specifications arm wwhieet to changs withaut notkue.

DEVELOPMEST DATA
This cuta shear containg information and .A??QO

purple binder, tab §

9397 086 20147

DIGITAL FILTER FOR COMPACT DISC DIGITAL AUDIC SYSTEM

GENERAL DESCRIPTION

The SAA7220 is a stereo interpotating digrial fifver dasigned for the Compact Bise Digitat Audio system.
For descriptive purposss, the SAA7230 s refervad to as the B-chip and the SAATZ210 as the A-chip.

Featuras

® 16.bit seriat data input {twe s complement)

# [nterpolated data replaces arronecus data samples

® 12 gB attenuation via the active LOW attenuation input controel (ATSB)

s Smoothed transitions before and after muting

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

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

» {25 data transfer between SAAT210 and 18.-bit dual DAC (TDA154 1}

QUICK REFERENCE DATA

Supply voltage (pin 24} VD o, 5V
Supply current {pin 24} inp yp. B0 mA
input voitage ranges

wsad, DAAR, EFAR, SDAB,

CLAB, SCAB, ATSB, MUSE

Input voltage LOW Vit ~03tc+2 8 V
input voltage HIGH Vil 20wvVop+0s V
Qutput voitane ranges
CABD, CLED, WSAD
Qutput voltage LOW VoL Guold v
Output voitage HIGH YoR Z24toVpn W
. DOBM

Voltage across a 75 11 load vig

attenuator; see Fig 10

ipeak-to-peak vakse) Vi (p-p) 041w 06 V
{Oscillator operating frequency

XTAL fxraL tyrn 11,2888 MHz
Operating ambient tetnperature range Tamb —20 10 +70 0C

MNots
Al outputs are short-circuit protected exgept ¢rystal oscilator output.

PACKAGE OUTLINE
24-tead DiL; plastic (SOT-101 AL

% pH I Ll ps September 1685
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PLNNING

Pin functions
pia na.
1

2
3
4

42}

10

11

MNemonic
WSAB
CLAB
CAAR
LFASB

n.c.

SCAR

SLAB

.0,
X3Y5

XOUT

XIN

wsas [1] U 2] Vop

cias [ 7] 23] WSB
paat 3 Eﬂ ATSE
gran [ 4] 1) ne.

no. [5] 36] ae.
scas 8| 18] ne.
3DAB [z SAATES 13T wseo
LLE~H [E: 1L o
xsvs (3] 18] cLsp
xouT [10] 16| 0ABD
xin {11] [14] poem
Vs [12] 13| YEST

TXaat4o

Fig. 3 Pinping diagram.

description

Word Select: input from A-chip.

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

Error Flag: active HIGH input from A-chip indicating unrallable
data. This input has an intarnal puit-down,

act connected,

Suboode Clock: a 10-bk burst clock 2,8224 MHz {typ.} input
which synchronizes the subcode data, This input has an internal
put!-ug.

Subcods Deta: a 10-bit burst of data, including flags and sync
bls serialiy input from the A-chip onea per frame clocked by

hurst clogk input SCAB (see Fig. 8). This input has an internal
puil-down.

not conngctad,

System clock output: 11,2886 MHz {typ.} autput to BAC and to
A-chip as slave clock input.

Crystal osciliater output; drive output to clock crystal
{11,2B96 MHz typ.).

Crysta! oscillator input: nput from crystal osciliator or stave
clock,

4 September 1985\
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Digitw lilter for cumpat‘n digital puadin system L 8.7220

DEVELOPMENT DATA

pin no, rAnemonic description
32 Vag Ground: circuit garth potentional,
13 TESY Test input: this input has an internal pull-down. ln nermal opera-

tion pin 13 should be open-circuit or connacted 1o Vg,

14 ooem Dighal audio output: this cutput contains digitai audio samples
which have received interpolation, attenuatien and muting pius
subcode data, Transmission 1s by hiphase-mark code,

15 DABD Data: this output which is fed 1o the DAC, together with its clock

{CLBD) and word s8lact (WSBD) outputs, conforms 1o the 135
farmazt {see Fig. 7}

16 CLEBD Clock: gutput to DAC,

17 n.c. not connected.

i8 WSED Word Salect: output 10 DAC,

13 n.c. net connected.

20 n.c. not connected.

21 n.c, not connected.

22 ATSB Attenuation: whan active LOW this control input provides —12 d8
attenuation. This input has an Internat pull-up.

23 MUSB Mute: active . OW contral input with internal puil-up,

24 Van Power Supply: positive supply voltage (+5 V).

FUNCTIONAL DESCRIPTION

Geanaral
The SAAT220 incorparates the following functions:

® Interpolation of data in ercor

» Alenuation

2 Muting

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

Seriat data formatted in two”s complement {DAABR; pin 3) is clocked in by its bit ciock (CLAB: pin 2}
together with word sefect {WSAB: pin 1) and error fiag {EFAB; pin 4) as shown In Fig. 1. After
resynchronization with the internal clocks the data is separated into left and right channels snd fed 1o
two identical Input Shift Registers (IPSR). Internal timing and control loads the data into the inter-
polation RAM via the Intermediate Input Shift Register {it5R}.

After interpolation, attenuation end muting the data is fed serially from the Intermediate Output
Shift Register {#OSR} to the Audio Output Shift Register [AQSR) and to the ISR, From the 1{ER i
is lpaded into the filter RAM.

After filtering the data is pasted to the Filter Data Shift Register (FDOSR). From tha FDER it is
wransmitted serlztly to the data output {DABD: pin 15) 1ogether with the 2ppropriate word seiect
{WSBD; pin 18} snd bit clock {CLBD; pin 18}, in accordance with the 125 bus spacification. Data is
again formatted in two ‘s complement. Qutputs DABD, WSBD and CLBD are strobed to maintain the
correct timing relationship with the system clock output {XSYS} at pin 9 (see Fig, 12},

) PHILIPS | s



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:

1
SR} ¥ —— . Sla-1}+ — . Slaex)
wt+] ®+1

where: Sinl = new sample vatue

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
o TT T??%??T

1Z80TA

; = EAmple interpolaies of held In A-chup
i

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 filter for each sterep ehannel. The corresponding 120 coetficients are structured 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 teansitions for a logic 1 and one transition for a logic ©. The 32-bit words are transmitted
in hlocks of 384 words, Table 1 shows the information contained In 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 (

PHILIPS

W1 145
£




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=4.51055V, Vss= OV: Tamb=—20to+70 o( vnless otherwise specified

|7 parameter symbeol min. typ. max. unit
1 Supply
Supply votiags {pin 24} Voo A5 g0 £5 y
Supply current {pin 24} ‘on - 180 - mA
tnputs
WSAB, DAAB
input voltage LOW VL -0,3 — +0.8 W
Input voltage HIGH VIH 2.0 - Vpp +0.5 v
{nptit leakage cusrent i) =10 d +10 A
Input capaciance Ci — - 7 pF
EFAR, SDAB [note 1}
Input voltage LOW VL 03 — +0.8 W
input voltage HiGH ViH 20 - Vpn +0.5 W
input leakage current )
atV =0V It —10 - — iy
at vy =vVoo TR - - + 5 MA
tnput capacitance C - - 7 pF
CLAB, SCAB, ATSB, MUSB (note 2)
tnput voltage LOW VL -0,3 — +08 Y
input voltage HIGH ViH 2.0 - Vpo + 0.8 v
Input leakage current
sV =0V Ll 30 - - p A
st Vi = VoD F] — — +10 A
Input capacitance Ci - - T of
Crysta!l ascillator {see Fig. 10
tput XN
Qutput XOUT
Mistual conductance at 100 kHz Gm 1.8 - - ma/V
gmall signal voltage pain
{Ay = Gm x RO} Ay 35 - - | v
injut capacitance Cy - — 10 pF
Feedback capacitance Cra - - L) pF
Cutput capacitance Cp - - 10 pf
L'_In;:;ut sakage current Tet -10 ] I + 18 HA J

o s | PHILIPS




Digital fitter for comp.su digital audio rystem

PEVELOPMENT DATA

parameter

symbol rmin. 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

i

PHILIPS
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CHARACTERISTICS (continued)

parameter

DAAB, WSAB, EFAB (note 9)
Data set-up time

Data hold time

Iripput rise 1ime

Input fall time

SDASB (note 10)

Subeode data set-up time
Subcode data hold time

Input rise time

input fall tirme

Qutputs (sse Fig. 12}
WSB{ (notes 7 and 11)
Word select set-up time
Word select held time
WSBD lnote 7)

Qutput rise time
Qutput fall time
DABD (notes Tand 11}
Data set-up time

Data hold time

DABD (note 7}

Output rise time
Qutput fall time

CLBD (notes 7 and 11}
Cicck peried

Clogk |LOW time

Clock HIGH tims
Clock set-up time
Clock hold time

CLBD (note 7)

Output rise time
Output fall 1ime
GABD (notes 7 and 12]
Data set-up time

Data hoid time

symbol min. yp. max. LHHE
15U DAT 40 - - ns
THO: DAT 0 - - ns
1 — - 20 ns
14 - — 20 ns
tSU; SDAT 40 - - ns
tHD; SDAT 4 - - ns
Ir — - 20 NS
t - - 20 ns
tSi); ws 40 - - ns
HD: WS 0 - - ns
tr - — 20 ns
1 — - 20 ns
15U; DATD 40 - - ns
1HD; DATD b - - ns
tr — - 20 s
tf - — 20 ns
1CK 181 177 197 ng
oKL 65 - - ns
1K H (33 - - ng
1SU; CLD 40 - - ns
THO; CLD 0 - - ns
i - - Z20 ns
Lf - — 20 ns
tSU; DATBD 40 - - ns
THD; DATSD 60 _ - ns

12 Sgptember 1985 ( pH l l.l ps
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Digital filter for comp.isc digital audio system

DEVELOPMENT DATA

parameter symbol min. tyg, max., unit
—
Outputs (continued)
WSBD {notes 7 and 12}
Word select set-up time 1SU: DATWSD | 40 — - ns
Word select hald time 1HD: DATWSD | 80 - - ns
DOBM {note 13}
Output rise time ir — e 20 ns
Cutput fall time tf — - 20 ns
Data hit O
puise width HIGH tRIGHD) - 354 - ns
pulse width LOW TLOWIO — 354 - ns
Data bit 1
pulse width HIGH YHEGH(Y — 177 - ns§
puise width LOW TLOWI - 177 — ns
X5vS
COutput ris? time {note 7} tr - — 20 ns
Qutput falt time {nota 7} t - o 20 ns
Dutput HIGH tima at 2 ¥
{relative to clock peried) tHIGH 35 — 65 % _I

gmll’i
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SAAT220

HNotas 10 the charscterisiics

> o oaw N

11
12
13.

inputs EFAB and S0AB both have internai pult-downs.
inputs CLAB, SCAB, ATS8 and MUSE have Internai pull-ups.
I used in a.c. coupled mede.

Vi — Vi =2tV

Reference tevels = 2,4 V.

The output current conditions are dapendent on the drive conditions.

When a crystal oscillator is being used the cutput current capability isloL =+ 1.6 mA;

IoH = —0,2 mA; But it a slave input is being used the output currents are reduced 1o

1oL = +0,2 mA; toR = -2 mA.

Reference levels =08 Vand 20V,

The signal CLAB can run 5t gither 2.8 MHz {1/ system clock) or 1,4 MHz (1/8 systam clock)
under typical conditions. {f does nat have a minimum or maximum frequency, but is limited to
being 1/4 or 1/8 of the system clock frequency.

Japut set-up and holid times measured with respect to clock input from A-chip iCLAB)Y. Reference
levels = 0,8 V and 2,0 V.

input set-up and hotd times measured with raspect to suhcode burst clock input from A-chip
{SCAB). Reference leveis = 0,8 V and 2,0V,

Output set-up and hold times measured with respect 1o system clock output {XSYS).
Output set-up and hold times measured with respect to clock cutput {CLBDOY.

Qutput rise and fall times measured batween the $0% and 90% levels: The data bit pulse width.
rmeasurad at the 50% level,

14
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Digital filter for compagisc digital audio systam
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Digital filtar for campb.sc digitai audio systam L ‘?220

PDEVELOPMENT DATA

SUBCODNG ERROA FLRG .
CRC EARCR BT (a0t usad SAATRZON SYNG (aclive LOW]

o eor Y Yo ke Re AT e

8

2 BrlddiHz BUARST CLOCK

-'_] L"SS"S“’ FIROTA4

Subcade word frequency = 7,35 kHz.

Fig. B Typicel subcode data input waveforms.

11,2886 MHz
CHoBM

0 » XOUT Ml
fhtaF
33 1360

pF
LAl
fox ) ; 1540 LN

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

CLag

[ thoiDaT

Y
OATA VALID ><

Fig. 11 Data input timings: reference levels = 0,8 V and 2,0V,
{also apphcable to subcode data input ltgu; SDAT and tHD; SDAT)

%5YS m

DATA VALIL

VARUFAT

= o ws
‘su:ws——! -
gl b
WSBD i
A
- S oLn
VN
CLBD A \
CKH i oKL
g il |
Flsu DATWSD = bt pATD
—= %, patwsn [ ‘

[
GABD >(

Fig. 12 Data cutput timings; reference levels = 8,8 V and 2,0 V.
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Digital filter for cum;}a‘c digita! audio system
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Dimensions in mm

Wy

@ JPositinnal acouracy.

@' Maximum Materiat Condition.

i

Centre-lines of all leads are

within 0,127 mm of the nominal
pasitian shawn; in the worst case,
the spacing between any two laads
may deviate from nominal by

£0,284 mm.

{2} Lead spacing tolerances apply
fram szating plane to the line
ingicaied.

{3} Index may be horizontai as shown,

or vertical,
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