specilications are whiest ta change withgut notkce.

DEVELOPMEGT DATA
Thls auta sheet containg information and .A??QO

purple binder, tab &

9397 086 20142

DIGITAL FILTER FOR COMPACT DISC DIGITAL AUDIOC SYSTEM

GENERAL DESCRIPTION

The SAATZ20 is a stereo interpotating digrtal filver designed for the Compact Bise Digitst Audio system.
For descriptive gurposes, the SAA7220 s refervad to s the B-chip and the SAAT210 as the A-chip.

Featuras

® 18.bit seriat data inprut {two s complement)

# [nterpolated data replaces errgnecus data samples

e 12 dB attenuation via the active LOW attenuation input control (ATSB]

® Smoothed transitions before and after muting

¢ Two identical finite impulse response transversal filters sach with 2 sampling rate of four titnes that
of the normat digital audio data

& Digitat audio output of 32-bit words transmitted in biphase-mark code

» 115 data wensfer between SAAT210 and 18-bit dual CAC (TDA1541)

QUICK REFERENCE DATA

Supply voltage {pin 24} VoD typ. IR
Supply current {pin 24} np YD, 180 mA
tnput voltage ranges

WwsAf, DAAR, EFAR, SDAB,

CLAB, SCAB, ATSB, MUSE

Input voltage | OW ViL ~03twc+8 V
input volitage HIGH ' Wi 20w Vpp 05
Qutput voitage ranges

CABD, CLED, WSAD

<

Output voitage LOW Vou JtoC4d WV
Outpot voitage HIGH Vo ZatovVpo V
. DOBM

Voltage across a 75 51 load via

attenustor; see Fig. 10

ipeak-to-peak valua} Vi (g-p) 04t 08 V
Osciliator operating freauency

XTAL fxTAL tyg. 11,2896 MHz
Operating ambient letnperature range Tamb ~=20 10 470 9C

MNots
Al outputs are short-circuit protected except ¢rystal oscilator output,

PACHAGE QUTLINE
24-teag DiL; plastic (SOT-101 AL

% pH l Ll ps September 1985
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PLNNING

Pin functions
pin no.
1

2
3
4

i

i0

1"

mNemonic
WSAB
CLABR
CAAB
EFASR

n.c.

SCASH

SDAB

a.c.
X3Y5

XOUT

Xin

WsAR |} U El Yoo

|

cias | 2 23] WOSB
pasB | 3 27} ATSB
EFAR | 4 E ne.
no. [5] 26] ac.
scas {8 5] ne.
SpAB [ 7 Sanveee 3] wseo
ne {2 7] ne.
xsys 9 18] cisp
xout [10] 18] 048D
win 11 [14] poem

Vgg [12} 3] vesT

TEARTAD

Fig. 3 Pinptng diagram.

description

Word Select: input from A-chip.

Clock: input from A-chip; has an internal pull-up.
Data: input frorm A-chip,

Eeror Flag: active HIGH input from A-chip indicating unrallable
data. Tis inout has an internal puit-down,

act connecled.
Subcode Clogk: a 10-bit burst clock 2,8224 MHz {typ.} input

which synchronizes the subcode data, This input has en internal
petl-up.

Subcode Data: 2 10-bit burst of data, including ftags and syng
bHs serially input from the A-chip onece per frame clocked by
hurst clock input SCAB (see Fig. 8). This input has an interpal
puil-down.

not conngitad,

System clock output: 11,2886 MKz {typ.} output to BAC and to
Achip as slave clock input.

Crystal osciliator output: drive output to clock crystat
{11,2B96 MHz typ.).

Crysta! oscillator input: input from crystal oseiliator or stave
clock.

September 1985\
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Digimt fiiter for cumﬂac‘c digital sudin system L 8.7220

DEVELOPMENT DATA,

pin no, rmnemonic description
12 Vsg Grouad: circuit garth potentional,
13 TEST Test input: this input has an internal putl-down, In normal apera-

tion pin 13 should be open-circuit or connacted to Vs,

14 ooam Digial audie sutput: this cutput contsing digitai audio samples
which have received intarpolation, attenuation snd muting pius
subeode data, Transmission 1§ by biphase-mark cods,

15 DABD Data: this output which is fed to the DAC, together with its clock

{CLBD) and word select IWSBD) outputs, conforms 1o the 125
format dsee Fig. 7}

16 cLBD Clock: putput to DAC,

17 n.c. not connecled.

58 WSED Word Select: cutput to DAC,

15 .o, o1 connected.

20 n.C. not connected.

21 naé, not connected.

22 ATSB Attenuation: when active LOW this control input provides —12 dB
attenuation. This input has an Internat puli-up.

23 MUSB Miute: active L OW contral input with internal puil-up.

24 Voo Power Supply: nositive supply voltage {(+ 5 V).

FUNCTIONAL DESCRIPTION

General
The SAAT220 incorparates the following functions:

® [nterpolasion of data in ercor

# Attenuation

* Muting

& Finite impuise response transversal filtering with a four times increased sampling rate
& A digital audio output

Serial data formatted in two” s complement {DAABR; pin 3) is clocked in by its bit ciock (CLAB; pin 2}
together with word setect {(WSAB; pin 1) and error fiag {EFAB; pin 4) 2s shown in Fig. 1. After
resynchronization with the internal clocks the data is separated into laft and right channels and fed to
two identical Input Shift Aegisters {IPSR}, Internal timing and control loads the data inte the inter-
polation RAM via the intermediate Input Shift Register {15R}.

After interpolation, sutenuation and muting the data is fed serially from the Intermediate Output
Shift Register {HOSR) to the Audio Output Shift Register [ACSR) and to the [ISR. From the 115R i
is Ipaded into the filter RAM.

After filtering the data is passed to the Filter Data Shift Register (FOSR). From the FD3R itis
transmitted serlatly to the data output {DABD; pin 15) together with the appropriate word seiect
{WSBD; pin 18} sod bit clock {CLBD; pir 18}, in accordance with the 175 bus specification. Data is
again formatted in two 's complement. Outputs DABD, WSBD and CLBD are strobad to maintain the
eorrect timing refationship with the system clock output {XSYS} at pin 9 (see Fig. 12}

% pH I LI ps w (S‘eptember 1985




SAATZ220

FUNCTIONAL DESCRIPTION {continued)

The sulicade datz [SDAB: pin 7) and 10-bit burst clock (SCAB; pin 8} are resynchronized to the intes-
nal clocks within the digitat audic output block. SCAB cfocks the data into the Subcode Input Shift
Aegister {SISR; Fig. 2). Data is transferred to tha Subcode Qutput Shift Aegister {SOSR) on recaipt
of atl of the $0-hit burst clocks. The subcode data is then mixed with the data from the AQSRA and
the error fizp 10 provide the output DOBM at pin 14, SISA I8 reset when no clocks are detected on the
SCAB input.

Interpaiation

When for either left or right channel, unreliabie samples are flagged between two correct samples,
linear interpalation is used to replace the erroneous samples {up to a maximum of B consecutive
errarst,

When the error fiag is set, the sample is replaced by a value calculsted by the following formula:

® t

S{n}= — . Sin-1}+ — . Siadx}
xt] x+i

where: S{n) = new sample value

X = number of successive erroneaus sampies following 8 in—1)

S{n—1} = the preceding sample

Sintx} = the first fallowing correct sample

The value of x is detected {1 to 8) to determine 1he coefficients for the multiplications. Eight coeffl-

cient pairs are stored #n the ROM, If x = 0 or 3> 3 then S{n) will remain unchanged.

178309998
- TT T??%??T

JZBoTA

{ = sample interpolaing or held In A-chip
1

Fig. 4 Example of an gight sampie linear interpaiation.
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Digital filtar for compac'.ldisc digitat audio system L g7220

Attanietion

Attenuation is controlied by the ATSB input at pin 22, When the input is active LOW the samplg i5
multiptied by a coefficient that provides —12 48 attenuation. H the input is HIGH the multiplication
factor is 1.

Muts

pdute is controted by the MUSE input at pin 23. When the input is active {OW the value of the
samples is decreased smoothly to zero foliowing & cosine curve. 372 coefficients are used to step down
ihe vaiue of the data, each one being used 31 times before stapping onte the next. When MUSB is
released [pin 23 HIGH) the samples are returned to the full level again fotlowlng a cosine curve with
the same coefficients being used in the reverse ordey.

Filtarbng

The SAAT220 incorporates two identics! finite impuise response transversal Flters with the equivalent
of 120 taps, one fitter for each stereo ehannel. The corresponding 120 coetficients are structurad as

4 sections of 30 coafficients.

{Each ROM contains only 60 filter copfficients, the same €0 being used a second time, but in the
raverse order, to make a totat of 120

Data is stored in a 480-bit RAM {30 words x 186 bits). The 30 words are serientiatly addressed 4 times
1o generate the 4 output samples.

When a Aew word I8 maved from the intarpolation RAM 16 the filter RAM, the cidest word is disearded
and alt other words moved one position with respect to the ROM coefficients. The data storage
gffactivety forms a 30 sample wide moving window on the input data, The samples move within this
window at 55448 MHz and the window maoves one sample every 226 ps.

An butput word is formed by multiplying 30 samptles from the filter RAM with 30 coefficients from
the ROM vsing 2 16 x 12 array muttipiter. The resuit is sdded in an accumulator, At the end of the
30 raultiplications the 16 MSB s are passed from the aceurmnulator via the 10SR to the FDSR, and the
accumulator i§ reset. Overfiow protection s incorporated so that the output always limits cleanly in
the event of accumuiator overfiow. Also, to simplify the design of the digital-to-analogue converter
d.c. offset of + 5% is added to the acourmulator.

The filtersd data [s output in the 17S format at a 5,6448 MHz bit rate and a sample rate of 176 kHz.

{ipital audic output

The digital audio output (DOBM, pin 14) consists of 32-bit werds transmitted in biphase-mark code.
That is, two trensitions for a logic 1 and one transition for 2 logic ©. The 32-bit words are transmitted
in biocks of 384 words. Table 1 shows the information contained tn each word.

The sync word is formed by violation of the biphase ruie and therefore does not contain any data. 1ts
length is equivatent to 4 data bits. The three different sync patterns {B, M and W] indicate the folio-
wing situations.

» Sync B; start of a block of 384 words, contains left sample {11 181000}
® Sync M; word contains lzft sample, but is not a block start {11100010)
® Sync W, word contains right sampie (1 $100100)

in the SAA?220 sync words are always preceded by 0.

Left and right samples are transmitted aiterhately,

Audio samples are avaitable for digital audic output after interpolation, atienuation and muting, but
bafore filtering.

Data held in the Subcode Dutput Shift Register (SOSR) is transmitted via the user data bit and is
asynchronous with the biock rate.

e
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Digital sudic output {continued!

Tabie 1 Composition of the 32-bit digital audio output word

uit pumber desgription information
1to 4 sync —
G108 auxitiary not used (alway§ zero)
910 28 audio sample hits 8 to 12 not used {always zero),
pits 12 {LS8} 10 2B {MSB} two s complement
28 audia vald copy of the error fiag
30 uger data used for subcode data
K3 channet status indication of controf bits and category code i
32 | parity bit even parity for sl word Gits exciuding sync pattern

Channat status

The channel status bit is the same for both teft and right words, Therefore a block of 384 words

contains 187 ehannel status bits as shown In Table 2.

When there is no subcods the channel status witl switch over to the generai format, * No subcoda® is
identified by the subcode detector when SCAB is a continuous HIGH ar LOW,

Taile 2 Channel status bit asstgnment

[ bit number description subcode provided no subcode provided
Ttwd conirel copy af Q channel bits 1 and 2 zero
bit 3 image of SCAB
bit 4 image of SDAB
BB reserved always zero always Zero
51t 16 category coce £0 category general category
bit G logic 1 all bits zero
17 10 182 always zero always 2ero

If a subcode clock Is provided but there is no subcode data (SDAB is a continuous HIGH of LOW?} the

control bits will be zero and the category code will ba CO.

The SYNC bit and the cyelic redundaney check hit {CRC) in the subcade data from the A-chip to the
B-chip have the format shown by Fig. 8. Typical subcode data autput waveforms are shown by Fig. B.

Septamber ‘Egﬂﬂ (
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Digital filter for mmp.sc digital audio systam L ‘72 20

DEVELOPMENT DATA

SYMC ]

50 | 51 50 | =1

CAC arrar bil ’HQ fD\

T5Hz 72607412

Fig. 5 Subcode data fermat for S¥YNC and CRC bits.

SYNC is active LOW and indicates the start of & subcode block, which contains 98 wards including
2 sync words, 50 and 51.
CRC is always LOW except during SYNC 81 whan:

» CRC = logic 1; previous {0 block was true
# CRC = logic 0; previaus O block was false

Two 32-bit wards are transmitted at the sample frequency of 44,1 kHz (2 x 32 x 44,1 kHz = 28224
Mbits/s data rate}, An internal 5,6448 MHz clock {XSYS/2) is used in the biphase modutator.

RATINGS

Limiting values in accordance with the Absolute Maximum System {IEC 134)

Supply voitage range [pin 24) Voo —NEto+70V
Maximum input voltage range Vi -0Swvpn+056 V
Storage temperature range Tstg -55t0 +125 °C
Qperating ambient temperature ranga Tamb —20to0+ 70 °C
Eiectrostatic handling® Ve —1000 to + 1000 V

Ali outputs are short-ircuit protected except the crystal ascillater autput.

* Equivalent to discharging a 100 pF capacitor through a 1,5 k€1 series resistor with a rise time of
15 ns.

T | —
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CHARACTERISTICS
Vpp=4.610 55V, Vss =0V Tamp = —20 to + 70 9C unless otherwise specified

I7 paramater symbol min. typ. max. unit
1 Supply
Supply vottags {pin 24} vVpo 45 50 55 v
Supply current tpin 24} oo - 180 - mA
tnputs
wsaB, DAAB
input voitage LOW ViL -0,3 - +0.8 v
Input voltage HIGH VIH Z2,0 - vop+05 v
{nput 1eakage current TN =10 0 +10 HA
Input capaciance Ct — - 7 pF
EFAR, SDAB inote 1}
Input voltage LOW Vg 2.3 - +{.8 v
input voliage HiGH ViH 20 - vpp +05 v
input leakage current )
atVp=93V Iy —10 - — oA
atVi=Vppo 1y - - +50 | uA
tnput capacitance C - - 7 oF
CLAB, SCAB, ATSE, MUSB {note 2)
tnput voitage LOW VL =03 - +0.8 v
input voitage HIGH ViH 2.0 - vpo+9035 W
Input leakage current
aav =0V Ll 3 — - TL.N
at Vi = VoD F] - - +10 rrY
Input capacitance Ci - — 7 nF
Crystal ascillator {see Fig. 10}
frput XN
Output XOUT
Mutual conductance at 100 kHz Gy 1.5 - — mafyV
gmall signal voltage gain
{Ay = Gm x RO} Ay 35 — - ViV
tnjuit capacitance Cy - — 10 pF
Feedback capacitance Crg - — 5 pF
(utput capacitance Co — - 10 pF
L-_Input |sakage current Lt -10 ¢ | +10 pA _J

w swewows [ PHILIPS




Digital fitter for comp.su digital audio rystem

PEVELOPMENT DATA

r-;rameter symbol min. wp. max. unit
Stave clock mode
Input voltage (note 3}

{peak-to-peak value) Vi{p-p! 16 - Vpp +0.5 Y]
Input veltage LOW {note 4} ViL a - i W
input voitage HIGH {note 4) VK 24 - Voo + 8.6 v
input rise time [note 5} i - - 20 ns
Input fall time (nota 5) 1 - - 20 ns
Input HIGH time at 2V

(retative to clock perind) tHIGH a5 - 65 %
Qutputs
DABD, CLBD, WSBD
Output voltage LOW

st gL =16 mA VoL o - 0.4 v
Qutput voltage HIGH

gt =lgH = 0.2 mA VOH 2.4 - Voo W
l.oad capacitance Cy, - — 50 pF
X5YS [note 6)

Cutput voltage LOW vouL 0 — 0,4 b
Output voltage HIGH VOH 24 — VoD v
Load capacitance CL - - 50 pF
DOBM

Voltage acrass 8 75 £2 load

via attenuator; see Fig, 10

{peak-to-peak value) V| lpo) 0,4 . - 0,6 v
TIMING
Operating frequency (XTAL} f%TAL 10,18 11,2896 12,42 MHz
Inputs {see Fig, 11}

SCAB, CLAS Inote 7)
SCAR cloek frequency

{burst clock) fscaB - 2,8224 - MHz
CLAS clock frequency foLAB - 28224 - MHz

or (note 8} icLAB - 14112 - MH2
Ciock LOW time KL 110 - - ns
Clock HIGH time toKH 110 - — ns
Input rise time tr - - 20 ns
Input fall time 1f - — 20 ns

bk i1 M5

Exs

PHILIPS
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CHARACTERISTICS (continued)

parameter

DAAR, WSAB, EFAB (note 9]
Data set-up time

Data hold time

Iriprut rise time

Irnput fall time

SDASB {note 10)

Subcode data set-up time
Subcode data hold time

Input rise time

input fall tirme

Outputs (sze Fig. 12}
WSBD {notes 7 and 11}
Word select set-up time
Word select hold time
WSBD (note 7}

Cutput rise time
Quiput fall time
DABD (notes Tand 11}
(ata set-up time

Data hold time

DABD (note 7}

Qutput rise time
Cutput fall time

CLBD fnotes 7 and 11}
Cliock period

Clock |LOW time

Clock HIGH time
Clock set-up time
Clock hold time

CLBD incte 7)

Cutput rise time
Output fall 1ime
GARD (notes 7 and 12)
Data set-up time

Dat2 hold time

symbol miri, vp. max. LT
t5U: DAT 40 - - ns
tHOD; DAT 0 - - ns
1r - - 20 ns
T - — 20 ns
tSU; SDAT 40 - - ns
THD; SDAT Q - - ns
ir — - 20 ]
43 — - 20 ns
tSu; WS 40 - - ns
HO: WS 0 - - ng
ir - - 20 ne
11 — - 20 ns
15U; DATD 40 - - ns
THD; DATD 1] - — ns
tr — — 20 3§
tf - - 20 ns
1CK 161 177 197 ns
ICK L i1 - - ns
oK 65 - - ns
151 CLD 40 - — ns
HD; CLD 0 - - ns
tr - — 20 ns
Lf - - 20 ns
15U; DATBD 40 - - ns
HD; DATSD 60 — - ns

12 September 1985 ( pH I I-I ps
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DEVELOPMENT DATA

Digitat filter for comp.isc digital audio system .:\72 20
pararmeter symbol min., o, max. wnit
— - t
Gutputs lcontinued) i
WSBD {notes 7 and t2}
Word select set-up time tsy: DATWSD | 40 — - ns
Word select hold time 1HD; DATWSD | 90 - - ns
DORM {nate 13)
Dutput rise time tr — e 20 ns
Outpet fall time t§ — - 20 ns
Data bit ©
puise width HIGH tRIGHID) - 354 - ns
pulse width LOW U owioy — 354 - ns
Data bit 1
pulse width HIGH tHEGH(S — 177 - ns
puise width LOW TLOWI) - 177 — ns
X5v¥S
Qutput ris2 time {note 7} tr — - 20 ns
Cutput falt time {nota 7} t§ - - 20 ns
Output HIGH time at 2V
{relative to clock periad] tHIGH 35 — | &b % _I

% pH I LI ps w (Sepwmbm 1985 13
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MNotaes 10 the charactaristics

Do s N

11
12.
13

inputs EF AB and SDAB both have internal pult-downs,
inputs CLAB, SCAB, ATS8 and MUSE have Internat pull-ups.
I used in a.c. coupled mode.

Vig — Vi = 16 V.

Raference levels = 2.4 V.

Tha ouiput current conditions are dapendent on the drive conditions.

when a crystal oscillator is being used the cutput current capability is lo = + 1.6 mA;

Ion = —0,2 mA; But it a slave input is being used the output currents are reguced to

1oL = +0,2 mA; 1R = —0.2 mA.

Referenca levels =08 Vand 20V,

The signal CLAB can run st gither 2.8 MHz (174 system clock) or 1,4 MHz (1/8 systam clock)
under typical conditions. {f does nat have a minimum or maximum frequensy, but is limited to
being 1/4 or 1/8 of the system clock frequency.

Input set-up and hold times measured with respect to clock input from A-chip {iCLAB}. Retference
levels = 0,8 V and 2,0 V.

input set-up and hotd times measured with respect to subcode burst clock input from A-chip
{SCAB). Reference levels = 0,6 V and 2,0V,

Output set-up and hold times measured with respect ta system clock output {X5YS)

Output set-up and hold times measuresd with respect to clock cutput {CLBDI.

Dutput rise and fali times measured batween the 10% and 90% levels; the dats bit pulse width.
measurad at the 50% level,

14
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Digital fiitar for campn.sc digital sudio systam L '?220

PDEVELOPMENT DATA

SUBCODNG ERROA FLAG
CRC ERRCR BIT {rot usad SAATZ) SYNG lactve LOW)

S A U 0 0.0 0 O 0 G 4 S

8

-'_] L"SS"S“’ FIROTA4

2 BrlddiHz BUARST CLOCK

Subcade word frequency = 7,35 kHz.

Fig. B Typicel subcode data input waveforms.

11,2826 MHz
coBM

g 0 » XOUT —’-'!——4—-4'—'1‘
Gt uF
23 / i31641

pF
t bl
kx] ] 130l i n

T
' 1 +— i

1200748
FTIBOTAH Tolerance ol rasisiors = 1%

Fig. 9 Crystal oscillator ¢ircuit. Fig. 10 Digital audio output ipad,
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TIMING

f*“ o DAT

i
LIATA WALID ><

Fig- 11 Data input timings: reference levels = 08V and 2,0V,
{also applicable to subcode data input {tgy: SDAT and tHD; SDAT)

DATA VALID

FRRLIAT

o wa
‘SU:WS_‘*! -
et b
WSBO i
A A
—= Su oL
VN
CLBb W \
YCRH i oKL
tew aa|
Flo DATWSD — bate ) DATE
—] up;patwso [

b
DABD >(

Fig. 17 Data cutput timings; reference fevels = 8,8 Vand 2,0 V.
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Digital filter tor cumpa‘c digitat audio system
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24-LEAD DUAL IN-LINE; PLASTIC (SOT-101A)
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M)’ Maximum Materist Condition.

1__‘_[ side wiew
, {1} Centre-lines of all leads are

| ‘ within £0,127 mm of the nominal

f : pasitian shawn; in the worst case,

! the spacing between any two leads
™ il 3 may deviate fram nominal by

i 0,784 mm.
i 1 {157 12} Lead spacing tolerances apply
fu e ‘;;;g ezt from seating plane o the line

indicated.

{3} index may be horizontal a3 shown,
or vertical.

Dimansions in mm
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