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AUDI O STREAMS STATEMENT OF RELATED APPLI CATI ONS

The foll owi ng two commonl y-owned applications are being filed
concurrently and each is incorporatedlherein by 10 reference inits
entirety for all purposes: "AUDI O EFFECTS PROCESSOR HAVI NG
DECOUPLED | NSTRUCTI ON EXECUTI ON AND DELAY MEMORY SEQUENCI NG " Steven
Hoge inventor (Attorney Docket 17002-92); and - " PROCESSOR

W TH | NSTRUCTI ON SET FOR AUDI O EFFECTS, " 15 St even Hoge i nvent or _
(Attorney Docket 17002-84). BACKGROUND' CE ' THE
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backpl ane bus and comSHALEMENT O Rﬁﬁﬁ?ﬁ?rﬁ?ﬁﬁﬁgiﬁﬁaﬁ%processor Typi cal
functions |nCILmkmhéﬁﬁéfldwﬁn@htﬁobﬁﬁﬁﬂoﬁl? bhnedyappéicatmgnsfaséund such
as. by nec d nd the.st n | af
audi o é%ﬁﬁa3§§ﬁﬁri 35#%&%%%%} sﬁeﬁﬁbog §£89?$Qg§%§cgggkgh Bg .have a
j o9st i ckefenemce oinfirs usetwehyvfdroag&rrpurppsosher - appli cations. In
addi ti on, CO””ECtQ&@DﬁéeEffﬁéT%e?RbéﬁSQO%?%ﬁVﬁk@rQEE@G@LEb'”e in, a CD- ROV

Ty o) cal FSTRUCET O CEXRFTBIAN CANRPEBAY MRUGBEH SHOUENCING, 4, SEevelh as not
only thﬁoéé?ﬂﬂv@ﬁ@@:@%kﬂﬂoﬁhé? Dgéke@ 17002-9€P3r ahd Si gnalC processdr, a

m xer chi or r nore
anal og- tOdegIta| %§§E§ygbhphﬁaﬁd§§§3§ﬁ§E&P§Igﬁglga ﬁﬁgg% 5%@5?@5?2 and a
f r8quen8geven Hogeduhuenborsdam&oxpewh®gckEMQ«GDDQ @EWIchlp)

[ .. .q..

BACKGROUND OF THE INVENTION
The present invention relates to audio effects
processors, and more particularly to such processors ' _
20 integrated on a single chip with multiple audio streaﬁé.w:ﬁﬁt
Audio signal processors are typlcally 1ncluded on’ a
sound board or multi-media board in a computer. "Such a board
will typically connect to the backplane bus and communlcate"
with the host microprocessor. Typical funotlons ‘included on
25 such a board are the synthesizing of sound, such as 5Y" |
frequency modulation, and the storing and manlpulatlon of
audio sound samples. In addition, such boards will typxcally
have a joystick connector for use with video games or other
applications. In addition, connectors are provided for a
30 microphone, line-in, a CD-ROM player, speakers, line-out, and
a MIDI port.
Typically, multiple chips are included on such a
board, such as not only the sound processing chip, but a
separate signal processor, a mixer chip for mixing'multiple
35 audio signals, a CODEC or one or more analog-to-digital (ADC)
and digital-to-analog (DAC) converters, and a frequency
modulation sound synthesizing chip (FM chip).
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2 Typically, the m xer would m x sounds i BA3s72
anal og fPM™#ih any digital processing being converted to anal og

form before being provided to the mxer. In addition, the digital
processing chip would typically handl exone audio 5 streamat a tine due
to the need to synchronize with a particul ar audio stream Digital

ﬁudi 0 Si %nal sI msnl: lei!lii/calzlly, HHeg il aﬁlﬂzlfdl&nﬁt giiﬁindh”h deexdgig chi g may
ave a e lo . .00 PLL),.ciycuit for.synchronizing to e data ~
rate bei%ﬁ%slog EM\H"H’&P t%“é r#éijc‘rﬁa& pm%%“gﬁ%ﬁ‘%\?gpv%ftﬁ%t er audi o
10 soswedag Tmme, befmrdbe ey yaoivided dso tthe elxew sdm @eﬁditic.:%, i
[]. g| ta| || . . . . e I - . PN '\_l‘. A 4 ﬂal S, -
can_be pr ovicgle%{%%t?{_ééﬁ%%t E)q.g()gc}te@sgg&%\e%h, the %%c%l%ﬁ#oeg? us. One -
typt cal SEFRABIaGUE Fime fiuedo pie nepd tRSYRIhIRRLF Wit a st andar d

pr ot oc?lpaa_—rﬁj;t i gy gmfj,l_- r@@d_c_@rghﬂédhm, k'Diﬁt%jIr&(tju&{b ;gﬁi%a'my m6f vahieF al -
connected tq.i or andshaki ng and. i de i cati.on purpqses. .
Typrcal Stidhicty: nd; che Sih FCSETS e gt BV R R Aol o
devi ce. loop (Pmludeitrduiisufdr igsfriehipdnbrning tatthe diatd foysteg eipgy ti cul ar
20 bo &der. . f i nc cgcor di y 2Qf a4 - . :sound
pr ocessﬁllgm}éhl S %\?Iﬁ%? y‘%?}é% I %%Igea-t%@%@%e%Yés?%aﬁ&h%ﬁ%d&n?@d by an
EEFROM @fyreschsicdony. t e gk ixesynclormizes terkhg new source. . ™« Wt h
the increasing demands on sound capabilities 25 wth teday's conputers,
it is desirable to_have pr ocessor _whi.ch can handl e nore data

sound .
streans while mni?g+ auéll‘? _Hé‘%ﬁi’ﬁtﬁ‘fl%? e RFReT Fakdy PR Ahand| e
the strepogpstaicktsibgnals, ncdbase Groupied t tohtihs lisstaskocesdbr over -
SUMVARY T I . T, r [ t] rovj des a
sound prtg%s%{y&/%\gs%%@ a't%%e o%l%?lng%pg h?%eé\]n&? hfg/rm%{}fél p efal?f%?t al
solfd s&fipt PCL bus sinelmdéesputstamdatdi ppotocel | andpeenisindsy cartmined to
separat eirPPcB{'lﬁaﬁioﬁ ﬂ‘&h! aﬂfrﬁfae?%@%i‘al T8 ghbdechbuie f allows
mul tiple, asynchronous [gl al _sound sanple streans to be
concur r #RMGShakiRg aRdol #REHEHeAYLGR  ReTPOPeGui r THcally, SSHRr oni zat i on
to any potiféetibeiofit i€astored in registers in the peripheral device.
Included in such information is data identifying a particular
20 boaxrd vendor, for instance. Accordingly, manufacturers of '
sound processing chips will typically have these registers
programmed by an EEPROM chip encoded by the particular OEM -
vendor. . - . S

With the increasing demands on sound capabilities
25 with today's computers, it is desirable to have a sound
processor whiéh can handle more data -streams while wminimizing
the amount of circuitry required to handle the streams and the
number of support chips needeé..

30 SUMMARY OF THE INVENTION
The present invention provides a sound processor

integrated on a single chip with multiple digital sound sample
stream inputs. Each input is independently connected to
separate ports of a multi-port memory. The architecture

35 allows multiple, asynchronous digital sound sample streams to
be concurrently loaded into the membry without requiring
synchronization to any particular stream.
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3 woo9901813 |n a preferred enbodi ment, the nulti- porCTios9Ense2
al so receives sound sanple data froma host processor through an
i nternmedi ate sound engine. In addltlon up to three streans of

digital data can be resanpl ed fromthe rrultl-port 5 menory and fed back
to the host, preferably over I nterface.
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R 4 & ?ﬁ%&%ﬁ?%ﬁﬁ%@ﬁ%ﬁ% Ay, Plpal i Radg O

t he pi nsargl LR wing Obr Rilge rodem connection cdn dse il et ldw riang -

di agr am?dfé].{bféartg?é '}né&é‘cﬁd Accofdi%fﬁlfcet%é Yrferil ROOSE SR £ é’r di ng

to the present
use of certaln plns to limit the need. for additional

circuitry. _ S

For a further description of the nature and
advantages of the invention, reference should be made to . the’

20 following description taken in conjunction with the o et
accompanying drawings. o . Y

BRIEF DESCRIPTION OF THE DRAWINGS
Fig. 1 is a block diagram of an audio processor chip
25 according to the present invention. '
Fig. 2 is a block diagram of a sound board onto
which the audio processor chip of Fig. 1 could be
incorporated.
Figs. 3A and 3B are a listing of the pin assignmerits
30 for the chip of Fig. 1.
Fig. 4 is a diagram illustrating the location of
different signals on the pins of the chip of Fig. 1.
Figs. 5-9 are timing diagrams for certain sound
interfaces for a sound processor according to the present
35 invention.
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DESCRI P\;}b%}ogzs THE PREFERRED EMBODI MENT rCTAsoskzs® a bl ock
di agr am of sound processor chip 10 according to the present

i nventi on. At the center of the chipis a nulti-port RAM nenory 12,

which is used by a speci al purpoke digital signal processor optimzed

for enhanci ng a 8_{10 called the effects e% 13. A nunber of buffer
interfaces for di g‘?’?é Q%FBNSQ%?%ES%%F% tIy to ports
of rrennry 12. Thedey.int drsf a?mddltgmdgramwfmomd[mgséﬁeééme ig ad
ener al I Dl er I nfer.face an
g OO%‘ ig H:nte (?g%% Jﬁ égven Ag ghé %?Jér c%h%Z for ¢a
AC- 3 amhl@ is a gedsdphess Mmmodﬁnwhﬁcp 1'-8 uﬁeduhﬁda $heaidl, Si X
or: _ puipie digaRals squré&%%o@gs@u&  Beifit EEhaRE 2nRaRcpgvided 10 € ¢

four odt put pins. SO, receive souhd,sanp}es
from a llﬁ@m‘}IhF efﬁ?@ﬁ%ﬁ@ﬂﬂ-&@eﬂnhﬁﬂ@“‘h@%t@mﬁ%ﬁ fe¥sover a PC

bus mﬂétrﬁws &oECldilgﬁIt%flf aAiPanple BShrebavechheéti d1iYedBl@nd ...

mast er:Ci rcwtr 30 caonne to_interface ..:5-can cone
in thr&?g y&s“}?ﬁ‘ﬁré’r t(?hfs?o&f‘?ﬁeﬁﬁaf:ﬁﬁ 3502858”2 &gr%%sm ng, and
from t IBDIR dmtieefeicer ad ,i m gememallpurpose SPDIF intetrflaeddiéjcm, a

| b rau t r 8, 40,
ARy i, B0 e LR 9Y ppa, o Bosc! 2B/ B AEAIRAP, 10
an EEPI?(QVI i I%rlpa’éé-l% o 151ter;ﬁm éﬂnéoaeaaﬁﬂt:%c@ﬁﬂlgurat i on reégister and
ot her " rR@ickigfession \WHd e ddBRARMY e6N2hcEEEROM f pinkhe, PQLiRegs st er

val ues. Ln additi ock ,reco circuit 48 | rovi ded.
Fio. 2 S GharRets @SBRI Ao kPd iBRSTARER 4% aTe PFVgFa:e
ci r cui tEcanc endipug tpo.rtdw.e present I nvention may be 30 nmount ed- Sound

E):B%at\a/lssor chip 1 unc} es% (}réc%we F83P§C35@98§r9ﬁ§1ﬂ i V\? is a

connect or ICh COUp es
shown MeREFYACO TheOpmteface wigh @Ihev\/(b@Bu wemauyt igoovarerf BEE @S of  Fi g.

1. An AR a peT Abtd i é!ﬁfé"ﬂ&r esg,@&/ 928‘9@%15@11&&::?“@3‘“331%' screte’

connectin to 35 i nterface 22. IS not” used

conpon&fit ﬁ%t"éﬂmq%lt&jllﬁ’&e&fé%E%Gor §83§F1aﬁémp es A/D and
DA commtc&m& dnd thyougdt. Bdi bus master 30 YO QQéB&ﬂaBenglne 32 for

PC?’US%ﬁk%éééﬁng, ‘and from there can be stored in memory 12.

In addition, a resampling path is provided through -
three resampling streams 38, 40, and 42 to a tank RAM cache
(TRAM) 44.

Also provided is an EEPROM interface 46 for

5 providing default configuration register and other register
values from an external EEPROM for the PCI register values.
In addition, an audio clock recovery circuit 48 is provided.

Fig. 2 illustrates a typical sound board on which an
integrated circuit according to the present invention may be

30 mounted. Sound processor chip 10 is shown mounted on a
circuit board 50. BShown is a CDROM connector 52 which couples
to interface 14 of chip 10, Also shown is an AC97 CODEC 54
which would connect to interface 20 of Fig. 1. An optional
AC-3 audio decompressor/decoder 56 is shown for connecting to

35 interface 22. If an AC-97 CODEC is not used, discrete
components may be substituted, including a CODEC or separate
A/D and D/A converters and a mixer chip.

[P .



5 Al so shown are vari ous ot her connections to sound
processorwolppisl®, including a joystick connector 60, a pRENAISIsNITLine

connection for a nodem62, a line in connector 64, a m cr ophone
connector 66, and a speaker output 68. _In 5 addition, a connection to a
PCl bus 70 is shown. Bus 70 connécts to the host m croprocessor 72

and to mai n nmenor AUDI O 1/ 0O OV

acconpl i shed by mﬁ %?%g ?9“510%5?1%?“1?}“5 cgﬁ% sen'nﬁtc&zﬁ{gs ptroocse
gener al propessoreghipel, (BRAuding ammdpmneemw, 1. phcme each
sanpl eapfihﬁdcoﬁhaé’:‘@ién for ér &?es:é ”P&'t RE |y igy L he 1 nput .

GPRs, . contents of e out put are mﬁltten t o ‘out put
channel shicrophope CPROAGERF n@saIMsa | SRS R PRI PR 65 tIa . be dsed | ust

15 5 || keaai ERBnopar e8inear 26N ¢4 it 110 Of0 e splchaCl . GG M g1, Wit

no restriction.on re eneral . auduo /0O

'S ot Couneer8arochie oSt T toR cennrt 72, A0, £ ML TRAORY S+ ho.

Audj o I/Ois

effects engine 13 synchronously. This neans that input .and-output
signal s £05:30y /02B¥rhirtghannel can be read or witten at any tlne during
t he e., fromany instruction step) and the. "~

signal s are guar anBudiot B/0 bi$ oageompl {sked e TemRIng JoiQ cthannel.
Anggher ﬁﬁﬁfé&ﬁ Qﬁt&héhé/ &ééé@é&fcé %@nééai fﬁirﬁdafe reg I.St%ﬁ'fre%l 3 Ical

I nput and ut channel s share a conmo Iocatlon nmeans
t hat whef r§ §nEPAFR OB mﬁm%ﬁyalz onﬁ%ﬁ?hcﬁﬁqﬁ & REHEd '|§1§9¢1Salso
fl ow out feemt Bk shputethahnels app@ir alh efiesl :mpxmxepm,t raxsalﬁm ~Thus

i onal < PRBGRERE HE'ERE ouppyy WERDPEA20R0R S B WAl IR ARIR TS |
ef fects Bhe GERgmappangsahkousdIQOtahaﬁme;eﬁgfﬁnrsruDrhﬂtusedmﬁu&t audlo
strgam f§ oping bBﬁOHQQréﬁdT#} Lﬁg a?%t@ﬁcﬁfoﬁ tSe ?‘I@au@(ffé&.seé gine, ‘.

behavi or structure i'0 si gnat
shown WltthOFFQStIICtxﬁE erf EeRding PReWEBL R nenory 12 can:beSeen at

?5 tﬂe centgr OfIhhgénétSDﬁ|aﬁbQM;I/© Eggﬁﬁxﬁfkﬂﬁfﬁéﬁbd)C&EUEK&? all '
(1o e SRUIERR 378 Meblefo o OO Sitrarmy . Trom
synchronously. This means that input and output signals forn
20 any 1/0 channel can be read or written at any time during  the
sample period (i.e., from any instruction step) and the..- -
signals are guaranteed to "belong" to the same sample period.
Another feature of the I/0 architecture is that the
gsame logical input and output channels share a common GPR
25 location. This means that when a signal flows in on a _ - .
particular channel, it will also flow out on that channel if
not altered by any instructions. Thus there is no instruction
overhead associated with simply moving signals through the
effects engine; if not otherwise programmed, the effects

30 engine acts as a digital "wire® for the multi-channel audio
stream flowing through it. In fact, this is its default reset
behavior.

The owverall structure of audio signal flow is shown
in Fig. 1. The effects engine 13 and memory 12 can be seen at
35 the center of this signal flow; it collects 16 audio channels
from the SoundEngine 32 as well as five additional streams
from external audio interfaces. The corresponding 21 output



6 channel s can be routed back to external interfaces as well as

to host nor via the PCl bus. A nunber ' aths are
runni ng g@ﬁ?ﬁ%@ﬁousry at a (nomnal) 48KHz sanple raﬁ%n@#%@gs erived
fromthe AC97 5 CODEC. This includes the sound engi ne 32, effects
engi ne 13, AC97 CCODEC interface 2@ and S/ PDI F outputs 24. However,

t he I nterfaces al so includes hardware to perform sanple rate

con\é’er si ciahme Ds hédi:@nhé Hheo&mﬁﬂb&kﬁiﬂﬂ?o r@t@enﬁzﬁabeﬂxﬁ@iifzﬁégﬂas hwelﬁ%@%Of ot
pat hs. other paths. ¢ ace wth nmenory t hr ough ‘buffets
in the in ?ﬁﬁ? gmﬂ%ésé’ﬁﬁf%ﬁ };@ ‘fﬁﬂ ude .CD-ROM interface .14,
general purpose S@Imnrdﬁmm paths are Mﬁﬁ@ls&mﬁmmdﬁy“ﬁ%t .
Al audip sQMhERST RN i ed-ifit o the
VEB pOSI?I on o g %%?%@%%C%@l%g %} d fr%trle!%igé réé Wt ||
zer®-fi | FRIEC. s.'-ﬁhiaril}cludes thmtqﬂnrsdaﬁ@hm%@a_ﬁ effecr pienginegcl r_emthe
sane pori¢on @éDEC J.ntéfﬁaé’@ ifbtarya @/%W@k&ut@-&@m %&Fe She y

truncat ed 0 ut of the nory i f de5| red" .
di t heri n‘bmt':%:ﬁf?)‘ée%e#%? n}gﬁ? DeFIrReX m?‘ ﬁ%curs
in har dvmmermonemabr&ﬁmmimm@bahaamzs&awwm%everal|<stlpé:ov ded

for this

i ne o page . TR Srner parhs, an i EHPALEIOE S 0N
syhPhesi Bhepaghebulfpes in thelibitexireei s These apteninces Wcbudgut

channel scsaRoCinterfadé! £5! &SbdSrd P& @Pﬁ%éé‘aébﬁf’ﬁ {Qte PRt SYH! hERY 2T
voi ce, wth spoot h ed') variabl e scaling on each of. the four-ends. The
16 Zgwgﬂeéﬁli FL3Gepl8+ channel s becone 16 input channels to the. 30

sound effects engiAklldudio sources are 16 KOO wide, A@? aféeléﬁtee i

supplles [ | I thr u p han “In
fact, &%\gé%ggé £heo é‘[]Iﬁ'%cl\%sp’ %‘?@ %% dH%'P‘g a Sh %d by an
ACOP CGJEeas%signhﬁscane ooy Wsll HEesaa@tbefihlednaﬁBnlImlyhe entire
System outputg are al 'i‘GA%W i 1abNErbAr cﬁr@{&kgf‘"‘“ as
the opti ona%j m c?o% %n‘Z° nono 35 %%C'?stereg C anne%ﬂé]eér 48KHz
mi cr ophoFee cRanhit Ebﬁ’fﬁs ?%twmoryo%@‘éﬁ ERRssafe simply truncatg
before being passed out of the memory 12; if des:.red
dithering can be performed in microcode before the t:runcatlon
20 occurs in hardware. A special GPR—mapped dither noise sog:_rc__:g__z
is provided for this. ' S T

= .

Inputs
Sound Engine. The sound englne 32 is a 64- channel
25 version of the prior EMUSB0O0O0 wavetable synthesis engine. Oﬁé

difference is that any four of 16 output chanmnels can be

selected as the destinations for each synthe51zer vo:.ce, wzth

{(smoothed) variable scaling on each of the four ends. The ;6

synthesizer output channels become 16 input channels to the
0 sound effects engine 13.

AC97. The AC97 interface supplies two (optionally
three) audio input channels at 48KHz. In fact, the system
clock is usually derived from a clock shared by an ACS7 CODEC;

35 thus the AC97 is the sample rate master for the entire system.

In AC97 parlance, the three channels are known as
the optional microphone (mono) and ADC (stereo) channels. The
48KHz microphone channel comes into memory 12 on the same
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7 wbasoss13t hat is sent out to the 48KHz to 8KHz sanPCHUB2H13872
converter in feedback path 42 to the PCl interface, so that no
instructions are required to route thl% si gha 5 M crophone

Recordi ng. -The AC97 CODEC optionally contalns a third ADC which is
i ntend A han t t hi
| nt ended.yf4 Q{rllésisf%ﬁte df%{@&% %f{ﬁ% the r‘lef%égi)*elﬁgeskﬁﬂuéami@ ZafLom thi S

ADC channel ects enginhe on I nput

channel swventrr in feedbachopaihgt2ftectie cRgT nEnberERee che@nehabonps
routed ifHgrhlotidnsaablereghré@NYS tShtdNtE s Wetdngpnvert the 48KHz
nmonophoni ¢ channel into an 8KHz monophonic data stream |f t he

m crophone buffer size register (MBS) is programed to a .non-zer o
val Be, this data SMieﬁ_ﬁthnérnéeéﬁdi@ t.oThe RSH7 conxmaptyomlglymung at.

the mecr uf f S ddr e a Is_a |atsed in
a FI FQ %ﬁégg$#gn%f P}gg 588 ﬂéléﬁ { é eﬂéﬁ% ég%ug?g gsn ém%ﬁ?éﬁgnlﬁhen
hal f t henjrogphonedinput. bubata fiom thlﬂebbﬁedhaanelnierrq@tednat eccur if ..
t he MBI r t ey r abhe “register is
set. A Egggﬁﬁ +ﬁ%§r§§§ GEE?PLoccuélgﬁ $H %Béﬁ &H?ﬁ%é? 20¢ |(* .?eached
at whi chee¥respeRdingnaffages ﬁpg%ngu%%EEHEth?nB@ 20 1?r§9§$%¢réﬁtﬁt t he

st apt ofaté@n@yéfﬁateT&aﬂeéﬁf:eﬁfwﬂ%n Will convege@nthaugsungil -the MBS is
set to ze Recordjn The

7
SODEC 26RO enE fischaBPet e 5 RBCBr R0 HigP APt EIRES: PhF SR oTEcr can
at 48KHzthéi mbcrephoneedutfierheieéf eegistagi (MBSH Limoprbgrnamhed to afor the

ot andnohObLrS! (EINR, T ERRECHLYE! eredli®is crafiBELEaRANELNG FbbECtS engine

out put fedds a- ot ereo 4a at put can
witten %m@rﬁubegimnhnaoét: sbe mmmpponemgfSarph@seaﬁédéew héMBAhpl e

ratig ;:onmaisrdaaa is agehRGmheed bu ahﬁxt\@C sREB erhnkeLst-eneoCORL! Ol
regls er

ter al sg con channel_s mnll be
oLt on BES T CRERRERPHEEAE, g BEERS hoins ﬁeha?§ PR SEeSBaRmea Bt | one
as at | eanffepesihkaniel reackedh agd iatewtupe willhecdbr iADER® MBQOESt er,

and e BRCBULLET Bbts ol RULSUR chAOLEBLrline enafld-1959: blsBOLD ghannel s

are enablé rans waysS OCCcur as
pairs of sem erAe§¢§@Hd lntlee'mupanuimgnpcm@ whenaghieo endt afmbuﬁgerv\wh t he

| efdo WOr dedlbhed, at which time additional data will subsequently be .
transferred at the start of the buffer. Transfer of data will
continue until the MBS is set to zero. '

AC97 ADC Audijio Input Recording. The ACS7 CODEC

25 contains a stereo ADC producing a stereo digital audio stream
at 48KHz which is routed to the effects engine on two channels
for the left and right streams respectively. The S
corresponding effects engine output feeds a sterec sample rate
converter, whose output can be written to a buffer in host

30 memory. The output rate of the sample rate converter is
determined by the ADC sample rate/stereo control register
(ADCSR) . This register also controls which channels will be
written to host memory. A transfer to host wemory will occur
as long as at least one channel is enabled for write in the

35 ADCSR register, and the ADC buffer size register {ADCBS) is
non-zero. If both channels are enabled for writing to the
host, the transfer will always occur as pairs of interleaved
left and right 16 bit audio data words, with the left word at
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8 . r address. The transfer is enable, begingj e
ADC buf &&S%éggaddress (ADCBA) by writing a non-zero bu?k"gﬁrbsg&n3t8 size into

the ADCBS register. Audio data is accumulated in a FI FO, then
transferred to the host nenory buffer 8n a burst. 5 When hal f the
programmed buffer size is reached, an interrupt wll occur if the

ADCEI E theeclewpr a9dbpessbi t The thansfierrispenable, dhegiening)at dheter is

set. Anﬁ@cﬁﬁéféftSééépéd&kEESOQQHéBA? by“GPﬂti 18 &NHoRL zbHbTBEEESE T €achéd,
it which, tine additional | Subsequenily be.transterred at the

start oflfRelnbe theiARCBS yegister- ofAH‘a%‘é %“F? {:%n??ﬁﬂ‘@u%F?qi ime ADCBS
IS SetFIFO, thedetdansferred to the hostGhemed WAPEEEF in Theb@Es®ROM S/ PDIF

2i ko iesn hald ' 6k SFFaatalied BRERRR 008 I8 HFAtREq, [ 4R, fRtlYxl Y i ended
to be tWela|gccnr éﬁdtheo&DﬁBIEfnnnearﬁﬁhFénaulevblt in theayntgpzupuo
tracks, eﬁgﬁﬁgqugj fﬁg;gengge gggept g&zéﬁa interf@be: i u%%Mrce .

20 S/ PDI gut on 1.nt rface 1 I Supte
sanpl e vher tbaverdeafi bufbrr, isapgacbadedat owkighi hpue addltl@%%hnels

Thls geaatalwmylpgasséaﬁeﬁtiydbal&ehnseéteeQUAQU£he start’ @ gRy - Vi ce

duci /PDIF for t dat.a Thes ZVI DEO

L 1 BRAFRF - onTrARBEPRCOE 1gara will confbiue, GRELbohDe: RRNES JiteF | y
fron122to4teror ext er nal 48KHz to the |ocal 48KHz rate; and Youted to
two i nput channels. This is.intended:to be the digital audiosout put
froma zZVI DEO PCMCI A (PC- CARD) devi ce, although the input can.30 ..accept
I[err]S data from{EByROMY; SEPDIF .- The CD-ROM SAPDEF| Leputson The AC3

I[err] SinapwEags 18t ¢kf acsaaélerate coﬁ%&ﬂﬁé&oneﬁr@waw Efomate ”
convertgg Kﬁ%lcall from?2 t or extern 48KHz teo it he. {Gzal
48Rz 1 Afte 1XERGTPOH ggzvoag r§g edlﬁﬁuFWEhéﬁHEFSCha?HP on?@%§|bﬁ shares
t he saminsenpkd totke the dﬁgﬂte&tahdﬂ&edubpuEDfﬁaﬁlE cntnoﬁadﬁr&é GP
SPDIF i b et5a6eadfio trachld él%h%%% tk%r ﬁﬁﬁtléan accept S/PDIF

data from any source.

-'I -

18 ) ° .‘~- ‘.

20 GP_S/PDIF. The GP &/PDIF input on' interface” 16 :.s'i
sample rate converted to 48KHz, and routed £o two ‘input’ e3
channels. This general purpose accepts digital audio output
from any device producing S/PDIF format data.

25 . ZVIDEO I25.  The ZVIDEO I?S input on interface 18 is
sample rate converted, typically from 22, 44, or external |
48KHz to the local 48KHz rate, and routed to two input
channels. This is intended to be the digitaliaudio output
from a ZVIDEO PCMCIA (PC-CARD) device, although the input can

30 accept I28 data from any source.

AC-3 12S. The AC-3 I%S input on interface 22 is
asynchronously sample rate converted, typically from 22, 44,
or external 48KHz to the local 48KHz rate, and routed to sigt
35 input channels. This conversion shares the same sample rate

converter used by CD SPDIF interface 14, GP SPDIF interface 16
and Z video interface 18.
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9 wo099/01813 The AC-3 interface will be enabl ed by sSREWUSRNABT t

in the Hardware Control Register. An additional bit wll cont rol
whet her two channel or six channel data is accepted. When di sabl ed,
the AC-3 data will be ignored by the cRip. 5 When enabl ed in two channel
node, the AC-3 interface _w.l|l the.Z video interface, and
sinply route the ASS3AGd éﬁ’ter%%éﬁl&]t :‘g’et ﬁ&ﬁgt"ﬁtieh’aés tipg,a bit

dat a. appaantiieg BdrdwareZ Comtaml Reg:usueu:ts Wn addétignaledit Widd enabled in

D SORRL gy awosimabeh Hof M el BaBUCle HErApEATT, 1

rout ed tWhen disakded,vithso A0ﬂ3erdm WJdﬂalhﬁeIan@raddbS’ thet ebigh" at}@l 0, and

apnel te ,deo:
| nputs vs(nﬂﬁ Hrug‘al%l oreélﬁgt CHé}%g to th aud}igd&@ga@e wz.a% §8§
i nput's Wver tfél%(ﬁ reidsay W%‘& iand t?é-“@éé’o@%tt@dtl’g ‘ACcRamEEreSdt us

regi st ersfing @m@tﬁ&eﬁﬂ&é iy t&sa;aa ar:t.ng BEr then zok-iHaesa .

:Mnltlerfaces wi | t@s%ﬁ&:djé)rese t tB A 1&51 &@ Fﬁé‘ &% ¥ 6 blts %‘Fgﬁta

f rom an)Ace-)a e r fesd will taakl @viarddes \Z atideoyglthieh €D apdt:.ocalamicce'pt
e b sty SRSl O A T URATY WA B8 reured ror L

The menory 12 Suppli és anne
the sams*ﬂ;ﬁlga7 Tifdeo fintenfiane i chanmmelarz ang X ke fiheeé-'ni ﬁp@tlo% andchannel s

and s SHDRMONSUS Hid It 1 dmsimine TR Ol Qflea, app1icHNese chie phannel s.

runni ng at, 48 , are con5| der ed stereo outputs deri ved
from t hé A9 otRPYYH L Lo R ignored; ﬁ%taa@mkiﬁﬁ S CDh@ugds) giffent
archl teCGmr&PDImlft@m§dnll be Idbfﬁé&ﬁ@dfbflﬁbted in the associgitidd F

stereo g}%}é%u‘? u%%s %%ftﬁ t%ann ha{isrs?oclaterﬁ %g’ '2 utTheseg aéxhalrztry

channel poxpicon d%l@lzemlmt@rﬁaces Wllﬂaylrmaﬁcﬁrmw ttdrec &3 sée - a
mul ti-t r&&t‘fa"pr@nﬂ'di@ bits of MALd arerd %Mﬁésérft%ﬁ( MPERIS 4@ .o

surround: sound pl ayba systens. Thi s "enabl es a class of 8- track
pr of essi HrEgn i ¥ be thea[ﬂa’rgb"a%}r dﬁsdlo output from any external -AC-=3

audio decoder, although the input can accept from two. to six’

20 channel I2S data from any source. : ' oo
LB

‘Qutputs _ L .

ACS7. The memory 12 supplies two channels back -to*®
the same AC97 interface that is the source of the three input

25 channels and is synchronous with the master sample clock.
These two channels, running at 48KHz, are consideréd the -
"main® stereo outputs derived from the various input sources =
via an output mixing and assignment architecture implemented
in microcode. o

30

S/PDIF 6utput Chanpnels. Six output channels are

routed to four auxiliary stereo S/PDiF output channels through
interface 24. These auxiliary channels run at 48KHz only, and
may be considered to comprise a multi-track "pro audio®

35  interface to multi-track mixers or surround-sound playback
systems. This enables a class of 8-track professional audio
applications.
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10 Ef fects Engine Qutput Recording. Any Qioribd -4 he
effects ?)Vl?t%ﬂ)tlglscan be witten at their native 48KHz sange 98Rsar ate to a
buffer in host menory. The effects engine wite channel (FXWC)

regi ster controls which channels will I 5 witten to host nenory. A
transfer to host menor y W II occur as long as at |east one channel is
enabl ed for wite Bifetles Enainexy 171 ordimdi.t hA&n¥f pecatlendi hbebuffer

si ze re@ftsits outﬁ@@%aﬂ %é‘%ﬁﬁ:réh at! ftuaa&eﬁa&a%oa@mbagaablés enabl’ed
for wrltlngt ége host, the transfer_w | npri se,interl.eaved 10,

groups dfa%® §Pia SHath HRFdSempt t TR &H?Ftéhﬁﬁﬂépeavrlte "t he
| owest astthmssl (FXW(theréglimfﬂr Qfomhmlvmm lethannelst wabsf Béred- f%“ two, .

nunber *OPELEn LS RS S g Hranster & BKE BB WPIPBERERC

sel ect ecas hiongsasmoat 1Beastglmaamlmmalo i enakd.edaifert Weiter damths fﬁ d be
approprlﬁgﬁéyr% 1stéfun§ﬁ(§e9rh é}%g'r{é £7f°er SIQ% EE%§§E§§:
at ects e

SXAS LY

[

enabl ed gl nni n L.ne hutfer base address XBA)

by FXBFhoid %%‘%%4?% bukf é¥°léﬁ Ahamione H%lqnmé L&graabLedafero
data i s wePtihyat6dchd Bost FQhd ft%zisrwfmrlecbdu@rtﬂs@ ha&érisaveaeﬁbry

buffer in_a burs ft uf f.er .S r shed
Rg’nt erFIPP W‘P% 66\/%?&7‘“‘%%% %&’é) S |“f11t iR lgﬁ’e?ﬁFecﬁ

[ nt er r upthenhbwest | &jidregs st eIf ithe numiset .of Alsermls itot berupt Wi I ’ occur

when the. f e ¢} dat*a w | |

subsequen’fe%qsgétggé f%r{a‘a‘éf e%?ue%' gcfpf{ieg)?t% V\‘{Heﬁ? t{%ﬁg%g% 5: gﬁ?‘ansfer of

data wi iatlways rearlhudnubke | same IRERY ©F ganplssefer eAbh s:hameér.s of

data  ift&n{hEthest niRBREYofldnadbhdid 4 deeittiey IR q% nHQwever

he_effects en can rocess au data up t many
of Lohe | FYATABLAFS COUPBeETEan Sbile AEEHM AT hEe aprrapriafeld
pr ogr ammtrgntatedf bpctompnging iios wzé ‘a meiarransfezadm en:abﬂédl nt ﬁ* t wo
out put s Frparts
of a 32 %ggi %ﬂé Qg EFS g?ﬁé‘:éé 9&&4;3,%?:’]%, j|':fees %%laﬁ%%ose ca ‘used °
to transWeitingbat non~zeagcﬂmfﬁ%x Bize clpke tthe AXBE wegistequi’ é@dmu ng
two out pght35is sBaORshatbAriRaghrBro b'éh&?%&x@é’fé}:&d ¥Nche host WO
99/ 1813 / US98/ 1397 . S
memory buffer in a burst. When half t e programme buffer
size is reached, an interrupt will occur if the FXBIE
interrupt enable bit in the interrupt enable (IE)} register is
set. A second interrupt will occur when the end of buffer is
reached, at which time additional data will subsequently be“':
25 transferred at the start of the buffer. Transfer of data w111
continue until the FXBS is set to zero. All transfers of data
to the host memory are 16 bit wide audic samples. However, °
the effects engine can process audio data up to 32 bits wide,
and many of the input audio sources can supply 20 bit audio
30 data. By programming the effects engine to split a wider
audio word into two outputs representing the most significant
and least significant parts of a 32 bit audio sample, the
facilities described above can be used to transfer 32 bit
audio data into host memory when required, using two output
35 channels for each 32 bit audio data stream.



11 Mul ti-track Resanpling Using the Effects

Engi ne Gwiousiergiacor di ng, any or all of the 32 effect pcomispsrizgzran be
sent to host nenory. Thi s node of operation can be used to inplenent a
multi-track 5 digital audio recorder when conbined with the S/ PD F out put
channels. The S/ PDIF output channelslﬂepresent the audio out put of

the recorder gL tg fLect .out puts being transferred to host
menory repre§%¥£~t§§§r%pgg—sggi&9$ecorded ~into nenory, and:'fromthere
onto the conput er Usihgr ¢hei Eiffects]1Bngibhat OutpukyRecording, any or- -

Mul ti - r ¢i,n additi t he c ; | out put, two
other Striagt e f2"8reecha BULbLen Lan B8 SeHEED nost BREERS oh but fers
i n host Thigpmpde pfcoperatdanscap becufsdstoofimplement a mmlfpdnszacid c

sagpl e gigeaansannie rakeraelv hbfdcbm®inklewith the s/pPa® oAd¥de tate to
8KHz (the ACQ; “m crophone” _channel ). The reduced data rate il |
ease hoSPaBERLS, 0dBEs SHEDRFeputPUL’ channgls represenf ithen augingunia = -
requi redutpot efampee riedorder, whilet ehepedfects speeuits Gedgry .0k

FEP] ovs bEaABEerred. to, poBehiBa  SPLE A IRLINGS, B1445, Reethdd S,
11. 025KERptoomeskEy., angh from there o@topirheMoompyteny'sh handoddiskotEal

c %nnel§a£ggmbgg¥bacﬁmthrough menory 12 froma variety of sources, ‘there
are many poSsi bl e approaches to an output m xi ng and channel routing

architecture. The best choice will depend upon the specific

apgl i ﬁat i olns for whileh -gte-caftl ®Ricoea ;'ﬁg.g.sqd; a’&mtd@‘rﬁdtdd ‘t:3ﬁa| efPeqyd - m Xﬁr
and channpel. _router 1s i enment ed | n_hardwar e, and, sl as eac
"nput CREARB PHERREN SR fRErams Cambe SeRk BAGK Y MRS a

m xer i bpeetentiadependentefthdfiers in hosy merpryneathere aipreams at g

mi& 0Co : PO External Interface Timng - C.ogks. The
PC?iintg§P§ég%I8§Vc operates on the PCl clock and is synchrongus w th
the PCl bus. ATROISpheRichfiample streagy ﬁ@meeﬁ@%,cmm%rfrm thshs of

the audi o proeeell ABKHz rate to 8KHz (the ACS7.'microphone® channel).

The reduced data rate will ease host data processing;whéﬁ

the wide bandwidth is not required, for example for . K .«i.

20 telephony or speech recognition applications.. ol

A stereo sample stream converted to any of the followihg'

rates: 48KHz, 44.1KHz, 32KHz, 24KHz, 22.05KHz, 16KHz,: .-
11.025KHz, or B8KHz.

25 Qutput Mixing. With altqﬁal of 21 channels flowing.
through memory 12 from a variety of sources, there are many . -
possible approaches to an output mixing and channel routing . .
architecture. The best choice will depend upon the specific
applications for which the invention is used. The default

30 output mixer and channel router is implemented in hardware,
and simply passes each input channel to each output channel.
Any other strategy requires a mixer implemented in the effects

engine by means of appropriate microcode.

38 External Interface Timing
Clocks. The PCI interface logic operates on the PCI

clock and is synchronous with the PCI bus. The sound engine,
effects engine, and other portions of the audio processing



12 subsystem on the chip operate on a 1024 x sanple rate clock

whi ch i gv(gggvﬂ%gﬁd from and phase | ocked to the CLK512 i npgtTusegasdstrpm t he
AC97 chi p, Ich is the sane 512 x sanple at a 48KHz sanple rate or
24.576MHz (40. 7ns period) CLKS12. Internally, the audio clock is used
for any functions requiring precise *2 timing, because the PCl clock
frequency is not known. There are asynchronous [ nterfaces-between the
PC buSUPEYFESRNERt hBe chip,gBedabroeBsdi hB24 BsFaFRAE FREEn CAPEK
accommatdthdibydébeved fromt ahdaphdsei gacked to the CLK512P€hphut erface.

{1 ng SESRs EPaT REY” Shi, °whiBhORE rheennd BT2 ¢ samens, BEc a0k T
| NTAN siagpde ikste or aéyE&EMHnod&OLﬁnaaparéodthBKEQZnotInaeenaﬁiynln1ng 5
Const r Yl Judio clock is used1?$§t é Eﬁh@%&g %bEH@Q1ngN%?ebT§§t'Gk o

pushbut t:on puts are Ar. hold
time |§1§G§BanbéééuseTﬁbejB?@tFé?cboﬁﬁaﬂéﬁ§PYpFﬁsn&Fek@ﬁﬂpog “@hexen nat ur e,

and ar %:@ealsgaeﬂrbaoag sa&a%tfab;b% mameeﬁl shingct busaﬂ.%b@.@: Jaenasfthék ------

circuits.,, NO timn cificatians fu 0 RE are
i npl | e@udio process ng su£ﬁV§FeWht@PF&%eaanPﬁﬁomm?%Q ﬁ%%% ﬁ%@rface timing
5  corpiteenali Gasiga.M DI 1.0 specification. The actual baud ~ " rate is

based on the nearest convenient integer divisor of the - 24.576MHz cl ock
rate, in this case 784, giving 31.35 kbaud. CD- ROM SPDI F
| nput Timng. ThECIDIRECETSRDEe: | Abet POI intexfscendevis a@céﬁsmeﬁEC- 958

conpl i aRy rRisgnah12bed speclff&%%%@w 20f1 %iﬁ%gt eotdtHainty. 1%

General Pyrpose SPDIF |nput Timng., M%:energIe Aglt)urpos SPDIF |nput S
deS|gn@@zFﬁwﬁbggﬁtcéﬁckEér§§Qe€GﬂbP§aﬁ? z. Theq T gpﬁquéhcy of 32KHz
t 0 48KHmsyhchrbd¥us in nature and do¥el woe hadeMang kﬁmﬁk@ﬂln1ng The volune
and rnﬂé%nstralnts e

Joystick Interface Timing. The *joystick pushbutton
inputs are polled when read by the hdst. No setup or hold
time is guaranteed. The joystick tomparator -pins are analog

h| in nature, and are designed to be compatible with existing
analog joystick circuits. No timing speczflcatlons beyond
this functionality are implied. '

MIDI Interface Timing. The MIDI interface timing
5 complies with the MIDI 1.0 specification. The actual baud
rate is based on the nearest converiiént integer divisor of the
24.576MHz clock rate, in this case 784, giving 31.35 kbaud.

CD-ROM SPDIF Input Timing. The CD-ROM SPDIF input
0 is designed to accept an IEC-$58 compliant signal at a '

. frequency of 32KHz to 48KHz +1/- 10%.

General Purpose SPDIF Input Timing. The general
purpose SPDIF input is designed to accept an IEC-958 compliant

i5 signal at a frequency of 32KHz to 48KHz +/- 10%.

Volume and Mute Input Timing. The volume and mute

control inputs to the memory 12 are designed to be directly



control inputs to the nmenory 12 are designed to be directly

13 woopnmised to SPST pushbuttons to ground. These irquASosass7k

accept noisy or bouncy signals whose bounce duration is |ess t han 50
nmsec. The maxi num delay fromsw tch clqQsure to interrupt is 10 nsec. 5
Generic 12S CODEC Interface Timng. Theé tim ng diagran1of Fig. 6

| | i 12s"
mode. | Cofileb8asEb! SpaRButnat ford €6 8E8ung,, MHERe TapbERRIAR 1R
10 ed@@@ePtN@BKSYuﬁB' houncy sigpals hehqsﬁkbogml@watbons&r(lass 64

tinmes tphgafaBpl pgkal e, ThB ﬁ&x&ﬂﬁmsaépb.& Ei‘&ﬁ swifcRNELEE o .fransition
coincident with SCLK falling edges sanpl ed on ScLK ri’sing
edges. 1TRETKRBCOASSBOUMSERd SDI N occurs one bit cell after the LR
trgnsition. A total of 20 15 bits are supplied on SDCUT with the

remai ning 12 | ocatj.on fed wth ZELOR: JA tot 20 blts are
recogni zed on b—%ﬁ%ﬁ—-&%?h 6 : tio ﬁ%?@g et

V32A | ndéafyzram SfnFig. 6Théluatpates mhensenmalgmuédOZ@atafmntepéaaE|on
mnth_thgsg%Z ”E%hér Qe1§§ech£agat|on of the Creative V32A CODEC,

ver si on m ng di agram of Fig. 7 illustrafés the nmixer
interface timng MGLEKnguRei ak. four times SCLK, Tejthscabpeidenty Bisipdansec,

WdltOh noggak!. ydﬁ@%xdws at zsy;cksmesl\/gx@%TﬁfAﬁoaa:apn?A@EBSTbb:mahhl ng
edge IS (o] I’]CI en an ransj ti on

Thetti nffo cameg: BheoPaEPSe §arer oLf BEethenEatalr arate. B pad4§PRUT
interfaceahsithenvabéntmdéﬁteattheBCLKDﬁalllng edges. SDINCLEK runs:at

ei ght ti g r at 256 times
t he 48K Sﬁe rate. %85Qﬁ§c§§539 32T§eng§gt§g §§%%¥E£$gtgﬂiﬁR at the
sanpl e pmrs ERe bit cghd s8DOer thaniRt tzansdthendend WPtalScCEK2Palling

edges. Bk are sﬁ 1§@prﬁd896U§CL51Eh§bBQ ed@8Sning 12 locations Ihe
timng diagram of, 9 illustrat t he seri al audi,o data i nterface

to the PEsAfed wi 'zﬁﬁﬂé 34 tota °f 20 BiEPapFBnTPROBREECHOAR s
i dent i cabIN,t krit® edel vehaining rmdeoemt&phst hghobe@h SDOUT and SDIN have
been shifted one bit | at er |n tlne to correspond with the 128 format.

. V32A Interface Timln The chlp 10, when conflgured
20 for operation with the V32A, meets the specification of the -
Creative V32A CODEC, version 0. 10. ..The timing diagram of_Flg.
7 illustrates the mixer lnterface timing during write. :
Tey is nomxnally 81.38 nsec, with nominally 50% duty
cycle. MIXCLK {from pin A097RSTN) falling edge is coincident
25 with MIXCSN and MIXDTA transitions.
The timing diagram of Fig. 8 illustrates the serial
audio data interface to the V32A in "Creative" mode.
MCLK runs at eight times SCLK, with coincident
rising edges. MCLK runs at 256 times the 48KHz sample rate.
30 SCLK at 32 times the sample rate, LR at the sample rate. LR
and SDOUt transition coincident with SCLK falling edges. SDIN
is sampled on SCLK rising edges. '
The timing diagram of Fig. 9 illustrates the serial
audio data interface to the V32A in "128" mode.
35 Operation in this mode is identical with "Creative®
mode except that both SDOUT and SDIN have been shifted one bit
later in time to correspond with the 128 format.
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14 AC97 Interface Timng. The ACI97 interfrqeyd

desi gnedv?(gwﬂ’é’e? t he specifications of the ACO7 specificati OnS9§113872

revi sion 1.00. S EEPROM I nterface. The load tinme of the
EMPROM i s | ess than 10 nsec, whiglh occurs within "initialization" tinme
on the PCl spec, and therefore does not have to neet the eight or 16

clock rules. |f &gafii JuterfagesPimings aThesae®7pinberface is conpletion
of EEPRDL Qﬂg Eécﬁé%ltv'ﬂhwabbeéifigﬁt%%:ﬁ %9} thre:e 'é's‘z tg&&;ki‘&éth pW thi

PCl 2.1 speCiflcat con I RS~ an |n efface
46 to arQQEEGOPyBeGO- EEPROM which is used on reset to configure the PCl

i nterface. On the trailing edge of PCIRSTN, the EEPROM i s read via the
ERPROM serial interface, _.and the contents are ysed t %§ establish the -
pr&grannable PCl gi stepsloag ime of’ & h§§ERPHe1§nterface

t | m ng lesst hhaEEEBOMsecNowmt:habccﬁrtshen.th:,n SRRt ipilazagionsi simeel Y tied

cont | guPl FBR”#o Spera” Pt Bhbrefor WhRel ekl bk i ol B B3SpE. o of -

chip 1oorT9n6ng:lwk rEgSBl. tdfgconﬁdgmtaltzmalslp@qeheq egcessrdf prdpicon.
Tyi ng ISO completlib® B‘f‘"@&gﬁbﬁpht‘m&‘ '% 'é%%.vfeh%:ah%’ Shlaeksl waghi on-to be

di sabl "FuncEnhs" hytes 1s:a:* 1 in

t e reﬁpﬂtpo§PF|Gﬁlébﬁﬁe§BGhéPnECFozbﬁeﬁ@&cqﬁhﬁﬂﬁNﬂ?Snunber ta, 25

enabl e the functi sze dﬂi@cuboeoataanel ey Srteaifird 46Tho a 9348l wgpel N
and / ar.e don't care and

Che-val BRPROMs MELoH g, beBe pRagepRE to Sonfiems; She BRIoiBherfAcE.

di sabl eO(xoyheAmnae.luhg esligec of N POIIRSTN, the MERROM S & kefdt Ivearrtmem | s’

enabl ecegbhoff hsall adeDracd? ana M ESntencs kre bR LTS Brovide for

t he stan a conplete read-tine.
f o al | efezlpltaﬁfs tée programableemiy qonficsratian RegeEers3s Fig. t SK

IK f, der i ge@nigwmtitee 1&1&1@&@%&@&@ %5 @kl RPN eNote that’ R84
Z.

unti | aﬁggﬁir Hég t’t?sres"'gé’ths(%tst%glvR%gha een re_gg m B Ip v}g,
the default values of the PCI conflguration registers are
used, thus enabling a "zero glue" usage ‘of chip 10.° Tylng .

0 EESDI to ground will enable the joystick function. Tylng it'

to the power supply will cause the 3oyst1ck function to be i

disabled.

The format for the "FuncEmbs" bytes is a ‘1% in the
bit position corresponding to the PCI function number to
25 enable the function. Function 0 is always enabled. The
values in bits 0, 3, 4, 5, 6, and 7 are don't care and
conventionally zero, and the value in bit 1 indicates that the
joystick is enabled {1) or disable (0), while the wvalue in bit
2 indicates that the modem is enabled (1) or disabled (0).
30

NOTES :

1. The times provide for the standard 93C46 memory, and
result in a complete read time for all 1024 bits of
memoxry in less than 10 msec.

35 2. tSK is derived from the audio clock and is 50% duty cycle
at 384 Khz.

3. After the EEPROM has been read, EECS will remain low
until another PCI reset trailing edge occurs. Subsequent



15 to this, SPICK, SPID and SPIDO could be used by other.

functlon@gﬁﬁg*egg a serial interface such as the SPI PCT/US98/13872r f ace.
scriptions JOYPB[ 3: 0] - These four input pins wth
pul l ups connect to the joystick push-buttons and receive their state.

JOYCWP[3: 0] - These four Schnmidt triggk? input pins connect to 10 t he

L Ggeroa! ik i ne BRECk ol oL <P U <pd BEMRL by ofgaci tor.

The period offunaeiomsiheediygretssmidb mntetfate sucltoags ctHe gPI s tined,

and the count, ﬂ g as the joystick axis value. 15 FNM DI -
Thi s i nput p|n recelves data i ntended for the sound processor chip's
M DI UART. The polarity is such that. a start-. - bit is:a’'logic:leow

| evel . 20 pfgﬂﬁéggrlpggéﬁslnput pi n provides data'fromthe M DI UART.
The pol arit UC Start bit is alogic |lowlevel Not e that
to corrplg;m&lﬂa Mﬁ‘eieof%%cff-lfﬁ%tﬁ’h‘?? Wit Pub%ﬁ?%r?‘?fﬁ"‘%?’-’arf@-!ﬁhﬁ nust
be used.joystick GREM butTbhs andUiedeiwd iseifestdfd F format digital audio.
dat a fron1the CD- ROM or other SPDIF digital audio source operating at
a sanple rate between 28KHz and 53KHz. GPSPDI F - This input recejves

t he SPDIngtﬂheaedfouBOSchmma frigger ghoputl pias poymetityital

3B D S SHRLEEK NP ana S £of HEPOLRe IEEK End fbyEt i
is triggered, these pins are output enabled and discharge the
capacitor. The period of time until .they return to a valid:
logic high is timed, and tha_;ount;is'used as ‘the joystick :.
axis value. -

15
INMIDI - Thls 1nput pin receives data, Jdntended for the sound.
processoxr chlp s MIDI UART. The pelarity is such that a start

bit is a logic low level.

20 QIMID - Thls 1nput pin provides data from the .MIDI. UART
The polarlty is such that a start. blt is a logic low level. .~
Note that to comply with the MIDI 1.0 specification, a
buffering transistor must be used. - '

25 CDROMI - This input receives the SPDIF format digital audio
data from the CD-ROM or other SPDIF. digital audio source
operating at a sample rate between.28KHz and 53KHz.

GPSPDI? - This input receives the SPDIF format digital audio
30 data from a general purpose digital audio source operating at
a sample rate between 28KHz and 53KHz.

SPDIFO[3:0] - These four output pins provide four stereo
channels of SPDIF format digital audio data from the sound
35 processor chip at a fixed 48KHz rate.

VOLINCN -~ This input with pullup is connected to the volume
increment push-button.



channels of SPDIF format digital audio data fromthe sound 35 processor

chip at Sopied 48KHz rate. VOLI NCN - Thi s input pdritsopudsraip i s
connected to e vol une i ncrement push-button.

16 VOLDECN - This input with pullup is connected to the vol une
decrenent push-button. ZVSD - T&is input is the I[err]S format
Zooned Video serial data. 5 ZVSCK - This |nput Is the I[Lerr]S fornat
Zooned YRLHECN 7 Thigj input withopullup is cagnggeed 'Fﬁl§hﬁhﬁﬁguﬂ§ the .

| [err] #ecra@medoopBshMbdeooseriall 0 left/right word clock AC97BCK
- This input receives the 12.288M+#z rate bit clock - ::fromthe ACO7
CODEC. When in other CODEC nodes,_this pinis unused . AC97SDH -

Thi s i nBMEDr ecEhiesigput ai s dohe 1?9 fatmatACepred VideooiskeeialOBEEA . .
AC87SYNC - This output provides the sync signaf..to-the: ACIT: -0 CODEC. -

When in_other nodes, this pin sup |es the frame s : (LeftZnght)
si gnal- ZESEKe-CEEE, input isathe ﬁl&ﬁ"d%ﬁlﬁé ﬁgl al data
to the AL8&kOr ot her. :CODEC.. 25" "~ AC97RSTN - "Thi s out pat “provi des *_

the reset signal to the AC97

ZVLRCK - This input is the I? format Zoomed Video serlal
0 left/rlght word clock. e '

ACB?BQ - This input receives the i2. ‘388MHz rate bit’ clock

from the ACS7 CODEC. When ih othér CODEC modes, thls pln lS
unused.

AC97SDI ~: This ‘input receives serlal data from the AC97 or Li
_other CODEC.:. - - - .~ "8 "ol SRR - ’

AC97SYNC - This output provides the sync signal to the Ac97
.0 CODEC. . Whén in othex’ modes, ‘this~pin- supplles the frame sync
(Leftlklght) 81gna1 to the CODEC. - ' "

AC978DQ - This output provides the serial data to the AC97 or
other CODEC.

18 . . T .
AC97RSTN - This output provides the reset 51gnal to the ACS?
CODEC. When in other modes, this pin supplies a 12.288MHz
clock, which will also serve as the MIXCLK for the V32A
interface.

30
MIXCSN - This output provides the Chip Select to the V32A
CODEC.

MIXCLK - Bit clock to -the V32A CODEC.

35

MIXDTA - This output provides the Mixer Serial Data to the
'V32A CODEC.



CODEC. When in other nodes, this pin supplies a 12.288Mz cl ock,

whi ch W ko sy perve as the M XCLK for the V32A I Nt eCrASes/138f2

M XCSN - This output provides the Chip Select to the V32A CODEC.

M XCLK - Bit clock to the V32A CODEC. 35 M XDTA - Thi s output provides
the Mxer Serial Data to the V32A1GODEC.

17 EECS - _This output provides the chip select signal to the

ext er nal EBESROVER1S °UtPEECEK°Y1¢ﬁFStBGtﬁﬁﬂppFB%PﬂEss%%%a%eF?thélock
signal textbenal EERPRBMAV EESDO - Thi s output :pr:ovi des.itdhesseria
data signal to the external EEPROM during power on Teset )
configuration. 10 EESDI - This input receives the serial data.signal

from t heEECLK exMaisalouEBBRObroviitieso thEPBEMia3 atedk sbgsadbi nocahe’be
reS|st|v§k¥Ftw led to power or ground. Wien. the .EEPROM r.ead -3vzx,tS

attenpte er the trailing edge of PCl reset, this passi ve stat%e

w Il respectively disable or enable the anal og 15 joystick interface
functi on}:?_sggct T¥lsY output regiﬁgs tii@ %eﬂﬂ!ﬂt dhéatsfghérr%stﬁa‘f nat
Ieft/rlg ra Sync clock”fromth 2 for ihe decoded -data
st reans. E%BB@N duygng BHFEEtOPSrﬁﬁétIFEP }39?%?%9? bi't ¢lock to
the AC3 decoder for the decoded audi o dat a.

10 EESDI - This input receives the serial data signalfrom'the -
external EEPROM. If no EEPROM is used, this pin cdn be'’ ™"
resistively pulled to power or ground. When:the“EEPROM read
is attempted after the trailing edge of PCI reset, this
passive state will respectively:disable or .enable: ithe analog

15 joystick_interface_functlon respectively. - o

Ve et gt

AC3FS - This imput is the IZS format left/rlght frame sync
clo;k_from the AC3 decodexr for the decoded data: streams‘.mﬁfi

20 C3DBCK - Thls °“tPut is -the Izs format ‘bit clock ‘to the AC3"
decoder for the decoded audio data. - : o o

AC3DSDO - This input receives the -left and right front . .. . =
channels in I%S format from the AC3 decoder. :

25
AC3DSD]1 - This input receives the left and right surround
channels in I%S format from the .AC3. decoder
AC3DSD2 - This input receives the center and subwoofer

30 channels in 1%S format from the AC3 decoder.

PULSEN - This output supplies the host modem subscriber line
interface "pulse'" information.

35 HOOKN - This output supplies the host model subscriber line
interface *hook® information.



AC3DSDO - This input receives the left and right front channel s in

[[err] S\{"gr;rmlt’a ;grom the AC3 decoder. 25 AC3DSD1 - Tpifrkdumskrar ecei ves
the |ef t"ARY"PIYht surround channels in I[err]S format fromthe. AC3
decoder. AC3DSD2 - This input receives the center and subwoofer 30
channels in I[err]S format fromthe AT8 decoder. PULSEN - This

out put supplies the host nodem subscriber |ine interface "pul se”

i nf or ma N - Fhis guoent- syRpiieat phe Beppl Peder aubratibasidiinfubscri ber
line inteirfiaeel agandvoalkfoknbheisAL i ON. WO 99/:01813 -

PCT/ US98/ 13812 18 - - This
out put supplies the host nodem subscriber |ine I nterface "hand"

i nf or TaLLEN, - This inBEN rec&hweslﬁhﬂthOSCem&éemtbﬁbé&ﬁibmmdﬁmmﬁubscr|ber
i 5 ; C& s mednC i on. RINGN - Thi s inputsipin Ty
re?glves t%k%hqé: %S en§§§82§8£g§§ l'i ne interface "ring" information
10 .PCCLK - This input is connected to the PCl "CLK" clock - signal.
The soundwpOCessls Gight $iRPEELElods! PHAPRESE Cndlith subscife 2! Phle
frequenETEE“To 33VHZ. - Thi's active ow input-i's connected to
the PCl iBRSFFaces I“P@beﬂn§P§WéF1°nThls si gnal activates manufacturing test
nodes I n the sound processor chip when conbined with other si-gnals.

10 PCICLK -~ This input is connected to ‘the PCI "CLK" clock SR
signal. The sound processor chip is. spec1f1ed to operate w1th
PCI clock frequencies to 33MHz. ' -

PCIRSTN - This active ow input is connected to the PCI "RSTH"

15 reset signal. This signal activates wanufacturing test ‘modes

in the sound processor chip when comnlned with other slgnals

- . . 395"--.

CLKRUNN - This bi-directional pin -as an input warns the BCICLK
will be stopped in four PCI clocks. As an open drain output

20 the sound processor chip can signal that ie- needs more tlme » -
before clock can be stopped. - ' ' o

AD :0] -~ These bi-directional pins are connected to the’ PCI
"AD([31:. O]“ multiplexed address/data bus.

CBE[3:01N - These active low bi-directiomal pins are connected
to the PCI C/BE(3::0]# command/byte enable bus.

PAR - This bi-directional pin is connected to the PCI "PAR"
30 parity pin.

FRAMEN - This active low bi-directional pin is connected to
the PCI "FRAME#" cycle frame pin.

15 IRDYN - This active low bi-directional pin is connected to the
PCI "TRDY#" target ready pin. '



CLKRUNN - This bi-directional pin as an input warns the PC CLK wi ||
be st oppgseggigfzour PCl clocks. As an open drain output 2CT/USSB38uUNd

processor chip can signal that it needs nore tine bef ore clock can be
st opped. AD[31 0] - These bi-directional pins are connected to the
PCl " AD[ 31 :0]" multiplexed addr¥®s/data bus. 25 CBE[ 3: O] N -
These bl-dlrectl al s_are, connected, toth C

C/ BE[ 3:2 6b ﬁg ébﬁdglIECtlona Rt *ﬁ|§°ﬁ?9ﬁﬁ?§e€%oﬁg? pin

i s conrReR ettm#'hez.mlawa r&8&&dy phEmity-pin. . __ - -FRAMEN -=: Thiss .active
| ow bidirectional pin is connected to the PCl "FRAMVE#' cycle frane

pi n. 35 TRDYN - This active |ow bi-directional pin is connected to the
PCl " TFEZREN (- fuis rackivei kow bi-directionakiwin- ighrennected touthe

bi gi r ecg¢pned T |§t&§r%§ﬁt ed to the . _PC "|RDY#" initiater rgady pin,
STOPN - This active I -directional- prn i's conneéted to the 5 PO

"STOP#" stop pin. DEVSELN - This active low bi-directional pinis
connectEEVIRIN - ThEs PittivEVESL#Hi-devecticnbbchifl PbconnébtedDEBL - This..

LPﬁUt p£ *EtfoﬂaﬁﬁéﬁﬁgﬁOdéﬂfcémlelééﬁéé Pln.tinltlallzatlon deV|Qe select

L0 IDSEL - This input pin is connected to the PCI "IDSEL" ™ . 717
initialization device select pin. . |
REON - This active low tri-state output pin is connected to
the PCI "REQ#" bus request pin. . 5. - i A

L5 by TR BLTTO0
GNTN - This active low input pin is connected to the PCI
"GNTH" bl§5_ grant pin. TRt 2 P R A NN
' N o s st Bl TooalL T Giwid A e
PERRN - Thzs actlve 1ow bi- dlrectlonal pin is connected to the

20 PCI "PERR#" parity error pln T L

. - N T U T SRS S J- MR N

SERRN - Thls actlve 1ow open draln output pin-is connected-to.
the PCI "SERR#" system error pin. i -

25 INTAN - This active low open drain output pin is connected to

the PCI "INTA#" interrupt A pin.

CLK512 - This input pin connects to the AC97 CODEC Master
oscillator, and receives a 24.576MHz (512 x 48KHz) clock,

30 which will be used by the on-chip PLL to produce the internal
audio clocks.

TEST - This input is asserted high to implement manufacturing
test modes in the sound processor chip. This pad does not

35 include a pull-down resistor so that IDDQ testing may be
performed.




RECN This active'low tri-state output pin is connected to t he PCl

" REQ#" wbs”yoqﬁgest pi n. GNTN - This active | ow i np¢truEegn3gy2 connect ed
to the PCl GNT#" bus grant pin. PERRN - This active | ow
bidirectional pin is connected to the 20 * PCl "PERR#" parity error pin.
SERRN - This active |ow open drain dftput pin is connected to t he PCl
" SERR#" system error pin. 25 I NTAN - This active |ow,open drain output
pin sk ct €khi® input gin FRIPPYieRAyS -3 PoveR tR Fhe mternaICL|<512 -
Thi s i@p@ékppn,c&msciﬂ;ﬁm Bk CODEC -Mast er - ‘osci I'[“ator , "and
receives a 24.576MHz (512 x 48KHz) clock, 30 which wtl be used by the.
on-chip PLL to produce the internal audi o cl ocks - IESE - Thi s

i nput REFEAE e+ Tl &1 iputn B! eumsl i smdamipliineg for théddummmt im t he
sqund §i§§? ﬁ@ﬂ LA P, 1@Hfb&§¥1$¥§ékn0t 35 i ncl.ude a pulltS@8RT r’Esi st or so
I

that ng na pertorned. -
-PLLPWR - This input pin supplles +3. 3V power to the |nternal

CI oCk ity aNghOgk Ghopei {1 &ﬁl,.% urpARAR v lcwd R a@ien’ Nty
decoupT‘ﬁg for gélntern Hp%ﬁ CHBLL analogEterU|t blocki~g - -
core of the sound processor chxp.

£y

Y

) VIO - Théde'power pins supply the PCI reflected ‘wave buffers -
only. They can be either 3.3 or SV ‘depending on the PCI” '
signaling environment.
VSS - These power input pins supply ground to the pads and

5 core of the sound processor chip.

BIASSYV - This power input pin supplies the bias véltage f£or
the 5V tolerant input pads not associated with the PCI bus.

. P 3
PR

) " As will be understood by those of ekifl in the art,
the present invention may be embodied in other specific forms
without departing from the spirit or ‘essential characterlstlcs
thereof. Accordingly, the foregoing description is’ 1ntended
to be illustrative, but not limiting, of the scope of the
invention which is set forth in the following claims.

Uy



VDD - These power in 3.33V power to the pads and core of
t he sourwop)smmssor ﬁm“ﬂ"m“mlnmﬂ)m These power pins suRGEUSIRAIFIZI
refl ected wave fers ¢ can be either 3.3 or 5V depending on

t he PCl S|gnaI|ng envi ronment . VSS - These power input pins supply
ground to the pads and core of theZ%ound processor chip. Bl AS5V -
Thi s pog&g Eggut @iB ﬁ ﬁglles the bias voltage for the 5V tol erant i nput
pad$ no *he PCl bus. As wi |l be understood by those of
skirfll in the art, the present invention may be enbodi ed. i-n,gther
specific formns 1 W huy d r r )
chgracteristicg there%?gﬁgkg%% n&f&gk%$§a?§PeS§|%g &S%& %?a%h S
inﬁknde@omprﬁﬁiﬂﬂal | lustrative, but not limting, of the scope of the

nvent i on which '%Qﬂlél@fotﬂ‘_ h@“{gﬁfollow ng cl ains.
21 WHAT IS CLAI MED. | St

ound cessor |ntegnated
on% single chip @rifmss ffgital sound sampjleai 97?5(7&"5/ At
a fgrst digi tfilrsoyrsts ahlsaiid memorgypl ed to a flrst port of said nmenory,

wherein said flrst I npu S/ a second
digital sound samst %) J’(ﬁ%clﬂj‘%%é.ld Stoé"ﬁfss@ét}? %pg‘é’ EoFOURIE oty
whet ei n sai d sssmndl porputofl malivbieemoryeri al data i nput pin and-axbi.t~cl ock

netein s b
thitd port of sa J’hereb&q“‘*%éi&f"ﬁﬂf’ﬁﬁ% LB A LD 2

i npAit havi ng %méwmortﬁa%raregmy daaded|ighe Fmajd moaxmrd cl ock pin;

2. The sound processor of clalm 1 further L
comprising: '
‘a third digital sound sample input coupled to a
third port of said memory. - : o CoL e

oW

RN T !

3. The sound processor of claim 2 wherein:

said first input is a CD.ROM S/PDIF input;

said second input lncludes a serial data,. input pin -
and a bit clock pin; and - x LrEr

said third input is a 2 video audlo 1nput having a
serial data pin, a bit clock pin and a word clock pin.

LT L B R VS S L

4. The sound processor of claim 1 further
2 comprising a PCI host interface port.

1 5. The sound processor of claim 4 wherein said PCI
' host interface port includes PCI bus master signal lines for
3 bus recquest and bus grant.

6. The sound processor of claim 5 wherein said PCI
host interface port is configured for only big endian mode.

7. The sound processor of claim 1 further
comprising: '
an data input line;

B W

a joystick input port; and
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\
whereby multiple, a digital sound sanpl es can be concurrently
| oaded i\pbQodfS a "ﬂ”ﬁ""ﬂ”ﬁm 2. A sound procees@sos/3BRgrated on
a single Chlp conpri a nmultiport nenory;
a first digital sound sanple |nput *coupled to a first port of said menory;
a second digital sound sanple input c22pled to a second port of said _
nmenory; and a PCl host interface port, wherein said PCl host
i nBérface port in8l gdzsupt lenlﬁ@s’t—@rséi@n@@tallmﬁ oringyande@idst and bus
grgnt, and S?b?s@?bk“ﬁﬁbuh”b@ff:aESrp&{éabflﬁQ”ééQ&”féiréﬁcJ@&dbﬁ g endi ah
node 8 gp asynchr ono ff 31§&ta1 sound sanpl es
carl be concuPPEFtWPepoﬁéé ?ﬁFB 3 YFn%%%?yls puile - é*SQund .

processor integrated on a single chip conprising:

Tola Tirst port of :saMiengnypg, processst SFSLldln F MR A4S ‘%‘%ﬁ%’“p' *

saﬁple input ddopl d& an EE?EOMndnputt of sald nennry

joystick input port; and . S deadd e
22 a CIFCUIt cougled to sald data input line and
saild j oystick 1np@t- p8he sexnd processor g sﬁb@%ﬁg4s§H¥F@%Wstlck input port

when saggmgataikgRut line is pulled hirgh; . mhereby
mul_ti pl e, asynchrongus di a und sa s,ean_b

corfcurrently | oad®d F&Ebdkﬁigﬁ¥y°°“g?eg £5°5a1d host 1nterfacql The
sodnd procesportef agidai m 3 wherein said data ‘i nput l'iné is-an’ '
EE%ROVI | nput.. eral purpose SFDIF éaté‘ ERHHQ Q&%%Sch{o |é‘§ﬁ9rat ed on

a Single chi onpr|5|n | port mmenory;
a f6irst digi 5ts@ﬂﬁ&>§&ﬁ$ﬁ§ i nput coupied to a Fitst port of said menory;

a second digital sound sanple |nput coupled to a second port of--said

nmenory; o host erface_port
a Host FI FO buf f er® ouﬂ#@ﬁsPB“§aPH°ﬁ8§F°?nP§rF eémpﬁrfgkgﬁﬁF

2 conprising a modem control port 1ncluding a ring pin, "a hook
3 pin, an LCS pin, a hand pin and a pulse pin. )

1 11. The sound processor of’ciéim'i“%uithér

2 comprising a MIDI port 1ncluding a MIDI UART 1nput pln and a
3 MIDI UART output p:Ln o -
1 12. The sound processor of claim 1 firther

2 comprising:

3 at least three SPDIF outpit:lines;

4 a CODEC compatible outpfit port ihcluding

5 a sync output line,

6 a serial data output line, and’

7 a reset not output line; and

8 a mixer compatible ocutput port inclﬁding

9 a chip select not output line,

-0 a bit clock output line, and

11 a serial data output line.

1 13. A sound processor integrated on a single chip
2 comprising: -

3 a multiport memory;

B This Sheet Has Been Replaced THIS SHEET HAS BEEN
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a general purpose coupled to said host FIFO buffer;
wher eby wib/0181®, EWF!B ﬂg@m tal sound sanpl es can RGIUS9S/13872
concurrently | oadedxl olsa 6. A sound
processor integrated on a single ch|p conpr|3|ng

a multiport nmenory; a first digital sound sanple
I nput coupled to r . X a
segond di gi tal sd%ﬁ%b ﬁé I%ﬁé%gu%na%%d$§§8¥%§aF%e%on por?or¥ salﬁald
mefory; menoxry ; at |east three SPDIF.output.fiwes;
a EODEC conpatiblg gutpus @Qéitéﬁcéaﬁﬁagsample i ¥ut including-a @& SYNc
out put line, - ; a seri al aka1 ut put . | ine,..and

a feset not SR¥IR @R igpat line and a bit cloc 1nﬁ'n§§%§ %%ﬁb%%lble

0U3pUt port d#€d UthPpgt line being coupled to a Secbh pﬁkecbfﬂﬂﬁlﬂUtpUt
Ilge a serial data output line;

23" wher eby Hﬁ???er asynchronous digital sound sanplegﬁgan be,concurrently
Ioaded into sai d aefovideo audic input having. aAseviall gabsepin; antegrated ..
on a single p n t Y3

RCNISP gﬁ.%%ﬁgﬁc%§%|e ?d S °8§r of salé gggiglnagpg line
a ~decond d|db@hmgsgnnE1§dnﬁpealhb&tdln@IﬁdPﬁgsaléeW¢EPrﬂata i nput I'i ne and

ayz bit clock |'Qﬁeréﬁydmﬁféiﬁieda&éyh&ﬁk‘&nbhgedbgiﬁﬂlcgblﬁhédséﬂpi‘e§ecOnd
port of said nenp I 0-i nput having a seri al

dita pin, a FFR PFOERnﬁPﬁrﬁﬁﬂlg herded 18F80ﬁab§nme§8FH'serlal data line.
bang Foupled to a PULrHopor inbérfacd peger including PCI bus masbereby e
tiple, n i gital sou c r t oade
6o Satd meypsynl PiRef 8ok bus HaguiREPLER BOF Bfpnr, CRATH' PEE| BESLOTEE
bdd naster sigharfaCﬁePOtbrbbmsg conéqgusadaﬁarbeslgrbng egdignpapdaest

i ngerface port beihAgpf gﬁbmgaégg iApuenhy¥nkig endi an nmode;
an EEPROM dat a |nput a joystick input port;

.9 joystlck input port;

20 a host FIFO buffer coupled to said host interface
21 port;
22 a general purpose SPDIF data input coupled to said
23 host FIFO buffer;
24 a modem control port including a ring pin, a hook
25 pin, an LCS pin, a hand pin and a pulse pin;

26 a MIDI port including a MIDI UART input pin and a
27 MIDI UART output pin;

28 at least three SPDIF output lines;

29 a CODEC compatible output port including
30 a sync output line,
31 a serial data output line, and
32 a reset not output line; and
33 a mixer compatible output port including

34 a chip select not output line,

35 a bit clock output line, and

36 a serial data output line.

1 14. The sound processor of claim 13 further

comprising:
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a host FIFO buffer a| d host interface port;
gener al pwom;m;@PDl g Ied to said host FI F?E%égaﬁfs
a modem control port g pi n, a hook pin, 872 hand

pin and a pul se pin; a MD port including a MDI UART
input pin and a M DI UART out put pi 174 at least three
SPOY F out put |ine a CODEC conpati bl e out put port
i nel udi ng ¥ circuit goésﬂ}@doﬁppgﬁlﬁ BEPROM data input line aed al
dat® output I98i€ jeystick input port fo@ Hﬁéablﬁﬁé QHEBUSO 'g%ckand -
a rg xer Comaldﬂﬂtepgﬁp%eﬁo%hlhgﬁﬁ% g I'p sel ect not
output line, . - & 5‘ WGU?‘M}F F?nEu]-&ﬁé hi h
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