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M XI NG OF AUDI O SI GNALS | N MULTI MEDI A PLATFORMS TECHNI CAI8 Fabmary &¢04rHE

| NVENTI ON The present invention relates generally to nmultinedia
applications and nore specifically to a nmethod and an apparatus for digital
m xi ng of audio signals in nultinedia pllatforns. BACKGROUND OF THE

| NVENTION I n the personal conputing industry, nultinedia applications are

one of the fastes | t » exnl ol he

comuni cati on nedi %@ﬁ@%@@%@?@f@%@%wcc npu eFtrs utilize
mul timedia platforns of boards 11, such as that shown in the conventional
mul ti-medi a syst em cAUBMQUSEGNALSINWIUIAIMEDIA FLATFOBMS our ces such as
conpact disc drive 13, digital audio tape drive 15, and auxiliary tape

drive 17, and to couple the inputs to a common out put, such as speaker 19
or a storage nedium In nost cases, the input signals are produced by

ext er nal i hi ch d by the PC and no control exists
concer ni nﬁtmﬁ% %Eﬁ%ﬁﬁ%ﬂl{‘m ng, bandw dth, and resol ution.
The mul timedia platform provides a system and nethod for individually
control ling andlsi picsent dnventinpuelatss @eaerslly do amilimadia applications god puere” One of

out put i e Fy 55 Btheg i, PERoPRfS 7 gl Bl BL Y Sl b

conver si onguinedal platfori, conversions are necessitated by the utilization of
hybrid anal og-digital circuitry. In such conventional systens as shown in
Figure 1, audio signals fromvarious sources are input to a personal
conputer in digital form Prior to mxing, the signals are converted into
anal og formthrough digital-to-analog converters (D.A C.) 21 and the

anmpl i t udesBACKGR! @?@HKEH@?’Nj usted with anal og vol ume
controllers 23. The vol uneadjusted, analog signals are m xed by anal og

m xer 25. Ther e@f therperdongl aﬁﬁsgﬂn}f@i GRadisy, mtikR diaCappligitions ede ine of the

anal og-to-digital converters 25 for digitized transm ssion 18 February
2004 2 extflestasiigrgwiag aress af welnplegydhatexploit thngorpmupicatipsmediva ofipesspralt he PC

in a conventional format conpati bl.e w | str d

A chi ect dPEPRGy BFGR apPBR ol it B bR Baardsafly Bich ag e
protocol, dhowa ifahd todich@dnal Mulfihedidesisiernb] Bigure hetodh@i dudie thpuisxiesinsi gnal s
may be converted to m xed anal og signals through D. A C_ 29, vglune adjusted
by mast er SP8ragRsuchost sasmpast disq ditge d3.odigitaltaudle 9P dave ddmdyardiary MPBugh
speaker 19,.. i te i i equire
T east riiyect g REYERle 0 gl Sl A Gl s KA BpRe | O Pobragk 0

t ransf or m medituine Inngpost ke dlesinputasigiisgart greduced bgle@riab equpment whicho

anal og m xi ng and anot her st transform ng.the m xed signals from

anal og- t o-YF di%¥ £0n§rgl?q£gy t_ﬁﬁaf%gr’i‘gérﬂq 8‘?\‘5{%11 ses%sfseﬁ%“c_ﬁgn%éﬁg‘gﬁ HI%WI&_LG‘PB 1,
processi NG, fnhk WAnBWHIE a8l 98luSioh NThO AR IPpRAcM Broti RS AHd@Rs into
the original wave forns of the audio input signals. For exanple,  audio

i nput si gneidgmethgd fos indigidoaltyeepnbpllmgand grikiog ¢l gipud Isoweeste odladna desigd t o
storage or_digital-to-anal og conversion prior to playback. Each such data
conver si on ahd’ correspondi ng data format change may cause as nmuch as | GdB

degradation in the output signal quality. Thus, the overall quality of the
final nmxed audPee pE thei prpbleml exitthgurrane mulimedin dagds of thet theaqualitr ofaths. | n
addi tion, 3 t I ], Xl . fiqteri ' ce

vt em perfOpiiNTear BieRled oA T thatl B0 ki bRlafog SAFULEER: SERHE

f 1 uct uat i onke cohvesknebfcartsssitnp@by tHeanieattiufMiybrid bneg-ggitandicuanallag
sub-systens. Further, anal og signals _may be parsed. through band-limting
filters toSUcBEoREntingal SEAicme athomeip Figuse Lavdiorsignals 1£91p VariQusesouicgh#ies
However , t a5 ohatsdnhUdnterfih i hipi Y e t
characteristi cg nd therr @%&ﬁs?t@gkkgnyéﬁgﬁmﬁg]%&gf? S %?‘%_ng\%g%gdi ngly,
there i s ainteenhldpform thrdughnbgiiad-tphotlép conveters (Rea€pt 21 aud thepdraplédudiiso i nput

signals, digjtally adjusts and m xes, the audio input si I and digitally
output s’ meliglts 2nlbecemalaie st Ky Blos el ERHOURITRG. THG LR

di scl osed Rftgid) apiioy isisls Ard iR PAMIG mARP 25 AtTerchRér, fedhbRl IsigndlsXi Ng
mul tiple, audio signals having independent sources, sanpling rates, and
formats. PMRPrbe se-pigkdized, bmanglogtte-digigl wonygiers 2Bghal dighized domsmissivg to a
common 18 February 2004 3 sanpling rate before they are digitally m xed.

Preferably, this common sanpling rate is chosen in accordance with the
specifications as set forth for conpact disc (CD)




frequency spectrum To nornmalize the signals into a common sanpling rate,
the audio inputs are either interpolated or deci mated atl8febatasy 20{Mt
mnimzes the loss of information fromthe audio input signals. Audio
inputs are interpolated if the signal frequencies are | ower than the

sel ected common sanpling rate. Conversely, audio inputs are decimted for
signal frequencies that are higher than the selected common sanpling rate.
After the eatuinalyiaspaisnémony dwemrwry\k@rtta@anttt@dw&mrﬂwﬁ@mpowna@l t he

R L R P T R R

and reduc%n@élﬁloﬂﬂgﬁﬁdﬁbhlw&nﬁé ahd @ARbcolURl 4 Tdystﬂlu&oﬁ Oﬁit(lhér&ibstmatlon thc
transformations. In addition, digital volume controllers and _di

speakers afigitiged wixedcpignals mpe be spverehiamitd arlogignylsdbeneh é%fét nggt 0
corpl i ment mei%dfg:%t%ﬁ‘ y%é&té;gﬁﬁﬁm?‘éght?olfe'r g_,,qalaﬁ(?l E@'ulzﬁs PRk PhveE THE

DRAW NGS Fi% ic diagram trating a conventi onal
schene of tHiough lkeln . sTignataventional tysmadu, suchl aatshewmin Biguseol)nequimant ds .
FIG 2is a blo dla ram of one |nplenentation of the prefgfored th]rﬁjé)lodlrrent

of the pr e1§@§ﬁthP ACRS p%ﬁgnﬁmvvsme Thost stagsscinrlude £ Hage Jransioggingnthan| e

digital si. | nd. [ AdSarfdik 3RRe
illustrati ngﬁtsn@{ ?sfﬁlﬁﬁlg&gﬁgpgc g\g%)fngg dé@getl&\?ﬂﬁbgém%{%%r?aa as re e| ved by
i nput  WI- | thnefortingy the ﬁﬁmdméghalsrfbmﬂlamﬂug -tethigital form#El G 2. FIG 2(b) is a

bl ock diagramof a digital volume controller as shown in the preferred

embodirment of FGouZench oAl Lot B pR0SiR dladialy maisr as

shown in the preferre I ment is a graph
i |1 ustr at idignalshiatrogees noise afid énstoetxmisphtarthesenglhddmmcgnahs of tha 8udiebnpary 2004

4 FIG 3(b) i h il!lustrat, t.h t ft h t ol i |
after the Sl I OarTae, R BT SIS 051 B ISPl S OraE Hoan.
i nter pol at%‘ﬁvergllg? pritad s‘to?a%e gf ﬂ%ﬁal ol dtalde@ddnRerstoRepiftri 81 flayback amicRd

si gnal . IS a grap strating the sanpl'ed signal of FIG 3(c)
wi t h ext ersiell c’tatanq;ﬂmsrsum agl qusp@lchngdaglfngnatmhalgﬂmy dagsegasgmaih as

illustrati thes G 3( h ext ende | e si ng
sanpl e repﬂ]glﬁ ﬁjﬁj;ra ﬂ?esg'gpﬁtl% SO nt lﬁ’sdhﬁg‘}vﬁm i &Pgﬁl gn#
i nter pol atrhﬁ:@d%ﬁ&l@ﬁ?dxﬁﬁh@ﬂedﬂ)yﬁﬁé Ym&roRaRe b Sigfdl forda@®. 5(a) is a bl ock
schematic diagramillustrating a finite inpul se response (FIR) filter for

| npl ementing t t}% a%gm\{)np Same fclontr(ﬁ analog mixing, and filtering devices reduce system

performance as the devices age or are altered by temperature fluctuations. These
effects inject large amounts of noise into analog sub-systems. Further, analog signals
may be parsed through band-limiting filters to reduce the amount of memory necessary
to store the signals. However, these band-limiting filter techniques provide poor
stopband characteristics and their transition bands are not very sharp. Accordingly,
there is a need for a multimedia platform that accepts multiple audio input signals,
digitally adjusts and mixes the audio input signals, and digitally outputs merged audio
signals.

SUMMARY OF THE INVENTION

The invention disclosed herein provides a method and an apparatus for digitally
mixing multiple, audio signals having independent sources, sampling rates, and

formats. Prior to mixing, multiple audio input signals are converted to a common



FIG 6 is a pictorial schematic diagramof digital si gnal gr ocessi ng of the
present invention. DETAILED DESCRI PTI ON OF THE PREFERRED

Referring to Figure 2, there is illustrated an enbodi nent of the present
invention. Multinedia platform200 digitally m xes nultiple audio input
signal s and outputs conbined digital audi o signals. Audio inputs ate

generated from various sources incl udl%\ig él tal signal pI’OCGSSI nt% gDSP-I N)
201, m cr cempheg (aw exforqtheroare digiialln aixed. JucisrmhiYo iy eommpn sepylingyar

| i ne-anal g I 4 i T,

Li ne-dista {E‘E‘I HE Wb‘@bé“&%ﬁ‘t‘gﬁgﬁgggéiﬁrfé‘g@%r g% ‘?%aan%‘ar d

( MPEG- AUDIffdquets, spedtammiency nodul ated synthesis (FMIN) 208, WI' synt hesis
(Wr-1N) 209, and personal conputer storage (PC BUS) 210. DSPIN 201 is an

i nput signal geper ' onal 0 M CI N
202 or gt nat e 1 BrEgr RIS TUER LARRon Bphiy (AL 9AE i RRIRL:
anplified etmmenamperrpolan&ﬁldrfdeamaaanlohttahmm thanménitodks tthe Bhisgiof atfon‘xmtnmatfrdm an

anal og-to-digital (A/D) converter 220. CD i (?512&% and 205 conme from
serial datthe @pdigainputs $igpalsnyud lolglﬂﬂegb?fﬁa}ﬂ?‘%g@ﬁ R dreapengifs; 4
interface.,Cby tﬁQﬁtIQ%ele@ﬂBHtcoﬁg%n sﬁmﬁﬁﬁ%ﬁté el vREselyl Rudid in&ﬁ)tsedrr@@edﬁhgﬂeﬂ al data
using A/ D converter ita ut 205 recel ves digital audio
signals i rfocmgmdrfteqoem:iesﬂﬂaf&ingm thaﬁhbe Skatidyomahomssagpding raice de-f ormat t ed
usi ng EBU de-formatter 240, which is comrercially available. EBU formatted
data is delivergfed ficDAR|cCin Histh':afve Cb%latll @Enveelf 18 e Sommbh %Bmﬁﬁﬁ% $Ae,bhes | ong
and which contain a 24-bit data field. The sub-franes are d ormatted to
digitally seoralssare niikel l@getbeltmdhgltiil formaub)cmdtatahmwgprt Bgitah yizing iob al@lfht)a Each
of the de-formatters 242 %%] t‘eh? ﬁ cglﬁat'labla%n

operat es oR§tP Zipipigesthe Pﬂ‘ée Fliseyan dntg eiﬁ’blﬂ Sglfrﬁ?tﬁﬁl redifoeyiths HgTrIPQY ¢ act

raw audi 0 $ajghal tﬂtaﬂﬁy Bhdid BrmbhtPakkfofRRSRC Th Wagitibh,NRgitl]l bluple @iﬂ&bﬂe@l gnal s
froma conventional digital power anplifier in conventional EBU format. The

li ne- di gi tand dighalaspeakere agefsolestad tfed thesimplemBuatien fobrtheutpresen2agieniPch i s
comer ci al | va| | abl 0..di extract the raw audi o data. MPEG Audi o
i nput 207 ﬁﬁ%‘% gﬁ%‘[ﬁd‘%{?}gﬁlﬁnal s froma conventional source
utilizing I\/PEG (l\/btl on Pi cture Experts Group) standard format. The
MPEG-digital signals are de-formatted using MPEG de-formatter 244, which is
commercially available, to digitally extract the raw audio data. FMIN

i nput 208 BREEF YASERETTION OBFTHEEBRAMINGSequency nodul at ed) data stream
with a variabl e sanpling rate. FMinterface 232 descranbl es and i sol ates

the selected F ital nal,s. or rrat A8 d| racts the
Faw audto dat a Tt 1 RoE Sy meRE i GERL M0, ol Bl rhéf ot
convent i onalxidpfaddes sighals Bnduliedty platotins @F sdundbbhglsgnal format, has a
vari abl e sanpling rate. Comrercially available, WI interface 232 i sol at es

t he sel ected W i 4 al ter 248
digitally extr alf:lgjs%t gbrlg%gg%u%@o" %Oémqbg)?%%(%artr%}‘%f tﬁ}?b I%ge\sﬁ]eégdeg?go(a I{cq)@vlhng a
data stri ngf thé ptesﬂﬁ(ilwelnﬂﬁn drnfedy 1ha tntit ) architgure o pa))gradlmalﬂt: digtiab signdl\l

signal format I ncl u‘gi i‘ll ng of serial data bits 211. Bit (BCO clock
212 provi dU8CesSIHEAnE hgh W“@é &Cwhi ch may be used to latch the transm ssion
of each sequential bit in string 211. Left-right (LRO clock 213 provides
an LRO cl ock cyElGe 2{a@ris a@oapdi ilastratigg ttieetimimgndatasterisimesaff al Wit awdat sighdlel d 214

For. coor o Adereitp DYimPRNTIN §f e pirs oA R R 1B Vot gt o v o

217 and right data word 218. Left data word 217 and right data word 218
provi de the i npElG.f2§b) ised blawkdliagregnt ofchdigitel yoluee amttbberdast shosingimaths. WCO
clock 216 and LRO %I gck erlég@rg bot h synchroni zed with respective falling
edges of cLieg epbodimentyy udi o signals can vary both in bandwidth
spectrumand in the clarity of the resolution such that the signals are

i nterpol ated orFidec(rhised hlock: dingem of hedigitginaizer ast showvnc bnthsnprsfomsidi ng
rate. The con‘(%) act td| %ﬁG( ) input signals in nmany instances provide the

hi ghest SigIH Elu I|ty afd have a sanpling rate that is higher than nost
other input signals; therefore, the CD sanpling frequency is selected as
the conmon sanpFiGhg(2)ds @ graphiiliistrtingén sprctiueolgnigaemplapsampledysigna. i s
conformed. Interpolators 287, 250, 2S2 and 254 interpol ate sanpling
frequencies that are | ower than the sel ected conmon sanpling rate.

Deci mat or 286 deci mates sanpling frequencies that are higher than the

sel ected commopn sanpling rate. Digital data bits in audio signal words from
the respective inputs 201-210 nay




be nultiplicatively increased or decreased in magnitude wth digit vol une
controllers (DVC) 260-7, 288-9 to obtain correspondi ng @@Iﬁ?ﬁﬁla%? rrents
of sound produced from said audi o signal words An exanple of a multiply DVC
bl ock diagramcircuit is shown in Figure 2(b), wherein DVC 268 is

i npl emented within DSP hardware includiflg multiplier 269 and accunul at or
270. Audio data is input to multiplier 269 fromaudio sanple data register

271 and a vol u;?gggq:ﬁ J%g}&ﬁﬁ fclfgtrg{ng%éng%g?étﬁnpw ﬁlh%tb%ﬁla?e(agsl 1 9fiMnyal ue

data register ume gain tor are nultiplied by

mul ti pl i erspe@fmapeitha egeiplhadaathldysignt ohEIG B0 hag Bechdntempolgped. on conpl et i on
of the nul FI ply operatl on The volune gain factor nay be sel ected by a user

oL " | f d I tipl
oo or TSN LRI R gt 1oC L0

various digital %nal S by addr ng audi o words that correé ngl[to t he sane
sanpl i ng mstarﬁIG th ip e eranhy dastiipg b eemtesbeiendl o Fnp E»grﬁ]‘f‘ adended ¢ he

digital S'S%?ie%#ﬁ %gnglgta%rakﬂgedl gital mxer have 16-bit wordl engths.

Digital m'xe nted using gate array ASI C t echnol ogy or

within a DSP. An exerrpl ar inplenmentation of DSP
mi xer bl ock di dgCafQils agraph Husbing thﬁsqﬂiﬂﬁﬁfé‘ g&s q’u‘? Tt] m xer

279 18 Fign&ﬂ‘k@ru& ég%Pl%fg@"% Eges adder (ACC) 280 f_or accumul atr ng the
u :

conbi ned audro i nptt rall el audio input signals may be stored in
regi ster stack 281 connectrng t o, adder 280 through bus 282. ring each
clock cycle, tH8Gaadsa blgskes %Iart@orhagramﬁklurt@ﬂn%r es‘t“?x’&?@@ﬁ’l‘ §MHES188pped
and deliv E{@q ?JB geeﬂm rary register (REG 1) 283. During a next clock cycle,
the contents of regi s ‘er 283 may be added in adder 280 with the contents of

regi ster 284. Duri ng@a next cl ock cycle, the content of ad er 280 are
stored in regi StI6 kB4 ablack @H@mrélﬁtdlaamdﬂuﬂra&ng@ ?eofﬁsg‘?“éEk 281

and store [ is contlnued untll all audio
i nput si gg(g?@‘;ﬂge?fg}lg{p\l/%%&suagp%ﬁﬂ??%ﬁ?ﬁ gve been accunul ated into a

conbi ned audi o input signal. PC Bus . Interface 280 facilitates data
transfers and ddfmisathientalshematic piagsm of 1621t nHERM ArAGSHRE Hethang

i nt erpol ati%se%%‘ edtlbpt e digital signal processor (DSP) inplenmentation, PC
Bus I nterface § provi des several functional features in the programrabl e
envi ronment which may allow the user to define the sanpling rate of various
inputs, set the desired gain level for both the input and output signals,
and specify the conpression factor used for the storing of audio data in

t he menor YDETAIRED DPESCRIFTIONOD E>XEHE PREFERREDSEMBOBEVIENTES | nput s
generated fromthe output of digital mxer 277 or fromDSP-In 201, and

mul tipl exer 29 & h l: e tor

286, i nterpol atz%r ES@; grit a{hgler% )?(sgrﬂﬁféh@r%@h a Q S?%ﬁgﬁzhheeﬁ%g%}rﬁnent ,

t he i nt er piavattioan Mﬁltmﬁdmplstfgmﬂﬁﬂ depwlly hqu:ﬂomybip&wd‘w linpeit |smgalsemtlni que.

Fi 3(a) ill . f d t b d
cpact r um et Sl dRERS . | Slel PR3 bR b o RV gur e
3(b) showssduh@s rmwlﬁj BigitalNdiShd) Predebsiiy gﬁspmynms ﬁﬁi@ HAASIIC-ROY2PRS S

filtering of Figure 3 renoves the "i1nmages' g phase |nterpol ation

t echni que wnmadelﬁean C&@D AINAIaDGDa%rlmaﬂprl@gi(mE 6#1 IeDGh%Of’eucprgpwél

signal tha t|t|on
aver agi ng,‘ﬂscg @W@#@ %ét armrffr n s 'i s@‘f\rﬁz 26@ ﬁoﬁ%

si gnal dueexperts Qﬁ)upI’smﬂmr(MPEGl-PﬂjDIO)fm’m&Edl&mcjr ﬂmkiumteﬂgsybﬂaedy\(mmand
non- st ati onary. behavi or o nput signals. The alternative technique of
sanpl e rep&td XYBﬁY‘I‘EWWEﬂ@P\?@% ¢ PF@B%?PWQ“@&E‘HI%F R YY) LAmHSE-of
original s f u (a) and
TR £ R R e P R S S

t echni que BY Z%quglaata;v&omga mgeroshonerplbereeghe aﬂcrbph(msoagi mglrﬁam‘rplmdfl adgent

pair of 18 Febr 4 8 sanpl f.ori.gin nal rting
an aver age® 3’5 Pﬁgyeﬁgﬂ’eph@na%‘?dggj 3‘%‘8{5 bﬁa? a“*’é%‘ﬁ%ﬁ'rgﬂd‘ Bg/iﬁ

t echni que écﬁw@rrtérgﬂlﬁ' G digkts 390, aradiy @Emé i fsta! seA4I0date HRhdk TRsh asy shown
in Figure 4(b). Another technique which may be used to increase the nurrber
of sanples over an interval, which is not shown, is curve fitting. Curve
fitting may result in a better fit than the |inear (averagi ng) or repeated
sanpl e techni ques, and nmay cl osely approxi mate or inprove the spectral

i nterpol ati on techni que; however, the algorithnms are usually nore conpl ex
and tinme-consum ng which may nake them burdensone for real-tinme processing.
Referring now to Figure 5, there is shown a bl ock di agram of poly-phase
filter 401 which may be used to inplement the digital interpolators 250,
252 254 PoI yphase f| I ter 401 |s i rrpl errented as a FI R (f| n| te i rrpul se



A nore intuitive explanation of polyphase filtering is given her Where a
noni nteger ratio sanpling rate conversion (by say, MN eFreB“WI")b q4esponds
to the factor by which to increase the sanpling rate and N corresponds to
the factor by which to conpress the sampling sequence of sanples) is
necessi tated, zero-valued sanples are i¥serted to increase the overall
sanpling rate by a factor of M The incr,ease% sequence S es my

f | b
conpr essedtandard ERcaustio fptpgfacse sEPaARIAY 18RI U311S t%‘“’g%‘eﬂg'iﬂ& ?g;gfti FT€? o ©
desel ect i ncﬂ%ifﬁﬁwagﬁ'ngﬁ@ E@e&é?%&ased sanpl e sequence, zero-val ued sanpl es

juste B syn

shoul d be & esizing nore accurate values for the respective

positions in the sanple sequence. For_exanple,. assune.the sanpli rate i s

to be incr ease@@;ﬂlﬁﬁa@%&%frﬁ@“ﬁs q:].)e‘ﬁglgﬁ YA Heralsin §nggﬂ;@u

conversi o [ 1q: I i _ g 26
Torhdt! She dﬁr;g}ggaﬂ%lgl% gk Qe TBindiq WORE EARP de WmAfe DYID AU

zeroes after each sa npl e séquence may be passed through
filter 40Ilcohonereipllpaeaitdbie. zEBY fomptted data tis delivesedaocbasat wnitss ciltrgk 8b- of t he
original sjignal amplit s. .To achi eve the, desired 2. incre d _sanpling
rate, ever§Ame WA ggﬁﬁét§ leng %’5’1 BE‘PE&O?@W ?‘?}éﬁﬂ?ﬁ’t %@& %8 Sy 'S'L?E’r‘?&e.

Ref erring OV @iy E@?l?_itaﬁyh@;&?acf fhe AMBiNdRa BERCSnRiASE BOF addidedasonal
conputer including a nultimedia platformwi th a programmabl e DSP

i npl enent adcbrof the doifoimtterst 242h @44 2y Aadriingothwercidily d8itatilenghéwperatesi on of
the digital, | ti ia platformis attached. in Table 1:.Process Flow
Descri pti ofmiaEy Wgtgg];’q fBngCH%er PR E%B&%%gﬁﬁxﬁ%c?é¢W$%%d%?'om t he
pseudo-code of Table 1, nmultiple independent, audio inputs, such as from
M C-I N, LINE-IN.inGDigikyl im@ts206rragrayesdint-digitad raudionsignaly &om a gowmwprosaly 2004

10 digitally. m xed usi DSP core. 52 roduce, a..conbi i ut put
for deli ve4lgltaii1@°3’ﬁf Bﬂ’tpﬂﬁfﬁp %5‘6?““96‘816’3#3& ﬁ’gpat\'/o %en%n%g%ft@ggg%g%ar%e&desi gned
with the hardy@deusitg EBO &forinafiérdBi RehiddSB &mirferbidfly aVhitableangigifally he

vol une fluctuation is controlled with a sinple multiplication factor in DSP

Core 526. ¢Ritmachtbé maveaudigdatanny be driven by software, thus it is possible
to increase or decrease any incremental gain subject to the input data
preci sion. The MBRGSALEVATMULCI0T VRReiREY MPES-fibRaloviatil aygmafs tfhendata by
saturating the output to the highest or |owest possible signal |evel. From
DSP 526, veanventionpl swecssutiligin £ @dotigndPisereExpests<Oionp) gandarhfumeht ed as
recited in,Jla . Lnput signal, sc-obt al I tor negui ke
deconpr esgr WgM%ﬂ{gltgféﬁﬂeﬁ%%Efe??'\f/oe a ?d;%g%%- I néé %a@gﬁ%t%?ﬁr‘l é’ g:l){%c\ﬁ/‘elrs sion to
di gi tal (idonsfercially avaikably; avdigiedlyeostiacinhd rawoaddiedddP core), de-formatting
if indigital form and volunme adjustnent. |Input signals which arrive in
digital form fuyt LI.e.d nterpol at i onih

filter. The pg?g%h%igbﬁgl%oggﬁ%gesbg S?f%%‘r esr?re%ér?f ;Fc]‘;ll f%yg‘%}’ﬁgh‘g?@%% ,a?)trgder,
sub-fi |t ersreamnelitiyai Mariabdd simplingaigh FM énterfacet 233 descrambieg randnisohaes the
instructions. Were the multipedia platformis operated in real-tinme, then
the corr es%?ieﬁéﬁdr@’[iq‘&‘ signglpePsitromite %‘G“?I%Xgﬁﬁﬁf@daw&"ﬂ@t‘iﬂ% t he
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unit (CPU) 560 and tim ng schedul er 550. Such instructions may be provided
t hrough programm ng stored in read-only nmenory (ROVM) 530, or interactively
t hrough user input scratch pad nenory 540. Additional, requests or
instruction may be received through | SA bus interface 582, ganme port 570,
and MPUWO0L1 interface 580. Table 1: PROCESS FLOW DESCRI PTI ON I NI TI ALI ZE:

sel ect ON LI NE PLAY or STORAGE ONLYQO, enabl e desired input channel sO; set
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sel ect output volumeO; if hard disc in-play node: =TRUE t hen sel ect
interpol ation rate0; if ANALOG =TRUE then select hard diddebpgryRd4
control O; 18 February 2004 12 end | NTI ALI ZE; PROCESS: for channel
nunber: =0 to channel nunber:=maxi numdo if input signal:=TRUE t hen sel ect
desi red~ol yphase subfilter0; calculate BIR filter outputO; nultiply output
by-gain factor0O; for channel nunber:=0 to channel nunber:=maxinmumdo if
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right data word 218 provide the input for left and right channel, raw audio data signals.
WCO clock 216 and LRO clock 213 are both synchronized with respective falling

edges of BCO clock 212.

These audio signals can vary both in bandwidth spectrum and in the clarity of
the resolution such that the signals are interpolated or decimated to convert the signals
into a common sampling rate. The compact disc (CD) input signals in many instances
provide the highest signal quality and have a sampling rate that is higher than most
other input signals; therefore, the CD sampling frequency is selected as the common
sampling rate to which each of the other input signals is conformed. Interpolators 287,
250, 252 and 254 interpolate sampling frequencies that are lower than the selected
common sampling rate. Decimator 286 decimates sampling frequencies that are higher

than the selected common sampling rate.

Digital data bits in audio signal words from the respective inputs 201-210 may
be multiplicatively increased or decreased in magnitude with digital volume controllers
(DVC) 260-7, 288-9 to obtain corresponding volume adjustments of sound produced

from said audio signal words.

An example of a multiply DVC block diagram circuit is shown in Figure 2(b),
wherein DVC 268 is implemented within DSP hardware including multiplier 269 and
accumulator 270. Audio data is input to multiplier 269 from audio sample data register
271 and a volume gain factor is provided to multiplier 269 by gain value data register
272. The audio data and volume gain factor are multiplied by multiplier 269 and
accumulated by accumulator 270 for output on completion of the multiply operation.
The volume gain factor may be selected by a user through a volume control instruction,

enabling user-defined multiply operations of respective input signals.

Digital mixer 277 combines the various digital signals by adding audio words
that correspond to the same sampling instant. The preferred hardware embodiment
contemplates that the digital signals which enter the digital mixer have 16-bit
wordlengths,  Digital mixer 277 may be implemented using gate array ASIC
technology or within a DSP. An exemplar implementation of a DSP-implemented,

digital mixer block diagram circuit is shown in Figure 2(c), wherein digital mixer 279



I f deci mati on: =TRUE t hen sel ect desired-pol yphase filterQ; calculate fir
filter outputO; if hard disc in-play node: =TRUE then if 1§dieBruarse!Hat a
deci mat ed: =TRUE t hen 18 February 2004 13 sel ect desired-pol yphase
subfilterO; calculate fir filter outputQ; else system output:=m xer output
* on line volume + hard disc output * hdrd disc volune; system
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filter OUta%Hfothﬁgggngﬁ%sbsé stored f E‘Eﬂ'&?@fa}ék égpéorgn%ctggﬁbl\ﬁder 280 through
bus 282. During each clock cycle, the audio word stored at the top of stack 281 may be
popped and delivered to temporary register (REG 1) 283. During a next clock cycle,
the contents of register 283 may be added in adder 280 with the contents of register
284. During a next clock cycle, the contents of adder 280 are stored in register 284,
and, the next audio word is popped from stack 281 and stored in register 283. The
adding step is continued until all audio input signals for a given sample instant have

been accumulated into a combined audio input signal.

PC Bus Interface 280 facilitates data transfers and communications between PC
bus 210, and decimator 286 and interpolator 287. In the digital signal processor (DSP)
implementation, PC Bus Interface 285 provides several functional features in the
programmable environment which may allow the user to define the sampling rate of
various inputs, set the desired gain level for both the input and output signals, and
specify the compression factor used for the storing of audio data in the memeory. In
addition, multiplexer 290 selects between the inputs generated from the output of
digital mixer 277 or from DSP-In 201, and multiplexer 292 chooses among three

selectable input sources: decimator 286, interpolator 287, or digital mixer 278.

In the preferred embodiment, the interpolation of audio signals uses the poly-
phase filtering technique. Figure 3(a) illustrates a sample wave form depicting base-
band signal spectrum 310 of a hypothetical signal. Spectrum 322 represented in Figure
3(b) shows the result of interpolation of input spectrum 310. Low pass filtering of
Figure 3(b) removes the “images”. The polyphase interpolation technique will often
result in a closer approximation to the original signal than obtained by alternative
techniques such as sample repetition, averaging, and curve fitting, obtaining less
distortion of the output signal due to the incorporation of information including

bandwidth and non-stationary behavior of the input signals.

The alternative technique of sample repetition is implemented by repeating each
preceding sample of original signal 330 at the locations shown by the arrows in Figure
4(a) and results in sampled signal 350 as shown in Figure 4(c). The alternative

technique of sample averaging is implemented by averaging each adjacent pair of
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said plurality .of audio signals. 7. The system according to claim 2,
wher ei n saﬂrﬂc%ﬂf‘%rre controller conprises a hardware multiplier on a
programmabl e digital signal processor. )

Referring now to Figure 5, there is shown a block diagram of poly-phase filter

401 which may be used to implement the digital interpolators 250, 252, 254. Poly-
phase filter 401 is implemented as a FIR (finite impulse response} filter which may be

defined in the time domain by the expression

N-1

ym)= 3 h(n)x(m-n)
n=0

where x(n) corresponds to the input sample sequence, h(n) corresponds to the
filter coefficients and y(n) corresponds to the output sequence. Figure 4(a) shows an
exemplar block diagram of a z-inverse implementation of FIR filter 461 which may be
used to implement polyphase filter 401. Preferably, poly-phase filter 401 is chosen of a
sufficient type and order such that the stop-band attenuation falls below the
quantization noise level of the input signal, thus the total distortion and noise at the
output is maintained below the quantization noise level at the input. Since the target
sampling frequency has been preset to a CD sampling frequency, the same set of poly-
phase coefficients may be used to calculate the interpolated samples for different inputs
to calculate the interpolated samples for different inputs with different sampling
frequencies. By using poly-phase filters, the sample values computed are close to the
ideal value where the ditferentiated margin depends on the length of the FIR filter and

the precision of the selected filter coefficients.



8. The system according to claim 1, further conprising: a _personal conputer
interface circuit for transferring information between t%&%hm@)ﬂ%% a
personal conputer. 9. The system according to claim1, the signals
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the sub-filter) output corresponding to the poly-phase coefficients required for the CD

sampling frequency. In addition, sub-filters 410, 420, 430 and 440 may contain a lower
order of degree than the original FIR filter 400. This method of implementation is

efficient since it avoids multiply operations that result in zero value.

A more intuitive explanation of polyphase filtering is given here. Where a non-
integer ratio sampling rate conversion (by say, M/N where M corresponds to the factor
by which to increase the sampling rate and N corresponds to the factor by which to
compress the sampling sequence of samples) is necessitated, zero-valued samples are
inserted to increase the overall sampling rate by a factor of M. The increased sequence
of samples may be compressed by a factor N by deselecting some of the samples. Prior
to deselecting samples from the increased sample sequence, zero-valued samples
should be adjusted by synthesizing more accurate values for the respective positions in
the sample sequence. For example, assume the sampling rate is to be increased by a
factor of 2.7, i.e. a non-integer sample rate conversion. First, the sample rate may be
increased by 27 by padding 26 zeroes after each sample. The padded sample sequence
may be passed through filter 401 to replace the zero samples with more accurate
estimates of the original signal amplitudes. To achieve the desired 2.7X increased

sampling rate, every 10th sample may be selected from the synthesized sequence.

Referring now to Figure 6, there is shown a block diagram of a personal
computer including a multimedia platform with a programmable DSP implementation.
A portion of the programming for the DSP implementation of the digital multimedia
platform is attached in Table 1: Process Flow Description. As described more fully
above and determined from the pseudo-code of Table 1, multiple independent, audio

inputs, such as from MIC-IN, LINE-IN, CD-IN, PC storage, and PC on-line, are
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From DSP 526, various processing inquiries and selections may be

implemented as recited in Table 1. Input signals obtained from storage may require
decompressing. Input signals derived from on-line may require conversion to digital (if
so, this is provided external to the DSP core), de-formatting if in digital form, and
volume adjustment. Input signals which arrive in digital form may further require
interpolation through the polyphase filter. The polyphase filter may be implemented in
terms of type, order, sub-filters, and gain factor through user-controlled programming
instructions. Where the multimedia platform is operated in real-time, then the
corresponding inverse operations may be implemented to return the combined audio
signals to the external device. When the combined audio output signals are transmitted
to a storage device, such as the hard disc drive, the signals may be compressed through

the polyphase filter.

On delivery to the output port 590, the combined output signals may be
converted to analog form with digital-to-analog (DAC) converter 592 and transmitted
through output device 594, such as a speaker. For analog inputs, such as MIC-IN,
LINE-IN, and CD-IN, analog-to-digital (ADC) converters 510, 512, 514 convert the
respective input signals to digital form and deliver to IN PORTs 520, 522, 524 for input
to DSP core 526. Prior to digital conversion, input signals from MIC-IN (microphone
input) may be boosted by a microphone amplifier with automatic gain control (MIC
GAIN WITH AGC) 500. After the input signals have been combined, the combined
audio signals may be delivered to one of the PC storage devices, such as random access
memory (RAM} 532, or output through ISA bus interface 582 or game port 570. The

combined audio signals may be directed to various devices and locations for further
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programming stored in read-only memory (ROM) 530, or interactively through user

input scratch pad memory 540. Additional, requests or instruction may be received

through ISA bus interface 582, game port 570, and MPU401 interface 580.
Table 1: PROCESS FLOW DESCRIPTION

INITIALIZE:
select ON_LINE PLAY_or_STORAGE_ONLYO;
enable_desired_input_channels0;
set_volume_control_for_each_channel0;
if STORAGE:=TRUE then
{

select_decimation_ratio0;

}
if ON_LINE_PLAY:=TRUE then

{
select EBU_or_ ANALOGU;
if ANALOG:=TRUE then

{

select_output_volume(;

}
if hard_disc_in_play_mode:=TRUE then

{

select_interpolation_rate0;

if ANALOG:=TRUE then
{

select_hard disc_volume control0;

}
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end INTIALIZE;

PROCESS:

for channel_number:=0 to channe!_number:=maximum

do
{
if input_signal:=TRUE then
{
select_desired_polyphase_subfilter0;
calculate FIR_filter_output(;
multiply output by gain_factor(;
}
}
for channel_number:=0 to channel _number:=maximum
do
{
if input_signal:=TRUE then
{
mixer_output:=mixer output+channel_output;
}
}
if decimation:=TRUE then
{

select_desired_polyphase_filter0;
calculate_fir_filter_output0;
}
if hard_disc_in_play_mode:=TRUE then
if hard_disc_data_decimated:=TRUE then

{
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else
{
system_output:=mixer_output * on_line_volume +
hard_disc_output * hard_disc_volume;

system_output:=final_output * final_volume_gain;

}
if STORAGE:=TRUE then

{

if compression:=TRUE then
{
select_desired_polyphase_subfilter0:
calculate_fir_filter_outputO:
}

}

end PROCESS;
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CLAIMS

What is claimed is:

1. A digital multimedia system for producing combined signals from multiple

signal sources, comprising:

a pre-processing circuit coupled to multiple signal sources and for digitally
conforming signals from at least one of the sources to a pre-selected digital signal

format, sample rate, and gain; and,

a mixer circuit coupled to the volume controller for digitally mixing the signals
from the multiple signal sources over corresponding sample periods and providing

combined signals.

2. The system according to claim 1, wherein said pre-processing circuit includes

a volume controller for digitally adjusting the gain of at Jeast one of the signals.

3. The system according to claim 1, wherein said pre-processing circuit includes

an interpolator circuit for digitally interpolating at least one of the signals to

develop the pre-selected sample rate.

4. The system according to claim 1, wherein said pre-processing circuit includes

a decimator circuit for decimating at least one of the signals to develop the pre-

selected sample rate.

5. The system according to claim 3, wherein said interpolator circuit comprises

a poly-phase, finite, impulse response filter for interpolating at least one of the signals.
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6. The system according to claim 4, wherein said decimator circuit comprises a

poly-phase filter for decimating said plurality of audio signals.

7. The system according to claim 2, wherein said volume controller comprises a

hardware multiplier on a programmable digital signal processor.

8. The system according to claim 1, further comprising:

a personal computer interface circuit for transferring information between the

mixer and a personal computer.

9. The system according to claim 1, the signals comprising audio signals, the

system further comprising:

a digital speaker coupled to the mixer circuit for amplifying the combined

signals.

10. A method for developing a combined audio signal from multiple audio

sources, the method including the steps of:
de-formatting digital audio signals from multiple sources;

obtaining uniformly sampled signals by digitally interpolating or decimating the
deformatted signals;

digitally adjusting the gain of the uniformly sampled signals to a pre-determined

level; and

obtaining a combined audio signal by mixing the uniformly sampled signals

over corresponding periods.
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interpolating audio signals with sample frequencies that are lower than a

uniform sampling rate; and

decimating audio signals with sample frequencies that are higher than the

selected sampling rate.



