Iroove
and is in direct contact with the surface of the disk.

In case of audic tape,tne zudic signels are cecoroeaed
in  the Zorm of magnetic ¢ oh T Taose ., U Shte The

i
¢

{1
th

magnets depends on both the speacd of the tape and the freguency

of the signal applied,while their field s
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with the strength (Loudness}? of

i

tape passes the head <these smal. macgnets rrodacs
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the recording process. Some <cf the main A4r

tapes as follows
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1. The recording and replay of the audio

LP's and Tapes are all in the analoc form,distortio

occur any where from the pick ur leve. ©o the 1 4. oUnoux

2.There 1is physical contact between the recsord arndc oo

cen the recora. rel: - TEEC andc

stylus,In the case cf tape betw

tape. This results in wear cver & pericd o cine,recul

B L= X S

cleaning and renewal of the stylus and the relicrot/reslay

periodically to obtain best performance.
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3.The speed at which the record moves anc =ths &Y.
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)
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3
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the head should be critically controlled any varizticn

speeds has a direct effect on =he reproduczior o SR flutter
r

ct
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3
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ar= caused due Lo varia
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4.Damage to the Record/Tape can occcur i1 on

rectified,resulting in loss of that partica.: secTion ok
information.
Because of the above mentioned draw tacks wg are Jcing

for Digital Audio Systems, particuliarly CD's.
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INTRODUCTION TO THE COMPACT DISC :

COMPACT DISC

Compact disc 1is an optical dis- storace svster

developed and 1licensed by PHILIPS and

system stores 74 minutes, 33 seconds ©of inTormarion . toth

3
=
a
)

0]
8
r
{

digital audic and subcode |, or other non avdic deatz

Dia optical disc. The Disc is nace oo plastic

joN

(Polycorbonate),with a top metalised laver, and is ez Dy

reflected laser light.

Aucdic signals stored om 2 Tommoor Tl s ot - ik
3 N ¥ 14 = 3 -~ - P S A ~ - o oo - Sy T e = - PR
density digital format,which means tha+t +the SIgnaL: racor are

an extremely accurate representation of tre criginal. audio

signal .

Cn  replav.the digital informaticr .s rez’ by 2 laser
beam and converted intc anaiog electrical fcrm.Since the disx s

scanned by laser beam,there ig nc physical contact with the disc

surface,eliminating the wear found ir LP's and aucfic tapes.The

)]

1000 th play of a compact disk will sound every bit as  good =

the first,a feature which LP's and tapes cannot ~laim.



The disk rotates at 50C RPM when the lassr bear starte
at the center and slows tec 200 EPM 2g it follcows =2 spira’ Lue
to the outer side of the disk,maintaining - osreer ok te

out.As the digital information c¢n tne disk 13 =rotectes v @
layer of clear plastic,the dJisks are more ropust ren

conventional LP's.

If a certain number of nits are iost,

store The

o
0
D
[oF
{
e}
[
0
t

sophisticated error detecting codes are

information.CD's offer better quality sound with less distortion

s
4]

and no audible background noise.Digitallv recorded music

"clean”.

)

The teray Lmage LE TIDlHE 3Tead

{1
¢
o

channel separation and negiigible phase shift over <ths WAL

audible sound range.Conventional pick ups provide 3light - over
30 dB channel separation,at best.and this sukbiezted = shase
changes over the freguency rance civing an unstao.s steren mage,

Thus all the inherent draw backs of conventionz. “2%'s and zudio

tape recorders are eliminated in CD’s.

Besides these advantages ,CD's have & spacia
called programming.Any particular section on the 4i1sk  csn  oe
selected for play and others skipped {(even replay of <+the same
section 1s possibie!}. Thev can be programmed Iox  rarndoT  or

T

shuffle play. In Pratice the CI




piece of equipment. For more than djust audic informatiorn  ic

encoded on the disk. 1In fact.orly cone-third of tne {D's capacit:
is wused +tc store digitised souna: Tne 1E Ete ek O
correction, subcodes, indexing,parity checks,svncnronizaticn eto.

as well index details whnich give the number of <Tracks anc

location of tracks on the diske.The more scghisticatec plavers

}»J
163}

display the title of the aisk.

There are 2,861,800 bits of nor zud-o informetion
is processed for every second of music - 10,302,500,000 kits for

each hour of music.In all,a CD can contain a tozal of Jjust under

20 RBillion Bits - ¢ be precise 19.819,87&,2070
All this digital information Lz snccdec  on onae
disc in a very complex format inorder to reduce T-e possibl ity

of errors when being read.
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Configuration and manufacturinc srocess  of

The basic specifications,
produced ny the put, anc Coe masters-o s CED LI CETnn

sequence to produce discs.

DISC SPECIFICATION AND PIT GEOMETRY.

Disc Specification

The specifications and dimensicons of the compact disco

shown in table and fig. The diameter of the disc is 120w, and

the center hole 1is 15mm. The sigral iz r= T Througt the

o il

ot -

1.2 mm  transparent disc sub:

clockwise as seen from the reacing side. Tre spirs  ©r-asy  oicoch
is 1.6 micrometer and is read out from the ins:de ©- the cutside,
Density is about 16,000 tracks ver inch. The =r=ck lerncoh s

given by e

Where P = track pitch

S = area of program zone

r = outside diameter of program arcsa.

r = Inside diameter of orogram ar=z.

ot

The program area starts zs = <7 =x

maximam of

The lead-1n and lead oot oones

plaver system =such as




TABLE 8.1 Basic

Recording method
Signal detection
Lincar recording do:
Area recording densit

Audio spectfications
Number of channcis
Plasving nme
Frequeney response

Wow and flutier

Signal format
Sampling frequency
Quantization

Preemphasis
Modulation
Channel-bit rate
Errer correction
Transmission rate
Redundane
Disk specifications
Diameter of disk
Thickness of disk
Diameter of center hole
Program area
Scanning velocity
Revolution speced
Track pitch
Pit size

sity

120 mm

2mm

Smm

S0~ 116 mm
t2-1d mys, CLV
S0 ~ 200 r/min
PO

Q0o

Lo

OO ~ RD i




Dimensiors of dax

PO e *;
120 mm :

t

LZzmm

FIG. 9.40 Dimensions of the program area of the com-
pact disk.



m

To aximize playing time, the

CD is recorded by

)
ey

linear wvelocity {(CLV} method. The scanning 1.7

the disc (V) is specifiec a= ..2 To 1.4 s The  waevolne

tion speed decreases from 500 o 20U

guency response of the real cut sicnal 1is the sare a:t  any

radius.

t

The playing time of the mus:c program 1s Jiven DV

-+
(2
)
-
0
0
5
O
o
ot
>

From this egn the maximum recording time of

min at 1.2 m/s.

Cross section of the Compact

Fig shows a cross secticon of the Compact &.sC. T signal
is picked up by a focussed laser beam throuc~ =2 Trarnscarent
substrate. Its 1.2 mm thickness prevents icrne sturDEnse oY
dust or finger ©prints. The material TrE sUDSETrets st
satisfy various optical anéd mechanical =

as Dbirefringence, absence of defects an’ reliebiiizyr.

[y
1
0}

Polycarbonates, Polymethyl methacrylates anc glacss

ul

suitable for disc - productior reqguiremert

The replicated bits on the signal surface =ace  abcuz 0.1

micrometer deep, 0.5 the wide and several micromsnars

signal surface is covered with an aluminium : eflaor =
lacer beam. Thus rveflech o Grver e orEene S s e
- light = cured resin <o prosect 1T Ixom 3 ol T

other harmful effects. The Lancl L& graintec

0]

s
)

NS
3

laver byv a silk-screen me
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Pit-profile and signal character-stic:

fomd

Eag —
e G (O

The princip

diffraction phenomenon of a laser spot caased oy Tne nhase

A reading laser beam and iz geomeT oy

performance for an optical pickuc.

The relation between pit shape and sigra. amsilzude when the

phase pit is illuminated by a readout laser ‘< ewed iy “he
following paragraphs :
PIT Depth

There 1s a TeTiuer . 2T armed

light rays from

o]
4o
[
ot
ol
3
Qi
¢
o}
O
N
D
t+
s
@]
4
Sl
’ A
W
o3
O

When the phase difference ics » the modulztion indew of
the reflected beam 1z z= - oy ¥ ke

143}

diffraction. Since a laser hear "¢ reflacta- Iror oA niT s s Sae
pit exists inside the *transparent substrae oF whicn  mae

oo

refractive index in n = 1.5, the depth cives AN LM
high - frequency signal amplitude.
Pit width :

This parameter alsc affacts T iz the
amplitude, distortion, andé fregueno DT e LETY

and track - following signais. Tne pit widok 1 acual To &

recording spot size of 0.5 to

F 3 shows The rel atior NS T ees e s
PO g S LIGW S [N o (N N & 2 S N O 5 8 w2 [y R

signal cross - section pit vroftila.
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Pit Length :

Pit length is related tc the sulse width of wnz OO s1o7a
format. With a scanning velocizy of 1.25 M/s, ar= nino
different pits on the signal surface : 0/87. 1.1 1.45 2.0z

2.31, 2.89 and 3. 18Km. Each pit ilength 1s effected Dby e
disc -~ production processing operatiocn and the readc out
characteristics of the optical pickup. This phenomenon is calle
asymmetry. Within a certain range asymmetry in nct a problen
because the correction circuit corrects it automaticallv.
Pit Edges :

The replicated pit does not have an ideal <sguare Coroess

section Dbut does have a slope of pit edges. This oot

called the "Soccer Stadium” model.

[¢4]

tice ¢an be simulastes v s

The signal characteri

computer. An example of a simulatec signal is zhecwrn Lr Zig
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IMPORTANT BASIC SPECIFICATION OF THE CD SYSTEM

{ 'CDh' TECH., GLOSSARY}

(i) DYNAMIC RANGF
(ii) SAMPLING FREQUENIY
(iii) QUANTIZATICN

(iv) FREQUENCY RESPONSE
(v) WOW AND FLUTTER
(vi) INTRO SCAN

(vii) SHUFFLE

(viii! SIGNAL TC NOISE R27TI0
(ix) CHANNEL SEPARATION
(x) HARMONIC DISTCRTION
(x1i) TRANSMISSICN RATH
(xii) PROGRAMMABILITY

(Xiidi) PLAYING TIME



DYNAMIC RANGE

A maximum signal level wnich carn nos B2 cuoceadel onou

introduction unacceptable distortion and a mir-muzn  level

the system noilse becomeg prodiminant. The

W T Ty R

these levels is usually called =—he "DYNAMIC RALNGT

SAMPLING FREQUENCY :-

Sampling means how fine the time is cut up. The number of

According to Information theor: the rnoriter oFf samuliss
second [sampiing frag) must bDe 2 & ° : e -
highest frequency of the waveform one wishes =—c rasroduce

(1) if +the upper limit of the range ¢’ freguierciss = oY
reproduced is 20 KHz, a2 samplinc freguency oMK > oy more omuge

be selected.

QUANTIZATION :-—

Quantization means how preciselv the he:ch=: of the

is expressed in modulo 2. (ie) number of hits.

DYNAMIC RANGE gets larger in proportior ©o =Zhne cuan

number.




(iv) FREQUENCY RESPONSE 2

A uniform frequency resgponse Tor diress ~vire-st . to T
low-pass filter cut-off freguency (for ewamp.z 20 KHz car ot
obtained. However in order t¢ prevent zirasing cidme .

Tonot

components above the freguency can not be

(v) WOW AND FLUTTER :

These are due to the variations in the spe=d. These are

reduced to the level of precision of the crvstal oscillstor <hat
produces the clock freguencv.{In gractice 0
(vi) INTRO SCAN

Using this facility certair number of tracks cF 2 'CD'  are
to be copied in a particular order or +¢c a casse-ve.
(vii) SHUFFLE

This is alsoc called "RANDOM PLAY"™ usinc ¢ facility we can
play any program which we like.
(viii) S/N ratio (in db)

The value of S/N ratio indicates the cvalitv SF  scun-
reproduction. In is around %26nd for a practios’ ez,
{ix) Channel separation :-

A value the same a5 trhe  SonaTmio N I =
between the left and right channelis



(x) DISTORTION :

The noise and distortion form the D& con
filter, 1line amplifier and other analog cirool=zs.

negligible for practice.{0.003:

(xi) TRANSMISSION RATE :

The value of this parameter indicates how man

transmit in signal second. 4.3Z Mbits / Sec. Prac=

(xii) PROGRAMMABILITY :

Any particular section on the disc can be se
and others skipped (even replay of the same sectic
(xiii) PLAYING TIME :-

This parameter indicates how much time can o.

the 'CD' player. It varies form 50 Seconds to &€
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Steps of Digitalization




INTRODUCTION

The essence of digital Audio lies in its rnumericz . pas s
A digital audic system converts - .. anal wavelior t

L
[
.
0]
-

numbers, stores, transmits, or process those numbers, and

converts them back to an anaiog waveform.

The above steps may be divided into the digita
cording of a music performance. The storage of that performance
on a compact disc, and the reprocuction of the performance with

the CD player.

PR B
SN . T recor

[

-

it

3]

St~
~iC C ;

Looau

V@]

living room, is predicated cn several basic phenomena. Fi-st, the
analog waveform must be discrete +ime sample at a precise, n-

varying rate. This dividee« the waveform intc discrete intervals

with sampling the signal must be “iltered tc orever-

form cf distortion.

Next, each sample must be ccnverted to a number; thic is the
process of quantization. To minimize an inevitable error zsscci-
ated with quantization; ither signal must be in-roduced. In
many digital audio recorders / reproducers these stevs take place
in a Linear Pulse Modulation System. This chapter examises =213

of these fundamental elements.



SAMPLING

Analog is continuous. Digital is discreze . To  sransfco

the original analo audic waveform into a digital audioc sicnal
e

we examine the waveform at specific points “r +“:me. We  mush
‘choose points on the original analog signali. This decisior
process is called discrete - time sampling o simply sampling.
HARRY'S THEOREM

This theorem defines the relationship between Sampling
frequency and audio frequencies.

If we take samples &% = freguency at & tnat 2%
the highest audio frecuercy, complete recors-rion—ior whi “he
original signal) can be accomplished.

BRICKWALL FILTERS
If a frequency is toc high, it would not oe rroperiyv encoded

and would even create a kind cf distortion cal.ed > iasindg.

To prevent that, we limit the frequency content of the of

the input signal with a low-pass filter. Its Sclh Ls  to  ensure
that all frequencies greater than one half tr-= samrz_.ing freguency

b4
ot
¥
i
N
<
N
s
m
=

are attenuated below the anplitude resoluticn of

DIGITALIZATION

0
)
72
J
I3 T

Converting the continuous wave £0 the rcrese-cs v ahe

e 1s "digitalizetion®

ul

3
on
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Sampling & Quantization

For the digitalization o7 an acoustic sigral, +a- crevisior

of the regenerated wave is determined by both how fine

is cut up (what is called sampling)} and how preciselv =ne neicht
of the waveform is expressed in modulc o what 13 callied

quantization) as in Fig. According to information ‘thecry  th

number of samples in 1 second lsampling

h

raguency misT be At &
frequency at least twice the highest frequency of <the waveform

one wishes to reproduce. That is, if the upper 1imit of the

range of frequency to be reproduced -s 20 ¥hz & sampling
freguency 40 Khz or more he .
To  put it another s LT L8 recessars S0 cave  an Snterval

smaller than 1/40KHz = 25 msec between samples, The precision

with which the height of the vaveform is veac 15 ceterminecd

the number of modulo 2 places ‘guantizaticng . TI o the aeight s

read with 3 places in modulo 2 (3bits), th renge of strength oF

the signal is divided in t= E-divisions, and < is oo Wiz
16 places in modulc 2 (16 bits , the range o thz surengtn of the

i¢
= €5,.536 divisions.

N

signal is divided into

ot

That is since it is read with a scale “or wnhich the Towes

value is 0 and the highest 4is 65, 536. Tre dynamic  rance
is expressed as follows.

If we have & stereo acnus:s ¢ Zienas (L C = ar
Right} with a sampling frecuercy of 4 zoEera # . 3
guantization, the numbar o7 ol - o i Se AF

3
a second of code is 40 x 10 =+ .6x2 = 1.25 5 R
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The

upper limit of the frequencies

if we

included

the sampling frequency.

frequency
will
original

generated

called ALIASING.

The

inc.Luce

above

fix the sampling

in the signal

included

signal

shown 1in

-
—

i

20KHz are cut,

very s-
~
e o
[o}
893

it is

we

and then

fig.

18 KHz or 15 KHz, there is a

If we work from this,

be though of as

Next

before,

quantization

range of

necessary

the dynamic

to have

a 26

sufficient.

Wi

sampling frequency must be atleast 2

~

digitalize that e

This

overlap in terms of freguen

freguencies of

oV

cannot be brought

sampled, the

O]

when it 1

Sot o mugi o av
Cwen ey Lo

1 -

out =

record .
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suddenly distincuish

KHzZ

ranges

100 dB or more,

and

rec

gquantization

to

Music and

quantization

: — £ -
uirements for
number, an~c

more tha~s 1

it would be difficult +o realize this in term= -

current procucts

dB and thinking in

dynamic

change this
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as the requirement with guanization, therse -

amount of error when the anzlicc signal 1z weazsured on

i

limited modulo numbers
quantization noise.

If the guantizatiorn number is increased. —re guantizetiocn

s
’..J
O
3
5
]
m
]

noise becomes smaller, but even if i+

increased, there is a strong correlation hetwesn the signal and

this noise. When the input signal's amplitude gets smail. Rateer
then noise, it could be called a distortior near +he higher

harmonics of the i/p signal. This condition makes for an audible

nIOTerY nNarmenlcs 1z sunpresseld
FANOIN [ SEREORS D CTnhlE

purpose is called dither.

The frequency band necessary for recordinc g i-1.2 MHz.
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but the range of strengtn its onLy

n

B}
i

o
ot

detection of pulse or nc pulse 20 &2 is encugn, nut  forx

under various practical conditions, 304F ic ftne ocritericr  usad.
currently available record layers and tape recorders can obtain =z
rang of 70dB, but the frecuency kand is at ros= 20 Xiz therefore

they cannot be used a digital recorders withou+ any changes.

Luckily, however, the dvnamic range o7 T4 “ape recorder

is 45 - 50 dB and the freguency rhand is 4-6 cia- =T LT Cress ars

used digital recording is sa ThET “h«
frequency band and dynamic ranc : TG e
were no such video machi: dlLgrtal o audic . PRSI oo

a reality as guickly as it has.



Ui
H
Il

=
=

The frequency band necessary for recordirg I

but the range of strength i%s oniy the wid«r rane

detection of puise or no pulse 20 dB is encugi, bLut Toz
under various practical conditions, 30d8B is the criterionr vsel.,

currently available record lavers and tape recorders cen cbtair 2

D

t mest 20 XKz therefore

0]

v

rang of 70d8B, but the freguency band is
they cannot be used a digital recorders without any changes.
Luckily, however, the dynamic range o©I video tape recorders
is 45 - 50 dB and the frequency band is 4-6 MHz . so 1if these are

used digital recording 1is possible . We can sav +that <tna

freguency band arnd dynamic rarge are more thar onoudh. S o meEes
jere nc such  vifsr machines, Sigivtal gl . o g
a reality as quickly as it has.
METHOD OF DIGITALIZATION =
We will look at the process of dici=al reccrding and  pla

back following the crder in Fig.

(a) LINE AMP (RECORDING)

This 1is to change the level and Impedence of +he irpe-

signal to facilitate the processes that follow. Sc 1t performcs
in the same way as a standard audic amplif-er. The ke

frequency contents of the mus-c and SINgLNT ol oo mos mon
the high frequency is emphasized ipre—emphasis o ot ohe S
recording, - and the reverse ocperaticr {(doeprin-s - = chal

at the time of plav as shows ir Fig.



Racording?

finaleg - fiddition & error
Line Low-pass Sample #D
B L detection and floduia- P
amp & filter hold {enverier sorreciion tigr
Input i . Process H
: £ i 5
; 4‘ b
{ i Ed
{
e CLOCK Record
Crystal e ]
Dither ——— t Osciilater Piayhack
¥ 1 ¥ :
finalog ) H
Line Lowpass fiperiure L& Erro; - Demodu- §
A % coMpensa- correction 1 i
amp filfer tion okt conyerter compensation Tation
Output
Piagbaek}

STRUCTURE OF

DIGITAL RECORDIMNG & PLAYBARACK.
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Effectively the dynamic range is enlarged. The empnasi

circuit is built into the line amp.

(b) DITHER GENERATION CIRCUIT :

This is the circuit for generating the nclise that 1s  acded
in order to suppress the higher harmonic freg: created b

quantization noise when the signal is sma’l =as was mentione-

Jet

o}

before. Noise that has a frequency distributicn contened near =
specific frequency igs added. Since even noise of the same

amplitude it becomes less audible.

{c} LOW-PASS FILTER (RECORDING);

This is a filter that cuts out the extra signal above the

frequency range to pe reproduced in order To supress the
aliasing. with a range of more than half -7 the sampoirnc
frequency. It is necessarv tc have about ths zame amounc 2
attenuation as the dynamic range which is determined by the
gquantization member.
(d) SAMPLE HOLD CIRCUIT

It takes time, even if only a little, to samp.e anc Juantizc
the continuously changing accustic signal. #ecaose of Tols 0
necessary to hold the value untlli the - conterts

is complete that role is played by the sampie Idine  cilvouit.

The actual circuit 18 Const

and a capacitor as shown in Tig.
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When the switch is closed 1t i: samrling time, and +he

Tz the incomino

voltage across the capacitor changes accord

LT same as -he LOTULD Zagna

¥
1id

(0]

§

signal so the outpu* signa

When the switch is open, the capacitcr rwaintains a fixed

voltage which is pevalue Zust before the switcn was turned off.
(e) A/D Converter
r€) =oiverter

This 1is the part that dquantizes each of =re sampled wvalues

5

8]

and changes an analog signal to a digital signazl. For example,

if it is 1gpir AD converter it must have the capacity +o divide

design for various types of 4D converters, zn<* a3s 3 tvpical
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When the sampled value

across the I/P leads of the analog comparszstsor, «he firse itz oF
the DA converter is sge+ toVYi. At this tire (trn sampLed  wvalue

and the o/p of the DA converter V1 are compareid, ang <f the

11
[
(T
iy
n

former is larger, the first of the shifs register s latched =+

1, and if the later in larger, =t is latchnec -- S Nexit tre
second DA converter bit iz set - L by the - crov. i fpe time LT

the first bit from +he DA converter remains so- S heEcaTas o
the latch that resulted from the previous —:m- TS vooonacs

of the DA converter becomes (/7
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to the sampled value. If the first bit of the snift register has

~.
N
M
-
n
<
-
0
i
i
Ui
)
N
=
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e

set to 0, two o/p voltages becomes

the comparator. After =that the same procedurs [z repeacved an

ages as shown in Fig.

(f) CODE ERROR DETECTION / CORRECTION CIRCUIT:

With tape recorders the tape is not alwavs in uniform con-

tact with the head because of in uniform contact with the head

m
6]
I )
«Q
o}
83}
ot

because of dirt stuck to it or scratches, ~d there 1is

2 - 3 4 L. Ty o~ PR ey .. e o v e Ea

loss at times. Even with disc plavers tne sams ohencmeno: =
g 3 ian] S e - - - = 3 o . P P e - o~ ) em e -

produced. This x8 caired dropout andc .o 13 couent BT E

noise 1in generate or the sound completely disapoears. 1In order

to prevent this, it is necessaryv to detect the Lost secticn  ard

till 1t is. To do this, & sigral arrcor correct oo colz
to the main signal is acdded, and there is an oreraticn in  whios
the recording order of the pulse to code is interlieszved zccoordiv:

to a certain rule. Other factor that genera’ cocde errors are

O
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Dropout and Jitter (deviation of the

time axis). Interference between codes cererated whern
recording or playback bandwidth 1s insuvfficien
interfence of recorded bit patterns' and ncise Fiss of the Taps

crosstalk between heads, etc.}



(g) MODULATION CIRCUIT

in
y

{

{
g{)
7
0
w
M

The characteristic of tape and disc
digital recording deteriorate below several , and¢ r2production
from direct current canrot be hoped for. If a nods of 17 of
is lined up for a long stretcn "1111l........

a machine with this kind of characteristic) 1t comes ~lose of

m

direct current and playback is difficult. Alsc, during plavback,

the number of 0's or 1's are easily made. 7r crder to eliminate

this inconvenience, the enccded pulses are ¢t~ o _ directl~
and a rule ig dewvised Ior resarrancing the . SRR

(%3]
t

and 0's are eliminated. The work of the rule iz =z led modul:

itis carried outpythemodulation circuit.

(H) DEMODULATION CIRCUIT =

From here we enter the playback cperaticon first, ihs

recorded signal is read off the disc and it is ©wrocessed in the

reverse order of recording. The signal that has been moduiated

according to a certain rule is return to i:ts oricgiral form.

(i) ERROR DETECTION, CORRECTION / COMPENSATION CIRCUIT

Code error:. causcd oV dropout and other fzcmor:z el

and corrected, anc when they  cannoit e Iorrectad, Thos are

compensated for <the i

before and after the ezror. 2 en. the

during recording and plaviack by mechariss’ RS




Rotational variations ete, are absorbed [yt e stabls
synchronized signal optained freyr the dicital memory and  Tno
crystal oscillator; therefore the precisidn o7 THE

in this oscillator is extremely importart.

(J) DA CONVERTER

The digital signal in which the errcr nave either Desr
corrected or compensated for is converted to 2n  anaiog  sigre..

This is the function of this circait.

(k) APERTURE COMPENSATION CIRCUIT :

It takes time for the converted aznz.cor =signal c TSaEC
valve that corrvesponss 7o tho 10070 ale T 20
(1)LOW - PASS FILTER (PLAY BACK)

The output signal from the aperturs compensaticn
includes many high freguency components that are not part oI Tne
desired signal. Since these comporents are ~uisica e 2

range, there would be no large effect =ver f tThey wers 0o

removed by filter.

However, in the circuit that follows, even a sma.l amount oI
non-linearity produce intermodulations s¢c 2 fZilter L& inserted

2coustis €l¢

”
n

in order to obtain a high cuality

bt
j¢)]

t
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(m) LINE AMP (PLAYBACK)

This 1is jpnciuded tco@d]

a2 standarc

§
i

to outside circuits, and it perform in the same way
audio amplifier. The de-emphasis circuit s alsc =i- 't in <~

this line amplifier.

In compact Disc's signal are recorded in

sampling frequency of 44.10 KHz.

Advantages of Pulse code modulation.(PCM)

h
iy
i

jot

n

1. Power consumption

2. Easier to store the message because =7 -he

avallable.

3. Information can be secret {cor) provac Tan pe mainTainad
4. Because modulating and Demodulatirc zre digital corouis

',_l
M
h
O
*#

high reliability is possibie and suitab

5. Unnecessary informatior is avoidedé.

Disadvantages.

Circuit is complex compare to analog tvre



THE CHANCE FOR DIGITALIZATION

The freguency and dyvnamic rangos In the s LT

volces we enjoy onandcs = - = “ - >
men and women ot o The T4 oS e AT T s -

of the Measurement of freguency distributicon ToY varicus
music program of broadcasts over _ong periocs c¢i zime where

each category contains Measurement on several to  twenty Or

more programs.

There 1is a large difference in tne 1ow

and high freguency range. For sach vroyran, a2t i
general the frecguency distribut-on Tox The YO ™
gradually decreases above 2 KHz.

Tn terms cf dvnamic rance, with lleasurermerTs 00 U002 eyl
on 36 oisce orchestra, The 7Ighest WS 5 SCUNT Hressuz U -

120 dB and the average was 114 dB. In popular masic  s5ince che

arrangements is for each instrument and singer o nhave 2
separate microphone and each one is at an extremely short
distance from the microphone. The beax =% ERVEE :
@B. On the other hand, lower limit of dynamic rangs s Jeterminad

by the studio noise, the vibratior and air currents Dicked  aC
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by the Microphone, the n

noise from the preamplifier for tne Microonones .



There are many low range components in  fregusncy

distribution. Therefore if  we pay attertlor oo Trecusnch

and sound pressure level. We can savy

which acoustic sound exists is a range like tnat in the summary fic

By the way, with the current software nade =+ collection of

2]

acoustic signals and mixing - records, tapes. I hrcadcasts -
it is very difficult to secure this range of souri pressure .evel

and frequency.
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BEven with the sterec tape recorders witn = suesd of 5 ~m/=

P 5 2 i~ g~ o~ - T “ S B -
cnat are used IZOommeyCcisaiiy LT s &=
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n
)
@
o
)l

And LP record players with software wish =h

gualities we can expect tc obtain <

193}
~
O
]
3
Y
f
)
[t
L
i
i
|
D
|

In each of these, even through there has heern improved “tn
developments in materials and production methods of <+ape anc
record, compression and expansion of the signal. use of ecgualiza-

4

tion and improvements in recording and playback heads cutters znc

cartridges.

Tt is absolutely impossible in Tl
This is especially evident In the rance ¢ Crhangss ¢ o ==soe

i

range and the recent tendency toward Irnoyp-o-

=
9]
D

has the effect of reducing dvram o rangegsio - Tates L0

step in wrong direction, 17 locked at from thls Uoo
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What is digitalization

First of all it is impossible To RPut 20 &0 i¢ signel wITn

fime bhased changes in strencgth tnat oo <V=i o Lo T
variations of magnetic fliux of a tape Or the verw small changes
in the width of a groove in a disc. with analog  methods That
have been used upto now, the upper iimit of signel strength =

determined by the magnetic saturation in the case of tape and by

>
m
y...-l
O
=
o
[
)]
|

r)l
©

the width of the groove in the case of record; on

the range is made narrower by the noise oI the tape or the

)
3
(o}

record. In order that there be no influence from distortion

noise in the e =mcoustic cignal 1
converted in o to movas oofs-iike AYYATNISTOT h v T = .

h

signal, or into the presence or absence OI pilses used 1

computers. Even if there is noise (or) distortion Dbetweer

the recording and playpack, the idea is tnac the oricina
acoustic signal willi reappear &= long =S8 0D or apsence

m

}‘l-
M

8]

long a short can be distinguished on the reprocuction

Also, since the space between the pu.ses ‘s electronicallw
controlled, the rotational variations generated LV the motor are

taken out.

Tor

To express the value of an acoustic signa’

example be read as 12V on a meter, ir

$H]
§]
1

b

]
n
)

)

$
3

pulse, we must use the '1' and '0' of modulec Y et Yhe nodule
in which we are used to ice

A example of the relationship

is shown in table.



is sh

Table

A example of the relationship

own in table.

: Correspondence,

Module 10

i0

~

between G

-t
[
C

r._l
[a]
}.

11

0N

e

4

between modu i«

1)

-

D

9]

Qs

.

o

0}



and o and 1 of module 10 can ne expressea in  one decima.l

~y e oy -~ SrnTonTriaT o ERR g,

The wave form of the analcg signai s cut ap o frnropriane Cime

intervals as is shown in Fig 2.14, amplitude reac 3t these times

in modulo 2, and digitalization is compretad o fininc gL oz
series of correspondent pulses. In this case ore sirace in medulc
10 is called a digit, and one place i1 modu.e 7 -« callec
a bit. Furthermore, the music signal touches  potr the

negative and positive ranges, and a methods for showing negative

and positive are various as is shown in Tab.e.

Variocus binary systenms

binary 2's component Folded binary
-7 1111 0111 S
-6 1110 0110 oIl

-5 1101 0101 010

‘Similarly
+7 0001 1002 T
+6 0010 102



(3

~+
B
U

but the CD systems uses what is caller

n

- P o
es waero

method of expression in whichk the ca

OB TC Zers

either 0's or 1's are c¢

Characteristics affecting sound Quality

The characteristics that affect souna gua

and can be brought together as follows:

(a) FREQUENCY RESPONSE :

o)
Q
o}
[¢}]
]
i
[
0
3

2
a
D
]
B T

A uniform freguency res

DAt = ™ I e =V R R ~ o
LW oases oL (SRS I ITre2Rsuen s

obtained. However, inorder to prevent aliasing,

above that frequency cannot be reccrded.

(b) DYNAMIC RANGE :

It is proportional to theguantiza
dynamic range of (6N + 1.8idR Wit ch

reproduction frequency range can be obtained

4

components near the upper and lower limits o
of singing veices and music (varv with mixing
at the time of quantizatiomand cannot be reore

Vnam

2

for widening the ¢

guantizationin which the gusntizatiorsteps =
mant i ‘ X

the amplitude is large.

=

IO its &
Lty are varicus
rrent oo o t

v

signal comporents

conversely, the

~e dynamic rance

- 3

vels) are cut out

. Orie methct
% - el
s T Aoy in



(c) CHANNEL SEPARATION :

& the

o

vrams

Q

B R TETL T TIITLA ATer o

8t}

A value the same

between the lett and right channels.
(d) DISTORTION NOISE :

The principle one is guantization noise. 2lso the roise and
distortion from the DA converter, low pass

but the

and other analog circuits are added to th-.g,
less by a factor of ten or more when compared to the analog

recorders available up to now. However, when code errors are

3
]

produced by drop - out, iitter, etc as lono me thes ZaT

corrected, they must be compensated Icr, ThUS oreate  Siztorosor
If they go over the compensation limit, noise :s generated.
(e) WOW AND FLUTTER :

These are reduced to the level of the grecizicn of +he

crystal oscillators that produces the clock Irecuency {in  orac-

tice 0)

Generally if the sampling frequency and the guantizatior
number are determined the reprcduction Ireguency
and dynamic ranges determined. and within <those ranges, nigh
quality sound with extremely ‘cw wow and fiotoer  and e

-

tion can be obtained. Howsver. any iaformsoioor

o
o

signal outside that range is cut ous at th= s of Jicina L ooa
tion and reproduction is impossibic. I+ weoald 0 iceal - BT

that range



wider,

becomes

sampling fregue

but the frequency necessary for ths

necessary. According t©C  ugs,  ftne
ncy  and ©he Cuantizeticn numner

takes on an extremely large significance.

Characteristics affecting operability :

a) Operation :

signals
stoppin

~en YT
convent

in the
g as well

ence

N
(1
jon)
5

b) SHAPE DIMENSIONS :

Re

carried

lighter

c) DUBB

Ev

cording

out wi

than thei

ING :

en 1if re

Since various control signals can be put  between the audic
digitalization process automatic starting and
as checice of songsand varicous ohner  oBerationa.

and reproducticn are done throurn higi densiz
recording process, ané tne steps of digita LIroCessing ard

th LSI's. Sc &1l components can ne smailer  and

r analog counterparts.

cording and reprcduction are performed over and

over a

limit

recordi

narrows

gain, th
of error
ng repro

bv 3dg,

ere is no deterioration of response within

generaticn with znaloc eculoren=t. =z

duction process is rapeated.

and wow and flutter can cause

ration of the sound gqualiiyv.

b

~

FERTOUN
LSS o



‘CD’ Recording




With analog equipment. It is easy to

)

magnetic tape by hand ard intercnangs 1t LT TaELS
ent recording, but with digital recording. TS
because information 1is lost at the cut ans ~oilse
Electronic editing making use of several recordsrs

cally mixing their outputs onto a new tape nust

U matic tape Recorder :

U matic tape Recorder is a rotary head tape

for CD mastering. Mastering is the process o

masker and nicke

Pre - mastering :

Tt is the prepsaration ©f an edited mzstevr

in the recording process.

In accordance with sony Red book standarss =
must fall into one of these categories
(i) regular stereo
(2) one mono signal, simultaneous encoded on 20T

and

(3% one wWoORC Signal orn ono chann2. an
channel.
Thus the use of Two auwdlo crannels o S

ig not allowed.

3 and e

8
M
=3
e’
r._l
O

recor

making

nhe audi

audic

e e

RO
LA T

der

a3 (o
e
e

ot

ot

83}

in
il

N

ey A€

M
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Trus the use of twe audio channeis for ciffarent orograms

is not allowed.

i
{

In pre-mastering the original maste

specially prepared tape master, which s used o producs the

master disc prior to replica=tion. It s tne [i1rst ster

replication.

"The original tape of any form is referred to as the mast
tape. By means of a DAP (Digital audic prccessor) the aud

program is copied by a 3/4 - inch U-matic tape.

Rules for CD master tape preparation.

1. Sampling rate must ke 44.1 Xhz

2. Tape format must be 3/4- inch U-matic NTED szanctard.

3. Time code must be SMPTE 60 HZ non dror frams T.7e oode.
4. Time code must be synchronized to the NTSC video sizdgnal.

5. Time code should continuosly and uninterrupted code shou

a0 frames

not cross over 00 hours, 00 minutes, 00sec,

6. Time code should be recorded on analog track = 2z 0f the

matic tape.

7. Recorded igital mute with Time Coooe D07

@r

io

minute before the first tracx and 1 L/2 wmiry . foor v fEnomrach,



8. A min of 2 seconds must be allowed :Ior omphasie  charge

between tracks.

9. Prepare a list that is frame accurate to Locate DeCInNing
and ending points.
10. Prepare a guideline o¢f spurious Toize irformaticon

which indicates nay unusual noises or general notes regarding the

quality of the recording.

VTR :

The next step in the pre-mastering process fturns tha .

[ +anre 3 i~ =
aster —aLe LTS &2

3]

Music programs are edited in the 3/4 in videc taps cassette.

Subcode editing :

Using the CD subcode processcr/editor tne esngineer enters
the preliminary reguired data that is reguested oy the cvstem

menu:

(1) album title
(2) artist

(3) record label
(4) catalog number
{(5) UPC number

tal scurce

b e

{6) Analog or dig

(7) mastering engineers
vy




PCM Processor

The signal output form VIR iz fed to 70V

EFM Encoder:

The PCM processed audio data is encoas by

The encoded data is multiplexed nv a mu:t

The multiplexed signal is fes =0 Accust

tor. (Light modulater)}. This modulator uses

is employed to modulate laser Light.

The recordin laser shou.d satisfy =n=

(i) Capability of producing & small spc

(ii) Sensitivity to photosensitive maz-er:

(iii) Continuous - wave emissicon and L.ch

Ar ion laser (457.9 Nm) ard He cd lase: {<

able for recording. The modulated CD signal
is transferred to the glass master where iw

pits.

oros
arn WEM 2
1p.LexXer.,
—— N A S~
e s N JE
ulcrason:
Tollowing
-
Low
el
o source 2
441  BNmi a
{optical
1 A v
R TS T kep

ves



DISC MANUFACTURING :

The injection mouliding s owLoELy ousen o , SUOOLTTLO
pecause of its high productivity.
Since the moulding process neecs & high temperature ancé higrn

b}
<
th
O
=
3
V]
ot
|...1

I'e
C
o3
3
) )
ot
i

pressure a glass master cannot be used. The inf

must be transferred to a nickel stamper.

The sequence of operations are diagrammatically shown below.

Replication is the process where by many CU replicas are
produced from the stamper fhe flow seguence 13 =hown DelOow.

Thare are abOJT ¢ .LWe CLTE T LnIDITmEL. T e
surface of a CD stamper. The moulding process s designed to

: P

make many good replicas with nhigh precductivity .

After moulding a laver of metal aluminur g 2vaporated ontco

the pit surface. Subseguently 2 protective lzver 1s sgun on o
the reflective layer. This protective Laver consists of
ultraviolet light curing resin about ten micromer=r Thick

The label is printed on the protective laver. The comzact
disk is now finished and readv for shipment after final

inspection.
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Error Correction & Contro}




Unlike an error in computer data, an error on <Sigital aud:io

data (if the error can be detected}! can be lec Indeec
simple linear interpoliation is sufificien” Ly nog 2oses. 10 25707

in

correction was used in 3 CD system must satisfy +the following

criteria.

1. Powerful error correction capability

burst errors.

s
n

2. Reliable error detection 1in case of an uncorrectable =2rro

3. Low error detection in case of an uncorrectable error.

TTR{C satisfies these Toriteriz ant Zan CornTT abatohal-BENO RS -

disk properly.

BASIS ERROR CORRECTION CODE :

Ao

in

Q

|

}41.
(7

The basic error correction procedure is

n
D
!

A group of data is transulated into a code wera by adding

check data and transmitted through the recording channel. At the

[§3]

receiver side, received datg are compared witn

words, and the nearest are selected.

If a group of K symbols (the data) is encoded tc 2 longer
word of n symbols (the code word: and tn= sone NOros
satisfyv special check ecguations, then this cors S ¢

are (n,k) linear tlock  code. The encodinos  Lrocess s
other words, a process of asslioning as much  mornoarais I Fops

data to the original data.



Error correction and contrgl technigue

This section describes the Error cortrol Ttechnigus an<s
the CIRC €rror correction code

its construction ang performance,

Necessity of Error Control

The CD system employs the optical noncontact readout methed.
Because the signal surface, is brotected by a plastic laver and

the laser beam is focussed on  the signa: surface, the digk

surface itself is kept free fraop defects guo- 28 = sz
LEeSUlt, most of the Errors whicn coours STOATG 1 oz LCinimy

of  the signal surface through the mastering  ang

Process are random €rrors of serial bits. Eve- whrouch the ©n
System 1is resistant to finger orinte and scratches delects

exceeding the limit will natenal’v causge large purs- Srrors
A typical bit Srror rate of = rp System is 17 vihick meancs
& - =
that a data €rror occurs 2 x 10 pit/sec x 15 = 20 timer Der
second such data €rrors, even though they may be ~=bit errors
cause unpleasant pulsive noise; SO an error Zorrection

technique must pe employed.



For ex, Suppose x = f(¥%i. X200 ... el and
Vo= (Y1, YZ,.... .. o

code words an in fig: than the

code word is defined as the number e cf symbols
It t symbel errors induced in +he Chennel cre not -n Lead
to confusion at the receiver side as ro vhaether x or Yooowas

transmitted, z and y should differ from

by atleast (2t + 1) symbolis.

Therefore a fig. of merit of

0O
m
o
o
st
!
ld

the cose

distance 4 isg defined as the min distance amonc 271 pairs  of

1

different code words z and yv. A code is T- errow forractine if
and only if a> (2t + 2 ); ang isc the locaticr of +ha errors
(erasure location) are kKnown {d-1: erasvre  corrvecticn e

pPossible. If the number of errors exceeds these  bounds, error

correction and defection Capabiliity

and the decoder may make an erroneous & caing,



DATA ENCODING

Compact disc encoding is the process ¢f niacs
P 5 5 :

in a format suitabie for storage on The

structure provides such a format. The frame fur

to distinguish the dats 2
synchronization word. and :
a Cb frame {(prior = i
synchronization word, 8-bit subcode, 192 dats
CD frames are assembled when the maste- 41
Assembly of the frame involves several processi
as modulation and the addicion of Terging nics

6y

encoding sequence is  socun - Tigure,
Encoding begins with the audio data. Six 3z

sampling periods (alternating 16-bit left anc --

1o}

grouped in a frame the left channel proceedins =

32-bit sampling pericd is divided o vield foz

bols. (The original 16-bit number is calied ;
split into two 8-bit symbols.) The audio progranm
stereo or dual monaural left and right charnz’s.
recordings have use independent left and richz mo
the CD standard does not support this.

After grouping audio data into svmbolis,

ERots T T [SREE=

Lre P N

bt

encoding takes o)
Cross interleave Reed Sclomon code {(CIRC;. R

use & combination o F

2

lata more

~

no auv’
=he 4
1shes

v 5
T 1
i}
sits,
S5 1
noe et
-21t
nTt cn
il ke

encoded.

[

i

as

audc

wel

et

M

i

M

o))
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O

3
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]
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SUBCODE

I
i
o
2
o8
D
)
t

Following CIRC encoding arn 8-bit subccde svm-oo. =

each frame. The S1gnt  subcode niTsa S of<):
as P,Q,R,S5,T,U,V, and W, some times referred =~ -z ithe PO coce.

The CD player cecllects subccde svmbols Fro- rinety eilont

consecutive frames tc form a subcode block  woo- sight  98-bit
words. Only the P and @ bits used in audi~ “Is Incliuced
is information specifyinc the total numbsr ¢° z2elccticns  on

the disc, their beginning and ending points ard timings, the

et

O

9]

Qs
|

index points within a selection, the program reacd-in and
out point and updated informaticn o0 the Dics - - —osicion oac

*he disc is nlaved T oy

available for encoding other information c¢n z:id:: COs  subcode

is discussed in detail later in this cnapter.

EFM Modulation

After the audio, parity and subcode date are zssemb e tre
bit stream in modulated using eigth - to - fourtesn modu acior
(EFM) .

Modulation method
This section describes how CIRC encoisc  data are

moduiated and recorded on disk.



Basic requirements for a modulatior method .

CIRC encoded data cannct ne Vo Yesoriec Totre <
because they don't satisfy the ICLLIOWING raguirerents for

recording; thus, EFM modulation iz amplovad . The hzsic

ments are;

1. Correct readout of high density recordinc:

The frequency characteristics -f the CD system are basicallv

the same as those of a LP¥, and the ~utoff freguency is 2NA N
>

Therefore t¢c zvois IST  T-+. - T - - Tt
a limited bandwith, 7min {Minimum rur length 2f the chanrel Jate
must be as larger as possible cn fhe cther hand, f the delecticn
window Tw is too small, the detericration of +£he F19nal causec h
such factors as lens aberratior. cefocus, an: s Ke ma Czuase
random errors. As a result, a larze Thmin and = proper T, miv
are preferable.
2. Clock Content:

A bit clock which must be fegenerated fron the readout
signal edge 1is used for demodulati; an. for CL- con-

: b1

trol. To maintain clock stabi i1 the

have a sufficient number of transitions, and Tmrx {zhe

run length) must be small



3. Low Frequency Compcnents:

If the modulated €ignal contaings ¢ LS TITEC SIS Comee
nents, low frequency disturbances caused by cirt and scratcohes S
the disk surface or asymmetrv of the readour = inal car TE o ra-
moved easily. Also low-freguency components TO tne serto

loop, making the servo wnstable.

Error propagation

€}

The error correction system employed in +«he D ystem treats

)]
t
bt
Q
4
-
ot
o
0]
o
ot

8-bit symbols as a unit; thus, 8 hit unis moc il

rror provacatiorn g Trefoerahl o,

M

EFM (Eight - to Fourteen Modulation),

5\

EFM is a run-length-limited (RLL) cofe teveloned  “or  the

CD system. First, 8-bi=z dates sre mappec or A —Crannel~hi-
pattern.
EFM is a process which converts 8§ rattern  intc 1.

bits pattern to prevents Rapid transitions.

For 14 bits pattern, there is 16384 combinations ani  anlw
256 combinations are chooses to satisfy the ccndi<inn whickr noT
fever than 2 zeros ard B0 mOre than L0 zercs Fothses e oTAmT-

wise rapid transition occurs,

3
1)
)
n
i
it

Here where 1 means
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FIG. 9.12
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In EFM, 3 channel bitg are inserted co 23 —o control

run-length ang low frequency Componenter+e

Signal.
An ex. of thisg Control is given in

In this case, possible channel bit - patterrs which saticfy
the Tmin ang Tmax constraint are 000,010 arg o000 S contra”

low frequency components, the digital sum variations {(DEV) <e

calculated for these three case, and the best pattern(000) :go
selected. In such 2 Way., the 8-datz hite AIE Converted -~ -
(14+3 = 17} channe; bit pattern,

Demodulation inp fig is effectegq by detectine +the 1o - Chan-

nel bit pattern. Thus error Propagation isg linited =0 2 bitsg
which suits CIRC.
Subcodes:

Many features of the CD player are basec 5 various Subh~-
code recorded on the disk.
Basic Concept

One of the advantages of digital recording 5 that  the
digital format ¢an handle not only tre main dUQic sicna’ }ya- elso
subcoded nonaudio digital data. In -he CD2 systen - WRTCent ~F
total reccordable data i reserved  “or ok SoTes e i

purpose is contro] and display.



Subcode Format -

(

Eight bits per frame are Hgea for subcedirg toese - Lite oars

used as eight different subcodine chznnels CPLOL R S T, tnis

th

giving each channel a bit rare o

[
e
()]
9]
iy
W
t+
m

consists of 98 subcode symbols resultins ‘- 2

of 7.35Khz/98 = 75 Hz. For block svnchreniza+s: o . Two e

,‘
j )
1)
[ o

l14-channel bit synchronization patterns are uses thus 56 Dits
are available for each channel. Channel P is a simple music

trade separator flag intended to be used in iow - cost search

system channel Q is avaiiabnie o Tore SIUniaticated
controls. The general datz fa-ea Tharie

First 4 controls bits indicateg essential informaticon such

=N

As the number of channels whether or not there

so  on. The 4 bits address {ADR. z2n¢  +the SuCoseline . T2-hkie
DATA-Q section have severai data modes. Tne hasic  mode

indicates the trade number, the elapsec  cime -F sorrect

93]
[oN
]

selection and the total elapsed time, In the Iezd - v +-

which is located inside the music trades. chanre: O indicates
the table of contents. Information which is VEery te.c for hign
speed accessing the other mode can be used for SUCn Information

M
m
+

R
[ tick

as the disk manufacturer wighe

bits cn the cyclic redundancy checs (0ne ) code frr Jotontias

(Fig) General data formar ~= Tnannel T onhares Pl B ke
Y purpcse e ravinus e : = :

can be used for display
bit

is 6x96x75 = 4.32 K /s.



EFM Demodulation

When the laser = reflectec 2t the dg:e- gurface durinc

playback, the VArying invensity of <ra ceturnas sam ¢ § ks

by a photodicde sensor. It is the VOlnage Trom the sengo-
which 1is ultimately transformed intc the
output from the plaver. However. the erncocec  data from  tre
pickup must first bpe decoded. The signai ercoded con +the disc
utilized eight - to - fourteen modulation CEFMG, which  spec:-
fied that the signal be composed of no- less than two Os or

more than ten 0Os between logical trans-tions (pit edges),

This results in pit lengths exvressed 5 - z variexr C
combinaticnal satterns fror 2 oin 1 E N

n
O
Fh
)
]
vy

length 11 units long ; this sets the freguercy iirmit

£

signal read from the disc. As we've seen. Tnis Tange  is

in
}4
0
=
j$)]
[
P
ot
J
I
)
th
]
[
8}
3
O
ct

sometimes referred to as a 3

,
J
ot
.

6]
S
{
b
O]
£

the period of one pit The aud:ic oty

e
L

from the lengths(read as timing interwvals 2T the data pits  oanc

lands.

n
}.,J
Q9
3
o]
bt

The photodiode and its pProcessing circuits prcduce a
resembling a high - fregquency sin wave ca.lied BFM sigral.

Because of its high frequency, it is somethirg referred t5 as an

RF  {radio fregquency ) signal. Figurs SNR0VS Tne  RE O sig

from a series of pits. A collection of F2rioas 15 often
called the eye pattern, {The diamond-shaned = T omiacdlie £

the pattern, along the axiz, looks LLEC AT o T et SOt oA

lively imagination.; An eve pattern is shovwr r Tivors
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The Varying perigds o= these sine o
reflect the periods Of time reguired to read ftns -
eYe pattern is thus anp 2lecirical equivalent -7 ¢n
The digital data can alwavs be recovered Lrom the
f it can be determined when Signal ocreosae s

relative to the 37 - 117 time patterns. Wheneve
tracking data, the €Ye pattern is present and =

the signal may be distored 2ve pattern.

The Zero-crossings of the eye pattern cont

information content of the EFM signal. Becauce it

vertical, the resulting signai is not sguare, ~r
car  be longer or shorter than the AcCtual sulse

recorded EFM signal, depending on cuttinc con

causes to be signal to be asymmetrical to the pe

o8}

shows a threshold controjl circuit which adjust

Level, eliminating o¢ offser inorder -- achie
width. The resulting oirary waveform 0w has

digital appearance; the varying width of the w

contain the EFM information.

£

Because the €¥ye pattern at the photodicdes -
amplitude, it pust be boostec by a preamplifioy,

tion network Or <tTransversa: Tilter must ne 13en

the smallest signal duration {high frequency
amplitude with the longest duration {low freguenc.
filter must Compensate  for -he fact the shore.:

t
o}
£
i
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[£))

nal(37,47, etc. are lower in ampli+tude
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Chvaralj Signal is Processesd TS0 Tn an SUifmavic a4, Ton

circuit; no matter what +nxo refiectiVity OF Ehae 4 CWitnga Toar

tain tolerances), this Circuir PREimaliy ads 3 TE lovasl oh
e¥e pattern.
Although the EFM signai - Conposed of .. RS sinuscioas

waveforn. It is truly digital; i+« Undergoes Srocessing -o con-
vVert it  inte 4@ series of Sduare wave More easij. ACceptead oy
the digita] Circuits to folley . This does Ot effecr the
encoded data, Since it ;g the widtnh of the EFy Teriods which
holds the information of interest . Following the Conversicon
of the eye Pattern +o Sguare waves, the NRZI (ne- - I82Turn &~

zZero inverted) Signal ig feturrned +c yryg (non~return TS zZere:

The tranSftlonS are used =~ Shnagse -~ L0OCK = SeTa Tator DT
o4l - - 3 [aad T 3 DN =R oo S YT v e - el S e Lo -
With Period i inis CLock SRR o 2 numbe-r : b .

between transitions and thus distinguishes between +rgo 17 Svm-

bols (each of the thirty - three symboig of a data frame ig 177

o
83

long). Thanks to Our paints jin the encoding Process. 744 d
of  the disc is thus self—clocking. The pulse Jenerator ngg a
slope Sensing window of one bericd (17} for Correc:ti-

Signal with any Jjitter oy Eime na



The firs+ Flece of dats =~ P extracted Tra- The NR7Z Sione

(T
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o
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is the Synchronization word, three transii

periods. The start each data frane €an thus e -dar

D
%)
¢
,
)

Synchronization information is used to Synchrorize -pha Thivty

~three symbols of channel information in ea=h frame, ana 2
synchronization Dulse ig JEnerated Lo ogi8 - -oCazting S

28ro crossing of the EFM pattern ang £O generate 5 transition  oa.

these points to produce a binary signal. The 37 Nerging nirs
have serveg their purpose of preventing BFM code vViolations and
Suppressing DC. They are Separated from the 177 symbols, leaving

14T symbol.

Because the Circuit which controls the dise S Drecise  profa-
tional speed has a2 limiteg rarge. disc Speed must pe Controliss
approximately. This is often accomplished by examining +he

durations of transitions in the EFM signal. The 37-11T range

means that transi+tions cannct occur faster +than ap?rcximatelf
0.66 microseconds Or slower cthar .44 microsecords “her oz or

player first starts to Play a disc, or after ix Jumps to a dif-
ferent track radius (with a different track speed) 5 Correction
signal is general to bring thne 4isc rotation to witnina the can-

ture range of the time base whv Cl and 3 Parity byres aya -

verted in the CIRC encoder; Is are blaced in tne ClE straam
when +the data in muted with a11 Os, Thus minipyu- ANC Taximne

Pit length are

i
D
ﬁ
o3
D
o
}.\A
0}
s
5l
B
i
i

recorded during the disc lead-in whe

regulate disc Speed,



The FEFMm signal now demodulatas SO that svaees Pd=his may
word again becomes 8 bits, Depenoing on viaver design, demodyla—
tion g effected either Dol DoClTouie e BISESERD t: .
which jg a list Stored in Memoery that ygia The Tecordaed -4
refer +to the Ooriginai Patterns of g Site

The data stream 0w contains aug:oe sampie, feiu1oancj,
and Sub~code. The EFM demodulator Sends subocode data  +¢ tne

display Circuit tq Convey timing ang other informa+ion to  the

player front Panel. Other control signals Contained in the sup-

0
W
,‘A
D
I
a4
o1
o
3]

-
}i ']
[9)]
0
-

code are used, among other things, +

Out put Processing

Following demodulation, interleaved audic an¢ parity dats

1y
Q
®
I
,AJ-.
o}
t
]
~
f

are routed to the CrIrc error Correction circuit oy

leaving. error detection, and error SOrrecticn . Iﬁ:erpoiation

]

and muting Circuits, breviousiy discussad follow the ~IRC decog-
er. Using error flag from the decoder the Flayer'g Signal
Processing circuit determine whether +o output datg directly,

the sound, In:erpolation and

]

to interpolate it, or to mut

muting pPerformance May also diffar from olayer to clayer.

Following error Correctior, +he left ang Tight ay-i. Chan-
nels must be demultiplexed and their Tespective SEMSles  pipes

together ipn the same Sequence ang art the same rare in whaser thew



ERROR CORRE TICN

Frror correction ig one o

obligations
It

disc. is a great Opportuni+,

Never before Possible witn anaiog
mistakes. When yvou scratch a lcng

of digital aucdic storag

YA s - TV e e Ty
great . unic
@ media suor e s comoact
cecause is 233 mething

media the chancs  -a Correct
Pilaving record, the  oroovesg

are irrevocabhle damaged, along with the information contained in
them. Forever after, there Will he a cliox O  POp  whan  the
damaged part of the groove passes underneath tha Phonograpn  nee-

dle.

But when You scratch s

disc and the pPlayer's design offer
has

cally, the data on the disc

S@rror correction code,

vers

bk

for damacge data. Thus it de1

instead,

played,

To illustrate a fundamental

consider the two message below.

and vour plaver

rFerforming its SITrSr Correctisn o

CD, the nature of the data cn the
You a second chancs. Specif:i-
been Specially ancocded with ar

uses the code +o Correct

The Original Undamags” AT et
Vary Time =we Tlsc -z

aspect of earror Correcticn

Assume the first Message represents the information in ZRo RN I
groove and the second is the data ir a Co pit track o Llacs
Oone of your fingers vertically acres=s this -=TEsEntating
scratch. You'l:l ohserve that Part  of  fthe  fiper nessags is
irrevocably gone, whereas rhe sace L s ST




<Aan he r@ChﬁﬁtTHTtQam

data +q Protect +ne Massage, 3y Comparing +o= T2dundar -

2ages,  we can PVercome 4o

haven't bPrevented +ne Error: we have Simpliy Lrsured

effect Cleaver, aen’y

Of Course, €ven the mog+t Clever o= ideas has itg iimira-

the Severity of the error plays an important role; ou- abil:ity +q

COorrect errorg s limitationg. Furthermore 1% vou place  you--

finger horizontally ACross the bage you might Complieraiy Cbhbscure

Q

the entire line, destroying both the Message ang it+g redundancy,

The nature of the error thus Plays a pare too. Finally we should
note that error Correction exXacts g SCst an Tris cage the mes-—

On the other hand arrer “orrecticn is an Oblization. Dioci-

tal audio On a compact disc might reguire Storage o= fifteen

billion bits, With such great dats density 2ven the Smallesgt
Speck of dust woulg wipe out = Considerahle numker o# bits 42

Py

shown inp figure. 71 reality +he tvpe of error, COrrection s

1

lizeqg would have +q be a great deal more SODhisticates than

Sample redundancy S5cheme, Even one Lad nie Could  wras - navoo,
For €xample, if the digital wora OGOOOOOOCOOOOGVZ o

silence) Was misread as EGOOOOOOOOOGOf {ronra: s Sres
loud level), a clieck S0me Y9045 ADOVe =g FLLfnCe woglg TEsae



DETECTTION

Before error COrrection takes Place, &, TIOrs  rges >
detecteq. While this might soung Chvious, - Drohlem Can  n

1

difficule, If Presentegd With 3 data word, co-ig Vo

D
]

Or not anp €rror hag OCcurredr? For example Ay

Contain ap error? Unless ¥You are Psychic, fhere

tell, The message coula be  senr twics L1

llOOlOllOOOllllO and close eXamination would revea]

D
0
+
Lj

between them. Obviously, both fannot pe Corre

the right Oone? Tha nessage could he FTENT =k

llOOlOlOOOOllllO 1100101100011110 1100101OOGC¢1cLJr

have good Suspicion of which one Was correct, buz

Sure? what if the Message were Sent thrae times

all different?.

While Simple Tepetition :g4 an inefficieht TR

error detection, 4 more enlighteneg Variatior, Gaze

the €ssence of error COrrection, Data redundancv

dant. 1p general the greater the redundancy the het

COrrection, As we have Seen redundancy adds to5 st

and pqugt be Ooptimizeg in a Practica: System: +njs

development of elaborate error COrrectinn Codesg i

efficient use redundancy by ccding the informa=;

ways.

1S no Way  tg
LFOLOlOOOLlllL”

ang they were
YT going anout

Mirohk TAKe Ve
on “ert g



CORRECTION

In bractice, +p redundancy Sontained in YOrrection Codes
Ooften takes the form of a o3 e SVRITY daeg wWord
The party bit jg Chosen s Is or o5 - 02 groyr:
(data worg plus parity hisx) is even or orld, o example, -
parity pit nay be formed Wi It the Tumber 5 o o
the data worg is even (or Zero}, +pe Parity bit+ ;g made 3; if the
Number of ]g4 is odd, the oarity SUT 18 maded The totga] number
of 1s wi1lg always be an eVen number (or Zero); this is called
even parity. By the Same token, odd barity could he used,

This scheme allows for ECYor detecripn O receivea Qata; Any
word with an odd number of 15 mus=t pe invalid, Cdd baritw  ~zp
detect I-bhit ©rrors in data {actually, it detects &ll  errors
involving an odd number of Dits), aowever, if ryq °Yanv  evyen
number of bits are bad, the SCheme faijsg to detec+ The srror andg
a bad Parity hic would causa Sata to he Tilacces ag
ous. Moreover, the SCheme cannct ascertain SR GRE D2
Thus it cannot  correcet errors, Cleary 4 TOore SOPnisticatecs

Scheme ig needed.

For COorrection ip Essence more Parity bitsg are reguired to
Solve the Problem and the aigorithnm used tc selecs the Parity
bits determines the pPerformance of the error COrraeceian Tode .,
For example, in Some codes the AALa is diigas inte i and
Parity valyes are added +¢ each nleek, Consider «n. *xanplie el
Tigurs, In additicon to S o STt e Tinz
exXtra Partiy valyes Are creatagd Snd avpendag O tne oy oo St=I



)

block. They are placed at tpa 2rd o F aaoan ANC Tolumrs ar .
the sum of that Fow and column as shown in fig. hote cha-
parity value jig also included for the PErity row aps COLamn ., IE
an error occurs in any data (or Parity) valiue., the Cay De

easily located and the correct value can pe easily Taiculatod.
Using the other data present.
For eéxample, SUppose  that the data block i Fice, wWas

received. Ag we recalculate each parity wvalye at  the

end and check it against €ach transmitteq parityv  value. We
Observe g disagreement. In fact, there is 4 disagreeme-n+ in koth
a row and a column parity value. The intersection Of tie row ang
column  points to the error. Furthermore, we can now Fubstityre
The data in the block ig thus substantially more reiiable. oF
Course, instead of twelve values, twenty are now reguired for the

error code. 1Inp Practice a code Tay teke the form shown n Ticure

Several parity bits () are geners STOW combipacines - T
data bits. Transmitteg data is barity tested, ard carice

indicates an €rror. Using the esults of the parity check, -
logic table may be used to determine which bit jisg incorrect . If

data 0011 isg received as 0111 (cy, Parity indicates and srro- ip

bit 2.

Numerous error correction codes have bheen cevieed, Far-
2xample, Hamming codes derive muitiple parit- Dl Trom

Combinations of the data bits. Simpie Harming codee Tan he
Constructeg which wil} detect tyn RILTCTrS and Correct: nre ersor,

Similarly, Reed solomon codes ~an detact  gn4 Torrao: i

numbers of .,



can detect apg Supply informatien that is ag oo sa YT 1 oo

will  see, the Compact disgce 505 a Roed-ooo ome Trov
Correction Code asg bart its defense againgt Croors
Uowever, as woe have Trhe LDRrTormar - > i

COrrection System dependsg O the natyre of the error, TOor  sxam-

ple, what if a large error Obliterated Doth tne
Parity? There would be Nothing left =g reconstruct tne Message.
It is  thus important to understang te nature of the  erray anc

devise Protection to fit their “ature,  FErreorg can occur {iq Large

nstanceas - Trilad

joY
t-s

groups, callegq burst errors, o isclate
random errors. The compact disc muss guard againsr notn Xinds:
for example a badly formeqd Pit coulg Cause a random EIT0r wers 3¢

a dust particle could cause a burst error. Cleariv, trs+ 2rror
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are the most troubling. A good
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INTERLEAVING
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Interleaving is employed +o guard against the

OCCurrence of burst errors. Intérleaving might be though+ s as

shuffling a deck of cards: data symbcels are redistringtoe- i thae
bit stream prior to recording so thar COnsecutive popes STE nevar
adjacent op the medium. An error PECUrring in the e S T
example, caused by a dust Particis on the disc) micnaz Lre
Buccessfny Teading of 4 Mumber o~ TOnsecutive Valuos o e

upon de~interlaving the shuffiaa VOras zre placed s -



Originaj and rightfy; POSition 4, Ene Strearm, arg oo Srrors

,
{
i

(r

SCattored in time. Thiys

raect, Interleaving is

Consecutjye Error are i Srnoomi TOrs
like random errors, Which .. e Volorras N =
leaving eXample g Shown i~ Tlgure. no - S Tomn g
Cated, pyut it can be accomplished by Simply éelay:nj the dges

words hy differing amountg Prior =g “ecording.

Words.agajin (in a complementary Manner) Lpon Plaviaes Comp et

the technique.

Cross interleaving Carries the idea one stey further. Data
is interleaved Numeroys times, over noth Short 4.¢ iong Time

intervals. This Preovideg COrrectanii;
We  shalj See, the
Solomon Code(CIRC)

checking to COrrect

H

Permir Qaricy TS cor €

CONCEALMENT
Although Correctjion of massivye errors isg POssible, i% would

be impractical to implement. In real-14ifa digitay audic S¥stemg,

are flaggeg by the Correctiop Circuitg 2nd passec O 2rror

concealment circuits.



Without concealmen

Correction could resuylt in ar “utiblie oliesc Trro
Systems employ interpolation AL it e Cironi-s
CIRC decoder, Although an Loy s g 7 y
they are unrelated to the CIRr. Specifi ally. e
Nandle errorg £CO rassive tor =1u-~ Slo¥a ion
from the CIRC dcoder. The player'c “Oncealiment Cirg
mine whether t+q Output the datea 5ir3ct1: co
to mute the Output.

Interpolatlon 1S the technique of using valig
1ng an error a8 a basis of forming 3 replacement
Ous data. These values are used to Caiculate 3
Substitute for the SIror.  Because oL the Nich  corra
tween music Samples, zn UNCorrented STTCr can he
inaudible by synthesizing new data rom  surroy

Although clicks are avo

6]

Produces .

5
L

Numerous interpola

Performance levels, In

tion holgs the Previouys

or incorrect word. In

word is replaced with a

Previous ang Subsequent

t, Crronsagyg

ided,

tion

its Simplest form,

value ang r
first—order
word derivag

words,

& momentary

Schemesg are

epeats
interna
from t

3

used, wWo.th
Z28ro-order

et

i
it

=
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In worst Case scenarics where +he Brror is g MASSiva T

even interpolation Would fail. e Choose to murs AR audl osico

nal. The brier silence jg preferable to ehe DUrsT of Gloia:
noise, usually  hears a8 2 click, B acwerngs - ta

before and after the mute, evyen these

often made inaudihle to mos+ iisteners.

However, the digital audio signal cannor L2 omuted DY s

ing the bit streanm tO zero: +hig could resgyl - fhooan avdipia

click. Muting methods Vary from player to plaver, For examplie
the signal may be faded down by multiplying the samples DY de-
Scending coefficients, usually take from 2 half cycis of a con-
Sine vaveform. The fade-out TUST pegin rige L e aTa

this is accommodated by feeding =i
the muting circuit.
data. Following

plished. Smooth mut

CROSs INTERLEAVE REED-SCLOMON CODE (CIrRC)

AS  we have seen, error Correction ig €sSsential =g the Suc—
cess of digital audio. Without it, any digital recording on Tepe
°r disc would sound like g4 badly SCratched Lp s+ best -

WOrst,  he Simply unplayable. Tn ract, withour orror Correction,

-

digital audio would he an impossibilityu



o CUXCY vate Fream oo e L amry e

LHe  rawyw [ER O

one  error for every 0.1 £o nillion Hitg, S lnprassive
Storage capability, pur considering & disco i Svar
4 million bits per Second, the qsed Tor  arroe verfrection o
obvious. With error Correction, perhaps 200 2rror  per second
will pe Completely Correcter’ -5 =04 such csulng, The

employs the Cornerstones of error COorrection; 1nterleaving o)
distribute error and parity te correct +them. The Partisuiar
algorithm used for error correction in the Compact dige Svstem
is, as mentioned earlier, the Cross Interleave Reed~Sclomon Code

(CIRC). The CIRC Ccircuit uses two correction’codes for addition-

@rror correction while decoding thne data furing blaybaci,

REED-SOLOMON CODES

The Reed-Solomon code used in CIRC us 3 1ighly 2ificiant
error Correcting code, It is carticulariv Well suitec IOr the

compact disge System because its decoding requirements are reia-

tively simple. To illustrate the operation oF Reed-Solomon
code, Suppose that A,B,C and p are fcur data words, ans o and o
are twe rarty words. The Symbol denotes modualo 2 addition
(FX OR) ang the alphas are weighting factors, The data vords are

rlaced into two simultaneous equationg:
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W2 assume

0 =

tha

010

100

011

110

111

101

001

000

Table shows

€rrors in the received data,

are calculated

Where A

are the error of each word,
are the weighting constants

= 0. If the word a is

words,

the erroneous words can be determine
weighting between S
in the CIRC forrection code are

and the resulting syndr

by these deco

through ¢

an error result in non zero sundromes

same values r A,B,C,D
two syndromes,

2quations

Y

are the reproduced words,

the alphas (along witn

erroneous B

omes are

01}

Catterns

through

and 0

i

)
rt
.
0

E

)

U1



1€ noted Previousiy, TR SHMLLIOVE orosg LnTer i

Separation of two  error Correction codes : Eie
stage. Thus one code can Check the fccuracy oo

)

Another important aspect of cragg interleavirg 1

Correction jg enhanced, PUT Zhe amouns OF  redinsa.

increased. An  example Cf cross interleaving and

-
3
Fh
b

«Q
jod
ﬁ

]
U1

facilitatesg parity Checking isg shown

1

an

-

data values (called symbols) , 9

1 O are PEAYITY valge

and C2 are Correction decoders Capable of Correcting cne and

symbols Tespectively. 71¢ 513 is €rroneous, ClO1l6 correc

If 513 and S14 are €rroneous, CI01€ ang Clo20 Correc
S13 and s1¢ are erroneous, C2PI2 ang C2Ple v Correc

513, S14, s16 and 517 are €rrorecus, C2P1Z ang ZzP14

by using cl'g €rror detection bointer. 7f there are more

uses cross interleaving Similar: NCwever The . a-

~

€rs are more PCwerfnul.,
CIRC ENCODING

The complete CIRC encoding scheme is shown ip fi
this eéncoding algorithm, bits from the audio signal
interleaved, and two encoding Stages generate Parity
data values. Error Correction encoding being with the
of interleaving, which ig desioned -, 2Ssist  in-
Twenty-four 8-bit Symbols agre dvplied to the CIr

delay of tywo symbols isg played Detween aver an odd se

f
1

Two
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15, even samples are delayed -.. Dwoe

D R L o R A w T —

accomplished in  the case where two UNcorrectahle

Next, the symbol;s are SCrambled so as SC separara gven ang

1

nNumbered data words, This DBrocess TRCilitatas CONCDz mpne

The ¢2 encoder aCCepts the Zh-hyito FRTA_Gel ynes R eI
duces 4 bytes of Q parity. o Parity isg designed +- Correct  aone

€rroneous symbol or up to four @rasures inp one word. nn erasure

has ascertained 1ts value jg unreliable. The parity Svymbols  gzye
Placed inp the center ©f the bioek £C increase the odd/ever Gis-

tance. This enhances interpolation in the Case o7 Hyures 2rrors,

Cross interleaving follows the ¢2 Sncoder. 7aa 28 ovres ere

delayegd by differing periods, which are integer Mu:tiples of 4
blocks. AS a resuyl+ of this convolutiong; interleave, Tach 7o
wWords ig stored in g differenst tlocks . TIlstrihngeas N T
blocks. in Mathematicyy terms, e Nave cordagd a cdzaza ITrEv ig

two direction, .

ad triple errors for Q Correction,

A last interleave Stage introduces 3 fixed ade

Symbol tq alternate Symbols, Thisg oad/even delay SDresds “he
Output words over two data blocks. Thzis CEEVeErts rancae Trors

from disrupting More than one SYymbol in cnae Word, sven .- Erro



acjacent Symbols in one block are Er'roneous. -

Q parity symbols are invertes Lo providge LO0zere & 4wz <

3

I
i

with zerg data. This ASSists data readcur Lo A el o
muted audip with muteg audio Program., Thirt j-tima Tehit Svmbol g

leave the CIrc encoder .

CIRC DECODING

Upon playback, following demodulatior, Ite e e e
CIRC decoder for de—interleaving, error detection, and correc-
tion. The CIRC decoding Process reverses many of +ne brocessing

Steps accomplisheqd during ehcoding; the - Mbiets  o-o- Secoding

7 -~
[N R is

¢t randonm errors and to detect burss Srrores . it

puts 5 flag on a11 burst+ ETrors to alers the secgon- Secoder, g

for.

Given thisg pPrior knowledge, and help from Ce-inrtor

unable +qo Correct.

During reproduction, the CIrc decoder accepts ore frame ~f

thirty two 8~bit symbols: twenty-four are audio symroje

n
)]
3
[N
0]
ot

Q
I
it

=

are parity Symbols. 0dd numberegq Symbols are

)
D

;
bt
<
M
o)

parity symbol are inverted, The delay lines have = RIS 2gua’ o
to the duration of one symbhoji | Trius information T EVEr —numbeas
Symbols of 4 frame isg de~crosg interieaved With tha- o he osdae

crOSS*interleaved With thas Of the odd-numherecs SUTho T SR T o e

next frame. This de—interleaving blaces +re EVEN-a2nd  ~550
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numbered audio Symbols back int- Threr
Fanging thejr, Ordr as read from che disc. ANY sacypencs 0f =

©n the digec ig thus distributéd AMONY valig a-

In  the ¢3 decoder, error arec detected and COrrectag bv  the
four p FATILY gumhnaia. hort Quration Tandom SITC s s COTrocsaa

and longer burst SLrors are Lassed along, Soeci?icai;j
decoder Can correct 4 Symbol error in BVery wordg oF TNirtyo-iig

Symbolg, If there is more than one €rroneoys Symbel “hen 212

1}

twenty—eight data Symbols are marked with an erasur
pPassed on, Valigd Symbols these adhering to the encoding ri] sea

of CI, are Passed along UNProcessed.

The delays between the decoders ara oFf Telual s 2T o
longer TR&n those af the inpus =0 tne ¢ “eCCder: i “onvelc-
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burst errors,

from o fecoded s+ Iifferen- Timas, SYTDOLS raricas T T
Sure  flac sre now fistributed among valig Symbols, Trilis talng
the c2 decoder Correct pbursgt errors, Symbols wWithout 5 flag are
assumed Error free and passed though UNpProcessed. In +rg c2
decoder €rrors gare Correcteq by tha four ¢ Larity SYmhole b

flaggeqd (in some implementations. only +ywo FYMDols can na Cor
recteq), Burst €rrors angd Crrors wnich Night hzye CSoCC e 3
the encoded Procegs itself {rather thnan in the medignm ITe oo

rected, In addition, C2 can Correct Symbols fllscorractag oS ol



decoding. When 2 Cannot ACCompligh COrrecticon Donalan nore thae

four Svmbolsg are flaqued, twentv-fsur Aot g Symbeol o Tiagaars A
.. - vy e T "“_/_,‘\
UNCorrecteq and passed cn for ih:@fpczﬁif/i I i SCrampb 4,
and delay jg Performag CO assist interpoiation.
Tha UEE 0of fon ?O:rect:bﬁ *ernﬁéfe T Sas LD T log
helps tackle 3 particularly Aifficuys erro- SCera-ia Tinterle .

Tandom error introduced Perhaps by g manu:actvring Jefaos In

j

el -~ J 3 3 - T =
the op atandars, random Srrors are definead T2 he Svmbn’
~ o 1 T T
errorg ., Cr no more tha 2 i time Pericds > enos- - Trre -
2rrors are burs+ 2rrorg. REM TOCing Ylaranrtesa e [ tet el
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Frpear o Single TITOr in saan TifTeren. - T
interleaving. Randem Srrors are “hus a3 VS SOrrecosa N zhe
C2 decoder Fetains jitg brust error COrrection caDabilitym

CIRC PERFORMANCE
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A measure O the overs . COXxrect i an

number of interpolated

VsTem s Tanao

n

given BER value is, better rne

J
Y]
D]
)
)

Guality wil pe. Althernative prps {hinck er-a

hlocks containing errTor, AN 2ssessmernt oL

must aiso accountc for UNncorrecteq aor

I

Ors that

Error correction circuit. Thesge €rrors may re

click on the output.

In theorv, c1rRC Cetects ang completaly oo
of up to 4000 bad bits, or = pericd of 1.9

bhvsical defect 2.47 millimeters iong, ~nterp

h

- HEe R T S T o
- uptoe L2, U0 nacd DiTs, o ST

error o

—

of 8.5 millimeter. Looked at in an Other way,

before Correction) from gz compact disc mav ran

oY Lne error in s Sha B e MR T T
4 3~ 1 R TN 5 B ~ S e e
error rate isg ODetween 10 ana .o, or a- LToon

n

in every 10 or 100 nillion pis

However, the quality of the error corre

3
~
D
3

varies from plaver to plaver. Deoerd:nc

Strategy used, the theoretical Probapilty of

rt

can vary from quite often to aimos

L
pou
M
i}
3
N

decoding strategies are shown in figure, anc

Correction performance ig shown in figure 1
Strategy, numner; = ke oo .
3y 3 1is clearly mus+ better., 4 = oLl
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Jies 2 ang 3 Strateg) 2,3} uses the C1 decndoy Trossess D
and the ¢ decoder Trom Sifatec. o, This illj%l?ﬁj@¢ -

of different error Conditions ~n Lh® succegs - Tha “irrection
Strategy. For examgls, Stratege 3 34 Sugeariso- TN i ma Z
PO gy because 07 tts ADI Lo D2iTE are Srenalata s SIS 2looins
ct 1y bits, known as Channe; ivs, Using a o SlOTIona e Which

assigns ap arbitrary ang unambiguong word of jg4 Dizs -- egach g

hit Word; a part of the lookuyp table ig shown i- Tabls

In EFM, 2ach 1-pirs WOrds ie translat;ﬁ e = Lt WG

O]
f—h
f_h
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3
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93]
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Cchanne] word can

bitsymbo]sg have Many similar Patterns for example 4+ che  yere

wrong, 0000103 would be Confuseqd 00010171, Witk ooiol i Ords
More  unique Patterns canp be Selecteds, FEM thyse Sresd 5N kina

error cOrrection,



O contra_ lead longen .

Tronge
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To achieve pit

tions are selected in which more than two bur _css Tnan

appear continuously. Only 247 combinations S2Tiafy thas

Criteria. With these patterns, the nminimupr - newes

the signal is limited DY the recording densitv. =2rd =ne

-

inversion width is limited v cre clock Simoanvs caesd e

version is thus a compromise between several conditiors,

~J

only 256 patterns are needed, 11 of the 25

ractern are

(t7 0 of them used for subcode sunchronization wycrds
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3. FRAME FORMAT

Because ¢he Must e o T Kivg T
is necessary. Therefore the cdara streanm =5 EDILT oun irsn

FEach frame containg:

h
[N
i
o

"
T

n

~& synchronization pattern o
~24 data symbols of 8 bits each
-8 error Correction parity symbols of 8 bits each,

-a control g display symbol of 8 bitsg.

The 16-bit data v Oords are each split up into tv o

symbols v hich are feg into the modulation circots.

- LN o~ S -
! {TiCrn acn svmneol DK

M

r

tt
D

nel bits. The synchronization pattern consist

plus 3 bits for merging and loy frequency suporessior.

-

The total number 2 Cnannel rits oar s
TSINC Daztern 1Z4 Srannel s
-control & display P L% 14 chanrnszl ~ir

-data : Z4 x 14 Channel 5its
T€rror correction : 8 x 14 Channel hits
-merging and LF suppression : 34 3 cha itz

Total

(51

63}
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CD PLAYER DESIGN

INTRODUCTION -

A Compact Disk Player ig SEchaly The mos
Sophisticated and electronically complex ciece of nore
entertainment equipment  +q 2Ver reach the CENsSUmer.This  upae

£
i

aver,

Provides the design aspects of ¢n p

THE BLOCK DIAGRAM FUNCTIONAL COMPONENTS :

A Block Diagram of cp Plaver i: shown in  the

figure.The concentrated spot orn tO the informa=-ion laver reads
the signal,which has been recordan O The zZizc iz - Jlglzalls

Encoded Torm,
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PLAYER OVER VIEW :

The CD Player contains two primary
1 ) The audio data processing

2 ) Servec and corntrol system,

el e Lt
Che signas ©

The data path

( carrying information derived from the moculatac

from the disk ) through a seriles

n

n

<
7
ct

]
t

bdu

circuits,ultimately yielding a stereo analog signal.The data

of a contemporary CD Player consists of elements such as

SIGNAL PROCESSING PART :-

1 ) Analog signal processocr [AS

2 ) DIgital signal processor [DSP

POWER DRIVER :-

S
)]
(D

)
(
g
A
[
)
3
)

CONTROLLER -

* Micro Processor {(uP)

DATA CONVERSION PART :-

* Digital tc analoc convertor |

™ S0
Z.)/ =



The servo Control and display system must direct the
mechanical operation of the player including.

X T 57 4 .,
A opindice Jrive

* Auto Trackin

Ko

* Autc Focus
and the user interface to the player's controls anc 1sp
The CD Player employs a read out svstem using 2
semiconductor laser.A non contact means 1is reguired to read
data,maintain the laser beam's focus and tracx viz  spiral.The
result 1is a highly scophisticated pick wup,uatilizing complex
optical devices within serve loops.The servo use electrical

signals from the

169]
i
y
k!
1

ick up to control motors

el

adjust the pick up's position horizontally anc vertically

relative to the disk surface.

A Spindle motor 1is used to rotats T2 dLis! Wit
linear velocitv.Thus the d1s< Tusc ar its speec

3

depending on where the pick up is locatead ucnderneatn tLhe

{a

surface.In another , servo loop information from the data 1tself
is used to determine the correct rotating speed and maintain the

proper data output rate.

The micro processor monitors User  Zontrols
and their interface to the plaver's circultry.Variois of
player operation are contrclled bv the s/w.Subh ccde daza p.ays an
important role 1in directing the DICK up T ST oper T3
locaticn.For example,a cCime Cod=2 1S usad o Ll = ohe sTare
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is recoverad

o

Once the dat

oy

fod
O
<
C

b
D
Q
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N
ot
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A
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3

must decode the audic information

nal.The Eight To Fourteen Moduiated (7

,errors are detected and corrected bY decoding Ths arro: Tobahetobe

tion algorithm,and the audici:ic »f grcss  &7707Ts L8 mLT LTS
through interpolation and muting.in Many olayers ,Tihils COrx

data 1is output through a digital serial <transmission interiacs

pefore also being processed into an analog wavs form.

Digital Filters are used to over sample tne signa.
so that image components may be easily removed with gJentle anaiog

2

output filters.The digital data must dDe Ccorval

)
oY
@)
oy}
1

analog signal ,this reguires one or two D/A convertors and analos
low pass filters.

A final 9output circuit is notaing more  than  an
interface +to outside world.I: ensures that the =zlavar' s 000
level output is appropriate o drive externel Zmoliiliers viTro 2

minimum amount of analog distortion.

NOTE :-
The electrical design of CD Players has under gone

three evolutionary steps since the format's iniroductlion.

o]

1 ) FIRST GENERATION PLAYF]
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FIRST GENERATION PLAYER

First Generation player uses rultli-bit D/7
convertors followed by analocg brick wall lte co  oeriorm
conversion and filtering of the signal.

SFCOND GENERATION PLAYER
This uses mulfi-bit D/A convertors anc  digital

over sampling filter which is placed

THIRD GENERATION PLAYER

Our Project 1s pased on

have used low bit D/A convertor and d

ey

- were possible by the advent of powert

'—.Y
[§e]

.

37

ita

this

LtatesT

prior toc the convertors.



PICK UP DESIGN :-

The CD 1is certainly one of tne ~—osT  advanced
cirorage media availanie.Une Teasci 18 &-F : - . :

L/
=
]
-
j
e
=)
jet
ot
(
¥
o
ti
7
1
(s
®]
S
j&3)
jo

The oovtical

@]
=]
(W)
Fh
ot
3
0]

fhe data spiral.The entire lens assemblv,a combinatic
laser source and the reader,must Dbe small enough to glide
laterally beneath the disk,moving in response t0C tracking

information and user random access programming.

The pick up must maintain focussing ané tracking

even under adverse playing conditions such as ©h= flaying o©f &

3

dirty disc or impact and vibratic

OPTICAL REQUIREMENTS :-
The princio some optica. rejuirements IO

v

v

the readout of a digitally encoded signal from a disk by means oi

scanning spot are described.

BASIC OPTICS FOR READING :-

The basic optics for reading are s10wWn -7 Zigure.This

lens +to concentrate a spot on zo the information laver  of A
jo! C Tatestor

disc,a Dbeam splitter and z pin fdiode as a ©hoT

converts to electrical current.



Ui

The optical principle of non-contact resad out 1L

based on diffraction theory.Though this phenomencn v means of  a

@]
Q
9]
o
[
}

.

o3

narrow slot is well known,an analiogous situaziocn tha

light beam impinges on a reflective signal surface with pi: like

£

9]

[
[oN]
M
ot
5
M
]
3

A

depressions.In the case of a flat sur

(

all the 1light is reflected ,where as if a pit 1is present,the
major part of the light is scattered and substantially less iight

is detected by the photo detector.

OPTICAL PICK UP :-

In the CD system the optical pick ur
detects the optical signal so it can be callied the heart of the
CD system.

The very important requirements for the pick up as
1 ) It Must Be small
= 1+ Zt must be able fTo correctly rezn Tre  FIonal
ander any 4fage concililons.

3 ) It Must be inexpensive i.e It must be easy to

croduc

®
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LASER DIODE :-
The light source used in the CD system is =

semi conductor Aluminum Galium Arsenide Ca As;  Lass=zg
Diode,it must satisfy the following conditions.

1Y T2 must be small . >e buiit Into
optical pick up.

2 )It uses coherent light in order to focus on an
exceedingly small spot.

3 )Enough 1light intensity for read out must ©&He
provided.

our Al Ga As semiconductor iaser dircde satisiv T2

above requirements.The specifications of such a laser diode ars
the following

Wave Length = 0.78 to 0.83 ur

Longitudinal Mcde = multiple

When the 1light from the laser diode s returned from the

reflective surface of the disc, it has an eifect on the Tight

generating characteristics of the laser diode and cenerates

optical noise fluctuations. Thus 2 rultinie lcocngitudinal

mode 1s necessary to prevent ithe phenomenon. = copica

and optical and electrical characteristics ars sSrown 1n TLc
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Advantages of Al Ga As laser diode :-

5.

Power handlec¢ is high
Spectral width 0.7 nm

Coupling is good. (co

}
i

5
L

n

The signa

It operates on both

transverse mode

Disadvantages

1.

3.

Threshold current is
Short working hours.

Complex.

lcss 15 less

constant

W

itn

fet



LENS ASSEMBLY:-

Originally a combination lens 2 grousns, - siaces
like that was used in the CD system. This was verv Zuxpensive. Tne
lens requirement can be best described by means of Nunerical
Aperture [ NA&A .

Owing to diffraction at the lesns aperture, the
light beam has a limited value. It is well known that when a beam

with uniform distribution of f1

projects a pattern known as

ux is incident

to

Array disk. The diameter of

2 ‘ons, the beam

the first

2

ring, in which about 84% of the energy is concentrated, is
given roughly bv,

1.22 * Wave length/ Numerical aperture

If the strength is defined as 1 / e { =2 is the
base of natural log ), then the effective beam diamezer is givan
by,

J.82 % Numerical apesrtors

From these egquations, 1t can be calculated that to focus on a
small spot it is better to have a smaller and a larger NA. But NA
also defines the following important factors,
Depth of focus 1s proportional to Wave length T
Allowance for skew(tilt)is proportional to Wave _znotn (N2
Allowance for wariacions Lo 7is thickness 1= RS ERRN
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For These Reasons,and NA which satisfies the a20quation

LR o recommendod,

Wave .ength / NA <= 1,753

+

My
o

must  be within the rangs of 0,15 =g 2.50  in

=4

Accordingly,

compination with =he wave tenctn of the Laszer Drnade

MODULATION TRANSFER FUNCTION (MTF )

MTF is the frequency characteristics of the
optical channel.In other words it is the ©oarameter which
determines the smallest size of pits that can be detected.To make

transfer “uncoior

W

this determination,the optic

il
Y
]
H
o
0
0]
=t

3

and expressed by a complex number .MTF is the zhsoliu-o

[
W
3
0
Hh
m
4

of OTF.The ©phase +term of O7TF is callea tne Phase -
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correlation function in +the fecllowing equat-on,
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Where x > xo.Y%ere ¥ shows he 3 Trecusn oy, e >3
the ontical Cut orTre0 is eunresses = : - iave
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xo = 2NA / Wave length

As shown in figure it is the form of low ovass Zilter{LDr

In the case cf a D,

J.780 wBm

il

Wave length

o]
-
;

R
i

NA = J.45

'..AJ
b
U
i
*
p—
<

Spatial cut off freguency is xo=

In other words,the optical system can detect pits as dense as

1154 per mm.

The smallest pit of a CD is about 0.87 nmicro

metre at a linear velocity of 1.25 metre per second.If the track

3

were occupied by these pits,the spatial freguency would be.

* 2y = 0 _ 331 *

L/ 70.87micro metre

{2
-
B
Y
¢t
)

The wide band characteristics facilities acc

= 1 Ny A SET 4 - N o v 3
reading orf the D2t moduiatio o a o TADCGD
In terms of TENPpOrac Treaguancy,Tnhe T S

Il
}.,.“J
I~
ES
=
oy
N

frequency is 2 NA / Wave length * v

Where the linear velocity v = 1.25 m/s
All the above eguations are for ideal optics and ideal

conditions.



ACTUATOR: -

It 1S atctacned at the o o the

up.Since it is enough to work Iin

(f
D
of
=
I}
0
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t+
pt
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e
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Swing - Arm system.Actuatcor 2s magnet and a ob:z

made into a single piece which is supportec o 3 izt spring.Tnis
is moved up and down by =he focus ccil.CN ths otner hand.the

slight type must have some degree of freedom in both fcocus and

ct
b
ko]
]
@]
Q)
9}
¢t
jo
o))
t
O
[
n

tracking direction.The requirements for this
are as,
1 ) Cut-off frequency fo (fig iv jard the peak

here must be appropriate for the servo resgonse.

2  The seccndary rasponse iLred iz much
higher than the cut off frequency of the servce ioown.

3 ) Good electrical sensitivitv.i{Sma’ i size,low
power consumption)

4 NC  moTior LS S G i ar-ToR ol oh el S s >
supported to have a degree oI Irzadom.

Here introduce two typses of @ two axis

devices which 1s wused to attain in focus and tracking
direction.It has an off-center objective lens ant an axzs Of

rotation at the center.The lens rotation around ©/is axis ¢1vas

n

trackinc while it moves up and cown tThe centrar avl






DETECTOR :-

The detector's shaps and size are fde-ermired o mne
optical design and the methods used o operate the focus and
tracking servos.Here a twin spct and astigmatisn combination that

ystem.Tnis 1s ore

n

as commonly used the detectlon with the D
in which a pin photo diode is divided according to the shaps of
returning beam.So that when the cathode is commom with a reverse
bias across it,a current flows when light strikes it optical to

electrical conversion.

Thus an (A + C) - { B + D) operaticn givezs the
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} J
0]
6]
&)
)
]
¢t
iy
3]
@]

focus error signal and ( E - F) ope
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Auto Tracking

The Spiral pit tracy or a2 C0, running frow o Mk e
nearly to the edge, makes, 22, 1388 laps over a 35.% =m -—radial
distance A disc ulat s »ir Zenztre micht exhibic TR prnoe: -
ity of as much as 300 ums, which i3 tne eguva ent  o- 50 oLt

tracks. in addition vibration can challenge the pickip's ability
to track within a + 0.1 micrometer tolerance. We have clevised

four methods for tracking the pit spiral (i) one bean cush-pull

(i1} one-beam differential phase detection (iii cnaz-h2am high

freguency wobble (iv) Three beam.

Within 600.000 pits per second flying Past, <the optical
pickup has its work cutout for it. The disc specifications ackno-

ledge this by allowing for a vertical deflectior of < 2 microme-

ter tolerance. Otherwise the phase along with auvdic “cta as  wel’

as in tracking information. The nbhijective lens rust -rarofors ne

S . Coilo

j1
=
P

¢

{

3

ct

able +to refocs as the system manages =hi

electronics and a servo avaiiable for generatinc :

signal.
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wavelength apart. The light diffracts when the resulting collec-

L

tion is again focused. Tt will appear as sincl. obright, concen-

.

trated beam with a =series »7 =zuccessively

J

t
il
4]
J
D
)

¢

either side. This diffraction pattern that ac-uaily strikes +the

disc. Three beam pickup uses the centre beam for reading data and

h

oI tracking onl

focusing and two secondary beams
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A polarization beam splitter (PBS) directs the

A
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to the disc surface and angles the refelected tigrz o
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sensor. The PBS consists

face acting as a polarizing ator tThe TES

the light then passes throu
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[
v
m
v
ot
]

th

anticotropic material that rotates the plane cf polarization o

the light beams. Reflected light from disc back again throuch £hse

o)
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flect the reflected peam towars the 0«
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the digital data.

The data encoded on the disc now determines the fate of the

)

coth  interval

n
3
O

laser light. When the spot strikes land. The

between two pits. The light i1s almost totally reflzcted wnen 1%

O
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strikes a pit with a depth in the transparent
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to interference cause light return through the ockiective lense.

The QWP collimator lens and the PBS. Finally trhev vass througn a

single lens and a cylinderical lens enroute to the chotodiode.
Three veam Auto Focus
In a 3 beam player, tne unigue propercties o7 astigmatism are

cal lens Just

4
}_.J.

used to acheive automatic focusing. The cylince:

®
0
oy
O
et
o)
jon
-
Q
Qs
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prefacing the photodiode. The change in image on tn

generates focus correction signal. The four-ceoatrcant rhotodiode
uses the light's intensit eval Trom each Ol - zuaorants e

rate focus correction voitages. An . _iutTical  pat

D

gen

mainly striking quardrants A&T. when the disc 1= °

5
.l

voltage is created from the round rattern. An > 1iostical pattern

striwing guardrants 330 00T “he dIsC i x
~reates a negative volzacs. Tag = 2 o LoTEs
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- g H P P E 2 e N = =
Gata Lrom the disc ’:;bl_ﬂg 33140 summed Trom oo EOUYr—graioac T

photo diode (A-B+C+D).

The correction voltage alsco Jenerates g sicna in
the form of {A—(A—{B—D))]. This control con-ro = inpus  the
mechanical moticn of the servomorss-. nen 4 Soer LT adie

initial focus is acneived vy injecting a sigrail onTective  lens

To move up and down several times untii a focus conditicn is

U

found. The focus maintaining with a tolerance of aporoxima-elw 4

0.5 micrometer.

THREE BEAM AUTO TRACKING

The secondary beams are vsed Zor auco tracxing. The cerncre

beam which carries the information from the disc is accompanied

F~
O
3
W
I
cf
b
6]

clnt of agenerat

h

by the two Secondary beams from the

diffraction crating. The Trac:: ST s S St e
surface and are reflected. Their —arying intensi-: arte =

two. Separate photo diodes mounted alongside the feur Juadrant

photo diode.

The centre heam SPOt covers the wit fracl . F = Ihe T
tracking beams are aligned akbcve . helow ansg =- TLTNEC 3ice of o2
contre beam. Their relative Losition is Firmiy fived ner “he
beam is tracking the disc propa cart of cach CrECKInG seanm T

zligned on the pit edge. Thz ~tha- Sert  covers oo eI atioral

N
1
;
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[
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land Detween

QWP  and PBS. The main beam s+rii
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As the three Spots drift o sither S.ce O fheDit crade The

amount of light reflected fron the trackirg

less average light intensity reflected by +he beam whionk

ters more pits are andg Greater reflected InTenslTy from g

which 2ncounters less DaDoAares . The ralatioa - oo Bilaots
the two tracking ohoto diodes from a tracking correctic: signal
(F=E).

The varying output from the tracking phote diodes is  con-

verted into a useful correction signals. Because the <tracking

beams are aligned to different areas of +he disc.

the leading beam is delayed 50 micro seconds to cermit comparison
N The bDasic of the sare SiT oas if they wers ro=s - —h o
Simultaneously. If the trackirg signal is perZec—i aligned +he

difference is zero. if the beams drift a differential signal 1is

Fhy

o

y

i

generated varying Positivelv far 3 lef

ht dri

tt

—
[

2 Y

NO

THREE BEAM PICKUP MECHANISM

In many designs tracking and focus differencse signals are

applied to a two axis actw.ator. Within a forvs Tracking coil andé

I
e
W
i
~
{

/
x

a permanent magnet. The Lo

]

the base with 3 circular magnet ringing it., =z circular  voke

supports a bobbin containine both the focas AUC Tracking  ooila,

Control voltages from the focus zircuit are apoiled ©2 thas hohhin
focus  =oil  and it moves <t and down wish : . S B
magnet, The OL ENUSiaintains derth 5T T - ~op







is of movement frem =ic- b side g TTnley s Taok
accuracy.  When the tracking different siora. .= applies - Tne

coll the bobbin SWINgs around a shaft to TOVE Tne silateral s

the direction directed TYothe polarity of = Flanal 85 the  oms
laser bheam is again concentrated and the tracking signal is aga:in

z2aroed,

A  three beam pick requires a linear movement because the

o3
D

ot

three beams must stay in a fixed position relative tce  +h

.
e}
b

8]
ct
=)
3
<
0
0

track. The three beam pickup is thus mounted in 2 s.ed +ti

radially across tne disc. The sied can be ¢rivan 5y a lead screw
the pitch of the screws thread is a comprcemics TRTwesn the Tiec
fast reverse. in some design a threnas <

used to achieve disc access and a movable mirror 1s inserted into

the laser's path =o detect the bean quic<iy =5  sancdia 3mall

LTlerences, RO T I coTenTrroI T SO S =
T 5l = MIOTIOCE T Lrontica cmees i - s — e
21 0Ns use Ltinear moTorz oo - LTS 83MOe : (S K¢ B z

the pickup across the disc surface.



Integrated Pickup

This is an area irn

things, including cp Dickuvs is toward Miniatur z: -1 on ANC ratrer
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semi conductor processes and +he ~1gnt is Foous-- Oothe disc,

laser diode 1s attached

formance has not come up
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emerge.
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MECHANISM

U@Dending upor o I STos B T Inoce e = -
slide mechanisms but the following three are o LYouUsea in oh

players,

Aat 1s snown + LG ., L

P O T ey e o : % :
e NIRRT ST 8 SR P E L ool

0
i

mechanism. As was mentioned earlier this differs “rom The other
two and the tracking mechanism is a single unit, With the track

taking the form of a Cclrcular arc, Because of =~ = & :. neces~

sar for the servos teo ~o fromoa singla b Tk
example focus error detection uses The Focaulr ake lracik-
ing error detection the fugnh-Pull re LET g ora

which an  arm with relatively low inertia is TN ey ir

niddie byoa pivor. With el Tiao o Sy ) e o
- fo i 4 ~ - ~ e ey - N S
on Che other £o maint: R e lance - b :







the drive coils housed in the arm.

tached to the chassis. So +thar it takes the Form  of
motor. Since there is only one MOVING part ir o+ g o
the reliability of the mecranism 1s good ru- s ot
Pickup is moved a large drive mass 18  1nescazoania
response  of  the devica, tno i3 oy
that low freguencvy secondary resonation g easi rod
2) Rack-and-pinion or Screw methods

These use a two-axis device for trackine and are
which the entire device is moved by means of  : Tack
set-up  or device screw. Wren tnis L5 Ues :
slice, SPring on the ner SOLNT BuDDors for -
device serves to produce the Do component ard ths 54

by means of this DcC component .

movement that follows the track and keeps to center ~F
Cal  axis, With chis SVETer SE N o - -

ne packlash with the GEATS oY sovew, 17 thaos L3 LTE
tion con easily cause the tracking servo to siic, or t

T

be an area in which the servo lacks sensitivi

5

other mechanisms these Fave slow ATTo8s, meoo- B
Inexpenzive they are often .cnes Tomeons =

The permanen+ magnet

13
Tive
AT T 1
T .
/':

machine

(D

The two axes usually make

a.!,\e

oDt:
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3)linear motor system

This is used when great imovortance ig 1ttacned
things like CD—ROMS. The construction 15 orn SRS
Support g moving section ln which the Ooptical
and  the drive COLll is artzona IO the gseosi- T s
Magnets are attached to slide vyokes and +tw-s magnsa
poles (N for example) facing each Other. Magnetic =
magnets forming the center and side yoke loops and
between the magnets and the yoke. The drive coil i
this gap and power is generated by the flow of curr
to Fleming's rule (F=Bil B:i:density of magnetic £y
l: effective length of coill, Ir fig., There -5
O Tne  side Opposite tne ciri o SCii, and =Ao= e
Sensor. That ig, Since ir Gives rise to rhe ECua T
electromotive force generateg by the speed senscr,
length of coil, wv: velocicy ~f -inear rotcyr: -n
linear nmotor €an be monitoraes oY means of The oo

terminal. When

Speed profile (in order

to make the move in

stablished

time-speed curve for +the distance to he
leading to the desired track LS e

to  apply breaking to the MOvYing mechanism.
linear motor follows +he DC component

the same as in (2).

Lilke

Something is accessed using a -

s

o

ne

moved

and

TO access In
LR TwWD Qe s

e}

ts  have Like
lux leaves the
Creates a gag
S 2ituated ip

en: according
I Current,
&n0ther oni
SN e=R1-- o
1: effective
23Y motor a
1rum time, the
e optimized
e Drofilic ans
i whick  sna




Spindle Servo (Constant Linear Velocity). The specificd CD linear specd ivii-
cally 1s 1.25 my/s. but a speed of 1.2 1o 1.4 m/s is permissible. On the other hand.
a CD player must rotate the disk at exactly the same speed as when the signal w
recorded in mastering. Spindle servo control is accomplished in 1w seguen
stages as follows (Fig. 9.30):

as

Crystol ] ;ingepce l
i gnoi i

— » O
3 i
-

HE signal
fram picxup

.

e ST
: 2

}

FIG. Q300 Spandie servo (01

1. Pudicon stage: The disk spendic '
it rotates within the capture range of thie phase-tock teop (PLEL wsed
recovery. In most cases this 1s done by detecting the 7., {the longes:
length) or T, (the shortest signal length).

2. Lock stage: After confirming that the PLL is in lock condition, the s
motor 1s locked to the reference signal from the crystal in the digital signai
processor.
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1. Foucs servo Circuit - This servg Circuit cor:
movement of the 2 axis device ang duarantees that the focal woin-

of the 1laser beam is brecisely on the mirror Surface of the

§

2. Tracking Servo Circuit This Circuix+ C2NTrels the
horizontal movement of +he 2~axis device ang I0rces  tho Llaseyr

beam to follow the tracks on the compact disc.,

4. Disc motor Servo circuit This circuic ConTrels tne Sreed

of the disc motor, Juaranteeing that the optica; Pick-up

. . - .
ol oo e o e -y N e
e o ~ N\ -
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e
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-~ o NN
~ o s il S

follows the compacs di

U

1 PN T~ Ty —~ IR
i0e Iocus SErvo Clrcuit
T e 25 VO —

Detection of the correct focal points. Tre reflected laser

beam ig directed to the main Spot detector, an array  of  four

n

photodiodes labelieg &, B, C and D when tre focu
falls €qually on the four diodes arg the four erypr signal
{B+D) is zero Oon the other hand, when tne Deam is nyur ar Tocus oy

1

€rror signal; ig dgenerated becayse the bean

lox
D
o7
3
3
&)
0]
03]
)
6]
rt
-y
H
O
o}
N

)
3

cylindrical lens, which makes the beam 2iliptic <. frape tn-

i
{h

O3

result  feoeons €rror signai from zna MALN spot Sa

(BTD) isg therefore no zero,






Tre focus search clrcuit

Where

a

between the 2 - axis device and the disc =
focus emx signal is zero ard tne Faeoc servoe -
Therefore, a focus Searcn Circuit is hasas

disc is loaded, moves the 2 axis device slowly
output of the four photodicder are combined in
(ie AtBtCtD) to form a radio freguency (Rf) sic

sent the data bits read from the disc when the
a threshold level, tne focus szerwvo is enanhie ar
2 axis device for a zerc focus error signal.
Flgl shows the three possinle tracking s
optical pick-up follows the disc track. 1In =+

main spot detector is not curren=1- tracked an
o1 w2 side spot deteccor Jives - arca
the transversed in fig , on the other nand, tho

tor is correctly track and bhoth sides

output signals.
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DIGITAL SIGNAL PROCESSING

Digitajl Signal Processing ‘pgn. 1s & FOWETET ST
in  fact Without psr the ¢j System wonid non se - Lable e £
It is pgp that rermits error :orrection, digitas filzerixb. g -

DIt DA Collversion zndg Ctner Srocia, oo Olave: herar oae SeT ore
wWe  tackle the important topics of digital filtering ENC low-hi+

conversion, let'g take 3 ook g+ DsSp.

)
0]
D
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DSP is 4 technology used to Analyze, Manipulata -

Signals in the digital domain. gz Signal is 4 Time-hsgagd Seruenca

v

imoortan- FOT examna
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in  which the ordering of

digital audic signais makes sense ant can pe Processag
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application °of general data Processin
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DSP  is the WOrkhorse of modern enqineer;ng>
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Systems data transfer between SOomputers, -
Plexers., DSp image processing 15 used to  prccess photographs

received freop Orbiting from Orbiting Satellites, Telev:sior

Studios use digital signal Processing technigues TOY s LEtIn

Picture Signals. Other applications include robotics, Nachine

Vision, pattern Fecogniticn, digital television,
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tion, fiight Simulators, missile S Torpedo Sontrot Vonrat s
analyzers, navigation Systems, automobile anti-jac. srakes
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signal processing. An audio DSP system is in reality 3 computer

dedicated to the Processing of audio signals.

Advantages and disadvantages

In theory, digital signai Processing lige Slgital gaudis -

general, provides many performarnce advantages cva- ana.oc osig

b
s

3 &

processing. Digital PYocessing is mor prec

and it can perform operations that are impossinle with anal g

technigues. Noise and 54 100 oan e i R
autc  Zidelity is TUIN Nloner, Ta Feroen s nrmE o T e
cuits age, 1lose calibration and are Susceptible +g Camage in

laser environments. DSP circuits cannot lose calibration and are

much more robust. In that respect the technolocy ‘g o]

n

everyaay (SRS

for consumer applications

puts great wear on products.,
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However pap R Simo

challenge hecomes APPAYONt when design enginee-o LEGIn o g
the hardware ang software needod +to Procoss e “Slona’

Sy

i

[

from the sheer volume of Computations needoco,
cult problems can arise. For example, triuncoci - errors  ocoone
when the numerical result of - Calculations wyg- - L7 acditio=

limited <o a Certain numher of i

of  the number. If 4 number such ag 2.88 was Simoiv runcated =~
2.0 a considerable €rror would occur and the a2rroy WOUld  he
compounded as many calculations take place, eacr 1S1°¢  trincatecs

results. The resulting numerica] Srror would he nanifested as -

i
'

distortion of the output signal. To aveis Tois ozl orgr Somputa-

tions on audio Signals must be oL e¥tremsin =

requires long worg lengths manv DSP chips EMpLloy Gigita] words

that are 32 bits in length of longer.

I addition even zimnle SE overasi~ors o RS -0 S@ o
e 1 < . - .
intermediate Calculations ard . = T

f

n

hundreds of Operations. To accompiish this, trhe nardware mu
execute the Steps very quickly. Because all compitaticns must Ce
accomplished in real time~thar is the svar of gne samnle  perieas

A

(perhaps 22 microseconds) - tne FLOCessing speed -1 en - vVster - -

:
)
b
\
b
1
)
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-
0
i
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1

Crucial. pgp Chips must often process iy

instructions Per seconds in fg-~r OSSP chine

n

Processors in use,
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FILTER DESIGKN

Classic digital design i

at  the input ang

Systems,

POse of filterine and the advar

discussion MUST begin wicy Lo

Analog Filters
Filtering 15 a fact of 1
anti—aliasing filter muss
Nyquist theorem's
Sampling,
out alil frequencies above the
Signal at the output of the
pulse amplitude modulation wav

easily spotted

removed tg Create & Smeoth ave

quency Colmponents, Even when

gentle analog Smoothing filter

It is the Output filtar,

form., Although the idea of smooxt

high frequencies ig entirely

S1s  shows the inner workings.,

impulse response.Thix nearn s

Sample {gof infinite wid=h
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Cirve, as shown in fige, . IFf the low=pass “1l-er has ¢ cuToff
frecuency at the half—sampling point {f /2% thar “he =
Curve passes through zero at multipies of LAE

When a series of audio samples passes tarcuc SN2 SliTer

ju-—

the resulting waveform is +he summation of 211  rhe incividua

sin(x)/x contributions of the individual sanpi=2s, as  shown

s

fre

fig - Each sample's impulsge Tesponse 1is zero a- +ne 1/f Dogi-
s

tion of any other sample's maximum response. The outou: waveform
has the value of each sample at samplie and ths  summed e
sponse of the impulse of all samples in PeEtwesT  sanpla noints
This superpositicn 0T individua: impuissa resuits in 3
output waveform that is identical to the input low-pzss filterers

92}
b
ot
r
J
)

{
{

audio waveform. T+ is thus the filer's impulse response

R R =

. e P

V3]

oy
[

AudIC samplisg tha

2

Sharp - eyed readers might cuestion the need =c WOTYY  anouc

¢

frequency such as 88.2 or 176.4 KHz. since they lie s Tar above

the limits of audibility. Why waste money on a filter yher the

th

fective =2- TiiTaring 2vert T

2ar itself s rather o

fod o
I

Or 25 KHz? The original waveforrm isg reproduced -
but the accompanying image bards Couid stress =r=a plavearis DaToUR

amplifier or cause iuc%fm&duiﬁtiodj downstrean ana .o 2gulsmen =

1 3 ~ T e = 1 . - - =
nal passes, Ior 2Xanple, tha YT -

through which the sj

b
Q

COmponents might ~reate intermsliacy g - SUTBONerts it hszanioae o

L

frequencies of witk the high-7 - eaguercy Dias currsrt - o 0 ELO

— — g

&3]
'\tﬂ.l
-
U
[
]
o}
1
T
i
r
i
9]
3

tape recorder. That, in furn could add

signal. Filtering is therefore mandateq,



IDEAL, FILTERS

Because engineers have been designing FRAaloO Fileag 0T s
long  time. we would expect litt. e trounie WitThn otk SArTiculiar
assignment, Both the input ang PUTpuUt filters Can shars

designs  and the design STLTarLe oar s SASIL i e s SEER N
we would like to attenuate a1 audio frequenc: esg anocve the naif -

Sampling frequency without affecting the lowar augic instantane-

Ously so that the usable bandspace is extended as
in order to vield an extended ana flat frequency Tesponse. 7Thus
an  ideal filter, such a8 the one ip fig., wouila ~ave oz
bPass-band (the audio range the “ilter passes.
brickwalls filtering Characteriscico and a stop-ba

Cies +the filter eliminaces: SR

dquantiiies resolution. 1p addition +o these

Criteria, an ideal filter woulg not affect the Prase or any

time-domain Characterise: -~ SEOTne Siconat

ACTUAL FILTERS

Although an ideal filter may he approximated, in Practice
its implementation presents a rumber of engineering “nallenges, 2
brickwalil design régquires coémpromise in Other Srecific
such as flag¢ pass-band ang 10w phase distortior, SO alleviare
these problems inherent ip 4 Prlckwall response Ve o o Gesig
filters with more gradual cutefrs which woulg Not  exhinits Shass

nonlinearityo However «he ~reduency 5f -

would have to be lnCreased w0 maxKes sure thnat i gaa



stfficiently attenuated part «f

b~ e T v £ 3
shown in fi

€6

is the case

frequency would be needed to aCnieve the s
CY response. Tc limit the sampiing rate an

bandspace

both input

unless, as we shall see later, =che techni

employed to increase the sampling rate,

Let's consider an analog output filte

found in some early compact disc nia

vVer

44.1 KHz, the output filters {one for

designed for flat response from IDC to 20
guard-band of asouz I KHz £ an= e oThaz
clent at the half-sampling soint. fhe

exhibits some frequency response irregul

which is tvpicallv soecified =~ 20 less th
e N Feli Tia o~ o - . o~y ey
sented in ficg, « Uhe stoc-nant s

Tdeal a 16 bit system would

word length.
attenuation

exhibits ripple.

of greater than 95 3R. The stop-ban

r characterigtioc. Thig
tl a ~igher gampling
ame fiat audic Trac -
d make 7ull use oF the
a rtrickwalil Filter at

the only altserna-ive

que of oversamp . ing is

r design, such a

With a sampling rate ~€
n channeli’' are usuailv
KHz . This orovides »
sass—kbanc andoubtedlv
arity. czlled ~iople,
an -+ . fRLoas raonro-

require a stcp-band

d also



CASCADE FILTER DESIGN

Although there are nary types

of

are  able tq achieve ftne Performance

th

Ccr

I E. N ~
L LTy NN -ans,
lteris TR0 red

fidelity digital audio System. One filter Type

an elliptical filter, SCmat meg called

denerally uses g Low-pass filter Combined

Notch filter to Sharpen the cutof

f,

filter interact with each Other,

r

2d a Caes =
The elerenrsg
making t+he-

design, High Precision Parts are 33144 requirecd,

Basic filter elements of various Types

(repeateq in Series) to Sharpen
Cascaded Stages ig increasei, the

Until the idea: filter Trediienoy

Y as the Cutoff Stecrans

f—t

“Unate

t

he

~
e

o~

utof £,

well, Compact disc Players might Tequire ninth

characteristics such ag tThose 3

73]

(

the phase Shift shown in fac.,

KHz. Thig Phase shift introduces nonli

audio band.

The resulting group delav g

the Change of Phase Shift witp re

Qown  ip fig looks ilke =-e utelah

s

fre uencies tq be Shifted :in time
g

frequencies. The delay lncreasas
47 analog filter ip ;5 CD plaver

SMeAr  in the Signal. {;ltrascr;c

IR S

j83)

delaveq "forevern Which is hou they

icC

ig

J
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T
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~Crder
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near tine delay
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Absolute non—frequency dependen= Phase skirs i3 inaadibleﬁ

Recordings of Enrice Caruso maw hHe Ninetw Ye2ars o4&, wWhlch 1g

lot of time delay. but the - Buffers ne Cistortion S that
account, because all of the frequencies of the Tecording have

been delayed is differenst oV the SMOUnt, By recuancy 2hdn
group delay ig different. Conceptually W&  might Such

delay to the worst case example of an extrenelv Strange lona-
Speaker in which the tweeter jg located 3 mile behing the woofer.

If Properly equalized, Steady-state tones woula 50und fine, 2uat

when the tone endeg We would hear sound €manating from thne tweer-
€r a fuli s Seconds after the scung from the OO T AT endas
Conversely, at the OCnset of 4 Tone, the cwWeeter g fITack oulc
arrive 3 seconds. 3Sych iong frequency~iependeit TLBYE S wal A
obviously be audible, What aboyu+s d real brickwa:: flter, in whicn
delay a¢ 20 KHz might be 300 microeeconds relative +. - qz? zg
That audihlier The answer Nas ve= =2 be Tuil- Toman -
Mmanufactures have certainly hesitarag =% featurs .. TE e an-

Specification in ful} Color advertisements. obv;ous;; W& wonld
Prefer +o avoid any such group delays ip frequency eésponse, The

point is that the analog filtersg necessary in cp Dlavers are not

trivial design exercise,



DIGITAL FILTERS

The .digital filter used in todavis CD Dlavears iz a circult

which accept audio samples and outputs audio samp.es., Tn oas
words, it is a DSP application. filtering tnkes PiiC2  fraciszels

because the values of the outpu= sampbles have bLeern altered to

produce filtering. Tn this case cne digital fil-er =

process of low-pass analog filtering and the waveform reconstruc-

tion it provides. Mcreover, a technique called oversamplinc s

utilized in which additional sample values are computed by inter-—
polating between original samples. Because additiona: samples

have been generated {(perhaps two, four, or elcht times as
the sampling rate of =he outout 1s greater thar -nso inout
signal.

Each intermediaze sample s mwiciplied by  tne _Lorovriace

sin(x)/x coefficient Corresponding to itsg contribution to  the

overall impulse ~esponse  of the filter. The muitinlica-ion
Profiucte  are  surrod somaee e . SUDTUTE The outee -l -

Fagiiy 3 b T [ e P a2 o e e - 9 gy e g . ~ iy e
filtered samplie. It thus “lgitaliv simulates the imdulse oS E

of an analog filter. the spectrum of the signal is changed, with
the images appearing at multiples of the new {(oversampled) sam-
pling rate. Because the distance between the baseban¢ and side-
bands is larger, a gentle analog filter can be used TS remove the

images without causing phase shif: or Other artifacts,
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Time Delay
Rather than using a brickwalil filter =o SUDPress  the  hich

frequency image Components after the signal has Deen converted To

analog form. it is possiple TO process the digitized signal
before D/A conversion using a digital filtaer The C mechanis—

used in the digital filters found in cn piavers is +.qe delawv,

¢l

delayed signal added back to itself results in = wholly new
frequency T'eésponse called a comb filter response. 17 4 signal g
delayed by time T, as shown in figure and mixed with the origi-

hase, causing

9}

nal undelayed signal, the two will be out of

5o

is I (27,

i

cancellations at odd multiples of the frequency, tha

For eéxample, a 1 millisecond delay will Produce rotches at 500 gz

1500 gz 2500 wy» etc. .,

In the same way, digital filters use Summed delavs to oro-

]
i

duce phase cantellation in the signal ang COnseguentlivy,

ct
D
N
D
o

frequency responses,

Although the notion of filterinq use summed Celav line might
S€em unusual the Phenomenon is common in the coustical worlg.
For example a sound traveling to a microphone can take a direct
path or a reflected (delayed) path lengths Sreates z comhb filter

response.

£ shifx registers

M
Q

In a digital filter delay lines compose

o)
are used +to Create time differences in the signzi, TUurthermors
g

(

multiple delays are taken from the lins, 7or exarple s oF
3r4, and 5 microseconds will yield NOtCches at odpn TUlTiplas .=

166, 125 and 100 KHz. In addition, =ha fotches will overi:p .



- . . = ~r

attenuating all frequencies 1 that pang, - U Case orf o4
plaver'g digital filter, the ‘elayvs are Sreater o cumper azng
Specifically Calculateg £o attenuate imago SPECICa aboua the
audio band.
TRANSVERSAL FILTERS

Remembering that each Sample point of the filtereag output
Signals jig the sum of Many samples. We can demonstrate how 4

digital filter works. we lay employ 4 shift register with outpu+

taps after each delay element, a5 shown ip fig,, + Input  sam-
ples enter the shift register, The OSutput of each tap g multd -

plied by a Coefficient associated With the impulss Tesponsae  ang

Sampie.  The coefficients are tTaxer Irom cha 31 Turte g
thus impose that characteristi aen i: 0 e
' samples,

SaACh tima 4 Dew sample ig inpu+,

ter are Shifted one delay -5 the righe ans e T

Products jg Tecalculateq, Because of the Tevement or .o Samples

4Cross the Shift register, this design jis often cailies & trans-
versal filter,

A Step—by—step examole may illustrate the Tilter g Opers-
tiocn., Firgt (referring again =~ Tig © o 2ssuma That Aaes as

already shifteg through the filter, we OLserve cihs- “T2 0 Zurtpus

Sample isg equal to theT input Sample timeg the “Coefficiars plus

the T, input Sample +ipe the ¢ Coefficians 2lUs the Toinomor sample
times the (¢ Coefficient+ plus the T inputs SAmpiz -~ Ine o
2

coefficient, When the nNext new Sampla ;g entered -ra Previoyge
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A step—by—step €xXample may iiiustrate tha Tilterig Chera-

i
%«)
)
[l
Ui
n
o
i

3
6]
"
3
iy}
T

tion. First (referring again to Tig

has already shifteq through the filter. We Observe tharz the

times the C Coefficient, When the next ney Sampie ;g SNtered +he
4

bPrevioysg

Samples gpe shifteg one delay ¢ the right tq make room for =
and the Calculatign is Tepeated . Thus iy Thisg SXamols on - famsla

Shifteg through the filter r'eguires Tour multipl;ca:;cne AT Tone

additions.

In Practice 4 Number of considerations determire tne Jesign
of implemented filters, The analog Signal ;s the gum 27 the
sin(x)/x waveformg resulting Lrom each Sample. The RS Y
wavefornm extends tq infinity in both the PC8Iitive “RT . negatige

directions, so theoretically all of the Values pf thax irfinite

waveform wouig be Féquired tq Feconstryc+ the analocg 3igna; . In
Our example, above, only foyur Coefficientg TEre ugaay TOT S ng e

ly  we can  fing 4 Point op the waveform where negleot;f; any
further response Teésults jip an error less than the SVster BT

We can disregarg the rest of the fesponse valueg, Such 3z S=siun
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is called a finite impulse response (FIR) filto-.

As  noted the number of samples must be +ncreased  through
oversampling. To achieve oversampling a cransversal filter
could for example be constructegd sc that each de_av ig now one
fourth sample period. This would result ir  four times the
number of output samples. With the filter calculeting three new
samples values for each input sample. To provide enough impulse

response values to permit a good respense  after summation.

Perhaps ninety six delay elements would be required. -t  would
input new data four times each sample period. Every fourth
sample would be an audio sample from the disc, and tre other
three would be zero intermediate samples. Thus on.v  cwenty four
cf the Ninety six elements wouLd be Filled wi+n non o zaos sanvies

at any time. The



filter would output data at a rate of 176.4 xp» 2ach new Sample
the sum of twenty-four non-zern multiplicatione» re filtee tras
Calculatesg three new Sample valyes at the locartior of the o

input Samples. However this oversampiing desligr g3 ikefficiEﬁt

the same result can bpe Obtained with fewer delay 2lementsg .

A more Cost-effective apprecach isg shown in fig | 1+ Shows
the architecture of & Practical our-times azersampling dlgitac

filter generating three intermediate Samples between €ach inpur

Thus each Sample remaing in each element feor & sample Pericd,

During thig time each 16-bit Sample ig Multiplied fq- four tinmes

87}
¢
}J

DYy a 12 pit Coefficiant Stored in zoMm,
for each multiplications. In totai, +the four sets of CCefficiantg

are applied to the sampleg in turn, thus Producing SOUX  cutout

values., The twenty-four multiplication Products 3+a summed  Fah. ..
T Zae T2 lta- The fa+

times during each Period and z-e outou
is shifteq one place, ang the process is repeatad, aAf-oy miiTi-
Plication and summation four times as many Sampies a-e Present

after oversampling with new intermediate values Calculateqg by +he

KHz.

Readers sti]j Uncertain as o the WOrking of
Or suspicious of their apility ro Simulate the erffect -f analog
filters inp terms of waveform reconstruction are directed =c fig ,
& Jgraphical sSummary of oversamplinj, It shows how “ttermedigte

Samples gare computed in 3 four timeg oversampiin; filter., mye



irput samples 1_, T Toand T Aea “reated as g o szs
laced relative to  the center of the filta-, Trelr  sinfx) /.
o}

impules Fesponse  amplitudes are uaL too f oo Sl inad sample

ampiltudes ana the < LTDULES raesp SG - e 3
Py s , o . o T S T P R T Te e o o e - - R, PR
DAY LN response Or the 7131 iter, Ino= L= DEss 2 RS VLT

)
hy
i
i
[
4
@
{3
I
[

cutoff frequency at the Nyvcuist frequencv
The summation of their unigue contributicns Forme o2 nterpolat-
ed samples (in Practice, as noted many mcre than “ou- samplies
would be present in the filter). Rach of the =<hrze interrolated
samples is formed by adding tOgether the four Proavcis as showr

in the fig. Original disc gsamples pass throuch =ne ilter un-

Changed by UsSing one set of Tilter coefficiancs Toat con
ShTRe Terc coefficicnts aas T Tt fi o e -
e CuTput  sample thas coincz With the irvo S m-
Changed. By multiplying eaci Groun of samples - LS cose
with +=hig coefficient set ang three othars inteaveoa .. e

h

I T b

GO Ir-Times IaTa.,

L

5

The filter's Coefficients broduce 2 transiticn region  nHe-
tween 20 and 24.3 KHz and again around 154 KHz, Tig., shows

the effect of the filtering. The values aof  rge Lhtermediate

Q
T
i
)
0,
0]
t
6}
.
]
3
~
]
T
)
0
fh
b
fot
T
1§V}
s

samples, obtained by the calculaticrn pro
characteristic; the hands Centeraod s+ 4L, L, RE T ga- I Ry

have hee; largely Suppressed,
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the 15 zits
sampling reduces the aufic-band Juantities ncrsze - Tistributicg
TOVer 3 Wider haotwltoh | Tae The s g s :

T four-times o 2 \ SIRWRTer T - T
be truncated to 16 bits this could increase Gistorzion. Scmetimes

jo)]
n
]
0
)
n
D

employed is a special rounding=-off mechanisr known

shaping. Quantization noise and the distorticn from truncat i

are distributed over —he ont:-e cversampling soaq

distortion in the audio manc is & fracticn -F b total, e

fl
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n
0
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noise  shaping the dynamic cange 27 zhe
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N
3
3
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Noise shaping is discussed ‘n mors detail lazcr n rais Chapter,



detail later inp this chapter.

DIGITAL—TO—ANALOG CONVERTERS

#11 compact disc rlas

Otherwise known as D/A or pacs. Ircreasinqlv, nowever o D.oavers

Optionally output their digital nformation diractiv =g

fiers and power amplifires with their own D/a CCnverters Uit
mately al1 - digital stereo Systems will apnear.,  Trhe nalca

signal that our €ars requite will npot appear  unci’l o-pa oL

0

possible moment, at the loudspeaker. Until then —inaeg

n
0
O

D/As  to convert the digital his«

that analog

T

reamplifiers ang POVWEr 2mplitiora -




A D/A must produce an znzlios ve

digital audio sample. The of £n Tamplae o
Creates an analog wavelform—act, one wavye! Towach STorec

channel. The signal output Froanm the D/A S
sample - and - hold) cirouic iy the Tecording - v .7 g ch

There are several excellent

Dynamic Element Matching D/A Converter

The D/A design, callegd dynamic elemor -

]

RN
‘
{

4ses the principle of current adding. This

}..J
3
i
O
5
;)J
}_l .
<
’,__1 -
QJ
}_x -
jo!
Q
o))

fig., and accurate current source is obtei

reference curren+ source €0 2 pair of resiz-—. =DV o averag-
ing their outputs with a sSzair of switches zr- Tavacitorc =
cascading  these or Otner = current-7 g StaTes
sLnary weighed series o= CRTIENTE Can e obtaios il Shelr selecrtaer

summation accomplishes the task of conversion, ~iThough  a Do

converter may require more external cart thar Ina

“is5ed 1n most

CD plavers do not pose 1 m v 1 "hilems Contempo-

rary players utilize one Or Tws converters, Typicalily converting

a 16 bit word. In some desian

n

employed the longer word lencths sSresent Tolloris

permits +thisg technique, wnicr vie d5 an increas- Trovha Svgoemic

S/N ratio.
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The number of bitg That a1 converter PIDTORS L8 ovoes - efeTols

means of determine Quaiicy., Tn rearity, ¢ S T I tne

converted bits is far more impcrtant. For

~

P/A converters are being suverseded DY convertae-s

er  even 20 bits of resolution, Tn fact, sush roea Eron i o

sidered to be de rigueur ir even medium-quality ola

The choice of storing 1s5-bit words as the 20 s+tandard wzs

determined primarily by the availability of linear <6 bit D/a

m
b

FLON methods SIner & Cnence o

converters. However new conver

improve conversion gualitv., Thile no D/ Lo
more tnan 16 pits of Tidei - TTTT 2 Li=n1lT mesio- o= se o7 Sy
conversion methods can provide Corvers-on Sh Yy &

bits. When correctly done alterna-ive conversion of Zne madinm o
16 bit signal. Lookes AT 1IN 2n0Ther wav it macv o
Practice linear l6-pn-- - Sonversion de Lone .

strong or processing. The razsssn “o- tnis liles o Foaan Lrmerens
in D/A converters. Except in theory 16 bit converters canno-

fully decode a 16 bit signal without a degree of arr-r.

jo-
[
(t
'
(@]

A D/A linearity test measures a converter’z ahi

0!
)_4
S
3
a

reproduce analog signals carticularly
Ideal for example ar -80 dB +one on o a disc would Fe TRIToduoe e

=80 dB. However a nonlinearity of +28n AT this leve soolas CEeESUL

in a tone reproduced ar =78 Aodeviation sa - g iz op -
fests itself as Gistortion - Thw aun z




Cunverter Non-liinearit . carn Ne traced - E T i Tausec
but  the most critical factor 1S The accurac o5 TOnvy 3
MOSt  significant hit (MSP). Tt accounts for ¢in Full
ene-half of the analog signai'= wh TRRArison the
least significant bit {(LSE) Toa 15 bis converseonr aZtounts for ar
arvlitude of one bart in 65 7:g Yany D/A convere.oo. ShUsS provides
B RN O calibrare Sooand i some T oa - of
MOst  significant piss Can ke zai: i SEYNITS fhe o
plaver manufacture to 17 chips. Re-
cailse these most signifi TERTC s curpuas
proper  calibration of individual must be done ;ico- Jreac  care
For example when trimming +he ugp of a2 16 hir STnvertaer an
oI s~ Percent would - oo . Crlgatoc :
sicnificant bits. An error 57 0, & in the ¢ cu.d orisex
the combined value of the <12 .o lgniTicart

fortu“ately man. =~ TTLILCS have Taa S ST cali-

bration trimpots consistentiy £t in the middle I tne - adjust-
ment are accurately performed calibration isg often lost over ime
as the player jis exposed to Changes 1in temperaturs, nuridity, ang

simple @ging. Given the dCcuracy neeced in the cal on of tha
MSBs this is not Surprising.

One  sclution +o the TLT&LIons of SiToz : T i
D/A converter with More of cocnversiosn, A 18 bi- B
has  262.144 levels and as . L oonvertae- . T
would bhe “orresponding: = i Glltin es
word length at the conversinn Ttage results - - CISkss o g
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D e Simultanoous LY oy quanti o TR SRR ORI SIS

<
o)
@]
-
-~

other words, a higher hit converter would give a petiel 0
conversion. In fact the extra bits OL & | high-btt cons -

SR

would not even have TO he connected to vield IMRYOovVed

performance.

[
1

The intent of 18 or 26 bit D/A conversion technolog)
similar to that of oversampling. While the samplinc rate 13
increased the method doesn't create New information. L= merely
attempts to make better use of existing information. ndt ccin
dentally it 1is oversampling that makes high=-bit cenversion

pit data possible. It solves the obviouas diiemma SF coming LR

—

with the extra bits. Wwhen the output Trom TnE mediarm 1= oon
ri=s., then a2 42 e T 5 min o siona crEETLL

sampling freguency and number oI D1Ts ars InCreasos s -
pecause of oversampling and the 0F =he mul

tion which must =ake nlace. is. oeo oousuuT T cven-
sampling  filter ce 17004 and £ DLTE DITTE L o -
16 most significant bits are used for conversicn ThTOUIL A ie-nDit

D/A converter and the rest are discarded or used fcr nocise shad-

ing.

The use of extra bits for output conversion regulres aithex

a longer word length n/n conversion of & switched L f SLT o converts
er. In the latter design, the paralliel »its from the owversampling

-~ gl T
: b 1T

filter's output are wired Fhrougn Sw.
ni- /A converter. L oexamo.se D an % ni- o sniftc -
verter system is shown =D f14g. Wnen =.. 19 oLCE =T -t



convey a signal ( & hiqh—amplitude signal} tne upper g are
applied tO the 16 bit converter. HOWEVED when The THe GEEes bk
from the oversampling Filter arfc not e ind s el o oTovey &
signail (a lower amplitude signal) ©hf Tg pims are SNLITES Cown-
ward, the unused Dbits are ignored and —he 15 10wW2Y SRRt

utilized instead. This adaptlive scheme makes SEnsE ~eczuse  1n

music recording the 7 upper b1ts are

~ . —

ToY a brietl

period of time. Thyough
verter may thus nandle an 18 hit anput.

However because Wwe have shifted the word bv 2 DiTS the

signal's amplitude changes. in the pinary SY¢ - an1fs of OTE
place {one pit) results in a deubling OFf value. Tnug ~enn  The
ower - . sae ArCiiTUNE = . S avr
—hus oe e ane-—coarceie o s LT Garh
block downstream of the D/A hand_.es +ris Cnore.
This adaptive 12 b1t conversion sSCnems may o2 TUBS coeld

nGlse recuction scheme -~ siunas WF - 2Tl
converter. The heneiits —osuLT Irom =hS Tacm thiaT ToE cog L OVEA L

noise of the converter as well as 1ts conversion noL

will Dbe proportionally reduced. Looked at anothsr =
(12 dB) higher analog output has peen achieved witrnout :increasing
the D/A'S residual noise and conversion 2rror. Wnen oo gair =S

nring TnNings hack tOo NOIT3 .oy T

reduced bY one-gquarter o
and conversion errors are recuced DYy ONE —cuarts . Tegvo 180 BR
increase 1in s/N of 12 4B and A4:etortion ~eduction 3 ~Aao-cuarter

< P A N I O S S P

hoth eguivalent Lo uging an Lo e convertal.



SF ocourse OF with any cilever ROt EN SRR GEIE I
paid for +ne benefit accrued. Speci?i:n?lv, when cre oLTE o ALE

g 1 R S -
gimilitce naeous L Sl

ot
o
I

o7}
o)

shifted 1t 1s qifficult to immedia

the gain of the analocd output tO compensate. Farthermore,  And

static offset introduced by component rolerances it —ie  at -
tor could pecome apparent wnen tne switching fakes Dlace. e
would not be significant over the firsc 14 Dits affecting onl

the attenuation ratio. But when switched o0Ff ( oxr later ony Lo

difference between the attenuator and the apsolute vaiae ©

(D
1y

+n o

Y

output could create a glitch in the waveform where the attenuated

“itch wouid be Pre

n

and nonattendance signals are joined. The ert

O

at -—12 dB regarcless of signal Freguercy . oh cractlce ~ LT
rrease 10 S/ rario © NI ~zooTn ST ; -
nonlinearity.

Recent work has resulted in linaalr R Y =
which are both very affordable and niTho AR ieticaIal CnE o
converter contains a <8t ~roulT SO TODIROE se-Ti.TT TLTE -

{1
}
1

current source- This minimizes giitches =C che extent L0@
sultant distortion 1s below measurable levels and can e analyzed
only through computer modeling. Although 2 conventionac hinarv-
weighed architecture is employed 1n this particuliar convertar,
several special deslgn consideration were instituted =0 attalin
rne desired accuracy. The

of unit—valued current sources which feed it s — T ougn (-2 F
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1adder network. currents for hits 17 and 14 are Serived Zrom  TI€
unit-valued source. The relative galin ~f che uppaln hics can  DE
adjusted against the total of the 15 lower n—2R pLits bV Zrimming

the scale-down network.

ot}
m
9]
®©
@]
[y
&
[
(]
oy
O
o
[}

The chip itself is a 40-pin nybrid with

L

provide full control over laser ryrimming of the uppes and lower

ju

m
-]
T
¢t
0
N
m

]

bits. Supporting circuit 1s 1ocated outs.de LAE

maintain the chip's rhermal balance, & cri—ical concern i /N

design. Accuracy to the least significant rit regulires Drecision
equivalent to four parts per million.

The architecture ~T & .inear el S A S = careaen
simpler tnan a beeunds 1% piT method. L0F PR S/ Cnn
in plaver specificatior ~Teariy SUPErLOr 1 Too0LT s
described above an 18 pit converter Nas = fimes greatery  TESOT
Tuvion Than & 1A oLiTo SoonT -, IroonneEl = L U BTE
of a 16 Dbit signa- srovides for 2 T2 4r incr=as:s o 3/ ratid

while processing the data. This improvement is cliearly measurable
with 18 bit conversion. Of source fhere is no risk of cain match-

ing errors as with pseudo 18 hit conversion metnods .
OUTPUT SAMPLE—AND-HOLD

The sample-and-hold (s/H9) circulit fo1lowirg TnE DUA which 13

sometimes contained on the n/n chip performs & ~0id “function EC

e in s DEESR RV

create a pulse amplituade st al

staircase waveform are rhe wid=h O & sampling periot Sh- a-Tetels:

struction theoretically requires the impulses Of



Avdie lf)_gs

1]

L Ee el Lo

se o1
i

Thes tex S Oh. \**-::,’/‘Lit:*. £

L S T § 2 e

Eove sy TE LAy v

]
-
]

‘5,
s
;
.
=
.
4
i
.
z
3
.
L

Sy
>

Amph‘\:ude




duration. This 1s impossible tO achiewve pecause Lt W0 IO
among other rhings, ‘pfinitely lardgo o / Lo ¢ 5
finite duration of the output samg 2 cering SrTetT  OF

in which the amplitude response fa sin{wi/w Surve ) 3 it
falls to =zero at fhe sampling frequendy . wnicn - sSoer
fig . This 1s beneficial because image spectra ars rotenuatan .,

However the filtering results ip a slignt loss at  tae
frequency - This is sometlmes callec Aai error. To  miniming
this loss, the impulses can D€ ~arrowe CLoser Loo- OrigInii

characteristic cleser b mhe TraLiias L Tiat Te3nons e
~ilae  amplitude SLOY v : e
narrowal S Tour > MOUnTE T SICRal S et
£/t where T i the sample Time and - elat= foTaTIon N 2
pulse. Fig shows the resul vones roii-cfooud T EgsTae
rure effects. The digital filzer des:gn can COMpensa=t® for g
= 1gnt rermalinln ST SR g -
</sin(x) characteristic.

In addition to its role in correcting aperture e2rrol. Tne

O
3

sample-and-hole circuit is also useful in removing glitches Id

rte

O

nv

0]

4
O
o
t
o]
&
t
i
)
D)
ot
)
{1
O
O
(

the staircase waveform. The OB C

fransition from one analog level ©o the next. Instead inaccuarate

&

-ransition wvoltage known as glitcnes AT8 OLTe

though they are memory and 4is

f()
o3l
e
©
ol
[
]
il
4
(1
o
e
{
j
§

settles to 1ts correct voltadges trhese aglitches won LA incroase
4 ctorsion in oS OdTihi-t R —An -0 : SR




iy

9]
:
i

settle bhefore it samples the D/A output. o —his waw

rate values are propagated. Other types of de-glitcher circuits

have also Dbeen devised to solve this oroplem. For example =2
shunting circuit could switch the output to ground during

glitches transitions.

Following the S/H Circuit some image spectra energy will

still remain. This must be suppressed Dy an output analcg filter.
This anti-imaging filter is tame compared to brickwail filters.
Since the remaining band is so high in frequency, we can use a4

filter with a gentle. 12 dB/octave response and a -3 4B point

between 30 and 40 KHz. it is a noncricical design. ard

(=N

58]

order guarantees good phase linearity. Phase distcrticon can 2@

reduced to + 0.5 degrees across the audic band.

LOW-BIT D/A CONVERSION

. 3 o~ P 3 T A T ST T ey . e i T ~ = = ~
The advent of mulcipie DA Conversicn TeChno.Cgll =4t = na

standard for digital audio conversion.
sonic limitation in CD reproduction using linear 18
converters is the quality of the equipment used to make the

master recording itself.

On the other hand although 18 bit converters <can reduce

nonlinearity error below levels mandated nv 15 bit converters

technology 1is not perfect. For example the reference voltage
supplied to an 18 bit converter must pe hnhighly accurate  and
stapie the cCconveartTer must D2 Iiv calibprated . Sy Trems
care must be taken to prevent drifting. The diffrzcu.nz can Dbe



accessed Dby recalling that 2 16 bic converter must ne  cas.prated
to an accuracy of one part in 65.536 whereas an 18 bi= converter
demands one part in 262,544. In ather words, although ic -3 TMOre

precise than a 16 bit converter an 18 pit converter 143 =211 tnoe

4}
~
"

real-worid problems of a 16 bit convertel. only more

one response to the limitations inherent in nultipie con-

verters lies in a clever conversion method which follows the

th
¢!
O
<
D
i
ot
’AJ
=
2

philosophy that sometimes less is more. instead O

parallel conversion an analog process by performing conversion LD
the digital domain using DSP. Today many CD plavers 43¢ chis

third generation converter technclio

3

AV

Fundamentally @ multiple converter represents to® analog

waveform as an amplitude signa_ s syocessing inTcymaTion
measures the amplitude sample bV sample. however., thas method 1s

flawed when quantization introduces errors in amplitufe TenTesSss

tation. Moreover because a multiolicity of bits ars cmef mo ZOTT
the representation and because each pit has an error sregual TO

the others the overall error varies with each sample, making

compensation almost impossible.

By contrast a low—bit system rakes 2 radically approacn. LT
employs only @& small number oI nits (perhaps 1 Wit oz oa  very
high rate to represent the signadti, instead of ar ampLioade repres

sentation a low-bit system usesS rime division tC represent o

signal. When this representaticnh % Cow=Dass felcarad e
result 1is an analog waveform sust as in che mustlbLc meTich .

because only a few bits are used, any amplitude 2rror ig  essen-



tially constant and hence there is no relative error. In theory
neglecting Jjitter an error would produce onlv an cfiset and *thus
could easily be removed from the signal. Because fime division 1is

inherently more accurate than an multibit converters.

The way in which a 1l-bit (high-or low-level) ©pulse =signal
can accurately reconstruct an audio signal is not intuitively
obvious. A simple analogyhelps ili.ustrate tne method. I = licht
switch is turned on and off quite rapidly any intermediate light
intensity can be created. Similarly, a 1l-bit D/A ccnverter can

reproduce an audio waveform. All 1s would be a full @positive

3

signal all 0Os would be a zero-level sigpal, and other varizaZion:
would create intermediate levels. Fig shows how a signal bit
with either a high or low level, can represent in this swamp.e, =

smooth sine wave. In practice as described below, noise shaping

n
0
0

N
i
3]

is required to reduce in-band noise, and in some designs

[

pits are used instead of one bit.

NOISE SHAPING
A principle objective of low-bit conversion is reduction in

the word length required to represent a signal. however the bit

93
b
N
)

reduction required to form a low-bit signal from
greatly degrades the signal's c¢ynamic range. For examnpls ©2

accurately convert a maximum—-ampiitude 16 bit word = 1 hit syste

would have to change polarity 216 times per

with a sampling rate of 44.1 KHz this would demans - rats of



g 1 A4S

¥
5 ey AN

Y

@ 3

3

3, ¥

.

[

- Yoou [

A% g



approximately 2.9 GHz. This is too fast for <currentc hardware
limitations. 16 Dbit performance is lost and noise shaping 1S
prereguisite in any low-bit system to reduce noise .n the audible
spectrum and hence improve dynamic range.

A low-bit converter may be viewed as a wide-band vectralily

weighted noise source in which the noise is more benign than

]

multibit converter nonlinearity error. 7s its name implies, noise
shaping shifts noise away from the audio band =thus lowering
audio-band noise. Fig shows a 2 KHz test tone and the nclse

§

floor with low-bit conversion. Clearly with noise st

)
T
}—J
3
e
3
O
\.A
[§2]
)

is decreased in the audio band {up o 2w L0 4 in tnoe Tict oat =he
expense of poosting noise beyond the audic band, cecausse tne

noise bevond the audio band can pe safsely
ing with noise shaping 16 bit performance Jor much mcre; can  Le

achieved with a single bit.

Noise shaping reduces guantization eXIol S0 wSsig The KNOWT
characteristics of guantatlon error == mwodify  the  srrcr 2

decrease its effect. Efficient noise-shaping algoritnms use

recursion to spread the noilse power across a greater spectrum. In

t

i

0
3

particular the methcd places the error informa generatzd 10

5

1 much like negative

ol

the bit reduction process back into the sign

L

2
,
1
3
L
[

feedback is wused to reduce distortion ‘n analog  AMpLiiii

o

{0
I3
s
O
=
o
<
]
o
[®]
[l
[
o
0
Oy
(f
i
89
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effect, noise shaping attempts tc cancal

(1)
)
i
5
=

from the input signal. Feedback in this discretely sampi.ed

]

6]
.
,
i
-
H
1
.
t

ample

Ul

can operate only if 2 delay element 3ne
tion is placed in the feedback Loop. Bv oiacing tne quantizatic

error signal in a feedback loop; he freguency response oL Lns2



arror signal 1s altered, shifting much of its energy outside o©f

the audio pband. Moreover +he noise 18 shaped by the approximate

inverse of the loop transfer funccion when & low-pass [i.TeT S
placed 1in the loop, the noise spectrum rises with freguency. in

o

other words the noise-shaping loop low—-pass filters the signa.
and high-pass filters the noise. if the system is desicned sC tne
signal's frequency content is less than the filter's cutoff
frequency the signal will not be affected. What's more oversam-
pling performed prior to noise shaping spreads quantizaticn nolse

over a wider pandwidth hence noise is further diminisnhed ir the

audio band.

the design of noise—sharindg algorithms. 83

complex the algorithm the 1ower the noise in the audio band. More

specifically higher orders of integration in noise shaping G227
crease the in-band noise level. IiGC shows four no.se  CLIVEST

for no noise shaping. Higher-order noise shapers can =€ designed
with cascaded digital differentiations. The greater the number of

cascaded stages, the greater the slope of the shaping function

n
Q)

¢

this in turn increases tne suppression of audio-band nois

However third-or higher -order noise shapers may suffer opera-

g

tional instability due to cverlcading of the integrators. T

practice, a multi stage circuit is often emplovac &

{t

below.



)

Ans the order is increased, the noise-shaping charaorer shis

-

changes and in-band noise is decreased. HoOwever out-ocf-band noise
is greatly increased; this could overly purden output analod low-—

pass filters. The dynamic range can be optimized through a combi~

nation of oversampling rate and order of the noise-shaping Fil-
ter. As the oversampling rate 1s increased the portion oI the
curve in the audio band is relativelv reduced, taat 3 NOVEQ
toward 0 Hz. In other words, although the shape SF  ZTe noilne

curve remains the same, nigh oversampling rates reilativalv de-
crease in Dband-noise. A successful noise-shaping circulit

seeks to balance a nigh oversampling rate with noise—-shaping

order to reduce in-band noise anc shife iz awav form Tho 2UCLDLE
range.

Noise-shaping processinc cen 2.50 result L oTas U ToUn 0n
correlated patterns when the processor is idling with Low-level
audio signals. To overcome this.dither is added to the data 3¢
the circuit aiways operates with a cnancing signal sven wnen  Log
audio signal 1s zero or otherwise unchanging. & digita. dither

signal applied inside the shapping loop is identical to a high-
pass filtered dither signal applied at a point outside the lcop
prior to the quantizer. In other worcs , the guantizer ard the

dither signal noise are both shavped by the 100p.



Low-Bit D/A Conversion with gsecond-Order Noise Shaping

one implementation of a true 1-bit D/A conversicn metnod 1€

-y

composed of three elements oversampling filters, seccona order

Bit

,.A
3
n

noise shaping and pulse density modulation output.
stream converter was developed by Philips. The sampling rate I

mes.

&
i

increased from 44.1 KHz toO 11.2896 MHz=-an increase of
At the same time, the 16 bit signal 1S converted =T z, L=l
signal. It 1is this fast, 1-bit output ~hat reproduces the audio
waveform. The re-quantization errcr ~f —he output signe: =35 COI-~

rected by second order noise shaping.

The output bit operac:ing &= % rate of 11.2896 = .z Ton-
verted to an analog signal using & simple switchad picgel-Tolihiony
network. The network's operatlion 1&g vVerly accurate arnd =T the

error of the signal is low. There are only positive anz recative

full-scale reference points: intermediate points ave
by time averaging. Any errors in —he two points wouLld
offset error Dbut not a 1inearity error. The offs=zt = cen
easily be removed.
Fig shows the complete system. The first of the three

oversampling stages uses a non~-recursive FIR interpoletion filter
to perform four-times oversampling to attenuate image spectraj -0
addition first order noise shaping is cerformed in =02 Tilter.

The signal is downscaled tc prevent ~lipping durirg anv siona.

overshooting. The gain of the filter is selected t©o Compensacte

for the effects of other stages Ln InS conversion Lath ST

ticular, a high-frequency rise is used tc compensa.s Tor  bhe



Abtenvakion —»
oy i T
—y T
Moubte = S et
327 OVEy <
~
20
Ix HYEX Severp it
l«‘l“- .r./:';l‘:*
ISRV S8 Y
[ <
o
I Bl
/-’i;}‘.’.,
R e
»
\
. R
it LA Swhited
HE ::::«gf:
Plim pav
e B oimasi g -+t ! LAY T

™.

Block DIAGRANM oF TH

CervERTEE  Fpployirs



-
R Lﬁ S ——

| -

k : it

&

.

T By

A
i

Lo sz

EXS E—

H
EA V. |

o
.

One Loymple
-
a
J

23

4

<y
Q

-

9]
€

& D

in
o)

<«

|
Yedwtbod

3
H

YU IYRxt Cos



log

SH]

aperture error (-3 dB at 690 KHz) presents in the oSutDut an
filter. The second stage performs 32 times oversampling +hrough
1inear interpolation. A dither signal (-20 dB at BE

added to prevent idle patterns from causing nonlinearity. TO—

o

times oversampling is performed in the third stage through
sample -and-hold operation. This ©7 pit signal {(dithar adds 1 bit
to  the original 16 pit signal) undergoes second-order nolse
shaping as described above, and a singie bit is output from the
guantizer. Finally D/A conversion 1s accomplished at 2 i-pit D/A
converter via PDM (pulse density rodulation) outputing i-pit data
at 256 times oversampling or 11.2896 MHz. A third~order row—pass

ilter removes out-of-~band high-Ireaguency component

9]

-h

The noise shaping performed In +nis D/B converter L3 cempli-
cated {it 1s an example of DSP ac its best). but we can  cet &

feel for its working through f£ig.., - This circuit performs

cecond-order noise shaping Zhroud? & feedback loot 2and

i

a low-bit signal for conversicn intc an  ana:iod wavelisrm. -4
particular this noise shaper consists oL two integraticn (filter)
loops to reduce in-band quantization noise. The 1-bit code from
the guantizer 1s the output sicn bit; only one bit i1s outpu=:

with a logical error, after a i1imiting operatlior designed LC

prevent overflow. Second order noise shaping 13
adding double the error and the negative value of tn= srror  To

the previous two samples.



Nperation of the circuit car be explained v following  tha
values of audio samples during several sample periocs &t various
points in the noise shaper. These vailues are shown in Tid In
this example a maximum 0 dB value is represented bv a {in
practice, to prevent overload, an input is scaled down in the
digital filter). The successive inputs in this example {zolumn 2
going top to bottom) are a COnstant 0.5 (=6 dBi; correct
operation the output of the circuit should thus be =z 1-bit output
with an average value of 0.5. Arbitrarily initial values for the
contents of the delay registers in fig are salected as
pD=0.5 and G=-0.6 output at H is 0.5 ard the value at G is nega-
tive; thus the 1l-bit output at H is -1. The output of tha Jguan-
tizer is +1 if its input is posizTive (ISR = O and - 1f  Lus
input is negative (MSB = 1),

The quantization error signal is formed by zaking G-i; this
error is fed back into the double intecration locrs. The wvaluz cf
T is 0.4 and 3==0.6 + (-1 = 1 = ".&. Tne value oI o i -
0.8 and C = A=J= 0.1. The value cf ¥=0L - ¥ =1.3, Simzlar alues
pass through the circuit at each sample time; for example, D
takes the previous value of C. It can be seen tha:- the values
inside the loop are larger than the unit value ir other words
wider data buses are required. Also, 17 large valuez are Lnpit IC
the circuit, the limiter would be neseded ©o prevenc cverloading
of the loops. This example uses a cons=ant input revel ouT  alghi-



1i

speed averaging applies equally to varving inputf mos o signals.
In either case, the output signal from the noise shapex 1is ap-

,1ied to a l-bit D/A converter. which generates the aprropriate

rrg

analog voltage.

Two values are output at 512 times the sample rate. The
signal conveys the audio waveform through the dens:tv cf pulses:
this pulse density modulation signal 1s converted .r £O0 an analog
signal wusing a switched dual capacitor network. sSpecifically a
capacitor is charged and discharged according tc the ".% or el
value of the data; the result is an analog waveform waich re-

flects the encoded waveform through time averaging of ths output

hit.

This converter retains 1ts accuracy over environmental
extremes 2rd a stereo converter Cfan be contained c¢cn Cme Thto. IR

addition. this chip may be differential configuration.

fow-Bit D/A Conversion with Third-order Noise Shaping
Several manufactures have developed D/A converlsiln metnods
which employ third-order noise shaping. However their design

details differ somewhat particularly in the noise shaping algo-

rithms and the low-bit output signal. The MASH systen ie a multi-

stage third - order noise shaping method. MASH was codeveloped
by Matsushita Electric Industrial and Nippon Teleacrawrs =2nd Tele-
phone Corporation. One implementation of this design =zccepts 12—

bit words at a nominal sampling freguency and a dJigital filter
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stage performs 8-times oversampling and outputs 2d-2 % words,

Noise - shaping circuits output data as an 11 value signal at a

32 times over sampling rate. D/A conversion is
PWM (pulse width modulation)}. Cutputting low-bit data at a 758~

times oversampling rate.

As with other low-bit systams, the

lies 1in noise shaping. As noted, if noise-shaping circuits are

U

-
ol
&}
-
3

cascaded +to achieve more than second-order noise

can be prone to oscillation; the MASH circuit achieves third-

order noise shaping but avoids oscillation througn o= EREIR LI
stage" (noncascaded) configuration. A simplified schematiz for
the MASH noise shaper i1s shown in fic ; 1t contairns a firss

e
v
]
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-order nolse shaper in a main icop in

[

3
{1
O
[0)]
O
m

3

seccnd-order nolse shaper. Input data is requalified
values (+ 3, + 2, + 1 and 0) at the main loop. At the subloop tre
requantization error is regualified into Tive velies - I -
and 0) used to cofrect the reguantization error c¢f the ~air locp.
When the output values of the twc stages are added together, the
low=bit (4-bit) digital signal output from the circuit represents

eleven vales (+ 5, + 4, + 3, + 2, + 1 and 0). These values repre-

sents the audio signal.

+1

The requantization error of the cutput signal is shaped with

a third order differentiai characteristic (18 dB/octave). The
final element in the system is analog conversion. The eleven-
value signal is converted into pulses, =2ach with a wids-  corroe-

sponding to one value. This can be accomplished by applving
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-pit output of the DSP circult
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values into twenty-one time values witn a constant amolitude,

V¥ [ Fa 1 b~y PR T T e ey
»" time o the Sulse WI1IOTNE .

each representing a "start" and "sto 1
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The widest pulses translate into a large positive

the narrowest pulses translate into a large negative output &s
shown in figure The width of the pulses carries whea vital
information; the amplitude of =tnais signal tan Grn.. oo tign o

low. At this point the signal has the form of 1-kitc binary date.

Because the signal 1is represented by a pulse width modula-
rion waveform, final conversion .s performed DY simplyv passing

the signal through a low-pass filter. Precise timing accuracy

can be achieved through crvstail ~amiiiators: thusg the widths  ars
very accurate, and the error of tne gignal is low. Fositive- ana
negative-going pulses may be output to cancel common ndise. Thls
313.8688Mnt 768 Xf ) 1l-bit data forms a FwM representation o©f the

]

Low-bit converter designs have already demonstratec the
ability to provide outstanding performance. In terms o©of phase
linearity, amplitude linearity, noise, long—-term stabiliity, and
other parameters. oversampling D/A converters usisg low-bit
architectures offer significant advantages over conventional
multibit conversion methods. Morecver, the methcd 1= = s
plicable to A/D ccnversion. In short, tae low-bDit arcnltecDure

is an exciting development in digital audio.



Lach subframe carries data one Aaudis Channi. s Bnown
fig . The first 4 bitg are used for synchronizia: - cv g ke
identifying preambles, which will be described shori.v. e next

24 bits carry audio data with the MSB transmitted

-

most digital audio devices use 16 bit words the last

SN
O
".,J
ct
V]
[}
—
3

the field are set aside for auxiliary

The last 4 bits form a control field which caxries specizl
information. The wvalidity bit indicates if the previous audic
sample 1is error free. The user data bit can be used tc form a
block of data associated with the audio channel, such as labeling

of

el

rogram number and duration. a high-ievel date "Ik <onc

(HDLC) communications protocol is specified for the user data

channel. The channel status bit is used to form a datz btlock:
for each channel, one block is formed for the channai; szatus
bit contained in 192 successive frames. The start of a nlock is
identified with special forms of =—hne subfirame orezamo.e. The
parity bit is identified with special forms of the subframe: this

permits simple error delkection.

(i

o]
D
n
@]
ey

Three preambles are used to designate three

events. One preamble marks the start cf subframe A and tre stat

of a channel status data block. Otherwise, a seccnd oreamble
marks the start of subframe A. A third preamble marks to= start

of subframe B.
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“ach channel status DLTCk consiscs of L DT
2) organized into two 24-byte sequences. Table 4 - shows
these 8-bit hyets convey a considerahle amount  f Lofornation

pertaining to the transmission. The first byte specifies a  con-
sumer or profissional interface, use of Pre-emphasis and sampling

frequency. The second bvte specifies channel mode oo, steren

H

E informa-

-

Oor two-channel mono). The third byte carries word leng

b

tion. The remaining channel status bytes specify information
sample address, time of-day timecode, channel status validity argd

CRCC.

i 1

The data is modulated with Ziphase ™

N T ol o~ = N 70 Rah o=,
=~ o

93]

sponds  to one inversion and a 1 corresponds to =un inverszion as

in the M., - However the preambles ignore, the inversion

)
0
8}
Q
Q
3
}_.-1
o)

correspondence to provide unique identification as

fig - The receiver input section uses this preamble osoxtion
for  svnchronization. The RLES/ERU szardars  zcaec: -- BET
digital waveform is transmitted cver =yistad Sair  condictors
With 3 pin XLR connectors (pin 1 shield@ or earth ard pins 2 and >

carrying signal).
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CD Description

This CD player signal nrocessing and  control ciooull
consists of the following main block.

Analog signal processor

Digital signal processor

Micro controller

Driver and gff;;M; 

D/A converter.




HIGH-FREQUENCY SIGNAL PROCESSING :-

.\
O

T
-t
M
(\
I8
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(

3
9]

After +the compansation

necessary,we can obtain the sc-called eye diagram,shown ip the

3
ct

figure.This is the result oF brocessing by o

L

filter,expressed Dy MTE .,

To convert into 4 two-level onic Stream,it ig

necessary to take care of the Topit! distortion,By locking at +the

o
@]
]
jut
[wi
10}
B
&)
Fy
(t
)
0]
©
<
M

figure carefully,it can be understood that +he

is not in the center of the amp’itude.This is calliec Asymmetry,a

kKind of pit distortion.It cannor he avoided ther  dieks
produced in large guantities because of changes resulting from
variations in mastering and stamping varameters a= well as

differences in the players used for playback.According, 3 form of

feedback digitizer,using the fact that the dc componen- of che

EEM signal is  zero,is recommended . Tr addisinn . o e Sadts o
timing signals is fegenerated with a PLL circu-- Lockel =o ne

Channel-Bit Frequency (4.3218 MHz).



e




ANALOG SIGNAL PROCESSOR (ASP}

This 1is a bipolar analog signal processor anc =ore

troller IC for <D players. Signal processor and minimun

external components to from a complilete controller

compact disc plaver.
The function of this circuit is underlined below
(i) RF amplification
(ii) Slice level controcl
(ii1) Voltage - controlled cscillator {(VCO)
(iv) VCO control amplifier
(v) Automatic laser power control
(vi) focus error amplifier
(vii) Tracking error amplifier
(Viii) Track jump amplifier
(ix) Focus servo preamplifier
(x) Track servo preamplifier
(xi) Spindle servo preamplifier
{xii) Sled servo preamplifizr

(xiii) RF detection circui=



(xiv) HF level detection circuit

{xv) Defect detection circuit

{xvi) Shock detection circuit

{«vii) Focus switch

(xviii) Tracking servo gain switch

(xix) Tracking error slice comparator.
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EXPLANATION OF SP AND SURROUNDING CIRCUIT DIAGRAM

The abcve values are

signal is being decided by RNF = 3
(3T level is about 1.4 MHz compen

wave form shaping then enter DSP.

is around 2V - 2.7V. If HFY amplitude s lower Tran trhat
1s necessary to check pilck-up laser power. Alsoc wnen measured
jitter value at EFM test points. 1% reading shculd be around 2
ns and below is normal. Average value is around 14-15 ns meas-—
urement condition at this time should set at 600 ns - 300 ns for
window width of jitter meter and 2.3 V for thrust leve:.
PLL CLOCK PLAY BACK CIRCUIT

Above diagram is representative axamole of 207 circui S
free run frequency alignment is %o turn PLL coil while monitorin
from PLCK terminal. Amd adjust £=4.32183 MHz. If this “resyrenc
is ocoff-position. It wiil tal TCO TTuCT Tima sTarin : e
When search difference in between inner circumfarence ard cute
circumference is too great. allowable is about 4.31 - .33 Mbz.
OUTER SPEED = 200rpm
INNER SPEED = 400rpm
TRACKING SEARCH AND KICK PULSE

In sanyo DSP the kick pulse is contrcolled oy commard  “ror
microprocessor. It's selection is decided bv segrences eoxplaine

in search function 1tem,

repraesent

caTive
B

! S e
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sation)

HF amplitude at HF
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Above digram is example of 4 track JMP (extzrnzi: =sccording

r next reduce

to command input. First spe=d pulse {(Kp+) oOcC
speed pulse (Kp-) occur when <ics pulse appears.  Looo of servo

series hecome front position ool

that according to brake signal (TOFF) which 1is formed Dby serve

cross signal from TES and traverse signal HFL obtained Zrom HF.

r
[
-
3
-
{1
O
{-
o}

Break off unnecessary oscillation after Jjump of Actua:

is being carried out. TCL terminal is normally "E" in order to
gather and bundle servo easily diruing above search it become "HY
increase tracking gain also TOFF at stop condition s 'H".
FOCUS SEACH CIRCUIT

Focus servo when S curve o7 F¥ output 1s at Zoir: o7 The
diagram. At this time F2zZD falling. Focus is reset. ©ORT 1s &’

when received reflected light from the disc. This DRT signa. 1=

being input into micro-processor to judge whether has disc or

not. In micro-processor bv sendinc command o Foous =Tart Tao DEY
the above Focus search function s oseing carries o0 1nterva
etc, is decide by content of micrc -processor softwzre. And iZf

there 1is no disc pick-up will of up and down 3 times and then
stop, Amplitude of focus cocil voltage is about 1.2 Vv now It will
shift + 0.84 mm by pick up will i there is no pit o~ disc sur-

face. It becomes no focus.

dynamic

as as,

fu—
(
93

The driving method of focusing servo resenn

speaker, when voltage is supplied to focus drive ccil as shown ir

tons vl move uvp and down in o vartio-

m

diagram above, the oblectiw

cal direction.



For CrAcKing Serve. TReTN Are SUSpOonsiT S
objective lens, when voltage 1is supplied o tracking drive COL
£ ohowzoive  Lens

is installed. The side o7 tre bobbin, Tns UL

bt
5

which

will move in horizontal direction.
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DIGITAL SIGNAL PROCESSING :-

0y
0]
}.‘4,
0
3
)
i

Figure shows & block disgram of cigita.
processing.The demodulation of EFM can be accomplished by using

the conversion process shown in the figure.This ©provides <the

digital audio data and parities for error correccicn . JIRC LAz
the same time ,the subcoding that directly foliows the

synchronization signal is demodulated and sent to the control and
display block.THe data and parities are then temporariiv stored
in a buffer memory ( 2K bytes ! for the CIRC decoder <cxrcuit.The

parity bits can be used here to CIRC is one of the most powerful

error-correcting codes,if more errors than a permissible maximum
occur ,they can only be detected and used toc provicde eaestimated

data by linear interpolation between preceding and new ¢ata.

At the same time the CIRC buffer memorv operatss as zh=
de-interleaver of the CIRC and is usec Ior tTime-pase COorrect._on
( TBC ).If the data are written into the memory by means of =he
recovered clock signal with the PLL and then read out by means of
the crystal clock after a certain amount of data aas Dbpeen
stored,data can be arranged in accordance with a stable timing
rate .In this way wow and flutter of the digital audio signal are
reduced to a level eqgqual to the stabiilty of thne crvsial oscil.a-

tor.
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Microcontroller

This is a 42-pin package tvpe COMS 4 nics

controller. This controller contalns

ROM

RAM

I/0 PARTS

A/D Converter

Timer

The main function of this

1) System Control
2) Subcoding control

3) Pickup system

The main system controls are
Volume control(up or down)
Power On/Off control
Sled motor control
Play
Repeat
Subcoding
Command data
Sub-Q Data control
Sub Q trigger control

Display Control

This microcontroller is interfaced wizTh =In

(8 segment LED) for varicus control

controller i

~ndications.



3)Pickup Control

-

In +the search mode, the plaver’s MiLCroprofessc T “axkes IZom-

mand to provide faster motion than is possiple curing normail

<
fra
h

tracking. Control signals are directed to the picku

¥

ated movement in the forward or reverse directiocon. Supncoce data
added to each CD frame 1is used to determine the pickup’'s location

on the pit spiral.

fmt

For forward or reverse jumps to programmed locaticns on the
disc. The tracking signal is disabled, and the microprosser

controls the pickup. Just pricr to alignment a kreax. Pulse 1s

o0
J
D
"]
o
=y
4]
{1
@]
B
I

generated to compensate for the pickup's inerti
rect location i1s reached, the microorocessor i1nicrms Tne system
that proper alignment is imminent, the tracking sicnal 1s again
activated, the pickup comes to rest on the correct track, and the

system resumes auto-tracking.
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POWER DRIVER

This IC is used to <arive tor 2 the i
plaver. With a 5v regulator and a SOSS soerating
amplifier built in.

oower driver is 1n = very small packave. £0 T2 sel Car
be made smaller. A thermal shutdown circuit 1s buliif In 5ains
can be adjusted using an external resistance.
D/A CONVERTER

Here two D/A conversion channels are built in anc zne /7 zo
the right and left channel is in-phase making this device ideal
for digi=zal audio applications.

This D/A converter uses dynamic level sniiz combining
resistance strings and PWM with level shifts.

The main features of this /& converier Is 17 I cmzaTinla
with Z's complement code, 76504 KHzZ R TnUersion
freguency {(with 4 times oversampling capability,.



‘CD’ Working




CIRCUIT WORKING
LIST OF CONTROLS

1. SVR302 : Tracking Balance Adjustment

SEQUENCE OF OPERATION
1. Power ON

5. Microcontroller, Pin 15 {XRST) is Reset.



(Geces "Low' momentarily

3. Laser device ON through LASFER DRIVER (Transiste-
(Automatic Laser Power Contrcliled by ASP)
4. Photo diodes receive reflected sicnals “rom tha <1z~  =z-

1

pin 79 (FIN2 : A + C) and pin 78 (FINl : B = D} oFf (ASP}.

These are compared in the RF comparator and output at pin

(DRF : RF detect) of (ASP and fed to pin 2 {DR) =f micro-

.

controller.

5. Disc motor control outputs are fed from pin 10 {CLV+) and

J

; .

TS Y
sllv=— O

b4y

ASP  depending  on

[

11 (CLVv - ) of DSP to pin 5

¢

- 7

detected HF signal. The spindle driver output fron oin D1 {8PD

of ASP 1is fed pin 3 of from pin 1 and 2 of IC40.. Tre spin

motor/disk motor are driven by output from pin one and =wc of

TRACKING AND FOCUS SERVO DRIVER.

6. Focusing started when pin 14 [FST. of DSP goe: Lo =S lans
lowered pin 13 (FOCS) is high as the lens is gradvallv —zised.

)

wnd

jx

t

-
a2

the In-focus position pin 15 (FZD) of DSP becomes low and reseot

the FOCS signal (LOW) and turns on the Focus servo circul

Focussing is controlled by the pins 11 and 12 of T&FSD devendf

on the control outcut from pin 22 {(FDO) of ASP.

7. Tracking photodiode outputs are input to pins 3(7) and 4(F)
ASP. The Amplified error P/O comes from pin 21 (T30} of ASPE

is also used to control sled motor continuosly.

IC

n

1



L
o8

8. The pick up from the photodiodes after receiving the reflect:

beam, convert 1into electrical signal. The amplitude signal i

(4]

taken from pin 72 (RFSM) of ASP. This is fed to o2in 8 =rv T
of DSP. The peak to peak level of cycle of the 5F signal,  tne

inphase signal from pin 7 (EFMO) and out of phase signal from pin
6 (EFMO) of DSP are fed to pin55 (AI) and pin 54 {(EFMO’ of BASD.

The slice level control Amp O/P is fed back from pin 53 (SLCO) of

ASP to pin 8 (EFM IN) of DSP.

iy in ASP between pinz 2 and I,

o]
}...4
P_J

9. The VCO 1s generated intern
The O/P from PM4 (PDO) of DSP is fed to pin 57 (PDO) of ASP,. The
VCO control Amp O/P (VCOO) from pin 60 of ASP is fed =o pin 3
(AI) of DSP. The phase detection O/P from pin 4 (PPC) cf DSP is

crease the

M

fed back to pin 57 (PDO) of IC301 to increase . &

freguency ad reguired.
g 3

10. Tracking hold control command is generated at pin 22 (HLD) of
DSP according to track jump command received at pin 21 (TES) and
pin 16 (HFL) of DSP. This in turn feed the required kicx pulses
from pin 19 of ASP feeds the required tracking error =igna.l to

the T coil through the TDO O/P of ASP.

11. The EFM signal received is then democdulated witnin <the bl

Sig Processor after sync detection. The demodulatad data under-

p]

(

goes error detection and correction and subcode cyc.ic redendarnc

check by interfacing with the microprocessor betweer rhe ok



5, =1, 52, 53 and 54 of DS¥ ard pins 9. 10. 1. PENES o¥e

microcontroller. The demodulated data is also in-erfaced withk the

T
e
b

built in RAM (in DSP). The O/P from pin 35 (DFOUT) o~f DSE 1
(serial) digital format.
12. The /P from pins 33.2% =ard 26 /cof D3P} ars ‘e “he  TAC

pins 5,6,7 respectively.

13. Pin 29 (EMPH) of DSP switches on the emphesis <cransistors
Q781 and 0881 depending on whether the I/C data was pre-emphasied

or not.

14. The audio signal O/FP is from Pins 1 and 20 <F DAC which are

filtered by the RC n/w LPF (R7%2 and R882, C882;.

15. The audio mute signal is fed from pins 14 oFf microcontroiler

to the transistors Q782 and 882 during the reqguired veriod.

16. Pin 37 {SYNC REC) of microcontrolleor raeceives z2icnz s tmropan
the Rec switching transistor 2501, from the ma: LMD TirconT

which initiates the PLAY operation during SYNCHRG RECORDING.

17. ©LED display is driver from pins 17, 18, 24, 2% of microcon-
troller. Different functions like Play,.Stop, Skip zand Search  a:

performed by shorting the respective keys inputs.
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SURFACE MOUNT TECENOLOGY

In this project we have used surface Mounta2d Combonent

Ceramic capacitors
Fixed Registers
SMD IC Packages
Coils

Filters

SURFACE MOUNTED DEVICES

DEFINITION

At the leading edge of development of new regulrement of

technology are the use of smaller chip components and short pitch

IC packages. This new family of electronic ccmponents

n

surface mount devices (SMD) have in many case

L4

and 3g compared o

4]
m
Q)
@]
{

roduction technigue

o]
L

components.

SMT/SMD DEVELOPMENT
SMT assembly technology hes now matured to an extand

is firmly rosted in various products regui

‘__l
[0
*J
3
§¢]
N

)

packaging based on high functionality and requiremert for

ER, THINNER, LIGHTER and LESS EXPENSIVE PRODUCTS.

The use of SMT offers

a diffterent

calied

oN
()

sign

~ -~
230eC

jod

that it

ensity

SMALL-



The use of SMT offers
1. Small size

2. Higher Performance
3. Improved reliability

4. Lower cost for electronic assemblies.

The market demand for small dimensions and light wezight
products has resulted in very rapid trends towards electronic

equipment of smaller volume.

The products like portable CD player osersonalté€-sonone nave
decreased both in mass and volume tc about one-tenth over the

ion 1s shown in table,

4
BN

(as

past ten years. This trend in minimiza

TECHNOLOGY TRENDS FOR MINIATURISATION

Description 1984 JPRSES LHSz UnLTE

Typical Track 300 200 5: micrometer

Component density 4 5 20 pcs/cmé
Number of board layers 1 2 5

Board thickness 1 .8 0.¢ i

Typical IC Pitch 1.27 .8 0.3 o



Taeble II

The development of increase in packaging densizv -s given in
Table I7I
Mounting on PRINTED BOARDS
Year product Active Parts Soldered
2
cints/cm
1955 Radio Tubes 3.2
1964 Black + white 7.V Transisters i
1970 Colr T.V Transiters - 105 C
1988 CD Player ICS + Trarsistors 20
THE MAIN ADVANTAGES:
Reduction in EMI emission
S/N ratio
Assembly Cost
The capacitors for better impulse response fas-er and more
accurate rise time characteristics.
Consumer electronic products 1like our CD ©player., « hich

largely wuse registers, capacitors and other discrete components
and have lead pitch of more than 0.5 mm, LSIsw ith nitch as  low
as 0.1 mm requires very high precis:on sc for th= zabovs reasons

4 e have used surface mounted components for cur prole



STATIC ELECTRICITY PRECAUTIONS

1. Use static Electric Prevention Belit,
2. Use Deionizing brush.

M OEM.

]

3. Use hand strip of

4. Use electric conductive g.oves,

5. Use earth attach soldering iron

6. Use spacer

7. Use electrical conductive part box.
8. Use electric conductive mat.

9. Use electric conductive sheet.

10. Use Deionizer.

11. Conveyor line must be gounded.

12. Measuring equipment must be grounded.
13. Electrical screwdriver must be grounded.

14. machine use on line must be crounded.
)

15. Dippoing machine must 2 Trouncas
16. Use conductive nac.

17. Avoid putting expose eguipment which generate magenetic
flux.

18. Avoid using magnetic tool.

19. All Tools, Instruments, Ttc.. used for measuring nust
be grounded.

20. Wiring wrapper must be grounded.



HANDLING PRECAUTIONS

1. Do not drop the pickup or subject it -c imoact,

2. Power plug must be remove before attempting o replace

any component.

:

3. Never repair or store the pickup where the temperatura

or humidity is high.

4. Never expose pickup to dusty envircnmen-.
5. Never adjunct any ad-iustable parts on Zrhe cickup.,
6. Never user your hand touch the DICKU T Lo,

7. Use air brush to cliean dust away.
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PCB DESIGN
The starting point in the dagicon 2% PCB from chs  schemas: o

diagram of the circuit. This PCB is particular designed for

mounting the component in the surface of the board tself.
ie.,) SMD ICs
Fixed Register
tantulam capacitors etc.
This is designed using the software package. ile.. Automatad
Artwork.
LAYOUT

The layout of a PCB has to incorporate all :the :nformation

98}

on the board before going to the preparation. Thiz layouts i
designed using the detailed circui= ciagranm.

ARTWORK

93}

In this system 4 e need verv nigh accuracy so the art; ork i

produced at 2:1 Scale (layout/arts ork).

SUPPLY & GROUNDING

Q0
3
u
[oH
[
Q
[
i
&3

In our system (CD signal processing 7 here analog
circuits have to be accommodated on the same PCE the complate
separation of the corresponding ground conductors ars rzde, This
is to avoid any current spikes from the digital part

analog part 4+ here they could get amplified and =

]
W
o3
Qs
}—‘!
Q
)
He
jst)
L4
ot

oscillation or instability ¢ ith the 7 hot



AUTOMATED ARTWORK DESIGN

The layout sketch 1s 1

3
1§
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schematic. Digitizing is a graphic-to-digital cornversion of all
the relevant information incorporated in the laycut sketcrn 8200
as component location solder pad size, conductor configuration
etc. The resolution of this digitizer is in the range of 0.025-

0.1 mm.

COMPUTER

The pulse trains from the digitizer are temporariiy store

in the gctorage system of the minicomputer. The 23%s  ars  ©aen
n{
processed by the computer in OFF-line mode and <ne 2.7 s usually

on plotted on paper.

")

In the photoplotter, the processed digital detsz

ed back tc graphics by photographic means. The 722 ior o oLs o s
high spot projector changes its relative positTinn  Tof 3X0S TS

drav ing medium v hich is the photographic film.
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PURPOSE OF AUDIO MEASUREMENTS

Measurements are made on audio equipment 0 check

performance under specified concditions and access

T

use in a particular application. They may be used ©o ver:iy

several

Loy

specified system performance or as a way of comparin

pieces of equipment for use in a system.

Measurements may also be used to identify components in need

of adjustment or repair. Whatever <tnhe application audio
measurements are an important part ol audll anginesrinc.
Many parameters are important in audioc devices 2nd meric

attention in the measurement prccess.

Most measurements in audic are composed of measurements oI

fundamenta. parameters. These parameTars L l.ule

SIGNAL LEVEL

PHASE & FREQUENCY

Most other measurements consists of measuring these
fundamental parameters and display tnese results in combination
by using some convenient format.

Ex., Signal to noise ratic (SNR} is a vpair 257 leve:

measurements made under different conditions exdressad

logarithmic (or) decibal dB ratioc.



TEST DISCS

Any test needs a standard source. In the case of

ers, test discs are available from Philips {410 055-2/2.

410 055-2/5A and SBC 429), PolyGram

2/5,

(CD3-YED~-S7 and 48DG3), Denon (38C39-7147 an

o~

nics (SH-CD00l), Pierre Verany (PV788031/788032), CES

other manufacturers, as well as organizations such as

Audio Society (CD-1 ¥YDDS-2). Hi-Fi News (HFNO-03) and

tronic Industries Association of Japan (EIAJ CD-1 YCDS

-y
i

ection

[
g}

-

contain diverse test signals and musical se

The CD-1 deserve al menziocn.

speci

[£9}
n

CBS test disc

FJ.
0

cludes all of the tests specified by poth the Electrorn

0

along with several

o

tries Association (EIA) and EIAJ,

It contains tracks of low-level

R
»

tests devised by CBS.

swept and amplitude-stepp=ad signa’s {(Ifrom avout -70 S
dB) recorded with dither. These cermit measurement o7
and distortion without the effects of guantization ncis

use of dithered test signals is crucial at low amplitudes

n

it would be otherwise impossible to separate the plaver’

tion from those in the test signal itself. The -100

.

demonstrates the ability of the CD system toc accurately

(DHF19~410742-2",

]

signals below the least significant bit when proper <dit
been added. The contents of the TBS CD-1 test disc zre sl

table $.4.
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The EIAJ has issued a test standard in two repcrzs {see the

references at the end of this chapter), "Methods of Measuremen=z

for CD Players" contains the following thirteen tests: Ireguency
response, signal-to-noise ratio, dynamic range, +=ctal narmonic
distortion, channel separation de-emphasis srror, wow ar’  Fiut-

ter, intermodulatioco distortion, phase difference betweer chan-
nels, level difference between channels, output voltage, »nitch

error, and access time. In addition, ‘t specifies a s=andard

method for performing and documenting the tests. "Test Disk for
CD Plavers" describes a standard test disc Lo be usel =2 serfornm
such tests.

The signals on test discs are computer - generater fc guar-

anted accuracy. Standard specifications can be measured witr
thier menus of signals. Of course, test gear is needed to deci-

pher the results; a good test bench has an oscillosceopz, 2 dis-

torticn and lLa2vel meter, and a harmonic analvser. Ince=d roo7
test bench should also have a D plaver and test disc The
provide a highly accurate set of reference signals usefull in

testing other audio equipment, room acoustics, etc) As an alter-

native to separate pieces of measuring equipment, intecrated,

computer - based test sets offer high accuracy ans fast
operation.Equipped with a test disc, measuring gear, and +the

player under test, we can run some numbers.



FREQUENCY RESPONSE
Frequency response measures a Signal’'s amplitude deviation
over the audio bandwidth of 0 tc 20 KHz :anv amp.ltuds deviation.

s measured in decibels (4B

[N

either positive or negative,
relative to a 0 dB {(maximum) amplitude at 1Xhz.
performed by using either independent tones or a swept tone
recorded at 0 dB. The two channels are tested separately. By

erfectly flat

el

definition, the digital signal should have a
response, but the output analog circuitrv usually Interferes. 2

single channel measurement is shown in fig..

Freguency response measures one o©f —ha mes: audin s aspects
of anv audio systern. A zlight difference in Ireguosno: “esoonse

can amount for diverse gualitative adjustments inclucing image,
depth, air, clarity and warmth. Fortunately Trhe freguency

response of digital audio equipment in one of =ts forzes.A gcod

CD player will have an =ssentiailyv I.lat Wit 2 nsgatLive
: : £ S an+iha = S o = . 3
deviation o perhaps a few tenths o0f a decibs. z% the i1gn

frequenc. es

CHANNEL SEPARATION

Channel separation measures the ability of ths wlaver to
keep the stereo signals distinct from each other: =zgain the
problem lies mainly in the analog output circuitcy an® usually
grows more severe at high frequencies. For this tsst, 0 4B

reference tones of various frequencies are played trnrough onsa

channel and the crosstalk is measured on the otharwiss guiet

channel as shown in fig . When a broadband neasursments is
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tai.en, crosstalk of both the fundamental and Its harmonic

1o

components are measured. Many manufactures prefer to measure only

crosstalk from the fundamental frequency under test., Thus &
fFilter fa 22 KHz low-pass or z selected band-pass} L1z used o
remove wideband signals which zould decrease the measured veéliue

of separation.

Whatever method is employed the crosstalk lavel 1s measured
as an amplitude in dB. A fig of -100 dB at 1Khz for example means
that 1KHz information on one channel will also appear on the

other channel but down 100 dB. A channel separation freguency

1631

response may thus be plotted. Zuriousiy, channel ssparaticn L
usually not reciprocal between twd channels. A <O

have channel separation of more than 90 dB across the auxdio bend.

TOTAIL HARMONIC DISTORTION PLUS NOISE

Total distortion plus noise (THD + n; measurss 2 G2avice s

t

ability to reproduce a signal without adding comdonents of  Its
own. Specifically distortion results if the device adds new
harmonic information. For example if a 50 Hz tone was appiied 50
Hz would be reproduced as well as harmonics: 100 Hz second nar-

monic, 150 Hz third, 200 Hz fourth etc., Devices guch 38 C/A

converters are often guilty of contributing harmonic di

The THD + N of a device is measured by inputting a sine wave

(a signal with no harmonics} ti fitering out Cne Sing Wave -
the output and measuring *the remaining narmonricz signa. as A&

ercentage of the original signal. A THE + N analivzar accom-
N A - ol .
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plishes the process directly as seen in Iigure . rH

varies with respect to both amplitude and frequency. It mus

therefore be measured over a wide freguency range and at differ-

ent levels. Unlike analog system in which THD + N increases wit
amplitude, a digital system's THED + ¥ decreases with anrlitu

player manufactures wage war cver THD + N measurements ofte

achieving levels below 0.002 percent.

The THD + N can be measured at frequencies recorded at 0 g
and lower amplitudes such as -24 or -30 dB. Some ovlavers show
rise in distortion at high signal amplitudes due tco © =UdTrTion o
the analog output stages as well as 5it welghting errors in  =n
D/A converter which increase guantization error. Steps 1Iin  Th
measured distortion over amplitude indicate the latter. A rise X
THD + N at high frequencies is often observed particurarivy I
plavers with poor low=-pass filters. T-is 1Is usua_. LT e T
harmonic distortion but is caused by the beat Ireguend cenvae

o
&

the CD player's clock and the test signal will measur= oa.l KE

The EIAJ and most manufactures insert a 22 FKHz low-pas

4

filter Dbetween the plaver's output and the distor?

—~

)

meter

Otherwise spurious beat frequency components re:atec o Ih

player's sampling frequency add to —he distortion measuremen

whereas in fact they are not harmonic surely 1t _imits tae uses O

03]

93]

T

the measurement for example a 24 KHz iow-pass filter removes ail

iH]
p

28 ancer

guenc

i
{

legitimate harmonic components for fr:

than 12 KHz (24 KHz is the second nharmcnic o 1z XHz, . Thus THD



N cannot be accurately measured for freguencies greater than LI
KHz. Thorough reviewers are careful to examine the wunfiltered
output signal with a spectrum analyzer to detect anv components,
harmonic of otherwise which might degrade performance. 3Becauses o

the 1low distortion levels to be measured care must be Laken in

grounding and interconnecting the plaver tc the test ecuipment.
QUANTIZATION NOISE

Quantization noise can be evaluated by measuvring distortion

at very 1low signal levels. To measure guantization noise, a

dithered test signal at various low-level amplitudes L& usec. THD
+ N is measured thus removing the funcanental component of T
test signal. Tn addition low-and moderate order harmcnics mav o2

removed with a high-pass filter (400 Hz) to prevernt distorzion

products from obscuring the gquantization noise measurement across

the audio spectrum above 400 Ez. Fig, shows cCuantizazliorn
ncise in dB (y axis )} against signa. ampLiTuce Irom MErimar

tc -90 4B (x axis).

INTERMODULATION DISTORTION

Intermodulation (IM) distcrtion measures the Zreaticon 0f new

frequencies from a combination of any legitimate nput Ireguen-

1
]
3
[}
%
}J
i
1
0]
(]
3
0
M

cies. Some circuits generates a series of sum

frequencies related to two input freguencies. For exampie 1I 50
Hz and 1,000 Hz are input , 950 Hz., 1,050 Hz, 1,200 ¥z and ar
entire series of frequenciesz micght oe added ir Since  These

frequencies are not harmonical.y related tc the origina.s chev



[SPRENI P RS S

tend to be audible disagreeable and micht contribu:
fatigue. To measure IM, twin sine waves most often recorded at O

> outo2ut; any

dB are input to the device and then filtered at zho

W
"
o
P
it
n
0
0
M
0
w
\Ji
W

remaining intermodulation signals are measured anc 2N
percentage of the original signal. Several stardard Zresquency
pairs can be wused. a SMPTE 1M distortion CCI® IM distortion
standard specifies 11 and 12 KHz in a 1:1 ratio. In =ither case
the percentage of the beat freguency at the rlaver’'s output
constitutes the measurement. A low-pass filter is usual:iy insert-

ed as part of the measurement. A good player's SMrT=Z IM distor-

~ "\e

tion should be 0.004 percent or less. A spectrail aNnanvs

IM products may yield insight intc tnaelr cause.

DISTORTION TEST FREQUENCIES

ke

Distortion measurements 1in CD players pocint ul a unigque

problem: Certain test freguencies must be avoidad Ineacausz  thev
vield unrepresentative {and higner) distortion readirzs. Sgtecifi-
cally frequencies which are integrail submultiples of the z4.1 Xbz
sampling frequency-they are thus synchronous with tae clock
frequency- will utilize a fewer number of guantizazion intervais
than noninteger submultiple,resulting in higher cistortion. Tne

synchronous relationship does not test iinearity of savery state

of the D/A converter because the points where tne
are sampled will repeat after a relatively gmall nunner Of

ples. & non-synchronous relationship is preferred =cecause “he



waveform passed through manv i

ng re:ationsaic Javziang TVery

converter state to be exercised. For example a test frequency of
315 Hz (1/140 of 44.1 XKHz) recordsd at -20 d3 wouild uses 71 d&if-
ferent guantization intervals in a veriod of 130 millisecond: ir
a 16 bit converters whereas a 31

and over the same time peroid uses 3.282 intervals.

o3}

Thus the EIAJ and manufactures recommend voiding test
frequencies that are integer submultiples. Hence new test fre-
quencies have been standardized bv the EIAJ. These are presented

in table 5.2 . Measurements of criteria other +han distortion

o

(D
8]
~
0
—
)

such as frequency response are not zffected by the ancna. v.
SIGNAL-TO NOISE RATIO

Ideally an device have no output signal waen thare 1&g no

input signal. In practice the S/N {signal-to-Noise! ratis nreas-

ures the noise floor of the vlaver’'s cutput relazT.re  —o  hs
player's rated maximum output levei !5 dB,. The aumber of hits in

a digital audio system determines the maximum signal-to-roise
ratio possible. Dbut the analog output circuitrv 1s often the
limiting factor. Any noise or hum in the output stages will

determine the floor over which the signal may rance. To make the

test, a test disc track with 16 zeros per samp.e (Zigital si-
lence) is played and the noise which 1s measured 13 raferenced o
a maximum level of 0 dB. An S/N measurement with & Jicital sali-
ence track does not provide ‘nformation on thne i i figicsa

circuitry since the D/A converter is not neing exercissd {and its
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ovtput is muted in some designs). The digital salzence Track 1.3
+hus useful for separation analog from digital noise
and thus «cn-

sources. Although the D/A converter is guiescent, 3

M

tributes no noise due to conversion low-freguency nois

such as the power supply, the analog circuitry and poor grounding

as well as high-freguency noise sources such as clock leakage
will limit the noise floor of the player. A spectral aralvsis of

the noise signal is often revealing.

Once again there are different measuring methods. Some

manufactures measure a broadband S/N ratio, while others employ a

low-pass filter to aliminate ocut-ofi-pantc COMpPONEnTs. Trhe TIACD
calls for a filter with cutoff at 4 Tz and 20 ¥X=z and with an

attenuation of atleast 60 dB at 24.1 KHz). An "A" weighed filter

-t
¢t
-3
Q)
3
Q
}al
0]
)]

may be used to attenuate low-freguency components of

signal. A good player should hawve an §/N oFf creater 2E
Unweighed at 1 kHz as shown in fig Taveful aTTentTicn Tl
grounding and interconnections is reguirea O re such o

levels.

DYNAMIC RANGE

Dynamic range is often confused witnh signai-to-noise ratic

S

but there is a difference. The EIAS defines dyvramic range 2

level of total harmonic distortion plus 60 4B wren a D

duces a 1 KHz signal recorded at -60 4 nelows maxinun

For example a THD - N -2 peas
dynamic range measurements of &3 The measurenenT L5 TAUS e
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s
:
»)
f
rod
i
o

filter and 22 KHz low-pass f:rlter ke used to measure TH

This preduces a nolse measurement as onposed . x QisTCorTion
measurement and the results can be compared to ‘AT -—welghted
noise measurements. However iz mav e misieading o measure onls

harmonic components for example. D/A non linearities may produce
alias frequencies. A more rigorous test is to measure the total

power of all harmonic, nonharmonic , and noise components rela-

tive to the fundamental. The EIA has proposed means of measuring

]
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at =6

dynamic range using 500 Hz ditrered test signals racorde

4]

and =120 dB. The player's output is passed througn a one-third

octave filter tuned to 500Hz and tha output 1s measured in 4B

The noise floor 1is determined by adding 3 dB  =¢  tne ou=ou:z
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signal 1level from the -120 4R

is assumed to be the lowest signal =hat can be re.iably distin-

giushed from noise. evel 1s tnus S04 above  nne
output signal level of -52 4z, range 1s  ascerTained ov
subtracting the noise fioor -i120 ¢dR recordsa += from  the
signal level (-60 dB recorded + 50 dB).
D/A LINEARITY MEASUREMENTS

As we oObserve in chapnter four D72 counter Llinzaritv s 2
crucial concern in a digital audio syster. Neo maztier nat word

length is converted the accuracy of the conversicn and hence the

fidelity of the audio signal nirgs on the lirezrizyv of the

0]
H
)

converter. A linearity zest meas
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apparent as a deviation from a nominal

in distortion of the audio signal. I axhibit

differential non-linearity due to it weighling errors: therral oF

physical stress, aging and temperature variation are zls

tors. Low-bilt converters are more ©obust 17 Thls reaga

A linearity test measures the reproduced analcg signals
relative to their recorded amplitudes. The test is often per-

formed with 500 Hz test tones, with descending test disc ampli-

, =80, =9C

()

tudes of -1, -3, -6, -10, -20, -30, -40, -50, -6C, =7

dB and ~-100 dB with the greatest scrutiny in which the tone faces

appreoximately =60 dB to -120 4dB where tne 3igna

system noise. It is important o note +tre difference ICetvesarn

dithered and undithered test tones when making this <test.

example, because of averaging an undithered test =one of -90 dB
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will be reproduced at -89 dB through

ares test 1s used, the =3 g
spectrum analyzer should fall orecicusiy at 30 &=

attention to grounding and interconnection is requ.red =T measure
such low levels. In some cases, D/A ccnverter nonl:inearitices can
be uncovered by ear. This is done bv plaving a dither=d Tade-to-

zero signal. Effects of nonlinearity are audible as aarmonic

distortion.

Using tests for D/A linearity. the results of goorly per-
forming D/A converters can be evaluated. For example, = -50  3E
signal reproduced at -85 dB it 1 eXVAr SIon : o
amplitude information. A -80 ¢B signal reproduced - iz



wouid result in compressicn of low level

converter with extreme nonlinesrity oroblems mighT oo

o

signal through -80 dB, then exrand tae signal a- -

ducing low-level audio waveforms in a 131ghly nonline

Ambient information, for exampie, could be auainiv oary
Figure 5.10 shows the output of 3 p plaver in vnich  oh

output is quite linear through -90 4B as measured with

fade-to-zero linearity test. 1+ would be safe +o sav that

8 the
repro-
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nonlinearity wonldnot pe audible under most listening corditions.
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bration. Some D/A chips offer calibration of +n- 3=
Oothers may offer calibration of the 4 rost significart ni-

a practical tip, remember to let the D/A converter varm un

half-hour or more before attempting anv calibration: :-=
TY Changes as the device Teacnes a stabls coeratinac - e

PHASE MEASUREMENTS

Interchannel phase difference measures the shifs
identical frequencies recorded on twc channels. Tre
signal must be recovered from the single data strean 2--

structed with the original simultaneous Phase be*ys
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channels. 1If a single D/A converter i
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isn't applied, the Channels will be ou

each other as the converter delays one channel reistive
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other, For example, a 44.°7 g @ player wisr

may show an 82 degree Phase shift at 20 kuz 121034 micrnge
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<t the 44.1 kHz clock rate). Similariy, an B53.
playver may show a 41 degree shift and a 17&.4 KEz
would show about a 20 degree phase snxft. Time 4
tion used 1in single D/A plavers may improve this
Even dual D/As can contribute a slight error.

To measure any interchannel phase error, 20

each channel; any difference will be apparent from tne

¥

KE

N

]

asa  snifc-
s outcout o
misaligneag

3

waveforms such as the ones in figure A good piaver should
have negligible interchannel phase error. This 1is iliustrated in
Figure . Alternatively, time delay or phase error Dbetween
channels can be measured through a Lissaicus pattern. The cutplaT
of one channel is connected to the horizontal (X insuz oI an
oscilloscope, and the output of the other channel is connected :c
the vertical (Y) input. A trace angled at 45 degrees (Ifrom _owar
lef+ to upper right) indicates the chanrels are in cnass

Phase linearity measures any phase s3nift Detween Iiiferent
frequencies. Digital filters and carefully compensated analog
filters can reduce phase error to a few degrees or less. Al-
though this is not a rigorous test, some test discs contain  Twin
tones of 2 kHz and 20 kHz, each on a single channel o2uTput. The
toheé are encoded with simultaneous positive-goind o Iross-
ings. Any relative phase discrepancy can Tnus e ooservad on AT g
oscilloscope. Simultaneous zero-crossing of the gpositive-goiac
waveforms shows there is no phase discrepanay. oo IT s of o oTas
waveforms at that point wo .

player with digital filter:




DE-EMPHASIS

To reduce noise, some COmMpPact discs are recorded wWitn pre
emphasis, a boosting of high freguenc.=s ©F “haprey
Three. During plavback, a high Irecuendcs rircuic

pcrse. De-exphasis error

om

crould automatically restore a filat xe

measures any deviation ocecurring when the de-emphasis curve is

not the correct reciprocal of the pre-emphasis curve. To accon-

m

plish the test, selected frequencies are output, and any 4

@]
]

emphéesis deviation is messured in dB. The EIAJ proposes use
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xHz an
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125 Hz, 1 kBz, 4 xBZ,

(. rer Evaluaticns

nny level imktalarce Dbetween the twe cutput channels is
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mezcured by conparing two 1 kHz signa:s recorded at u

difference 1S ext-ressed in 4z Ty 2L0CLTIOT vo_tace D9 x0Ings R

tre maximum cutcli alues are often specl

Although the wow and flutter in CD players snould ne negli-

gible, some test discs supply a 3.15 kHz tcne,
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usually used tc mreasure speed fluctuation 1n analosg

accomplish the measurement for CD players. The T=IAJ specifles
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that the test be made for at least 5 oput no more T
Typically, the weighted peak value of D wow and Titt
the + 0.001 percent measurement threshold. and mcst marufacturers

simply state, correctly, tThat =t I8 Nelow Teand



Although an unlikely cccurrence. any pitch e7rcy
by a CD player may be specifisd by measuring = <Y cdz  ounout
signal with a freguency count=r and expressing Ing error  as &

percentage : (F - F y/{F Yx100 where ¥ =20 KHz.
1 0 0 0

The nature of the output filter can be examined through
single pulses and square waves. A single pulse or a 1 kHz square

wave will show the damped pattern of analog filteriny or tae

symmetrical pattern of digital filtering as shown ir flour
However, it is important not to misinterpret the rippis Dresent
on the waveform. A perfectly sguare wave could onLy e¥IsT 1N Lne

case of infinite bandwidth - that is, only if an infinice number

of sine wave harmonics were present O complezely combose  Tne
sguare wave. T~ the case cof a L iaver. wg Anow AT AT z -

width is limited to about 20 kHz. Taus the square wave will snow
ripples. This is normal operation and is descriked as the Gibbs

phenomenon.
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The single pulse response 1ls also use
rect absolute polarity. For example,., 1f a positive-golinc puise

recorded on the test disc results in an oscillosccpe Trace SnoOwW-o
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The FIAJ also specifies a test to measure access

time it takes for a pick up to move to & iocaticn o~ ths disc.

(

Ul

Short and long access time s are specifiec. Short attes: im

measures the time for the pickup tc move the next sdafasant
and begin playing. Long access time measures the time ©or the
pickup to move from the innermost track to the outermost track

and begin playing. Both measurements are specifi=c in seconds.
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Tests discs can be ased jate) exerci

s

correction/tracking abilityv of the plaver. The rilizs 52 test

disc contains three types of intenticnal defects oo spacified
tracks : simulated fingerprint, calibrated Dblack dots  on  the

readout side, and calibrated interruptions on the information

layer. The dimensions of the »lack dots ar=a . =00, 500
and 800 micrometers, and —he inTarrustlions o7 — = Torratiorn
layer are 400, 500, 606G, 70C, B35 and 805 micrometers. These
obstacles help determine a player's limitations in rror

correction, concealment and tracking. All CD plavers should be
able to play through the fingerprint ancd the smallesc of the

o~

other defects. 1In theoryv a player with fully Implemerczec 2Xror

correction strategy (not all have this) should correct anv defect
up to 2400 micrometers. In practice most players nencls 2al.  fae

defects on the Philips test-disc.



The more strenuous defect
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The CD standard specifies correctio

up to 2.47 nillimeters. Int

dropouts is theoretically possib.

combines dropouts with minimum
from 1 to 2.4 milliimeters are

The seventh test can be
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but the CIRC is theoretically capable
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Seme  plavers mayv be anie o ST e ¢ 3 lo il
fail to correct two dropouts. The <esct contal s Twoo s51TCes
sive dropouts, each ranging from .1 ©o 3 millimecsXs. IcTer:
many of these test conditions excesd the expectatliorns oI wae .

standard, error correction and Tracking oot

CAVEATS

The use of low-pass filters to 1imit measurements to in-band

information has generated confusion. Some players output oniv

in-band information with no spurlious nigh-freguencyv components.

Specifications such as TTT 4+ N ~zrn be  measured  TLTeCcTl
However, other players exhibit cut-of~banc¢ freguency components.
The rationale for bandleader measurements is that sup2r-—
sonic components cannot be heard and shouid not trerefore aftfesct
the measurement.

The difference between 1 and filtersen measuremerncs

@)
[

is illustrated in figure 5.13. The first oscilloscope trace

the unfiltered player under test shows a 20 kHz signel and an
image frequency at 24.1 xHz (44.1 XHz-20 XHz) as well =5 1mades
of those two freguencies at 64.1 xHzZ and 68.2 The Second
trace shows what happens when a 20 kZz seventh <orier 10W-Lass
filter is put on the player's output; the trounliescms =X ars
largely attenuated, leading to much better measuremen

=  should note that some ITYITICE NoT 8 3 < s
validity of filtered measurem2nts. Since many L aver neasura



satisfactorily without a special b»rici 2. Jilter, L 3 -
use special measuring conditions for the henefit ci o=

5>  Moreover, it is possible that some _isteners ca’

band components or that the componants might affect inianc
signals. 1f a player has them. measurements shoulil 300 gt
fact. Finally, wunless the manufacturer wishes TO Ly Toe

consumer with a special low-pass filter, it doesn't seem right to

measure the player with one.

The bottom line 1s that measurements are varid only if they

accurately portray performance. If some “lavers have

L N, then that should be made ciear. TooTED o+ M nre
made with a brickwall filter. then a specIrum analvsiz shouarl
also Dbe supplied with the player o show the Supersonic
components. Honesty in specification is important. especially in

a new technology such as digital audio. Only then can wa exgact

P i

evolurticn tToward bpettex

"

A specification is meaningful only if we understano Ine

{

conditions of measuremnt. Greater consumer awareness will 1=ad
the way to new specifications designed to clarify the performance
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of digital audio devices and to hel

precision measuring devices you's naturally eguipped witTh.



How to Enjoy our ‘CD’ System




GUIDELINES FOR INSTALLATION AND MAINTENANCE

This unit has been manufactured to assure

)
0]

Yy raesuiT 1n

o]
3

safety. But improper use <

or fire hazard. Tn order net ©o defeat Dne  sal

2]
T
(NS

observe the following.

* Do not place this eguipment where the power corc will be dam-
aged by persons walking on or tripping over it
* Do not overload wall outlets and extension bcarcs ad this can

result in fire of electric shock.

* Before cleaning, unplug the equipment from zthe mains Outiex
Use only damp cloth for cleaning. DO not appliy .iJduic Or aerosoc.

cleaners directly on 1it.

* Remove power plug from mains socket when the set 1s not on use
for a long time.
* nNs  not  touch mains weT Ands S CnTlas L

aiways pull the plug znd not —ne cori.
* Keep away from heat and molisture.
* Removal of the cabinet cover may eXpose you ¢ hazardous volt-

ages or radiations.

!

* gudden fall in surrounding temperature may Cause dew to  forr
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on the optical lens 2
cannot pick up signal and the anit will not CpecEte LTOPerLi. E

this should happen, do aot operate the player nTii it nas ai-

Q

iusted to the surroundin



CONTROLS  ( Himgmeic )

1.Power switch (POWER)

2.Disc tray

3.Track display (TRACK)

4.Play indicator (PLAY)

5.Repeat indicator (REPEAT)
6.Programmer indicator (PROGRAM;

7.Play/Pause switch (PALM/PAUSE)

8.Stcop switch (STOP;
9,8kin /Search switches (SXIP/STARC

10.Repeat switch (REPEAT)
11.Memorv switch (MEMORY)
12.0pen and close switch for the disc <ray (OPEN/CLOSE.

13.System remote socket {(SYSTEM REMCTE]

l4.Cutpout socrets (LUTPUTH
15.Mains lead
CONNECTIONS

-Before making connections or disconnections be sure o turn of

the power to each cocmponent.
-Connect one end of the Phono plug terminated leads 'Suonplied; to

1

the OUTPUT sockets of the unit and tn:

ul

» other end t©-o “he  Irnput

1]

sockets designated as CD {(or AUX, TAFPE PLAY, T.V,
any other stereo system or amplifier. Do not coanect o PHONO

sockets.
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-Tor remote control function {(onlyv when -

[
o
&N

system) connect one end of the connec-ion
stereo system) to the SYSTEM REMOTE socket of thre un:- zand <+he

other end of the CD PLAYER sockat o5f <hs :iares oz oo

of
o}

—-After all connections are completed, connect tre mains lead

an AC wall outlet.

-If the CD-Player is placed tco close tc the tuner, =ome ‘nter—

ference in AM of FM recepticr mas

recommend to simply switch off ths CD-D1
tion.

PREPARATION FOR OPERATION

Both 12cm and 8 cm compact discs can be Dlzvad on +hisg
claver,
1. Press the POWER switcn to ON. The disclay cates CCOT

2. Press the OPEN/CLOSE switch. The disc tray will come out and

" "

the display indicates "- -".

3. Without touching the disc surface, 2lizce the disc - =pha -+
with the label facing upward (Fig. i
4. Press the OPEN/CLOSE switcnh once acain. The Fisc Trav will

close. The display indicates thes *otal number of -racis
Note:

-When the disc 1s inserted upside down Tabel dourwar- 5 e
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WHEN HANDLING COMPACT DISCS

In order to enjoy vour music under the ©Dest conditions,

always keep your discs clean and note thne Tolilowin
-Do not touch the playing surface (shiny. ~zinbow-colovrated

surface).
-When you will not be playing a disc of high temperature of high
humidity where they may become warped.

-When vou will not be plavin

Su]

N

fyom the playver ard return 1T =0 1is Case.

e

-

-Do not put tape, etc, on the label surface.

-Before plavying a disc, wipe anv dust or fincercrinzs “rom  thne

(

playing surface with a soft clozh.

-Do  not use cleaners or antistatic spravs used o©n Conventicnal

OPERATION
NORMAL PLAY
1. Press the PLAY/PAUSE switch. The PLAY indicator illuminates

and the first selection (TRACX No.l) will begin piayin

(K]

2. Press the STOP switch to stop at anytime.
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3. When the last track has Dlaved,
mode.

4. When play is finished, open the disc tray, fsmove the d4disc,
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close +the disc tray and press the POWER



tte disc tray will come out.

PAUSE

When the PLAY/PAUSE switch is pressed during

player will go to pause moce. {The PLAY indicator wi._l

order to cancel pause, press the PLAY/PAUSE switch on

play will begin from where it nad stopped.

TRACK SEARCH
s
When the wi/oe cr 44/ 4 SKIP / SEARCH
vressed during play, the player will cguickly advanc

while the switch is being oressed. When the switon

olay will begin again at th

_If +track search 1is performec during pause, trs
return to pause when that switch 1s released.
-During track search operation, the display inciares

playing time of the track which is searching. The 1=

indicates the last place of minutes and the right-ha

indicates ten's place of seconds.

eg., 15:30 = 5.3, 1:32 = _.3
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Press the wi/pe or 4/ SKIP/SEARCH switch wizh ~ne *Zouch

the desired tracs X0 1s  dis-

(or 1if required, repeatedly)

played. The player will start playing from the desired track.

-The track No. will change everv time by pressing the ZVIF/SEARCH
switch.
-If 1in pause before pressing the SKIP/SEARCH switch. -2 player

will go to pause (standby) after beginning of the tracx 1s locat-

ed.

PROGRAMMED PLAY

1.Press the STOP switch to pregars L0Y Ln@ DIOGransivi

2. Press toe pm/ew cr <4/ ek SKIP/SEARCH switch to selert the f1rsz
program (to be played first). The selected track Nc.

3. Press the MEMORY switch t¢ =ztcre the informat_ on. = 3nCorecd
track No. will display and PRCCRAM indicator will L. .un.nate.

4. Press the »w»/>» CY 44 /ia switch to store the seccnd program .

5. Press the remaining tracks available on the disc in the same
way .
Note:
Upto 16 selections can be »rogrammed.
7. Press the MEMORY switch to confirm programmirg.
8. Press the PLAY/PAUSE switch. Play will begin From =he  Lro-
grammed track.
9. When the last programmed track nas oslaved. The po=wven ool

to stop mode.



T e programmed memories will remain.

Note:
-If vour want to add mcre programmer numbers
memory position after confirmation (Stew 7}, 540

number and press the MEMCORY switch.

It 1is 1impossible to change the programmed ent

program between the previous programmer.
-In order to cancel (clear) an entire program
switch twice or press the OPEN/CLOSE switch.

When the unit is turned off, the entire program

REPEATED PLAY

v
- Y e

Dres
is oA
13 Ca

When the REPEAT switch is pressed during plav

indicator will illuminate and the olaver will

continuously.

reseat

To  cancel reveated =znlza ore2ss the  REDF
PR £ ¥ r G e N oy e e aen T — —~ym = T ey
again. (The REPEAT 1nalcatoy wi.oi 4o Sut:. whan

OPEN/CANCEL switch 1is pressed, the repeated plav

celed.
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SPECIFICATIONS
Audio

Channels

Frequency response
S/N RATIO

Channel separation
Distortion

Wow and flutter

Outputs

5

Signal format

93]

Sampling frequency
Quantization

Transmission rate

System
Light source

Wave length

General
Power supply

Dimensions (approx)

4 Ccnanne.ls

i

]

4§

5-20,000 H=z

28 4B

44.1 KHz
16 bits linear/channel

4.32 Mbit/sec.

Light pickup (3-beam)
Semiconductor laser

790 mm
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Further Enhancements




FURTHER ENCHANCEMENTS :

Chs are an optical

music for enjoyment. Since 23 wvastly larger am

that which could be reccrded on the medizd used UprTo "OwW Car pic
recorded on the disc, it is possible to consicer Lo ZI0r ase az =
medium for recording other <inds oI informaticr such  as  video

images and data.

The project we have completed be further enhanced by imple-

menting the following latest features in the fielc of digl

compact disc systems.

{i) Read / Write CDs

Research in this field has made possible the design oI R/
CD. CD RAM's are mow possible and very attrac:tive products can

r in the n«

w
n
]
0
i
t
1
bl
i

coe

{ii) CD Video

Another attractive feature of CB's is CD-Video. C(D-Viedo Is
a hybrid of compact disc and video disc ir furczIion as well as n

appearance.

CD-V has inheritec¢ the oDest oF both  teshnoliories. O

digital sound along with vide> ailsc DicC

1

i



(iii) MULTI DISC PLAYERS

Due to advancement is CD

five to ten or more

th1s

plavers,
programmed for playing as reguired

(iv) Palm Size CD's

New technology has miniatur
car and portable listening.

home,

The above features are

fast emerging fielid of CD's.
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Conclusion




CONCLUSION

Many existing svystems 7oon one L 2T Tor T
multiplexed data of the two = channe e : 3
D/A. Only after the D2 has performed it: Conversior ara
the two analog channels separated intec lef: anc Tight chan-

nels.

iies in the

9}
-

M

(i) This single D/A Design creates several anom

83

signal. The interleaved segments of analog voltages produced
from single D/A Design are not so easily separated. A  switch
must be used to route these pDieces of wavefcrs o  =ha  corracs

cutput channel. The switcn might cause distortion as it Z1is

hack and forth.

(ii) The single D/A design introduces a slight =<ims differencs

(11.34 micro seconds) betweer the two audio channs. 3. So  fhe

interchs:

LA

{

These drawbacks are overcome in Dual D/A converter. in 2
dual D/A converters design, the demultiplexed data appears at the

two converters simultaneousiv, exactly as it avpeared at the A/D

converters of the digital reccrder. The O/P aralcc snarnels zre

thus exactly in phase that is exactly matchac 13 =—im=. It L=

possible to compensate for +re offset introduaced ow LTl

However, this is Jdifficult =0 zcocnieve

freguency range.
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