METHOD AND APPARATUS FOR FORMATTING DIG TAL 5

AUDI O DATA BACKGROUND OF THE | NVENTI ON

. The present invention relates to the use of digital audi o data, in
i particular a format for storing sanpl e-based 10 musi cal sound data.

- The el ect roni c ¥R W4 'é‘ynt hesi zer was i nvented si mul taneoﬁglrﬂpswséf‘
nunber of individuals in the early 1960's, 1 nost not ably Robert Mdog
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and Donal d Buchl a. The synthesi zers of the 1960's and 1970's were
primarily anal og, although by 15 the late 70's conputer control was
becom ng popul ar. Wth the advances in consuner electronics
" made possible by VLSI and digital signal processing (DSP), it

el or bt used 1 n N&ﬁ@m@iﬁ?&%ﬁéﬁ% HER FORMAT TOYG FITEAL "

di gi.ti zed mavefornms. This devel oprrent AUDIO DATA i nt 0 two paths. The
prof essi onal musi c comunity foll owed the |line of "sanple based nusic
synt hési zers, " notably the Emulator line fromE-nu Systens. These

I nstrunments contai ned | ar ge nmemMBAGKGROUNDh OFe 'HD CIXNVENTRION 5 entire

recording of a natural s HQ %éﬂép9§&£EEW' f&f%tes OKEMPO€QQ 5§q#ﬁ%ﬁ¥3_

appropriately nodul at.ed I'ters an ers
cost personal @A data, ncBﬁﬁEﬁ??%a¥n%t%&EFQﬁ3¢P6mEE°FﬁBQ"ﬁﬁﬂ%@%ﬂ#%ﬁed
approach,1wsi n@msicaltsaynaeaaﬁaes and creating tinbre changes on synthetic

Buring the 1680-s. anot hePe) BEareerye hFiG Rmrest8 “Ual Lt S R
t echni que usi ngimuéaaeneyshndhramommoﬁmzduampeput e early I960's,
t he prof essi onglostfbtabRPTHEbEYL lkéé@rand Dordl@ $heplag tRet Bontlesidiid €

the realism of TafiRe198"s and aYfig Nexd SEpAi P narber  Hikabiin Fhceq
by sanpl €25 %é@t&pﬁpbacqegpuheprwe'smbrwas degamdpy popular.

With the advances in consumer electronics made
possible by VISI and digital signal processing (DSP), it
became practical in the early 1980's to replace the fixed
single cycle waveforms used in the sound producing oscillators

20 of synthesizers with digitized waveforms. This development
forked into two paths. The professional music community
followed the line of “"sample based music synthesizers,"
notably the Emulator line from E-mu Systems. These
instruments contained large memories which reproduced an

25 entire recording of a natural sound, transposed over the
keyboard range and appropriately modulated by envelopes,
filters and amplifiers. The low cost personal computer
community instead followed the "wavetable" approach, using

" tiny memories and creating timbre changes on synthetic or
30 computed sound by dynamically altering the stored waveform.
During the 1980's, another relatively low cost music

. synthesis technigue using freguency modulation (FM) became

popular first with the professional music comnunity, later

. transferring to the PC. While 7 was a low cost and highly
35 versatile technolegy, it could not match the realism of sample

based synthesis, and ultimately it was displaced by sample
based approaches in professional studios.
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2 During the sane tine frane, the Misical |nstrunent

Digital Interface (MDI) standard was devi sed and accepted t hr oughout
. the professional nusic comunity as a standard for the realtinme
~control of nusical i rument performances. MDI 5  has singgrB§ssAtisd
~standard in the&ég”%ﬁi medi a i ndustry as wel | . FEr ?f%'e

pr of essi onal sanpl e based synt hesi zers expanozed in their capabilities

in the garl yhét990' ts,h t(f iB@i-i&EBEttﬁ-Ié ldame fimeﬂ?i'ﬁ\n@,stl?@t}ér?ﬁzsqeﬁhi &hQErﬁ:lﬁélgt of
menory broug Q the wavet a pproa he_ abjli, Q_use sa
sounds, and soo lgltal\/\g’\'}%?m%%et gl %ﬁngﬁﬁés‘éﬁl evs%ﬁ%’é:l a&n?ﬁggggeg
becane syn&hyepgbout ntheornfessionadapusip| compunitasias Besiapdard for
i neiltoeglsi ve etnﬁl&_a E@ailﬁ_ﬁ:@é Qﬂfrfﬂﬁli %m&iﬁaﬁ.kﬁ?sﬁfﬁhﬁﬁ PerformahBese MIDI
wavet abl e n izer ips_allaow yer od_q i LS 1C s34 ALPesT S.
popgl ar pr is%es, ?%ﬁdséf'é%lg?‘%%‘?ﬁ Iay sé\%#ﬁ%%l gn the %ér’{omm]uiz;lvarl &t %gé}lggg%a%? S.
Wi Fe many of t Wedd-.chips operate from sanpl es or wave tables stored

inread only menory (ROMthe profess3¥ndh! eumbie ﬁ@y@a%ﬂmsﬁeegbé&%aﬁdea
The Musi cal | nstrument | tal

sanpl es into RAM .menory.”. 20 , . { 1
‘Interface (M DI thelFa?@%@é%%é@oﬁBeae%%d]a?%o iSr e 1PELRAGUSERYL f or
“the r epr esmdirat DSR. of THelAexlinig eost OF Dhemdiwwrdughtegaehthene

of a nusi sc n di,tfer .L0S u%gt | J eset .
The Generdl™ M D%g%%gﬁggo#%o%ﬁle tlt\'}IeDF%g'?'%%ga{r:é saeng’l aebdle.lggﬁggsé E@ "
'128t prese% S corﬁégsﬁﬂhlﬁgt%%ﬁwdoﬁ;mﬁ;’ %mlrﬁ(gﬂ;!?éd-snﬁﬂ:eaﬁ o

I nstrunments. synonymous. Iihe WdAcrsos etdible thegies Betgaiik a
fixed = sel QhelBShLHIEN Sudl (ACLLNGE UL AN £S5 d G DAL BrBhycte
quality of the Sounds 0se T NSt T Uen S produce,"nhor does it 3 rovi de
any nethod of oBhgEsi vgvelkabke aywndhegigest ghips tdblovw vernyagoedsauadisty

avai | abl e.zgvari ausiaus'{ﬂﬁaieéwtarwmmar ?rﬂaéélf A IS Rvenkl Pduéeshable
ext ensi ons of ner al D) t he set of

t [ | . t
presets. It sholf§™pd vanetc}Toé’gr v eﬁ’gﬁég\gr : Bf’ﬁg‘? r;ﬁ%@[ﬁ%ﬁ%@% ?‘gégfsb???f?te
can only be 35 frobt aamples\oxn waviessabilegdoghboedabn oretidyiondly mewpuoyf (ROM),

for the bagi geqa8PI&F the _downloa_din? of NErishied A} est 2pdargamas an
r

attenpt to define the available insfruments in a MDI' conposition in
such a way memory . _
20 The Musical Instrument Digital Interface (MIDI)

language has become a standard in the PC industry for the
representation of musical scores. MIDI allows for each line
of a musical score to control a different instrument, called a
preset. The General MIDI extension of the MIDI standard

25 establishes a set of 128 presets corresponding to a number of
commonly used musical instruments.

While General MIDI provides composers with a fixed
set of instruments, it neither guarantees the nature or
quality of the sounds those instruments produce, nor does it

30 °~ provide any method of obtaining any further variety in the
basic sounds available. Various musical instrument
manufacturers have produced extensions of General MIDI to
allow for more variations on the set of presets. It should be
clear, however, that the ultimate flexibility can only be

35 obtained by the use of downloadable digital audio files for
the basic samples.

The General MIDI standard was an attempt to define
the available instruments in a MIDI composition in such a way
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: 3 t hat conposers coul d produce songs and have a reasonabl e
‘expectation that the nusic woul d be acceptably reproduced on a vari ety
of synthesis platforms. Clearly this was an anbitious goal ; fromthe
two operat or thﬁyﬁmhgﬁls chi ps of the early PC 5 synthesi zp¢Husdshsmugh
sanpl ed sound and "wavet abl e" synt hesi zegs and even "physi cal
nodel | i ng" synthesis, a tremendous variety of technol ogy and
capability is spghatedomposers could prdfee somgsi andnhpvesseaeasdmaplen a

M DI nusi cal n y. 8 AR ER el dﬁﬁ%&ﬂ e
key 10 depreSS| ﬁg?gkglgﬁnp:fhg‘gn‘ggéenglsé% a e)I‘/i ﬁﬁ Egesgé%P ﬁ%ﬁc!:t ti°

occurring at a YAFHEEY af FM&FBﬁ?lﬁrP¥qqﬁ9r“Eut FRepsly, this was aﬂaPF@F$18Ps
ot her par arret er goafli;cfrdmt €hai ﬂeotdspezfsattdtr FMhkyhthesis chibpmdbHrodieantly PC

Eacho'fth L ch e aj - plls
assogci at ed at anggihg Ez?&%% tﬁ’§$¥$§%%£- souBE éggndgﬁgégﬁ%&p
determ nes the ﬁ&ﬂ&b@sé?e?ﬁean@t%"ﬁn) 'B?élYSlcalpF@?éélllF'Eu't'tmﬁhﬂsé-s:each M DI

channe‘l al so ha&:r%m‘éﬁﬁbﬁ&Yvalety oi?afe?ﬂﬁoﬁfo‘éy' anahea{;%mpiy Mdlspanned.
"conti nuous controllers"

h{; ter the sg mn&nner 1 The
sound desi gner who ﬁBr%om‘f“T?ec tﬂrt?ﬁlsﬁf Br Egtmae? S HERal |
of these 20 f dostrumenbukeybodtdere ecanpd exoprdcesshis nimiitiated. The key

Sound desi gger s gepeedsish| f&k?fﬂpif%dﬂéﬁs akOa key Hﬁﬁgéfeaﬂd‘t@féiﬁdﬂ%g"
tinbres for their gresets D fferent k%y % % %ger entlrggy
different sequeffCEOTEEPE 2R3 PRGHIFYIRT instagt are a
par aneters and Nh31eaypbésomherrpawaméiirs phayhddetEmmlpafth&nﬂamdnp rdt Zhee

techni ques are %%hhadproducgayerﬁ£§hEﬂ¥jﬂﬂg Yig- g?ggkb fﬁ&t4?§§ﬂﬂgfsﬂgor

provides for th a variety S to

di fferent keys KeYPogrghph Fﬂ'&n‘iaﬂﬁﬁe a}:ﬁ%ﬁteesPﬁgaPXyéﬁ;W“ i Pagnieplar
depr essi omtxan bankeaﬁﬁlpréketsamndéﬁsdétdrmlﬂbayeﬂe Rfture of_the note 1e98e
E- fTu Systens r eg&é§§8 t hﬁu %ﬁcg]ln& € eoach glé)[ Ehgﬂhéi héf ea}ba% l\farietail of

uni versal stand

i nstrunents. Th@a§éﬂﬁ§ﬁrs in Qh%vi%foﬁ Méuaﬁur'ppnﬁanuovaa@@m%rsﬂ &haide

fsuch ? st andg\[3 dmay lal?éﬁeﬁﬁéré’seuxﬁ%i Fr&h %@ﬁémnhée SOQHQFQ&&%&{désdﬂngé:ﬁ%FO
ormat as a uti.o oundFont [ er red tr.a rk o
e o yar eRETAPAEA the SEPEIGRGY midspt, dsRernthen han ATE ST HhneRu 1y
i nt roducecBQM t hf§n§°€:§eahpvbdmmmrtm theusoBndster baEsde. pr oduct

using the EMJB000 synthessgghd edékififhers use a varietPWbP H&tfues to

PCT/US96/ 13154 produce interesting timbres for their presets. Different keys

may trigger entirely different sequences of events, both in

terms of the synthesis parameters and the samples which are

25 played. Two particularly notable techniques are called
layering and multi-sampling. Multi-sampling provides for the
assignment of a variety of digital samples to different keys
within the same preset. Using layering, a single key
depression can cause nultiple samples to be played.

30 In 1993, E-mu Systems realized the importance of
establishing a single universal standard for downloadable
sounds for sample based musical instruments. The sudden
growth of the multimedia audio market had made such a standard
necessary. E-mu devised the SoundFont® 1.0 audio format as a

35 solution. (SoundFont® is a registered trademark of E-mu
Systenms, Inc.) The SoundFont® 1.0 audio format was originally
introduced with the Creative Technology SoundBlaster AWE32
product using the EMUB000 synthesizer engine.



The SoundFont[err] audio format is designed to specifically address

the concerns of wavetabl e (sanpling) synthesis. The SoundFont[err]
audio format differs from previous digital audio file formats in that
they contain not only the 5 digital audio data representing the nusical
instrument sanpLgdwmars L henmsel ves, but also the synthesis infrermsiénsmss
required to art Iculate this d| gital audgo. A SoundFont[err] audio
format bank represents a set of nusical keyboards, each of which is
associated with a M D pmaeectSoundebnt? Biudin doamatoiskdgbbamed T of sound
causes the di 9' gdaql @&G'%Esofcher@oﬁefﬂy 54 waveasﬂiep(saaﬁ;aﬁ@}pl es
cont ai ned V\Athl oun Font err g\gen t$ sound is
triggered by t 51I§ey he Soun B qult° |f§rﬁ‘P odé T5p ’%ﬂ”él%fevm“s

control |l ed by tdigidddd) audio ﬁaaambmstmfmdﬂmtnmm contaimingt cniy tthe

applicabl e ak | Ny C o] e D4 |
SoundFont [ 8rr] L%m : Léﬁto r%%tg't% skgﬁégienwtﬂ ht}g l}!i i'ﬁé‘@ﬁﬁnél-ft g&%ples
articul ation da’ﬂéﬁﬁ%ﬂh’zﬁﬁl gyt also the Synth“35115hén§SHHEFbﬂ‘P[’é?‘l"-}l%ﬂ?dltt?

format is formedterbdisited thiie dig 1taiC£uulib Cansophareht?® hmaidintbad‘mit bank

Resource | nterchan Igee Fl,c:sgﬁzr%te F lrggt}%% bo%?%s FLQ 5 OOCItirsy. Use

of this standar™P ers
hi erarchi cal | easgociated mithhe E@Dﬁdmn#ibrr]fias?hdMéDFof‘nﬁ?se‘t" or keyboard

A SoundFoRp[ er rds adifliny fcdiidRls EhkCasgitsl NudicS ﬁgﬁack of 6 (e Hdx@y I ]

audi o fornat bank A SoundFont _audi o™ f or ma se
col l ection of ARPTRAPLIALE FRBPL ﬁFeE@PEa”éeé%ﬁ” he gﬁ'ﬁg‘% K T 9 eset

and bank nunbersornEcund Wveid ¢hils sodhd Isrtmiggered bynkbefMIPA they-s@par at e

ecet rhenti 1y Co%ﬁd 1) 2100 2BOOOAPIANG SORLIRLSalNbg MebiSiTrzeSOl Ve

I Ccts. Bec use the M.DI cl uded, a
30  SoundFont [RAFImeRRFs oo Neke BHﬁRe’éan TR Bf‘g g#ﬁ %irﬁ‘fﬁta'f ~
M DI bankas continuous contrBadedsontNuch Jofaddhieo uhdaanedsndE cthe ai ns a

number  of séﬁl{ﬁ‘&f@ Fhaid 'f'agﬁ.ﬁti ﬁ&éxgginj{(}g tthléem§9HEiiF9HttLﬁIéﬂ aﬁ@ o

f or mat Revi s| on conplies, the sound
35 any, to wWAEHSHaYGK dadeeis hepdleSeati on Date, the Aut hor,
any Copyright Assertion, mi# spurdfont®nadio Hormad. is formatted usingEauHe

lI\J/InlD::]ugr ﬁZrGr;[a Wat ﬁ'ﬂ':%félpr ecsg}%% %é%&éﬁ&@d Resourg@%ntéfgi;ﬁc%ﬁeﬁ.l%
PCT/ USO6/ 29154 Fornat GREHE) used) op phesR? indnstzunt sUsR afsHiimetiiangard
sounds to KR shdiqay proviliebl akeyail e itideretodtyhferanciddidl Qevene!
' toc the SoundFont® audio format. .
A SoundFont® audio format File contains a single
SoundFont® audio format bank. A SoundFont® audio format bank
25 comprises a collection of one or more MIDI presets, each with
unique MIDI preset and bank numbers. SoundFont® audio format
banks from two separate files can only be combined by
appropriate software which must resolve preset identity
conflicts. Because the MIDI bank number is included, a
30 SoundFont® audio format bank can contain presets from many
MIDI banks. '
A SoundFont® audio format bank contains a number of
information strings, including the SoundFont® audio format
Revision Level to which the bank complies, the sound ROM, if
" 35 any, to which the bank refers, the Creation Date, the Author,
any Copyright Assertion, and a User Comment string.
Each MIDI preset within the SoundFont® audio format
bank is assigned a unigue name, a MIDI preset # and a MIDI




refers to one and only one M DI preset, depending on the nost recent
M DI preset change and M DI bank change occurring in 5 the M DI channel
i n question. Each M DI preset in a SoundFont audio format
bank conpri ses an optional d obal Preset Paranmeter List and one or
nore Preset La gl obal preset parameter |ist contains perusogidi
defaul t val uesy‘?f))?’l?ﬁzgpreset 1 ayer paraneters. A preset 10 | 'ayer- 4
contains the applicable key and velocity range for the preset |ayer, a
i st of preset bagkr:sparaMEy $reved Fepresenté cde s ighmht RE EBERAE. to
Each instrunent | NS, ORti oRhal ' | st
and oneor  mor <PEEELE @O o1 VIR puent oBAY e FBTLRRNRLE,
contai ns any deF&fe¥s &f (RIe and ondy cre MART reFesRt | A/Rensdignenefhe Fagh

i nstTunent splitecent MIDE rEsdthehapgkl aall RINEbaiK ohimpl bechgiifgfh Of

the -+ instrupgent [ instr Al plit paraneter list and a
reference '[g(S) a gg?rp}llgﬁ ‘I‘%Feaq%ﬂeslt F%m#gggéf’ﬁf paraneter |ist, 20 pl us any
default val ues, contai ns Bawh 3IDT presesl iwvsaofoundFont® augdigndowmst bank

des;:r i'bi ng thle ééﬁbfi&cf’é ey di{titd?ﬁtl”@h’éﬁal PraﬁsetlPaz;)ame%é?Q{iﬁ%agﬁhe?nedoxt- _
cont ai ns sanpl e_par aget ers r el evant _to e ack o S e a
and a poi nt (ranr) t’BgfﬁeP zesfh (;.ayers.dali‘gei 9%8*’?'].[ Q@gseae/ parameter 1138 Eontains
SUMVARY OF THE ahiERET«ilNt values for theTpreperskayer rpeardnetiersr.ovhdpseset
audi o dat g of Or "Rhyer corthiYy (i{i\ea'aghgiEﬁﬂfEn{:%* Sarflf SRd1l ad U3 aRg aFSﬁ the

. . . e
conbi nati on of sound sanpl es articu Il on instructions wh

‘deternine 30 RPEFeE JRVeFrs addEtt 9Tt RECSBhntPXIRaFaneher s ndpAufent s
form a firséferends o laay Instwunbné.second | ayer having presets

whi ch can be user-defined.t QY diti [ atiqn

i nstructions which can n%&c?ly%ln%\é:&%fﬁgu{:é*‘?%%sl %sri rof};égtllaflg{r?g' gobal t he

i nstrunent | evelnsinuent iRﬁHaa\eit@ﬂ' i1|4§f-'-_r and ene @F BB 1r§§é~@mpn§d_sn%mg.
v?lrl o]chs E&ISaWEthélobaT]he.'LﬂHt&Qﬁi_&\ﬂ weBhe0Br list Eettidliafs anyodeRbull Waids
all of the par

a .S are cifi in units jch relate to.,a .
physi cal phenong%%,et%end"ntsﬁsfg‘ Lidts ‘iayer parameterip %ﬁh?’@&t"ﬁumem split

PCT/ US96/ 13154 contains the applicable key and velocity rangendioxt the t o any

particular machipgchgiert &¥1i] @h Rha¥riflehPOsplit pHidlnet®3Mi8¢ and a

Preferably, the_articul ation |nstruct|§Fs L ncl u erat or

de n angd,
modul ators. The YeEFRFHIOE & SR Ecul APPoANSETUREnY aﬁ?elt%gr aarmﬁ%grt ﬂéSt'
modul at or 20pr ovples sany dedizuldn viaduesencontains ride -ahswlutiegvallues. of, the

user input codeyafditk @ dERIRLAhing the articulation of the notes.

Each sample contains sample parameters relevant to
the playback of the sample data and a pointer to the sample
data itself. '

25 _
SUMMARY OF THE INVENTION

The present invention provides an audio data format
in which an instrument is described using a combination of
sound samples and articulation instructions which determine

30 modifications made to the sound sample. The instruments form
a first, initial layer, with a second layer having presets
which can be user-defined to provide additional articulation
instructions which can modify the articulation instructions at
the instrument level. The articulation instructions are

35 specified using various parameters. The present invention
providés a format in which all of the parameters are specified
in units which relate to a physical phenomena, and thus are



Bot h generators and nodul ators-are types of paraneters. An
addi tional aspect of the present invention is that the paranmeter units
|are perceptually additive. This.10 nmeans that when an anount specified in
‘perceptual ly additive units is added to two different values of the
paraneter, the yoeyeihect on the underlying physical value wi pbTRS96/13154
proportionate. n particul ar, percentages or logarithmcally rel ated
units often have this characteristic. Certain new units are created 15
to accommodat e thos, tied tadittit iprertdenlst wachine sfor creatlipgapftplaying the
nmeasure of tinme ys&foaSampiay ameter unit herein. The use of
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The present® nv ‘P’br}“%&@é’epr*(ﬁlméglaef B?‘Pra‘t‘s%ll?}h aifferent paepl@dsithquly
in a stereo audimodbfidatt.Ch Thel pegcéptudbly additivermbeuréhes thé ows
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e sanple is
' the timbres in an underlying music score expressed in such

parameter units. Thus, the need to individually adjust
25 particular instrument settings is eliminated, with the ability
to make global adjustments at the preset level.

The modulators of the present invention are
specified with four enumerators, including an enumerator which
acts to transform the real-time source in order to map it into

30 a perceptually additive format. Each modulator is specified
using (1) a generator enumerator identifying the generator to
which it applies, (2) an enumerator identifying the source
used to modify the generator, (3) the transform enumerator for
modifying the source to put it into perceptually additive

35 form, (4) an amount indicating the degree to which the
modulator will affect the generator, and (5) a source amount
enumerator indicating how much of a second source will
modulate the amount.



10 For a further understanding of the objects and
~advantages of the invention, reference should be nade to the
. ensui ng description taken in conjunction with the acconpanyi ng

- drawi ngs. 15 - BRI EF DESCRI PTI ON OF THE DRAW NGS
Fig. 1 is a drayh9slgfdts @ Nusic synthesizer | NCor por aPCEgsHen3154
present invention; Figs. ZA and 2B are drawi ngs of a
per sonal conputer and nmenory di sk incaorporating the present,
i nvention; 20 The priegeny ?-%V%P*Eﬁ‘d'gra&rﬁ%f’-néﬁréﬁdFBaEa%‘F gPitch
structure; information for kh@Saudio ashpiRsaria goxrgable ahdueditable by

-di fferent _portiagns qf audi o. X ig. 5
is a diagram ofs%"?ﬁw irf‘i%uﬁ’ﬂaé’t %ﬁa aﬁé)lé%zirrfga%ple ratel(ebultn?):l'fo tné
- characteristicsrigimsl key used in ¢fepting sthe Eamplam SLCRInBEHR ARHn

wheel .and gi t Choriginal tifg WeeekcfSonl | ustrative nodul ation inputs;

Fig., 7 is a block diagramof the instrument |evel . n vel

i ncorporating the presentthénPESSERH; 1nvention also lz'rmn"_iﬁlsgj51 g“’?‘égge‘sd?jé‘%‘r am

- of the RIFF filincludss ur dag in3@ stenewrpulin isrpnlec vpicheRPinhschei bes

Fig. 9 0s a di agram ofpdfie dhlohs’ 8 TBing Wikhout requirdfgoadiagerentdieto

present invention,; . . |g.q1é|s a_di agram of the

articul ati on dathe instrument; dm.phich tRe SAMRLS 3% MEFresent invention:

35 10 Fig. 11 i For ¢ Tyrahepfunderstehdiapoff theapbjects and

Fig. 12 is a di i f erffdd should b de to th
Mﬁ@ﬁﬁé N 9n§ﬁ'§?}}.§1,a ?’iréo?éﬁns el should be magde to the

Fig. 13 is a diagram ustrating t

| ; . . of the .
nodul at or enuneeRSBINg ArEaHEtica Eaker IrRpiunction with the\preonpanying

PCT/ US96/ 13154 drawings. 8

DESCRI PTI ON OF THE PREFERRED ENMBODI MENT synt hesi zers and

Conput ers Fig. 1 illustrates. a typical nusic synthesizer 10
whi ch wouR8 i ncorporate an auBREETRESGRIRTION: QFaE'HErBM'QW%S 5 the

present invention in its piRyONY is Ah@ravikdest Z£midid e§@thesizera nunber
of keys 12, each of which can_be assi edﬁ fo1_[. . i nstance, to a
di fferent note HICHRRFALAY dbs RIEFERENNVENtiON Ly esented by a sound

sanpl e in the data menor¥igs.s20r edd 2B arecimwingshehedpersdnph cemputene
by, for instancg,qg howay cﬁfs@c infct’a%gkextiﬁ PES Skt Iowehessni;t is held
al

down. O her inputs so pr.ovi de nodulation data, such.as ngu ation
wheel s 1428nd Fig. is a diagram of an audio sample structure;

Pigs. 4A and 4B are diagrams illustrating different
portions of an audio sample;
Fig. 5 is a diagram of a key illustrating different
key input characteristics;
25 Fig. 6 is a diagram of a modulation wheel and pitch
bend wheel as illustrative modulation inputs;
Fig. 7 is a block diagram of the instrument level
and preset level incorporating the present invention;
Fig. 8 is a diagram of the RIFF file structure
30 incorporating the present invention:
Fig. 9 is a diagram of the file format image
according to the present invention;
: Fig. 10 is a diagram of the articulation data
structure according to the present invention;
35 FPig. 11 is a diagram of the modulator format;
Fig. 12 is a diagram of the audio sample format; and
Fig. 13 is a diagram illustrating the relationship
of the modulator enunmerators and the mocdulator amount.



16, which may nodul ate the notes. Fig. 2Aillustrates a

personal conputer 18 which can have an internal soundboard. A menory
di sk 20, shown in Fig. 15 2B, incorporates audi o data sanpl es according
to the present i nvention, which can be | oaded into conputer 18. Either
conputer 18 or W l.zer 10 coul d be used to create sound ,
edit them play t em&gr any conbi nati on. 8 Basic Elenents o 1%ﬁdi o]
Sanpl e, Modifiers 20 - Fig. 3 is a diagramof the structure of a
typical audi o sanpl e ipEsERIYIIONSOFNTAD PREFEREEDEMBODIRERE Creat ed

by recording an act ug n%ﬁgﬂilze Qdﬁ% J&glee%: gin digitized format, or

synthesi zing a sound By generatin representation dlrectly
under the control of a coFptitet 2 ustraipsamh tYRﬁ"—'ﬁhd’é‘F%%%rﬁH’!ﬁ‘ﬁ?lizS’mﬁeoof

the basic aspectwnieh Woald J.ncaﬂﬁlbfaeeraﬂ Qudid Aavai steadtdie aarddo&ub.abeﬁio
usi ng generat org

d
present i NVttt Pgﬁse%ﬁngﬁgﬁ géﬁrp#’i J&'fs Q‘@@Pf%i’ nu'@g?er:r%?ﬁag‘ B%G?ﬁt afcludes
charact eri sti cs avmumbezr efukeyst 12 dearhi fof sbpebt canfbe esBnedafpice whi ch

can be separ atelms%aﬁbal ego a%‘ﬁf@é&ﬁ‘u rfét%oBEda part SEIDAL mlcéfﬁsi.sgtbot h
anplitude and pitch. The sgggltu I S | oudpess of the saqun

whil e the pi tchregrﬁﬁénﬁﬁ n@t Found sad"rplﬁr éﬂu’&ﬂ%yd b BRI saﬁpFE"Eﬁ‘?\
have an envel opadter chnt he modifhed aiwplddalaeinadby pr foheimstiarive ,Exawphasa of
sone typic 35 tnet | ppge hoyw IS 3 4A : e f aRF?E
of thgb envg'fho ?a\asé?ar?E %n?é % as chFv Eoﬂﬁ 16'61@%@ dm;l;h ﬂ%ﬁl : o
the tinme taken Pf}ls"t n@%ﬂmm%u%m data, such as “‘°dulaif:'t‘§‘ osR15a] #eand
It is nmeasured as,awhath ﬁiy modulate the ndPe8’/ 07476

PCT/ US96/ 13154 2 111ustrﬁtes a persoé%l computer 18 wPlck can
change, so a sound can have a sTow

Decay. Thi s PAYPcaReintaEnaht $OUNARGATEh aRAsBEREXY oi&sk 20, shown in Fig.
anplitude pdter 2Bheintbpftraté®caydic ddta0samples according to tHRAPHESEnES

a rate of chang 0 i%,gl Pge/ as sl ow
decay. ?.nv%ﬂt?oﬁ u,gg %au%tbaelr% agg-& into t HE™ ve% a“{ atrrr:g'%a?ude to
10 compufay ché t P SYRERRTigers 18f FE\il@Ie‘a%ty'-H@d toripreate sound
Sustain time i Sshh@laﬁpuéar@ftﬁéﬂﬁ Wt‘thlé)h tbﬁ any combination. sound
at the Sustain |evel 8 te%s E Ls Jl0e i aken by the sound
to die out. |t asic Elements (.} udio ample, odifiers

20 Fig. 3 is a diagram of the structure of a typical

audio sample in memory. Such an audio sample can be created
by recording an actual sound, and storing it in digitized
format, or synthesizing a sound by generating the digital
representation directly under the control of a computer

25 program. An understanding of some of the basic aspects of the
audio sample and how it can be articulated using generators
and modulators is helpful in understanding the present
invention. Aan audio sample has certain commonly accepted
characteristics which are used to identify aspects of the

30 sample which can be separately modified. Basically, a sound
sample includes both amplitude and pitch. The amplitude is
the loudness of the sounds, while the pitch is the wavelength
or frequency. An audio sample can have an envelope for both
the amplitude and for the pitch. Examples of some typical

35 envelopes are shown in Figs. 4A and 4B. The four aspects of
the envelopes are defined as follows:

Attack. This is the time taken for the sound to reach
its peak value. It is measured as a rate of



15 I's nmeasured as a rate of change, so a sound can

have a fast or slow rel ease. The above neasurenents are
usually referred to as ADSR (Attack, Decay, Sustain, Release) and a
sound envel ope is sonetines called an ADSR envel ope. 20

The way a key | p;mg%ed can nodify the note repr esent edp&yukdsnsissy -
Fig. 5 illustrates a key in three di ffegent positions, resting
position 50, initial strike position 51 and after touch position 52.
Most keyboards have vel ocit y- shangei, veokaysounkhea2b havet ri kdoveboca tfrst
neasured as a key is pressed fmtdamcgesition 50 to position 51, as

I ndi cated by arrow 53. This infaormation S converteg

I ipto a nugrber
between 0 and 127 wReIR¥:s sefd J.ndicagg% ¥ ﬁ"EQE s’t'g Qf’ﬁ\ﬁﬁl
nmessage. IR this way, the amplitnde g ‘F’éctoe %fcg t RE Nt o&x?é Used
to modi fy note 30  playback) p=o ﬁgggztmﬁ:}&;ﬁ&g& "arI’ Rotes-are
reproduced at t he sanme dynam C [evel . Aftertouch is the
anoint of pressure gt ONme susthSh V&I i@ HeIvel BT alkpl itnde to

El ect roni goaf t ert ouch sensorsyhich the Ebéndepdlaa dfteredecppdngw tThe hem
can sense changes in 35 presustainf témet be the tarmundt vfkéink shenkeyy the

bet ween position 51 and smaindFart thet smswgiraltevedat i ng bet ween an
i ncrease and a decrease in pressure can produce a vibrato effect.
But M DI af t erReaAseres Pjess isatine teken Py die Goundy tRyABEr OBF. It

paramet er $5 from portanento ad® ﬂeé‘ﬁb‘F-'Gg 28 %hﬁ%"@e\r@ gpange: §8np| 8PRRG can
change the texture of the soult®ve B £BRtsAr S10W X&}FASK-cs the rel ease of
t he key which can be fastThy s#dowe measurements are ubkualilyh rededrefictd 82 of

e £ TR, ORd,” becn Wbl iy ol Wi

PCT/ US96/ 13154 sometimes called an ADSR envelope. 10 down a key,
the pitchaef a note can bmdenly Wwaydisopressed cmwvmmlicy ddeendtrg on how

far the wheel is_t t,_wh . : oy "
o, e wheel | SebLBB G ol Uy, a8 RO SR s iR

one or as _a COI‘_ltI nuous
glide. 5 different mumiiitidns cestisg phsition afudnifEiadn§§Teéker at o
or trenol o inf 0%8&&9& 51 tar@)a fiitRhchnpbiecion Bof a wheel or a
j-oystick, thoug ' |

the terns "mdul ati eel” Is often _ ... U
generical ly to indicate dtfth ?Yd??.ar%ns 1Roe vei”lty-fr? NIV 2‘%%15 fen oe

referred 26 i n stsike gesiocityris Measuned rs a ke s Ryesfedy f3osc posithen

word "frequencysoage positidid Ei5eM<LE ridichiéeaasy ofyrew-FE3 .( Lanily defertution

Geillaton) 1s i oniOled Shic d TEake RSl % TS5 227 Rl S0e8d €6

: the computer after the Note On MIDI message. In this way, the
dynamic is recorded with the note (or used to modify note

30 playback). Without this feature, all notes are reproduced at
the same dynamic level. -

Aftertouch is the amount of pressure exerted on a
key after the initial strike. Electronic aftertouch sensors,
if the keyboard is equipped with them, can sense changes in

35 pressure after the initial strike of the key between position
51 and 52. For instance, alternating between an increase and
a decrease in pressure can produce a vibrato effect. But MIDI
aftertouch messages can be set to control any number of
.~ parameters, from portamento and tremolo, to those which
40 comﬁletely change the texture of the sound. Arrow 54
indicates the release of the key which can be fast or slow.

A pitch bend wheel 62 of Fig. 6 on a synthesizer is

a very useful feature. By turning the wheel while holding



oscillation. An LFOis often used to act on an entire voice or an
entire instrunent, and it affects pitch and/or anplitude 15 by being set
‘'to a certain speed and depth of variation, as is required in trenolo
‘(anplitude) and vibrato (pitch). SoundFont[err] Audi o For mat
Characteristics A SoundFont[err] audio format § t
of data which wo”lmr?é 6udes both digital audjg sanples and al’til,éll..l au%%ﬁzo
i nstructions to a wavetabl e synthesizer. The digital audio sanpl es
det er m ne what ﬁ&ﬂﬂdaib‘qbﬁi‘di@ piayRdoftdendird ican el bent upwards raet i ons

det er m ne what ;}# n%r:l. 8”’8&1%&9 félratthe whe@ﬁt s BARENEQVAALERE v at
artect e

nodi fi cations are by t nmusi cj an' er.f ormance. , For exanple
the digital audP®e®dta Bgldm,g, GRP be ‘éhﬁ"%’d?'n&h&ft &st FANPRY . i The
articul ation daédstinguishaide sehtitdonéostéms, aap ashias cdatanumsxgﬁmb..t he

recording @n a sustaj (r%’%%u& It?ontgﬁn?ﬁgf Qﬁ‘nol gt hghgig% #&%ﬁato "

enve| ope to be applie he a W to trans
pi tch as differenttyerake iaforpaijon; hbty nay deavged: Ap the fvmm@@ whegl

filtering of thsrsanauyéﬂldkesmaﬁgntené Neerms "modulr@eiby” whéePr kEy o@idh key
controllers (o gredgendRRdls 18 tnateaed RRGEERR 0T (0
modi fications to the soudd "LFO" is often refearnedy Foabhemugic penexatsiqmed

some way 1hQ St ogga 36s atﬁﬂs'icd%hamlﬁéglbywet alaine %&Hhﬂﬁé&tﬁéné\{ﬂ'*cé’sa' | ow
the user to save an ch nge sounds d art cul ation feed sore
L (I TaRER

form of fiTEPTRRGRESY 1A APENAFEORFD seRengy, Soe I5Rn" 4%
2.0 revision SowetRgred e:rar]lxmd:abef pitch d:sranh]queburl: theespeed of

WO 97/ 07476 oscillation. An LPO is often used %GT/aUggﬁf-leﬂSéntlre voice
11 specific ways: |t H-S‘éﬁl ed a varl et techni ques to

the format to b®F pﬁ’ht?’&"ﬁie’l é'HHEﬂY', and; ézfsfleICQ:seHPFﬁBI%“d/ or awqupe
i s upwar diig andoyidvelssy det tonpatebtain spedditande depth bfipvaviaeids, & is

The SoundFont [ eg S hg@ﬁe o] I't would
typically be used&“ %Ig%gé?&%b gﬂ%iﬁﬁé) EVlI ntaie:gcﬁg%e ormat for
movi ng the underl vyi r@‘ﬂ!ﬂ"& ofpdio Format FharAStegis§dffhesi zer to

anot her, for instance. Omsouadronvaamdlmﬁmm denmauttermat yof hibstar ahich

ot her audi 0 prog Cr?éﬁldl,%[ Jb%t§0 §E§§% err \ %%bgie%alakl& Qfe_tggg_ygé{&g |nto a

format that is acCcess
appl i cati 8R insfptdanghiteh aab'?ﬁﬁ?# %)I%h&ﬁ-z&ﬁl chat digival (ﬁ%ddl%r

ot herwi se nani psdnpRss idetermine what soundiik being pldyads athé hartituldtEon
hi erarchy of thg, ditrucIUHITBRRLERERL GHEH ddl b etbnkng- " SR80 ed NUGHK T O
data, and how these modifications are affected by the
musician's performance. For example, the digital audio data
25 might be a recording of a trumpet. The articulation data
would include how to loop this data to extend the recoxrding on
a sustained note, the degree of artificial attack envelope to
be applied to the amplitude, how to transpose this data in
pitch as different notes were played, how to change the
30 loudness and filtering of the sound in response to the
"velocity" of a keyboard key depression, and how to respond to
the musician's continuous controllers (e.g., modulation wheel)
with vibrato or other modifications to the sound.
All wavetable synthesizers need some way to store
35 this data. Aall wavetable synthesizers which allow the user to
save and exchange sounds and articulation data need some form
of file format in which to arrange this data. However, the
2.0 revision Soundfont® audio format is unique in three



| evel s are shown, a sanple level 70, an instrunent |evel 72 and a

preset |level 74. Sanple level 70 contains a plurality of sanples 76,
each with its correspondi ng sanpl e paraneters 78. At the instrument

| evel , each of a plurality of 20 instruments 80 contains at |east one
|nstrurrent spl 'v&o%'ms Each instrunent split contains a pop8ipsesidisio a
sanpl e, al ong wth, if applicable, corrasponding generators 86 and
nodul ators 88. Multiple instrunments could point to the sane sanple, if

desired. 25  specific wAystheiprapglidd\eelvardepyursl teghaiaqypesa f1d®veach
contain at | eashgd rfg,f%%s% L@yﬁﬁa‘@f’onﬁm epdeht! ayeri9leasi I%ﬂtﬂﬁl% an

i nstrunment poi nter al on associ ate Pg g # tors,..9
nodul ators 96. and it is upwar dhy 3R (ARPIATS LY, COPPREY |‘6Jn“rbarru %r,
white a 30 nudipreivementsa connection between a real-tine signal and a

generator. sThe sampl e paiREPLERAafGH{y Afild iRkt BEOEAP Archangd!se U
for edltlngthe sanpl e A generator is

a single articfloxmadn patawerds WPJFF@SIY b& fisedd OPaPuEl Refh, ¥ the

attack time of dumerv Q.Ht@%changeeﬁdﬁhwefdxs moviere thtoundehbeing datautfrom

\IéaC[I';JfJSgnG?gglgéel olneo computsé% 8rU8 Synthesizer to ano\ége%z/292§7§nstance- Once in

Wil e the | i st fpaSdiiculent tomphtendi syritheaizeyenorapbher audio jrrocessing

arbitrari e11tamQ§st§rﬁib§iI§ qid Qﬁ’&we%%andh%olé format CERHBINS a
|ist and r|ef escription evisi o undF udlo f or mat

generators. Th&@%ad W@Rntfo i FP@?@ *orm t#ﬁrf aLr&=Pe Sngﬂc P %atlon
attenuati on of grwgramimtiichnabéually plays rayd @d‘tlmaéﬁsetb@e@a,t%rmr

dedi cated to ciydide ¥IhY tes i@nd one for control of pitch and/or
filter cutoff are r oVl a

ese envel opes have. the tradit
attack, decay, susFaln, 7aAd ?e‘llla‘%%’éa’brfg?é@ gplt%? gla’é?ﬁf/mbh éqﬂiﬁ i or
to 10 absack souwhardm®d aphase foehatcof diiegiremehtddoypntidne [Foese

one dedicated t;Q vy t%'%tr% gﬂgwgne fgémqaﬁg { alygvi lg aEﬁstrumentfiéN}@I 72

nodul ati on, or trenol o aré Erov can

depth of npdul @R PresGiereyelafd- deFanpie dRvel %% Eeytaé8$e P b‘i‘F‘PoltY

5\;1 ar':] Finally,of fﬁnl;ﬁ,fets/ Elsg hba&ﬁnwﬂf:hthﬁs Iforreipgndingpbampl &epaeameteto
ichit is senf, to.the chqru ve td qn rSel S

defi ned. n}a‘ At %hlg e mgnsflﬁ‘één%r a%at&r %r#u%epahgrggﬁégl éf ndex
Gener at or 20 Rariest@amendiso 89, conbains 12t okeazihang dnstropppresplit 83"

Generators, antaé@ U <eenledtOLPilit contains a pointer 84 to a sample, along
with, if applicable, corresponding generators 86 and
modulators 88. Multiple instruments could point to the same
sample, if desired.

25 At the preéét level, a plurality of presets B8 each
contain at least one preset layer 90. Each preset layer 90
contains an instrument pointer 92, along with associated
generators 94 and modulators 96.

A generator is an articulation parameter, while a

30 modulator is a connection between a real-time signal and a

generator. The sample parameters carry additional information

—

useful for editing the sample.
Generators
A generator is a single articulation parameter with
35 a fixed value. For example, the attack time of the volume
envelope is a generator, whose absolute value might be 1.0
seconds.



20 An index generator's anount is an index into another

data structure. The only two index generators are instrunent and

- sanpl el D. A range generator defines a range of note-on
parameters outside of which the layer or split is undefined. 25 Two range

generators are y defined, keyRange and kel Range.
“Substitution ge%%@gyg are generators which ;5 substitute ap(':/ra sa?am' %‘r a

not e-on paraneter. Two substitution generators are currently defined,
overridi ngkeyNunber and 3GwhiXweind diisgVekosbhydFont?® audio formaSadgherators

generators are gggeéﬁﬁﬂdagﬁ‘%iéélﬁarnﬁgtﬂt&ﬁealbaﬁé e;l.qtstfl.f%$ggtv§'.s g%?f}?ﬁ:i S

These generators-are un ayer |'eve curr

defined sanpl e gEABFALRF 2 list and pxded; gRECHIRK IS off ther rEEABieR o%lso and
t he "sanpl eMbdes 8bundpeniet awdio format generatonél udhgebesitopstehp filter

generators whosecuabg shd Shdddhance, ALheGLEeAuN IRl LASCIRLIE REAE! o7

Most_ generators ener'ators.
PCT/ US96/ 13154 <controlled. Two envelopes, one dedicpied to controlief|vaisme

An inportant aspgfldl éhe ¥ icdntrdUYLC pS¥Bh @S fort Tilter chillefabatéty to

nmodul ate instrunment characteristics i.n re tinme.. this.cap, be done in
two fundament al I?raY:f'?%#'ent envelopgs, apve sﬁ%ﬁrg?&ﬁf‘egglvfgﬁ?ﬁ‘t gcay,
synt hesi s engi nesustain, andirelease pbabes, f plupiencielaycphhaeopsi¢r A®) and
it oh. "t g, - 8tfack an & bl el BBy EH o B AT Y

[ , b , u ...BuU , s | CItly
modul at e tﬂﬁ%edﬁ‘g’cﬁiré’sq TR YAPPtEy 2Rg aRe cﬁ‘PIiVI lé&ﬁf‘?iuﬁgégatm
Controllers 10 filtes)modulation, or trembiorane Pmuvided.SoThdFDRO$ erar be
audi o format proyy us, ¢f | Pid 4 [ | egLkO

routing of 0:z‘rr%d al%nlleodn ,d;/xet 8’5 gfo*’\gf‘hg&rr%é Ul e;t}iegﬁgggféné{xgr%f%i from

nodul at or expr es¥8¥ FCRIRERIAN P SEBREen Binahly. the degRdright papPh the
gener at or. 1sFor sigmyl £, plastie degtleel soawiidlerit ds sefit to thensiesiusdrand

froma MD pitcpyhasl- %Hfg?glay gg_gag_s %ﬁ[rﬁti nuous controller to

sanpl e pitch at one octave ] . u e a typical nodul ator.
Each nodul ati on paranet er ¥Five kinds; pfcgenerieRy é’tﬂ“@ﬁr@{@ﬁﬁl exdyskee, Indpx

exanpl e a parti ceénéra¥brs MRAng teneitatsrs péurididfutiohdGangPatbas) Bample

destination, for npl ttiqular SoundFont[err] audio format
‘gener ator such a%enera@ i1t ea(r%d(;;lt})t%g'f‘]e F%’e‘%ﬁ%ﬁ #s.' The specified nodul ation

anount 20 An index generator's amount is an index into another
data structure. The only two index generators are instrument
and samplelD.

A range generator defines a range of note-on
parameters outside of which the layer or split is undefined.

25 Two range generators are currently defined, keyRange and
kelRange.

Substitution generators are generators which
substitute a value for a note-on parameter. Two substitution
generators are currently defined, overridingKeyNumber and

30 overridingVelocity.

Sample generators are generators which directly
affect a sample's properties. These generators are undefined
at the layer level. The currently defined sample generators
are the eight address offset generators and the sampleModes

35 generator.

Value generators are generators whose value directly
affects a signal processing paraneter. Most generators are
value generators.



determ nes to what degree (and with what polarity) the source

nodul ates the destination. An optional nodul ation transform 25 can
non-linearly alter the curve or taper of the source, provi di ng
additional flexibility. Finally, a second source (anpbunt source) can

be optionally sgeci.f] to be nultiplied by the anount. | f
the second sourg’g’%%ﬁgrator specifies g source which is%g?%g’ﬁlé
fixed at unity, the 30 anount sinply contr Ps the degree of nodul ation.

Modul ators are speci fhgehasd#0 five nunbers, as illustrated in Fig.
11. The rel ationshi ps between these nunbers are Jillustrated i '

Fig..
13. The first nunber is &P 1EPOXGARL-ASPEFL195 TRALIF Hfe AN SP'HER?:EEI ct®
and format of thkbe38bilitaltd imeulafter dattonmenis ochataxteanitst icse inpdadat or .
The ~ second ersy HYT R0, n1égoS h £V t r
par amet er affectt ggggy ‘f},h%'%;a ul atord.i,l Tﬁg,téﬁ?rg@\%%%ée%lsﬁg#%%%goﬁays'
source (anount E&EFEe)SifeSAFcepsyithip thessynthesis engine)gtselfysech

PCT/ US96/ 13154 as low freguency oscillators (LFOs) arid envelopespgetekatsrs hat

this source varj t i c fs s tbk
Goner ator - The Paf trSuIEE End tinchiaS s bikaneters WS afifehs, Liftore,
second source aPp@cleudnrss. r Futsglsee the penformem cam EpPliGitdy medalate

enunerator 148 g¢peséfybuites, TsuallanNsiOnBRAE Off QPENP iddHt i9fouige chbhtgbllers
sour ce. The revision 1.0 SoundFont[err] audio format used

enuner at or“ls‘J for (Fﬁﬁ) Yenerators only. As new generators and nodul at ors
are established and i npl &ihentnayisiont BaPeSaundFont® Fudiia formatgpravidencw

features will nekehOrdslid 29 d3%i112Y inCRHEREE] &ESion ldnd HRutahigvaEe i s
designed to si nglé i}gnpre unkndwn enunerators, bidirectional

conpati bi ity i8°gRtakiony by the use of the B?g‘é%q??gc”i Ranaetextor dchene
extrenely conpl asdulatormaditreisses engbnnection seispan fd adalstdheasighake

15 | ol cent of TS ARG °390) ElaRAME) SUMIFHARS o R BRRLRLLET

several defaul t capRRFEiQN Lram adMIDIcpitThekbeehipaldricec pipolar pe
turned of f or neehtimibuly criRGicllleRdtbheahipl® SitdiCat one odtavel @alloscaryl

Transformwi th I on-def aul I 0 t [ . 20
Tha et or | qapafa te oS holliflEaL: Olracn nodViiioBoBMERERS, 2]
Pitch Weel, Vigpasbfimsiah mofwdavdpnneignal sourgey |fogs ewamplecpoppricular
control ofzol oudess eortitidy domitebliler, and a mddlf a3 Rl oAV dESr

Format Sabl ¢ RLRIEIE'S mresievanr samrsohEs SIELE AR AR Roat
i nformati on whi Ekl%er cutoff frequency. The specified modulation amount
determines to what degree (and with what polarity) the source
modulates the destination. An optional modulation transform
25 can non-linearly alter the curve or taper of the source,
providing additional flexibility. Finally, a second source
(amount source) can be optionally specified to be multiplied
by the amount. Note that if the second source enumerator
specifies a source which is logically fixed at unity, the
30 amount simply controls the degree of modulation.

Modulators are specified using five numbers, as
illustrated in Fig. 11. The relationships between these
numbers are illustrated in Fig. 13. The first number is an
enunerator 140 which specifies the source and format of the

35 real-time information associated with the modulator. The
second number is an enumerator 142 specifying the generator
parameter affected by the modulator. The third number is a
second source (amount source) enumerator 146, but this



not expressly required to reproduce the sound but is useful I n
further editing the SoundFont[err] audio fornat bank. Fig. 12 Is a

di agram of the Sanple Format. The original sanple rate 149 of the
;sanpl e and pointers to the sanple Start 150, 30 Sustain Loop Start 152,
"Sustain Loop En nd sanpl e End 156 data points are ' I n
the sanpl e paragg%gégm% Addi tionally, theOiginal Key 15 @ﬁﬂ§g4
sanple is specified in the sanple paraneters Thi s |nd|cates the M D
key nunber épooiyins thiat sRpl somadenaldies aheeapomss. thatnitle \Elrist i S

35 |1 df f
35 el ovea,or SIFS LSS ShenoheSEASL O o SOLLESRRIS 0y rrecs
paraneters to aI#Qﬁv#ﬂﬁr%9=°nW§ﬁﬁhl'F@etm°ﬂﬁ fpurce aifects the \finsl @PAFFGG

PCT/"US96/ 13154 140. The fifth number is an enumeratdp 148 spdwifiyiiiRy@nt in
t he sanpl e Ltsel stereo_indicator ink tag 164,

JAsa an
di scussed b2l ow, ra%f"rﬂ'\a%&g& operation °’§6‘iﬂ$dl—f&ﬁts?ef?']lgﬁﬁdl o For mat
The SoundFont[err] audi o Thenweyisiom heth@oundfantjoandie foxmate mmedct er

fonts, enables téH%ﬂH?ﬂEﬂ@sefB§”gﬁéiéﬁhéﬁaébrs onl@“s'ﬁé'néﬁ”&gﬁﬂféﬁaiéwhhﬁ
the actual tinbres_intended by the former or coppose

SoundFont [err] &Eﬁﬂ‘%}afttﬂrﬁaﬁr?seﬁtablls taélﬂ MPlePERERP) %pot

i nt erchange st andeplkerfemting theae chad| featyuridse siiddr nsbbmetsogrri(td Heheir

associ at ed art'QHhﬁE%%%p%g {2l fne softwar 1s desﬁﬁ? & e QA Lﬁﬁ“ﬂ%@

f or mat ban is a Rl cont al ni ng ea er ormat i on,
li near sanpl e d3RknoyRy enumergtars, &ﬂ@e’ﬂqcf"&?’g&n FEEBa’éfl-l?%Jc’tHYat%so chieved.
i nf ormati on about the ByMaBingreise trfoduidtvirn @¢hemt hextidme lya dompllesr Rl FF

file 15 structiyg, 'aﬁ::.%tlp% %: &in Eis% asgaerc@ﬁteﬁr S a&él’? %@eﬁ{ééee%s%%] ?.{l the

precisely define percep tua evant
to neet the besﬁ“ﬁ%h&@ﬂ?ﬁ&eénﬁPﬂﬁ%ﬁd'HR?QRlﬁﬁﬂﬁbﬁélzers~ofIﬁtﬁ?e initial .

SoundFont [&57r] awiu@m‘ewmhohanbﬁwusﬁdrefmld Bounargnet dwdio foxaialtqw

Flo. o shows t neavatay SeRaREr Hefbiahclls 3" BeciReg. VR sRiTal¥t" cop
8. Appendi x | séq%mmtelql affeorrnpdifiecdhby specifyhingfthesane Fonces of -

Fig. 9. _ Destinatfiod. akf tHAnSid:a QA th%eto! beUhGhiREAARA MUGIGLIBR
25 accordi ng to th %reseng i nvention. Preset level 74 is
illustrated as PIANE“Shdni ng t he preset headers 100, t he

preset | ay2® indlces 102, Thadmbdel prexs alefiparidisatiocdudadthe stangduidaMIDI
104. 'In the exara&ﬁ;r%hqws 8uBheaS pNGAIYhedC vibraBQl BeStH 0 shd Wiihfie, as
generator index arici r;g ﬂ&%&o{reiongfgy 1c008ntrol of loudness and Filter Cutoff.
The Sound¥Font® Aundio Format Sample Parameters
The sample parameters represented in revision 2.0
25 SoundFont® audio format carry additional information which is
not expressly required to reproduce the sound, but is useful
in further editing the SoundFont® audio format bank. Fig. 12
is a diagram of the Sample Format. The original sample rate
149 of the sample and pointers to the sample Start 150,
30 Sustain Loop Start 152, Sustain Loop End 154, and sample End
156 data points are contained in the sample parameters.
Additionally, the Original Key 158 of the sample is specified
in the sample parameters. This indicates the MIDI key number
to which this sample naturally corresponds. A null value is
35 allowed for sounds which do not meaningfully correspond to a
MIDI key number. Finally, a Pitch Correction 160 is included
in the sample parameters to allow for any mistuning that might



30 preset |ayer index 102. In another exanple, a preset header 110
points to two indices 112 and 114. Different preset generators can be
used, as illustrated by layer index 108 pointing to a generator and

anount 116 and a generator and instrument index 118. Index 112, on the
ot her hand, onl‘¥o§.§o.,‘mooi nts to a generator and anount 120 (apgirRiReénspsseset
| ayer) . _ I nstrunent |evel 72 kg accessed by the instrunent

i ndex pointers in preset generators 104. The instrunent |evel i ncl udes
i nstrunment headpesihReraht Cin pilidtsamplienitsdlENt Also, a stereo iN@iOALOX476

PCT/ US96/ 13154 : 1 : It indices
124. One or rn)rzésgpiﬂlufl }%lgfc%asg &1 ,bglggg;saﬁ%dbelow, %roe alr?flgﬁghi'nst r unent

header. The i nst r uneRPUBEFPRLY Apddes Format i turn, poi nt to a particular
i nst'rument generators 126rhd BbundFont§eBaadbdOLormRt), iV & natine® GAALOHILOE

and amount (thug_bej obal Lit S | r n ner at or
128, or car?( 2o f%iﬁ% i ee’g fpoc??é 'erenfagggssghnﬁlé?{)%@ ¢ getq#grﬁpé'm%%tg
gener at or musdcaki pempgsitinn widhr thenectieabrbimhres)dntendedt h¥ thei o

sanpl € headers pégfofher aoFi SorfpEehe NPRLCESURAPVHE® audio foRhatmaki gn

about the audio_sa and t he dio sanple 10 Itsel f. Uni t
Definitions p°rgg{’fe' exﬁm:@&%,e g&"ggPieH’t?ﬁ‘cm HrendRres £0Fted in
this docuneavet&ble synithHesizernisbandscandmivieelr aredocdiatiednarbéculation
nusi ¢ and ;gpundgipgdustry. Qthers have been created 15 specifically for

the present invention. The units have two basi ¢ characteristics.
First, all the units are »eiRUKEAA yaudio fagpat RANKHE & REEFy Tdhet s used
are peEcent agescofitaihbhg headex (iFt)fo&ﬁdtﬁ.m,_nEB\ﬂ yitelimag wainpie abtal uand
cents (as oppos - . Iy ri.n c

devi ation) and ggeraf?hrr%g%ie‘{r}?s&?ni‘éga\i\gr@éﬁfgéle%g nnlff ‘?ﬁgﬁ#ﬁ’ |l"t g}.’gﬁhgl?e
have an absol ut¥IREgpresets contgineddwishanphhekank phhenRIAT il

rel ative ngani ngtretehed is shdvh AMOFHEL BLI t patiihdtSerd) drite spReiFHBRNENOA
sanpl e | evel - fre enctl?I/%/?.r haye _absol ut elrre%gl@%t tbhat. I S .ttgeé det ermne
an 25  absol utB*pRyEFCAl s PERCRRTPAL TEOREVAT PASES Watp sgspuate

| evel the sane BesptiFbiheR cto |meahlithef beatit rendening rendinesen| The strugbure

[J el ?t i ve neani nge €HENsSSndFEREORRI el £BLhER Bis fbeen carefullyRBlealinéa to
nits

relative unit of138Y n%?é%fﬁ@?%%&%%#??%&?ﬂ% e"(lj‘ﬁga‘)at%r"%s gﬁéiot ivity
of deci bel2® ( dBpynEbesisonetypiksudes A and B, the Cb equi val ent gain
change is: Fig. 9 shows the file format image for the RIFF file
structure of Fig. 8. Appendix I sets forth a description of
each of the structures of Fig. 9.
Fig. 10 illustrates the articulation data structure
25 according to the present invention. Preset level 74 is
illustrated as three columns showing the preset headers 100,
the preset layer indices 102, and the preset generators and
modulators 104. In the example shown, a preset headér 106
points to a single generator index and modulator index 108 in
30 preset layer index 102. In another example, a preset header
110 points to two indices 112 and 114. Different preset
generators can be used, as illustrated by layer index 108
pointing to a generator and amount 116 and a generator and
instrument index 118. Index 112, on the other hand, only
35 points to a generator and amount 120 (a global preset layer).
Instrument level 72 is accessed by the instrument
index pointers in preset generators 104. The instrument level
includes instrument headers 122 which point to instrument



Cb = 200 logl O (A/'B); A negative Cb value indicates Ais quieter than
B. Note that 35 depending on the definition of signals A and B, a

positive nunber can indicate eit her gain or attenuation.
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17 ts: Cents are a relative unit of pitch

is 1/1200 of an OerAE® For two frequencies fgand G the %r(’aﬁs o%‘
pitch change is expressed bhy: cents = 1200 log2 (F/ G;

5 A negative epibtrimdicEntl24.ndionet o tboe $pligueanciicesi sahoberassigned

than frequency & any one instrument KEQ§Q£5 ﬂﬂémﬁggﬁf%ﬁﬂﬂ% aphew gediqad
unit which relative unit | ati ve_ uni

of ime. BBrEHY (RHPhoA GUPRFEARHLEE P, SEDesPepfipi gty The
change i s expregenerafors can have just a generatmecemds amobp80 (tbhy? ¥dingd a
A negative giunbg foﬂél téﬁof.ﬁ?m %dd?zd'a‘éaiﬁét}ﬁii‘éné 'd@xe}dt%r 128,58£7&&L than

time U The sim arlty Cents to cents Is bvi ous’from t he
formul a. Ti meCehbeliyae 2 rBﬂ‘t’T"&}I &0 ¢ §e@PLe. 131ch #{ ths&ruggﬁpeggxp?@ator
envel ope and delag.tirdmlliy,t the dnstrumgst O@éﬁétﬁﬂt'qtg lodnigntouthé , andlich

scales with theg g@grheaa% rs 135ent §P 'Qu?f‘étéa afdetrgep Je_ Qrmpitch
Is varied in ent's and the envélo rarre ers nts, the
resul ti ng wavef SRfoxmatiqn shepd tast aPﬁlgh%'ﬁ&PJﬁ) and 4d@ taP@é°293m°13
adj ust nentyoof aipeeiti ve offset to pitch and a negative adj ust nent of
t he sane magnitude t raneters. Per cent age:
Tent hs of percent of'??ak} DP’; t@.% 2 anot her useful relative (and

absol ute) neasure. The F®here areseavermm:y ehrspreifileemiissl edted oin tkhis
measured in dB, a6&hént 25 son di %ﬁ@gat Snitd 48 %dﬁ@n\ea.loaewhww the

I ndicates that there IS hange in_the effect; a relat val ue of
1000 i ndi cat es ®US+C3pg Mlﬁ‘ ngn | AEReER ARVS, PeenFre Etﬁﬁ?e anount .

rel ati ve i@ ue speciDRllvlifoat dbhet preséfitcinventimenn The uditschaes twe a
full scale am%s:.éc}:haracterd.stlcébsOi‘i’i-gt Unif)S the units are peﬁ:éptually

paraneters hav en, speci fie nmeani ngf ul
wel | - def i ned ma?ﬁé’r qp

| cal
PE Ry H-éi’%s “sgd 345 IRFFCREG T EﬁﬁdF%‘Fﬁ’ft?ﬁH
audi o format, sOdE) &Ena r'tmcparem’.tgt defihaficunits, dmsvlsutrecicened [(as copmudEdne

dependent nann???aicw ﬁ%ﬁynﬂﬁ%wnsﬁu51kgf ééﬁ%&“ﬂggéﬂy ﬁ% QWEﬁrﬁgyfifﬂéP) and

nodul ati on _osc t have preV|ou een expresse
arbitrary2@nits :FF%rﬁ%‘ts- to 255. In revision 2.0 SoundFont[err] audio
format, all units Second, the units either have an absolute meaning

related to a physical phenomena, or a relative meaning related
to another unit. Units in the instrument or sample level
frequently have absolute meaning, that is they determine an
25 absolute physical value such as Hz. However, in the preset
level the same SoundFont® audio format parameter will only
have a relative meaning, such as semitones of pitch shift.
Relative Units
Centibels: Centibels (abbreviated Cb) are a
30 relative unit of gain or attenuation, with ten times the
sensitivity of decibels (dB). For two amplitudes A and B, the
Cb equivalent gain change is:
Cb = 200 logl0 (A/B):
A negative Cb value indicates A is quieter than B. Note that
35 depending on the definition of signals A and B, a positive
number can indicate either gain or attenuation.



are specified in a physically referenced form so that the WO
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18 LFO s frequency is expressed in cents (a cent is a hundredth
.of a nmusical semtone) relative to the frequency of the | owest key on

the M D keybo When specifying any of the%ﬁgﬂﬁb

absol utely, ag'gg'”lmﬁ‘-’%rence IS required. 17 Centi be s?’ﬁiﬁ‘
revision 2.0 SoundFont audi o_fornmat, this is generally a "full level"
note for centibel units. Pents: Gets aofe @ Eolabive Spihdmital.] audent

format parameterig 1/1200NgECaHheSchdA. t%rn%s E&:&!;uéﬂé‘feé’tﬁ a8 lQuenas the
10 I nst runent deil gn%r has deS| nated for Ste of

| oudness. qe %fﬁpﬁﬁésﬁ nﬂ‘,ems are gi ven by the
formul a: absoluemts|=mac2@mt§.og2123ﬂﬂbg[err] (t), where t =

tinme in Se@”dsAlaegFtlve o SO P bet) §Qﬂﬂg§92§[ﬁﬁ Wr{ﬁ ks §RGer

Ti meCent s ute refer ence Is 1 secon ero-represents
a 1 secon&hﬁpnﬁrﬁﬁuingﬁcﬁnd for a full (96 dB) transition.
Absol ute Cents: uni tsmﬂﬁeéémnmc@nta Zfe a"Ab®datindderinit’ which

Absol ute Cents 3 | ei.ng
t he absol ute frg ue% egggif%ﬂs’kg’%/ dur%&ggl, nggbf% %7%181%\@%?&%15 85
2.0 SoundFont[eF#FeaudreerV%ﬁtime Peq¥9d§nﬁteﬂduﬂbt§h¢mRQFQﬁ§9$5d@§'gnue to
al | ow specid i cath@Rge is &gpPésHéd -ond the M nimum Perceptible Difference

for the 25 paraneter. The unit of .a "cent" LS own by nusicians as
1/ 100 of a senitone, which is iﬂ%ﬁﬁqqﬁa=Nﬁ%%ﬂuh?ﬁ£$htﬂ$ﬁble

Di fference of fRepegatyve number of timecemftsolindicaees sthate hiced Thdss only
for pitch, but ghgeter tnaﬁ%nh@&s p@n@&hﬁh&ﬂfﬁ%@ﬂﬂﬁc&@t@scE!nltge&s

Cutoff 30 Fre esi_§ _engi pes, wou rt filters
with this accurggyg8¥ cﬁ??ﬁfth? %ﬁq%ﬁ |CFF§engﬁ§v+ﬁgFePartl Afdie usetul
per cept uallfuni t vofitf feruexpyessing kapmlope andsdelanttimes. wiltth isha

reviston 2.0 SOuRMEABHEr Y AL ulotRl DUbiEROBMee yitPHHAION ggfosﬂggnes

with | ower reso ut|055| specl
Frequency to th&PR ﬁear%tpéﬁmww it the WaV3f°RépP A vzt
SoundFont[err] Aedts &AdnBhe envelope time pafbﬁeﬁéf@lfuéTkﬁecuﬂﬂsqnthb

D e RS Bt hapeor bl VR b 20" Y e
Capabi|iti4§§ adjustment of a pos;tzve offset to pitch and a negatlve
adjustment of the same magnitude to all time parameters.
Percentage: Tenths of percent of Full Scale is
another useful relative (and absolute) measure. The Full
Scale unit can be dimensionless, or be measured in dB, cents,
25 or timecents. A relative value of zero indicates that there
is no change in the effect; a relative value of 1000 indicates
the effect has been increased by a full scale amount. A
relative value of -1000 indicates the effect has been
decreased by a full scale amount.
30 Absolute Units
All parameters have been specified in a physically
meaningful and well-defined manner. In previous formats,
including SoundFont® audio format, some of the parameters have

been specified in a machine dependent manner. For example,

35 the frequency of a low frequency modulation oscillator (LFO)
might have previously been expressed in arbitrary units from 0
to 255. In revision 2.0 SoundFont® audio format, all units
are specified in a physically referenced form, so that the
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19 but if the intended paraneter definition is known, appropriate
transl ation of paraneters to allow the best possible rendition of the
SoundFont[err] audio format on each platformis possible.

For exanpl e, coRadghfadsne definition of Volume 5 Envel ope A&?ﬁﬁg, L.OE.
This .is defi ned% refl’ltssi on 2.0 SoundFontg err] audio forna aswﬁlltga13

time fromwhen the Vol une ~_ Envelope Delay tine expires until the Vol unme
Envel ope has LFO endredruehéypitakexpydddadican Eeatat (ackersthape a hushefreden

as a |'i nearg ¢ NEHRASEh N2 PEbhdl -1 ONENeH! thBerAbdiicyP A5 thel Qowest

Thus the behaviqr of the audig within the attack phase i§ conpletely
def i ned. key on the MIPL; F8YRSAXSmt hesi s engine mi ght be desi gned
wi thout a |inear anplitud&hencspeskfying aryy ®ifc thesapathits tahsolutellyn a

particul ar, ssonPréé’éPéh%%i s_se-?géggf%%r eate their envel opes 15 as sequences
I X€e

of constant “dB/ sec rTanps to endpoi nts. Such a synthesis
engi ne woul d have to sinufanéibhelshedtn sevigion 2.05SoundRontéheadie fevmaty

oftits tnﬁtivtetradm%k ¥ i@@eh@&ahhé @ --ﬁinp%@euiugapeﬁ fb??@?ﬂﬁlﬂﬁ' wmtg.b_eat
set to the attag i me n r I, %€ le o) ranp .endpoi-nts
woul d be set to vf('},ue g&proofpng?ﬁ %g%e%'{rga%ﬁ‘tt hguﬁf‘ﬁeggrﬁ%lq%eru (?r@;eﬁ ack
trajectory. igliviates thatntheawtevidd comg cutseamdend aa fde revi si on

2.0 SeyndFoiHs tatstients aéa%n@arr?&?td@si@%&:taat FePSa Wiste Sr nagqutizmed.

Perceptual ly Additive Units the revision 2.0

SoundFont [ err] &5rmat units 25 whi ch can be edited are expressed in
units that are " per c@phmecehiys addbsolmte EGimecehty apeakivern byhitheneans
t hat by addidignfile sane amount to two different values of a given
paranmeter, the perception will be that the change in both cases W/ |
be of the same degree. PePREPEHAFIIPCERT t"i*/?é’ob?ﬁ%t(g’ 3yherest & b R (AeEPIYF

useful becd®se they allow editing or alteration of values in an easy

man_nerl. o In re]yilsF.Bﬁ DtO?@é\%ﬂﬂMnﬁ’eh&aﬁbuﬁerdﬁi tﬂgwé IMiredierits |
ohcnoreton oS el Beehied s BRI, 10050 e e eBBeRRbAAVhY
any four neasur &d segionds tigexor 1 secpndyfprza fndie(99 dBkrapsition.D+z (D
bei ng constant), the ABSbIEtY aterlid:f enancanitsmX ffedieridy e Same as
the percelygd “AbégiLE%rEgﬁgsfﬁcnggééfﬁ£é Cents are defined by the MIDI key
number scale, with 0 being the absolute frequency of MIDI key
number 0, or 8.1758 Hz. Revision 2.0 SoundFont® audio format
parameter units have been designed to allow specification
equal or beyond the Minimum Perceptible Difference for the
25 parameter. The unit of a “cent" is well known by musicians as
1/100 of a semitone, which is below the Minimum Perceptible
Difference of frequency.
Absolute Cents are used not only for pitch, but also
for less perceptible frequencies such as Filter Cutoff
30 Frequency. While few synthesis engines would support filters
with this accuracy of cutoff, the simplicity of having a
single perceptual unit of frequency was chosen as consistent
with the revision 2.0 SoundFont® audio format philosophy.
Synthesis engines with lower resolutions simply round the
35 specified Filter cutoff Frequency to their nearest equivalent.
Reproducability of SoundFont® Audio Format
The precise definition of parameters is important so
as to provide for reproducability by a_variety of platforms.
Varying hardware platforms may have differing capabilities,
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20 For nost phenonena whi ch can be perceived over a
wi de range of values perceptually additive units are typically
logarithmc. When a logarithmc scale is used, the follow ng

‘rel ationshi ps . ' Val ue expressed

Val ue as p%&’%‘fﬁ? en Log (Val ue) 19 0.1 mmswfsdf‘err]
-1.0 1 10[ err] 0.0 10 10
10[ err] but i% fhe intended paramet@?® definiffbRrid known, appropfilte

1000 10[ err . 3.0 Thys the logarithmaf 0.1 i5,-1
“and t he Iogaritﬁ%?BF1356°?s°§5par393t%£§ 68na§i°§eﬁﬁ? %ﬁﬁrﬁfﬁﬁi?%?aﬁﬁnaéFﬁen
of, for exanpl epflithe SoundFenth awdjos forepti noreasksplafarmmids posgibibue
in each case by tenphiNBRampie, considggithe'éeffhf%féﬂn3f1vglume

determ ne, for exanEIe, gerpeptualLy a tLye unjts of, sound
intensity, %e fFRYSLABE Bbtack jpuwe o FHiSydFi ERATREANR LV IFTmtol

| ogarithm ¢ uni SouhdFont® swdiw formutsialsy the tlrederomearhdmiBhe Volume
defined as ten ' ' t . {arid raLi f
intensity Egye%a%ég@%%%gétE§93%?#%¥%gBgﬁgfsggﬁgV%S a Eéﬁg?éﬁ%é?agn
absol ut e nmeasur Eegrheduits | Pedin AN ifades| sThpcatiagk| $haRe) i defiped as de
ExperinentalIydlehé&feﬂnéh@éféfﬁhrxﬁpmﬂtﬁﬂd throuﬂhéﬁerfﬁﬁxhﬂﬁhdkowdﬁgash
etween a un - 4 ' n e ag, s egl be |8 | .t he
same as thlzd)perg]§¥1§egh§ie$+£$‘é%%€ g %%ebgtu\%gnaéégjdgngﬁgté%% pg%%%oﬁ% at
90 dB. This wouFempéetedy definem. case if the sound intensity were measured

in the CGS 30 physical anpistdurpdsyRRhesiBi Engehé iRyt be designed

Anot her perceptﬁﬁLéx gddl jve unit . %pe. neasur enent _of pE}Cthg'
musi cal cents TAFESPE 8 AIRCRX ampliFude’ increact| Ry ¢ (YL GRI CERADLLAEY: s
1/ 100 of a seni Lonparthdular, somesEynbbesis éngines creane dheirAenvelapes
i's, of couwsse, Bs38equéRes i &fMbdndhatlud/Sbcl FEAPSNEY 1M IdH) ehageihkkng.-
Musi ci ans w | | gas%lg recogni ze that transp03|ng a seguence of _, not es
by a fixed nunbBRSBfacBppthests engine would-pavesto simulabs & linear,gttack
pitches by a peaseptsedigncelcnf itateral ofdiitkenatiee ramys ng Thee totkddy
ntact. 40 elapsed tihE of WHUANaGiEe] «BURNORL OLLRId Mo WEkalkK! 1R8]
strictly logarit C IS the neasure o egree of reverberation or
chorus processi 332 he melative heishdsgefetheoramp endppints would be set to

20 approximate points on the linear amplitude attack trajectory.

Similar techniques can be used to simulate other revision 2.0
SoundFont audio format parameter definitions when so required.
Perceptually Additive Units
21l the revision 2.0 SoundFont® audioc format units
25 which can be edited are expressed in units that are
“perceptually additive." Generally speaking, this means that
by adding the same amount to two different values of a given
parameter, the perception will be that the change in both
cases will be of the same degree. Perceptually additive units
30 are particularly useful because they allow editing or
alteration of values in an easy manner.
The property of perceptual additivity can be
strictly defined as follows. If the measurement units of a
perceivable phenomenon in a particular context are
35 perceptually additive, then for any four measured values W, X,
Y, and 2, where W = D+X, and Y = D+Z (D being constant), the
perceived difference from X to W will be same as the perceived
difference from Z to Y.
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21 ternms of a percentage of the total anplitude of the sound to

be sent to the associ ated processor. However, it is true that t he
percei ved difference between a sound with 0% reverberation and one
with 10%reverberation is the sanme as the difference 5 betﬁ?@g@gwth
90% r ever ber at i R I¥MU Sne with 100% revgf beration. The r ﬁ P hi s
deviation fromstrict | ogarithm c relatTonship (we m ght have expected

the . difference bet wagj} k¥sdNPneHohendaith %aﬁebaspég%wéd%é a
had the perceptu

a ni ts_been |o
conparing the d‘éb‘b%erﬁﬂ‘gﬁ' é’\?fervl’f‘g‘l}l ﬁrﬁ ‘hagjtqyt hgglf'%%we ukl@% él"I" tc}’fp it é‘gy
direct or unprotezaeifhmwisd. When a logari thmxg scele &8 nsedypthelfgilowing
expressed in |ipepatibtdtSps ho1%HCh as seconds, the present invention
provi des acnew neasure of tlng called "tiime cents," defined above on a

| ogarithm ¢ 15  scale. wWhen phengﬁgﬁ%‘uﬁfeés the a hﬂnd decay of

nmusi cal notes are perceived, time rs perceptually a rve in a

| ogarithmc scale. It ca®-be seen ﬂ this corresponds.0 I|ke
intensity,gnd pitch, to oproportlég(ate change in theg | ue. I n ot her
‘wor ds, the percei ved diffiesence betpken 10 20 mllisggonds and 20
mlliseconds is the same1880that bzeheen - one secdm and two seconds;
they are-both a doubling For exanpl e, Envel ope Decay Tine

i's measured not or I nd b [
absol ute t?#éie %gpinedoggbl 0%§tqﬁegnph%hgagg&égFogarl%hn1oﬁ t he
25  tinmelfn setonds caAl bel seene apdingthe Sareoyalngeefy hfopexanple, 1

| ogari t hm of tfEbréHdH)rﬂbﬂd@idé)ﬁﬁﬁcreases the under19PRAGi ¥aTaéi D &fch case
Envel ope Decay I tlnecents all ows additive nodification of the

decay tine. For %ﬂﬂ mes - If a particular instrunment contained a set of
| nstrunent 30 Spl its vleufcwespaﬁnantmeﬁm@ayfwnesampleoo nmsec at

t he | ow erﬁhf&eﬂdﬁ%ﬂigy aaariehaaduaﬂtm s%hnahsnlaégalew wél RS &hat
coul d add relqtive tinmecent resen rati oi ap t:Qﬁgduce
S0 esat 7B ch thARE srpangarirERifoSRLta0 B Bumdn L ogaPi HiRES i
keyboard and Squnnﬂ:xﬂtemBatw|gb thd. dgsibelrUidBler nBte iswlefilnedl askdyen
Nunmber is app"éﬁhéé’ﬂﬂ%dﬁb@%%ithm tE”HﬁéQ$E§43¥6a$thHE rhEleoﬁpiﬁﬁHﬁéi%be

to scale by an ual ratlo per octave, rather than a fixed nunber
msec per dﬁg SPRNES e a BY Pﬁg%népqlgﬂﬁj%ﬁﬁﬂﬂePsoF referencer AR |w D

absolute measure of sound intensity may also be established.
25 It can be experimentally verified that the perceived
difference in loudness between a sound at 40 decibels and one
at 50 decibels is indeed the same as the perceived difference
between a sound at 80 dB and one at 90 dB. This would not be
the case if the sound intensity were measured in the CGS
30 physical units of ergs per cubic centimeter.

Another perceptually additive unit is the
measurement of pitch in musical cents. This is easily seen by
recalling that a musical cent is 1/100 of a semitone, and a
semitone is 1/12 of an octave. An octave is, of course, a

35 logarithmic measure of frequency implying a doubling.
Musicians will easily recognize that transposing a sequence of
notes by a fixed number of cents, semitones, or octaves
changes all the pitches by a perceptually identical
difference, leaving the melody intact.

40 One SoundFont® audio format unit which is not
strictly logarithmic is the measure of degree of reverberation
or chorus processing. The units of these generators are in
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22 Key Nunber deviation are added to the default decay tine in

ti mecents. The units chosen are all perceptually additive.
This means that when a relative |ayer paraneter is added to a 5 vari ety

of underlying aneter, the resulting par anet ers
perceptual ly sé&@@@wﬁﬁgthe same nmanner as | t he originéﬁﬁﬁHQWFﬂﬁ%nt.
For exanple, if volune envel ope attack %IHE were expressed in

milliseconds, aréwps ¥ é“?)éli%l‘n@age of ehgh&omvwﬁuua&i ok ehbaskuid &S
of 10 nsec at the h| h

at.tac LB 1 ec ,an
the | ow notes. tc} ﬁge éggg%y% °%§Se°rdl ngogz géség g% ?B ¢ that
perceptual |y ‘the pﬁncemmg&:ﬁ@éfsrancsebe#ngsnegwagm@ﬂtwv&hvaku§ew¢rbgranxnn
woul d dOUApA& dlie vBithaalos! keRetBEraffoli I thY @amehikethBangEPeréhice

| ow not es ten percen si on SoundFaont [ err
fornat sol es Eﬂ%& ?ﬁﬂwﬂqfuV&&hd?Sénﬁﬁvﬁﬁb?Fﬁﬁﬁﬁﬂ 1oy ohé w£tﬁo$98?thn1c
nmeasur e of t|nErevhﬂﬁanatiﬁmneCEhESfeaabncfnrsthls deviietdept Gabhystrdilcti ve.

Simlar units (£ ﬁﬂﬁﬁ ggﬁ ﬁafﬁééﬁ%& OTEY: 892 exp ecteqdefAr oughout

revision 2.0 Sou usi ng perce tual |y
addi ti ve units,d3EREaNGe QEGWSGHnaFoﬁ??e?$]t° be the,gaBer 8Fna %p?B@lﬁ%%%the
ability to custiad ZAthealpecieptuagly additivetunitenieechy logapliyhadd) nis athat

relative RErameerylP ddidaring tnb SbEHOE e é&e%%rsﬁt | SoRRRLE. ehd%ury

attack time ai ntai ni n aracterrs

attack 25 tln%ﬁYQizﬂﬁ dhenAd rec¢sr or hanREQPRRHAE SQNHF-other par amet er can

be simlarly adjusted, tigincereindi 0g wi¢m>ard:¢:%a&édamd lineagfdntent
editing of pres

aspect Jof 1 ovi STUST: 2% SE5ERGEsnERE: PFOSERY CUPTCion: REPVALeENE RN afeTire
whi ch the pitcredftine caldededtineacents,"” defiinedaiaboNe pn prdogaunsthmic

formats, f¢o amuéaaachesml&avshkasﬁena suéﬁ‘k@é‘ tHd attk!:%cii' hea&c PHP AR ichl

I nb t th hift.d d at
2 Pootn e AT EF eI ede; hEPR T RO %Hﬁ%f%a i t he 35

sanpl e rate of ldgamidipic schdeout Phit camnipe eseext dhaft tthes corregnohds; zZkike
the desired pitgheésithe ah@0bikek, €50a aPoddttithhate chBhie’ ihNthbevsAP! €
Itself. In other words, the perceived difference between 10
20 milliseconds and 20 milliseconds is the same as that between
one second and two seconds; they are both a doubling.

For example, Envelope Decay Time is measured not in
seconds or milliseconds, but in timecents. An absolute
timecent is defined as 1200 times the base 2 logarithm of the

25 time in seconds. A relative timecent is 1200 times the base 2
logarithm of the ratio of the times.

Specification of Envelope Decay Time in timecents
allows additive modification of the decay time. For example,
if a particular instrument contained a set of Instrument

30 Splits which spanned Envelope Decay Times of 200 msec at the
low end of the keyboard and 20 msec at the high end, a preset
could add a relative timecent representing a ratio of 1.5, and
produce a preset which gave a decay time of 300 msec at the
low end of the keyboard and 30 msec at the high end.

35 Furthermore, when MIDI Key Number is applied to modulate
Envelope Decay Time, it is appropriate to scale by an equal
ratio per octave, rather than a fixed number of msec per
octave. This means that a fixed number of timecents per MIDI
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23 I n other approaches, the sanple rate of the sanple
is maintained as well as any desired pitch correction. \Wen t he
."root" key is played, the pitch shift is equal to the ratio of the

"sanple rate of H))gg le to the output sanple 5 rate, altq;cﬁ.ﬂ, s?ﬂ'y
correction. Co aﬁgﬁs due to sanple taing errors as we sgash ose
deliberately required to create a special effect are conbined.
-Revision 2.0 Souxey-Quinitdd dedidit@ohoar@taddeditta thef efault d=uAy fdimel dnnot

only the sanmple gai&Q{ed he sanple but also 10 the original key which
corresponds to the sound, any tuynin correction assocjated with the

sanpl e, and any del i ber at &€ uniFﬁnghas%’haﬁ'i‘b% 3l pegeePbrr i addk iy change
i s maintai ned atThis mdadms ithatr vhent a | sekdtivd-Qayerapptenetdr asladbidéhzro a

sanple of a 'aeﬂ.%; L. ddl S , e ?sﬁﬂ}_cji ed with
M Dl 15 msddl ev%% I }%%gte %%gaﬂgssﬁ%@"poér%gﬁe%g?kgéoﬁ ong vﬁ h )
44100. |f a sourRRXRRAYRRS aget PPRFAREMALLY SRAcededdr EhegSag gnanner @isyEnpy

two cents, a twoHeEHriRAvialll Y8sRrhREn€Or rEt ickampdel, dif voluits eiiRlivper ed.
These three nunbaetr '

S l.d _not be altered.even..,... LI the pl t of .the
sanple in the Souchﬁf;g%'fLi di%grfo?ﬁﬁfeiﬁed %?%&ﬁsgﬁgﬂé?ha?o ttasﬁ’g{re FSapPgard
middl e C pl ayed nights hayee veryhquick aktagi faines pift 6. mseamirdite digho

fo; matI mai ﬂbaiknsnotes, N EAbOY attdOPItideyy 08a90 HSéalbn Brd URW hdtelsS
nat ur a ey.

t whi.ch.can_be changed to alter the effective pl acepent
o e sampl o orE% e Aneti§3" 135eE GOok Blsh Pxprhesed T gie, BAr doek
del i ber at e changen-adqdiittivie. milliseconds, an Hiédidvenvalpe off i msed woudtd

cones when a | r. 13St | . '
SquEIKHY BicEobk Sy ded (Y pign! AoBes MRS cHlahdibigh the

desi gner goes t FAIOGHRS BXARAY| HEBRATRATY ns REYHBAPD 11 SERNGEQHY®eaudlo
sanpl e rat25(i ndicmatatngolaesr ghibapaint itilar @ilgmnal by invémtirg rdi cating
hoai n detor m ne T tAtbhie eALhE] SPIEARI, Mhrpeg, nrifetdile S vifiTh 1Y
Revi sion 2.0 SoReFceRtpadly addisivernat provides for an 35  "unpitched"

val ue (conventionally -1) sifailabeuRitg)i (tdntesy dB) and péfcettadyesd)emhaviec been

3??8;’4‘7’865 not hAavd dnPaakhBltPLL6fsion 2.0 Soﬁe?}%ggg/{% format. By O

24 20  using,pexeertHrily WPHeiverfunids, srenisien SouhEvmdFent?
audio format provides the ability to customize an existing

"instrument® by simply adding a relative parameter to that
instrument. 1In the example above, the attack time was
_extended while still maintaining the characteristic attack

25 time relationship over the keyboard. Any other parameter can
be similarly adjusted, thus providing particularly easy and
efficient editing of presets. '

Pitch of sample
A unique aspect of revision 2.0 SoundFont® audio

30 format is the manner in which the pitch of the sampled data is
maintained. In previous formats, two approaches have been
taken. In the simplest approach, 'a single number is
maintained which expresses the pitch shift desired at a “root"
keyboard key. This single number must be computed from the

35 sanple rate of the sample, the output sample rate of the
synthesizer, the desired pitch at the root key, and any tuning
error in the sample itself.



audio format is the way in which stereo sanpl es are handl ed. Stereo
sanples are particularly useful when reproducing a musi cal i nstrunent
whi ch has an associated sound field. A 5 piano is a good exanple. The

| ow notes of a piano appear to cone fromthe left, while the high

not es cone fronh%ﬂﬁm% ht . The stereo sanples also add a ci ous
feel to the sou IS mssing mheg3a singl e nnnophdﬁ%%%gﬂﬁﬂﬁﬁ S
used. In previous formats, spéCial provisions are nmade in 10

t he eqw val ent of the i nstﬁuﬁ’éﬂér oatdhe%CCQHHDQailﬁlétﬁé@Q of theséﬁﬁb?zé
In revision 2.0 SoundF ? %ﬁ %i],: f or mat
1 I

| f
tagged as stered (Fﬁ&ﬁ ﬁf on af?)deﬁﬁﬁeaag?Lgh c??ﬁ?ﬁ e |oﬁh89
its mate in thethemdroat" (key i84playdd g the2pitch shiﬁt51smnquahltu:thhen

edi t'i ng the Soundfkqat oi“’éh& é%ﬁﬁéw?el%f tﬁkeéﬁﬂg??ﬂi’n&é ﬁ%ﬁé%%dﬁiﬁﬁg&@ed

as stereo wthout need| to the In In
‘samml e is ded. rate, 218dred by 1#RY [SRGRECTIGR - al SBEFRCEIGRM e (t0 SaFpaet
even gr eat ¢éundagr eesons sanqﬂém &BSQ:(NO&EI delybetritély argtheiriddl to create

sinply tagged ag s § o0 anot her nenber of 20 t he
| i nked set mhic% FEEE?? gfﬁé% I|r é ?n a circul ar manner, then

triples, quads, or even nBF%l%bﬂ%l%59<§ﬂ¥n§§°ﬂt° apdio format madntgdasator
Ihandl i ng. each §afphé ﬁde%mmkﬂlﬁifs&mme&aﬁénefetﬁ@tﬁﬁplﬂeabﬁt also
nconpatl ity vet.a 1 Zer \Y

pitch of bi& tﬁégaﬁﬁlgmal ]f%y \é\ﬁi’a °?:r§¥§gg$% |é§ é%é £ ‘%}aAdcénS’ &%‘

i nt er pol ati on. ¢ﬁr§eﬁtbeas%sﬁﬁﬁﬁaﬁﬁdnﬂiQQ the samnbeofam¢nany deldbeypteal

anal og audi o si eaahneycnsﬁéer datlmtcbcauﬂﬂngoaﬁange 1§‘%§i@fha@5ehn9‘ﬂ“

A | nexpenc vo, ChB SECTERNRERT AU WO i §6r Sy, SeeBle of

equi val ent to dpaanqgsazniddllaeb@tmmatdee the numbepréXiassociated eiiths MIDI
This nmethog i s heaged clwa@m be stdydCaROkak! #8ri ﬁaé‘Pﬁ?eanQﬁQﬁid’%zﬁﬂd

audi bl'y superi or nethod utes a urved function dsin
proximal data 4410Boj nfE, aaiﬁﬁ%éwq%ﬁ¥ﬂﬂf deﬁﬁéﬂmiPﬁ$|?ﬁa#rﬁ¥ﬁ¢iﬂ9%HQ& g were

Because bot h t h€3atnkyhtws csmtspomaminioy centupesitive pitcH wormtectionhwould
purports to be pe b f Y, sst I
adequately in bQ ﬁgaeé fgg? e |ty%’?eg nunbex )b &6 g;fﬁg%%%gEgh even
PCT/U896/13154 f the placement of the sample in theZ%pundFont|quégrformat

i nt er pol atan wwhk hotl $uthethat it keybdakit yiddle C played alfe sampdet Rith
techni que, an aﬁB”gﬁ g"fﬂ?%ﬂgcﬁ)f Td Aot audio OFSHhSt 'dadhdadQR POI Nt IN

a sanple is define
separately a "root" key whose default value is this natural

key, but which can be changed to alter the effective placement
of the sample on the keyboard, and a coarse and fine tuning to
25 allow deliberate changes in pitch.

The advantage of such a format comes when a
SoundFont® audio format is to be edited. In this case, even
if the placement of the sample is altered, when the sound
designer goes to use the sample in another instrument, the
30 correct sample rate (indicating natural bandwidth), original
key (indicating the source of the sound) and pitch correction
(so that he need not again determine the exact pitch) are
available.
Revision 2.0 SoundFont® audio format provides for an
35 "unpitched" value (conventionally -1) for the original key to
be used when the sound does not have a musical pitch.
Stereo Tags



strictly using linear interpolation. 5 Sanmpl es are | ooped to

provide for arbitrarily |ong duration notes. Wien a | oop occurs in a
sanple, logically the | oop end point (170 in Fig. 3) is spliced
agai nst the (hopefully equivalent) loop start point (172 in Fig. 3).

I f such a_spli Is sufficiently snmooth, no loop artifa ! 10
Unfortunately, egﬂm?ﬁfer pol ati on cones into QI ay, nor e f"gﬂ&gﬁ’aﬁ“
sanple is involved in the reproduction of t hé output. Wth linear

interpolation, it is suf fw'@x{ér tiiglqueN@spect aﬁlf&ﬁldme %aeahﬁaﬁaaes
poi nt at the end €4 of

t (virtyally). identi he, va
the sanple data b‘g tP?ﬁmafS 15'?:%3&& reP WIH-S %‘F v%en e co%pu%laf“iE n of
t he interpol at e§tereo samplesiaxe @ﬁr@dgylaesrmelseﬂel phen meEProduchngne s,

dat & out si d@stBgl | DoPeRAMIARNIRA0hAS AR @éé@&iaﬂém sowad f@.&lahe A
loop. If that data is, not s ort| §of a atlfact

p
clicking aml buP*PRY Hﬁr?‘ﬁ BanPBRRNres ﬂfe a p:.ano agbeaq-h'%o
revi sion 2.0 SogonsEofitom atlts dl.éﬁr rrMue.banuarliigh notEs\caes faronet:hée:hgﬂnt]ue

for elimnation r%iﬂ@s €4S S h

of the proxinal ﬂE %’F&Pe& nt suror 8§§d| négi E ‘fisogfpa)ééslt atiofrtg%dge

to be corré§pﬁﬁﬁ$:h'g9 Wh%}'erﬂ ﬁﬁ-&lglel\/ﬂPE"Ph%i‘éliﬁﬂP 1soiif ¥sgle not 25
required; experinentationcshsmeridial fokfiats! | ép&ﬁﬁprpxhiﬁ.@dohb are madéhin

di stant d ar au vern. i d LN It er, [cing
t he data ;a)%‘?nt s%{’ ng%\gefeggtp % 5“"“"‘%‘&% th T %u%r%%%& tgé g?ﬁage -1 e
i nterpol ators, sagplesessimirevision (3@9 SeuhdFontft audis tfopmat . f the sauple

30 Acdaifely @lgdeas iy ehte&eearhﬁesz exba qncliq&gemme and has
audi o sanpl e da conf ormio, t he tanda{__g 1 et forth
e O T ompl € o el fofRiL 51 it Sabennt Fha ariie B Ntag dee 1n B, £

simlar tine doRhis weans dhat Wlfena edliting(Bhe SoundFar: pudips formal, a
triangul arys ndguepbd maﬁnﬂél%a%am@ ®aihthihed 29 stézae&ﬂmﬂhedtt feb@ifg to

| oops, and the re ultin vef or are avera hy addi.ng each
pair of points &f ’Eh‘?/‘?%"r'ffg H\%@ﬁ e"?m which jhe @a"ﬂ’ﬁfp %OPF&SI’I on si gnal
will be produced. |f thi The forsiagnadani slsovwberegsarndacdo suppeitt event and

gg'?'/ afsgglhi?)llgngreater degrees é@s%yp(iyfzgsoc;atlv:.ty. 5 If a samplﬁ :.s

t
wi |l be forced FEPBLY|tRgge% As ildmked!s WHitY #pointer %o anothgr B?m’?ﬁ’é of
original d a. the linked set whidi aeentllasinildrted inkedXiar a] ciscobar

sanpl e data ﬁanﬁqgfntt@ &ﬁ% ga;a% ot OFen Hode daiip188MBhA ﬂéta

point at 5 oop en rate 1s 50 kHz, "then we can form
the | oop correcF‘Fbﬁ %}%ﬁq_r[ e?rRﬂ‘-‘-lal handlt ng.

Use of Identical Data to Eliminate Interpolator
Incompatibility

25 Wavetable synthesizers typically shift the pitch of
the audio sample data they are playing by a process known as
interpolation. This process approximates the value of the
original analog audio signal by performing mathematics on some
number of known sample data points surrounding the reguired

30 analog data location.

An inexpensive, yet somewhat flawed method of
interpolation is equivalent to drawing a line between the two
proximal data points. This method is termed "linear
interpolation." A more expensive and audibly superior method

35 instead computes a curved function using N proximal data
points, appropriately dubbed N point interpolation.

Because both these methods are commonly in use, any
format which purports to be portable among both types of
systems must perform adequately in both. While the gquality of



For n from-253 to -5: L[err] (254+n) (X[ err]) + X err]/500

For n from-4 to 4: L[ err] (X[err] + Xerr]/2 10 For n
from5 to 253: Ll[err] = (254-n) (X[err]) + Xerr])/500 The
cross-fade is simlarly performed around both | oop start and | oop
end: 15 For n from-253 to -5:

X [err] = (245+W?9I2’P'g|7?]/250 + (-4-n) X[err]/%EzO Pcmf—scg)?nsr%s‘from
-4 to 4. X [err] = L[err] For n from5 to 253;

X [err] = (254-A)ineber EhtérPorakidh Wiihenilie5PhéOyitinate fidelit?obfn from
-253 to -5: _ . . X [err] = (2b4+n) Llerr]/25Q +_.
(-4-n) X[ err]/ 25@Ystens using this teghnicque, anjactual in¥s of| Fifppity
For n from5 too26Brs if a loop point in a sample ¥s[defined (a2 tested

L[efr]/250 + (- $ead)key hifaD Phhear intepBigiidnbe clear from the

mat hemati cal equations™t ha unctions can_be_ sinplified, by

conmbi ni ng the averagi ng aPRiPles axg Joopedq R PEpEids iRk arbitrarily long
As wi || be undedstratdohyndtese fwirer iaaloosipt bethes3in a sunple,hdogieadlyy the
i nvent’ion may b ked in o ; i fi . .13 arting
fromthe spiri tiggggggéng?a’&. H]fd J%ﬁgﬁ' (o] é?i S %%i{ﬁgearse .%b%clg.tg‘%grrpl e,
other units thathgpefully eqiivalantll Lpopdgtartcpebif (W2 ddedigat Bdr t REin
g ge onles set ] suchfiﬂrﬁﬂlfib@Yﬁsl_Mfi@i@%'l?h;hbﬂﬁ q&&qﬁi@ wlZO Oie&&edoa&ues.
' ogard t hm c val ue iplie sonet hi.ng ot her, t han e]s

coul d be gf%ressed in pe?@%ﬁﬁéﬁﬁ?é#éﬁ*'.nggrapﬁ polatien °°mesﬂ&P%§bPﬁ§Y'
description is marentbantonecssannletisatinvelyedt he the repnodustiion ofntthe

r fef eL ence s hou:c gdugutindeyish thendL |i@i«u'e9§>o1atior7; ’Clo% gigs e iente thhanghag
(2)7 the scope o vtagxeml g¥e tclao%@ﬁll%gl&tﬁgfg&n\{.\oag ‘éhe end of the loop be
APPENDI X | {(virtually) identical to the value of the sample data point at

15 the start. However, when the computation of the interpolated

audio data extends beyond the proximal two points, data
ocoutside the loop boundary begins to affect the sound of the
loop. If that data is not supportive of an artifact free
loop, clicking and buzzing during loop playback can occur.

20 The revision 2.0 SoundFont® audio format standard
provides a new technique for elimination of such problems.

The standard calls for the forcing of the proximal eight
points surrounding the loop start and end points to be
correspondingly identical. More than eight points are not

25 required; experimentation shows that the artifacts produced by
such distant data are inaudible even if used in the
interpolation. Forcing the data points to be correspondingly
identical guarantees that all interpolators, regardless of
order, will produce artifact free loops.

30 A variety of techniques can be applied to change the
audio sample data to conform to the standard. One example is
set forth as follows. By their nature, the loop start and end
points are in similar time domain waveforms. If a short (5 to
20 millisecond) triangular window with a nine sample flat top

35 is applied to both loops, and the resulting two waveforms are
averaged by adding each pair of points and dividing by two, a
resulting loop correction signal will be produced. If this
signal is now cross-faded into the start and end of the loop,
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<INFO-|ist> w?”&“ﬁﬁﬂ emental Information 5 PCT/US36/13154
<sdta-list> , The Sanple Binary Data

<pdta-list> theTQet&resrt ,Bd roricegend padidamhloniHeddar vilgtaally no

} 4.2 SoundF Ll F ink€V8hed. <INFO list> > LI ST
e ABkrdoBLEF & |6 YolBinkt aked. <IWFOTTst> | 5 11
Refers to the version of ¥aexatigagdy skpkeds 3% X is the sample data

<i shg- ck> , pBRfatr attthe hetdry @€t theubdofpgtiels the sample data point at
<| NAM ck> nRe t d ngg NaTE;

[ <i rom ck>] ;tﬁgf %géﬁt%&%hgqgg%ﬁ%ﬁg%?kﬁm e 0 kHz, then we can form
[ <i ver-ck>] ; thef teap teparRctESOmMELIBIAL VB Si on

[ <I CRD- ck>] ; Refers to the Date of Creation of the Bank

[ <I ENG ck>] , Sound Desj gners_an ngi neers fo h nk

[<IPRD-ck>] ; Product fdF WIFEh 'gﬁgtga{& V\’;S-i {ﬁséﬁﬁegﬁ(s*n’ * X(e4n)?/500
[<I COP-ck>]  :Contains &% TIFPPi8H® hessagm = Kisen) * X(een))/2

[<I CMT-ck3}0 ; Contai ns ¥RAy® E5AMENES 283 t helBanieS4-n) (X(gin) *+ X(esn)) /500

[ <I SFT- ck>] ; The SoundFont tools used to create and alter the bank

<sdt a- ck> >rhé drésSHfe is similarly performed arotnfPhbatk!icop st

Digital Audio Samples
and loop end:

15 for n from -253 to -5:
X’ (sen) = (245+n) Lyn/250 + (-4-n)X(g.n)/250
For n from -4 to 4: x'(s+n) = Lo

For n from 5 to 253:
X’ (s4+n) = {252-n) Ln/zso * (-4+n)x(s+n,/250

20 For n from -253 to -5:
X (es+n) = (254+n) Ln/250 +* (-4-n)X(e+n) /250
For n from -4 to 4: X'(esn) = In

For n from 5 to 253:
X' tesn) = (254-n) L;/250 + (-44n)X{(g.n)/250
25
It should be clear from the mathematical equations that the
functions can be simplified by combining the averaging and
cross—-fading operations.
aAs will be understood by those familiar with the
30 art, the present invention may be embodied in other specific
forms without departing from the spirit or essential
characteristics thereof. For example, other units that are
perceptually additive could be used rather than the ones set.
forth above. For example, time could be expressed as a
35 logarithmic value multiplied by something other than 1200, or
could be expressed in percentage form. Accordingly, the
foregoing description is intended to be illustrative of the
invention, and reference should be made to the following
claims for an understanding of the scope of the invention.



<pdt a- ck> > LIST ('pdta" { <phdr - ck> ; The

Preset Headers <pbag- ck> ; The Preset |ndex

| i st <pnod- ck> ; The Preset Mdulator |ist
<pgen- ck> ; The Preset Generator |ist ' <i nst - ck>
: The I nstrune and I ndicies <i - ck> :
The | nstrunent nﬁ?&@&;ﬁf 27 <i nod- ck> tﬁﬂ"’cﬁﬁ@“l“

| nstrunent Modul at or Ilst <i gen- ck> ; The

I nstrument Generator |ist <shdr - ck> ; The
Sanmpl e Headers } ) Joint E-nmu/Creative Technol ogy Center
- CONFIDENTIAL - Page 7 - Printed 8/11/95 at 6:08 PM . WO

97/ Q7476 APPENDIX I PCT/ US96/ 13154
29 4.3 SoundFont 2 RIFF File Format Level 2 <ifil-ck> >
ifil(<tver-rec>) ; e.0.2.00 <isng-ck> >

i sng(szSoundEngi ne: ZSTR) ; e.g. "EMJB000" <irom ck> >

i rom(szROM ZSTR) ; e.g. "IMaM <iver-ck> > jver(<iver-rec>)
; €e.0.2.08 <I NAM ck> > | NAM szNane: ZSTR) ; e.g. "Genera
MDI" <ICRD-ck> > | CRD(szDat e: ZSTR) ; e.g. "July 15, 1995"
<I ENG ck> > | ENE szNane: ZSTR) ; e.g. "John Q Engi neer ™

<| PRD-ck> > | PRD(szProduct:Z RIF <| COP- ck> >

| COP(szCopyri ght: ZSTR) Si_%oundl"ontp%“ ght Fc) 1995 %!:nu Syst ens,
Inc." <ICMI- te ZST ; e.g. "This is a
commrent " &i §?@db@€gm vel 0 . e.g. "Preditor
2.00a:Pred|tor 2.00a" <smpl-ck> > snpl(<sanp|e WORD>) ; 16 bit

Ay i compm s

pgen( <pgen-rec>) <inst-ck> > inst (<inst -rec>) <ibag-ck> >
i bag(<i bag-rec>) <inod-ck> > inopd(<inod-rec>) <igen-ck> >
i gen(<i gen-rec>)



<shdr-ck> > shdr(<shdr-rec>) 4.4 SoundFont 2 RIFF File Format Level 3

<iver-rec> > struct sfVersionTag WORD wiVRj or ; WORD WM nor ;
<phdr-rec> > stuct sfPresetHeader CHAR achPresct Name[ 20] ; WORD
wPr eset , WORD wBank; WORD wPr eset BagNdx DWORD dwLi brary;
DWORD dwGenr €; DWORD dwior phol ogy, Joint E-nu/Creative Technol Oﬂ&
Center - CONFI DERIE?. page 8 - Printed 8/11/95 at 6:08 Pv FCTUSIN WO
97/ 07476 - 28 PCT/ US96/ | 3154
30 <pbag-rec> > struct sfPresetBag { WORD wGenNdx; WORD
WVbdNdX; <SFBK\dertneC > > RIFFUCtBkSf ModLi st ; RIFF fornbhéddetul at or sf ModSr cOper ;
SFGener at or sf ModDest Oper ; ¢ SHORT nodAnount ; SFMbdul at or
sf ModAnt Sr cQper ; SFTr ansfqNpOsHstd Tr aBgfgkedental Informhtion <pgen-rec> >
struct sfGenList { SFGenergligispf CeOPefhe SamplBRAYINY TYPE genAnpunt ;
<pdua-list> . The Preset, Instrument, and Sample Header data
}
)
4.2 SoundFont 2 RIFF File Format Level 1
<INFO-list> = LIST('INFO’
{
<ifil-ck> ~; Refers o the version of the Sound Font RIFF file
<isng-ck> : Refers 1o the target Sound Engine

<INAM-ck> : Refers to the Sound Font Bank Name

[<irom-ck>) ; Refers to the Sound ROM Name

[<iver-ck>] ; Refers to the Sound ROM Version

[<ICRD-ck>]  ; Refers to the Date of Creation of the Bank
[<IENG-<ck>] ; Sound Designers and Engineers for the Bank
[<IPRD-ck>] ° ; Product for which the Bank was intended
[<ICOP-ck>] . Contains any Copyright message

[<KICMT-ck>]  ; Contains any Comments on the Bank

[<ISFT-ck>] : The SoundFont tools used to create and alter the bank

}

)

<sdta-ck> = LIST(‘sdma’

{
[<smpl-ck ] ; The Digital Audio Samples
3

)

<pdia-ck> > LIST('pdw’

{
<phdr-ck> ; The Preset Headers
<pbag-ck> ; The Preset Index list
<pmod-ck> . The Preset Modulator list
<pgen-ck> : The Preset Generator list
<inst-ck> ; The Instrument Names and Indicies
<jbag-ck> : The Instrument Index list
<imod-ck> ; The Instrument Modulator list
<igen-ck> ; The Instrument Generator list
<shdr-ck> : The Sample Headers
}

)

Joint E-mu/Creative Technology Ceater - CONFIDENTIAL - Page 7 - Printed 8/11/95 at 6:08 PM



<inst-rec> > struct sflnst
<i bag-rec> > stuct sfinstBag

<i nbd-rec> > struct sflnstMdLi st

SFGener at or sf MbdDest Oper ;
sf ModAmt Sr cOpe
sfinst GenLi st

Wwo 97{0147?

Page 9 - Printed 8/11/95 t 6:08 PM
31 PCT/ US96/ 13154
genAnmount Type genAnount ; };

CHAR achSanpl eNane[ 20] ;

CHAR achl nst Nane[ 20] ;
WORD Wl nst GenNdx;
SFModul at or sf MbdSr cQOper,
SHORT nodAnount ;
FTransf or m sf ModTr ansQper ;
oint E-mui Creative Technol ogy Center -

29

DWORD dwSr art ;

SFModul at or

WD 97/ 07476

SFGener at or sf GenOp;
<shdr-rec> > struct sfSanple

DWORD dwEnd:;

dwSt ar | 0op;4,3 SoundEE2 RIEFFikOFormat Level/PRD dwSanpl eRat e;
byOri gi nal Key;

SFSanpl eLi %ﬁé@a”p_keﬁ}i&%u-m?)

A

<isng-ck> >
<irom-ck> -
<iver-ck> >
<INAM-ck> >
<ICRD-ck> >
<I[ENG-ck> >
<IPRD-ck> >
<ICOP-ck> >
<ICMT-ck> >
<ISTF-ck> >

<smpl-ck> >

<phdr-ck>
<pbag-ck>
<pmod-ck>
<pgen-ck>
<inst-ck>
<ibag-ck>
<imod-ck>
< gen-ck>
<shdr-ck>

vvvvvvivy

CHAR chCorrecti on;

isng(szSoundEngine:ZSTR)

irom(szZROM:ZSTR)
iver(<iver-rec>)
INAM(szName:ZSTR)
ICRD(szDate:ZSTR)
IENG(szName:ZSTR)
IPRD(szProduct:ZSTR)
ICOP(szCopyright:ZSTR)
ICMT(szComment:ZSTR)
ISFT(szTools:ZSTR)

smpl(<sample:WORD>)

phdr(<phdr-rec>)
pbag(<pbag-rec>)
pmod(<pmod-rec>).
peen(<pgen-rec>)
mst (<inst -rec>)
ibag(<ibag-rec>)
imod(<imod-rec>)
igen(<igen-rec™)
shdr(<shdr-rec>)

4

WORD wSanpl eLi nk;
. 2,00

; e.g. “EMUS000”
;6.2 “IMGM”

i -4

.2.08

. e.g. “General MIDI”
;e “luly 15, 1995”
; e.z. “John Q. Engineer”

eg

.“SBAWE32"

<i gen-rec>,(,é:@$

WORD Wi nst BagNdx;
WORD W nst MbdNdx;

AL -

BYTE

; e.z. “Copyright (c) 1995 E-mu Systems, Inc.”

1eg
" : e.2. “Preditor 2.00a:Preditor 2.002”

. “This is a comment”

; 16 bit Linearly Coded Digital Audio Data

4.4 SoundFont 2 RIFF File Format Level 3

<jver-rec> >

§

struct sfVersionTag

WORD wMajor;

h

<phdr-rec> >

{

WORD wiMinor;

struct sfPresetHeader

CHAR achPresetName[20];

WORD wPreset,

WORD wBank;

WORD wPresetBagNdx;

DWORD dwLibrary;

DWORD dwGenre;

DWORD dwMlorphology;
Joint E-mu/Creative Technology Center - CONFIDENTIAL - Page 8 - Printed 8/11/95 at 6:08 PM



4.5 SoundFont 2 RIFF File Format Type Definitions The sf Modul at or.

sf Generator, and sfTransformtypes are all enuneration types whose val ues
are defined in subsequent sections. The genAnount Type is a union which
all ows signed 16 bit, unsigned 16 bit, and two unsigned 8 bit fields:

t ypedef wunion rangesType ranges; SHORT sbAnD

wAmMount , )wg?e%&WﬁntType; t ypedef stru@ BYTE byL}%mswuéVTE
byH ; } rangesType; The SFSanpl eLink iS an enuneration type which
describes both the type of sanple (nono, stereo left etc.) and the whet her
the sanple is Ihcated in RAM or ROM nenory: typedef enum

nonoSanple = 1, Joint Enu/ Creative Technol ogy Center - CONFI DENTI AL -

Page 10 - Pmpmqucﬁliléﬁﬁtgpuﬁm PM WD 97/ 07476

32 PCT/ US96/ 13154 ri ght Sanple = 2,
leftSample = 4 0 &fedSarrpl e = 8§, Rom MonoSanpl e = 32769,
RonRi ght Sanpl e o%:g RonmLeft Sanpl e = 32772,

Ronli nkedSanpl e } SFSanpl eLi nk

5 The | NEO-|i sthChunk

<pmod-rec> = struct sf\ModList
{
SFModulator sfModSrcOper;
SFGenerator sfModDestOper,
SHORT modAmount,
SFModulator stModAmtSrcOper;
SFTransform sfModTransOper;

j

<pgen-rec> > struct sfGenList
§
SFGenerator sfGenOper;
genAmountType genAmount;
|5

<inst-rec> - struct sflnst
{
CHAR achinstName[20];
WORD winstBagNdx;
|4

<ijbag-rec> - structsfinstBag
{
WORD winstGenNdx;
WORD winst\odNdx;

h

<imod-rec> > struct sfinstModList
{

-SFModulator sfModSrcOper;
SFGenerator sfModDestOper,
SHORT modAmount,
SFModulator stModAmtSrcOper,
SFTransform sfModTransOper;

2

<jgen-rec> - structsfinstGenList

{
Joint E-mu/Creative Technology Center - CONFIDENTIAL - Page 9 - Printed 8/11/95 at 6:08 PM



Thel NFO- | i st chunk in a SoundFont 2 conpatible file contains three
mandatory and a variety of optional subchunks as defined bel ow. The

| NFO-1i st chunk gives basic information about the SoundFont conpatible
bank contained in the file. 5.1 The ifil Subchunk The ifil subchunk is
a mandatory su denti fy| ng t he SoundFont specification vel
to which the Bﬂ;%é lies. is always foB1 bytes in Iengtkﬁ %ﬁsiﬁ
contains data according to the structure: struct sfVersionTag {

WORD wW\VRj or ; WORD WM nor ; The word wivaj or contains the value to
the | eft of theFdensraetsfceadg i n t he SoundFont specification version, the
word WM nor corpegAmsudie\behlifoldt, t he right of the decimal point. For
exampl e, versigh 2. 11 woul °d be inplied i f wivhj or=2 and wM nor=l1. These
val ues can be used by applications which read SoundFont conpatible files to
deternine i f f file is usable by the program Wthin a
fixed wwaj o%‘hh{lﬁg %ﬁuﬁ%@l %o the format will be the addition of

Gener at or, Source and Transformenunerators, and additional info subchunks.
These "are al | &EARMBSARPIESARE205nored i f unknown to the program
Consequent |y, MRMQ tions can be designed to be fully upward

conpati bl e w t BWO, whkad; wiaj or. In the case of editors or other prograns
in which all eDWORDdwStardbap)l d be known, the value of wM nor nmay be of
consequence. GpwoORDIdwEndRopppl i cation programwi || either accept the file
~as usabl e (pospHPbRDUvdAmpRAfRP! | ate transparent translation), reject the

file as unusabw user that there nmay be uneditable data in the
file. If the i is missing, or its size is not four bytes, the
file should be f ructural |y unsound. Joint E-nu/Creative
Technol ogy Oent éﬁ%’i L \oe: Page 11 - Printed 8/ 11/95 at 6:08 PM

WO 97/ 07476 5‘“‘?1

PCT/ US96/ 13154 % 33

5.2 The isng Subchunk The isng subchunk is a nmandatory subchunk
identifying the wavetabl e sound engine for which the file was optim zed.

It cont ai ns4.5SotidFont 2 RIFFJFile Foromat TPy Défihitioriscl udi ng one or two
term nators of value zero, so as to nake the total byte count even. The

defaul t i snagelhfhdlidit, {HBEndehdl) hnd ¥ HTsFHEPHERHY A Gumeration types whose values are

defined in subsequent sections.

The genAmountType is a union which allows signed 16 bit, unsigned 16 bit, and two unsigned 8 bit
fields:

typedef union
{
rangesType ranges;
SHORT shAmount;
WORD wAmount,

} genAmountType;

typedef struct

{

BYTE byLo;
BYTE byHn;

} rangesType;

The SFSampleLink is an enumeration type which describes both the type of sample (mono, stereo left,
etc.) and the whether the 5a:.nple is Iocated in RAM or ROM memory:

typedef enum

{

monoSample =1,
Joint E-mu/Creative Technology Center - CONFIDENTIAL - Page 10 - Printed 8/11/95 at 6:08 PM



"EMJB000" as seven ASCII characters followed by a zero byte. The ASCl |
shoul d be treated as case-sensitive. In other words "enu8000" is not the
same as "EMJB000. " The isng string can be optionally used by chip
‘drivers to vary their synthesis algorithns to enulate the target sound
engi ne. If the i s% subchunk is mssing, not termnated in a zero val ued
byte, or its coMAN 476 ¢ an unknown sound eggine, the fiel d R

i gnored and EMJB000 assuned. 5.3 The | NAM Subchunk The | NAM subchunk
I s a mandat ory subchunk providing the nane of the SoundFont conpati bl e
bank. It cont afisigsaipléSg) | string of 256 or fewer bytes including one or
two term natorsjeafaiislb 49 zero, so as. to nake the total byte count even. A
typi.cal inam su d be the fourteen bytes representing "GCeneral
MDI™ as twel Vep, gf% foll owed by two zero bytes. The ASCI |
shoul d be treat asé- ive. In other words "General MD" is not
t he :sane as GEMJW ”%J}%fi inamsting is typically used for the

i deni tificati onROPLEWHAPIERII /2 the file names are altered. I|f the inam
subchunk is m sBémbinkedSample %327h¢ nated in a zero val ued byte, the field
shoul d be i gnor p6FSamplelimk; user supplied with an appropriate error nessage
If the nane is queried. If the fileis re-witten, a valid nanme should be
placed in the INAM fi el d. 5.4 The irom Subchunk The irom subchunk is an
optional subchunk identifying a pgrtlrlfélml.-mgg@ﬂ gound data ROM to

whi ch any ROVIsarrpI es refer. It contarns an ring of 256 or fewer

‘bytes |ncIu mD te ors o | ue zero so s to ke, th

t ot al byte é:; Gﬂ‘PP é&ﬁw fﬁffg
representin EAYRS Basi °'b‘}’l‘%s
The ASCI | wdﬁoﬁémpwlﬂéﬂnh 3\4 %ive. In other words "I ngn' is not
t he sane as "IMGM" The iromstring is used by drivers to verify that the
ROM data referenced by the file is available to the sound engi ne. Joint

E- mu/ Cr eat i 84 T il Subehakt er - CONFI DENTI AL - Page 12 - Printed 8/11/95
at 6: 08 PM WD 97/ 07476 '

'PCT/US96/ 134hdhiil subchunk is a mandatory subchunk identifying the SoundFont specification version level to
which the file complies. Itis always four bytes in length, and contains data according to the structre:

struct sfVersionTag
{
WORD wMajor;
WORD wMinor;
5

The word wMajor contains the value to the left of the decimal point in the SoundFont specification
version, the word wMinor contains the value to the right of the decimal point. For example, version
2.11 would be implied if wMajor=2 and wMinor=11.

These values can be used by applications which read SoundFont compatible files to determine if the
format of the file is usable by the program. Within a fixed wMajor, the only changes to the format will
be the addition of Generator, Source and Transform enumerators, and additional info subchunks. These
are all defined as being ignored if unknown to the program. Consequently, many applications can be
designed to be fully upward compatible within a given wMajor. In the case of editors or other
programs in which all enumerators should be known, the value of wMinor may be of consequence.
Generally the application program will either accept the file as usable (possibly with appropriate
transparent translation), reject the file as unusable, or warn the user that there may be uneditable data in
the file.

If the ifil subchunk is missing, or its size is not four bytes, the file should be rejected as structurally
unsound.
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| f the iron subchunk is mssi not termnated in a zero valued byte its
contents are an unknown ROV the field should be ignored and the file
assunmed to reference no ROM sanples. |If ROM sanpl es are accessed, any
accesses to such intrunments should be term nated and not sound. A file
shoul d not be witten which attenpts to access ROM sanples w

I romand iver M%é"é% 6and val i d. 5.5 The iv 5 Subchunk The%&’@gwhunk
is an optional subchunk identifying the partiCul ar wavet abl e sound data ROM

revision to which any ROM sanples refer. It is always four bytes in |ength,
and cont ai n®.2aThe dagpSabdpnilo the structure: struct sfVersionTag

WORD wiVRj or ; WORD wM nor ; The word wivaj or contains the value to

the left oftye daﬁoﬁr Q@“W

thg vgl ueot %%%E%‘aﬁ'tlﬁé?lh i -éa if Wef%’f&rﬁ’él z %g ﬂi&?
I d-b =1 A

i ver s to JEPE £Hor st i ke rijon ”fr ﬁ e e‘SB?"F%‘EE’{%‘d P

the exact | oEMY Q ﬁséé‘fﬁlf'"t%él‘g‘ﬁﬂf‘ﬁﬁf If the iver subchunk

is mssing, not four bytes i-n length, or its contents i ndi cat e an unknown
“or i ncor r ectThRASCIE should be ireatedasigrg- swmgn&r etherayngds “lemuBQQ0E ixnet theseme as

ref erence nCEMUBO0OGIpl es. I f ROM sanples are accessed, any accesses to such
i nstrunments should be term nated and not sound. Note that for ROM sanpl es

to functlonmetshgshhgwmt b8y uskd ByichipBrives to Rfbokihidsd eﬁtﬁlﬁfcltfc
~should not  BgeMhinkReitd)i C attenpts to access es W|thout %
"iromand iver present- and valid. 5 6 The 1 CRD Subchunk The |1 CRD subchunk
is an optio sub < |dent|f [eatiaon, d e of the undFont
conpati bl e g.mé f“r% eﬂgg %‘n ‘E “83 VH& as Gknown

i ncl udi ng o %ﬁl B PE’W&F to make the t ot al

byte count even. A typical ICRD field would be the twel ve bytes
representing "May 1, 1995" as el even ASCI| characters followed by a zero
byte. Conv&d iThelNAMi Subchankat of the string is "Munth Day, Year" where
Month is initially capitalized and is the conventional full English

spel | i ng of rhenmatsiochiilisla tnanBforyahSchink ﬂSﬁHﬁElmefﬂtnE%Pﬁg SB¥ndFoRt i HpatitidBank.

ggalr O'n; eﬁ hte tlckithin®! hgéh stéﬁarofzﬂw?e&&% %&9@“&%&@6% as
managenment QUr po ﬁ’ @g é 3 |§‘%ml'lws§g%%oz%¥ n er %%ﬁ“&&-—-
- Page 13 - #ﬂ%ﬁ@@%,ﬁ%\ﬂt Eg/ ! ° b

The ASCII should be wweated as case-sensitive. In other words “General MIDI” is not the same as
“GENERAL MIDIL."

The inam string is typically used for the idenitification of banks even if the file names are alered.

If the inam subchunk is missing, or not terminated in a zero valued byte, the field should be ignored and
the user supplied with an appropriate error message if the name is queried. If the file is re-written, a
valid name should be placed in the INAM field.

5.4 The irom Subchunk

The irom subchunk is an optional sﬁbchunk identifying a particular wavetable sound data ROM to
which any ROM samples refer. It contains an ASCII string of 256 or fewer bytes including one or two
terminators of value zero, so as to make the total byte count even. A typical irom field would be the six
bytes representing “1MGM” as four ASCII characters followed by two zero bytes.

The ASCII should be treated as case-sensitive. In other words “lmgm” is not the same as “1MGM."”

The irom string is used by drivers 1o verify that the ROM data referenced by the file is available to the
sound engine.
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PCT/ US96/ 13154 In the | CRD subchunk is mss not termnated in a zero
val ued byte for sone reason incapable of being faithfully copied as an
ASCIl string, the field should be ignored and if re-witten should not be
copied. If the field s contents are not seem ngly neani ngful

faithfully repr™8¥¥d ¢ his should be don 5.7 The | ENG %’éﬁgﬁ%“ The
| ENG subchunk is an optional subchunk identifying the names of any sound
designers or engineers responsible for the SoundFont conpatible bank. It
cont ai ns ans&s@om sabetivak isahis? 56 novterininatad by 2ere valned: ol n¢s contents pretananknown

t er mi nat or spefz, ¥ /iR shQUI@ be BRoRS aidheBleassulmed tavieferenoyAeROM sampies.€lf ROM samples
typical IE b3k adPitcekso it HntRlen® kool be teaiinAeRmE nbsoidd. M Hleakéild nbe
ten ASC I {iantefipts W Rt ROM Saml &/ i3I 10 irom Tivdrighiedt efid flial S
provi ded for Tibrary mahagenent purposes. If the | ENG subchunk is

m ssing, not termnated in a zero valued byte, or for sonme reason incapable
of being faithfully copied as an ASCI| string, the field should be ignored
and if re-v?-Sthﬁ,l"%‘l%ﬁ@“m}F be copied. If the field' s contents are not
seem ngly neani ngful but can faithfully reproduced, this should be done.
5.8 The | PRIheSuds sibehimk is & epioRBulhimk idenitifying the pupcilanaveshle sdvad data ROM

i deat i f yi ngrevisivn fopeitt ingy ROMGunples efer wh isciiwiys fouBbymsiindedgth, eminoatainis databank

i s i ntendedyeedrding thekhend® ASCI 1 string of 256 or fewer bytes including
one or two termnators of value zero, so as to make the total byte count

‘even. A ty%ﬁ 'ﬁ%@:‘%a d woul d be the eight bytes representing "SBAE32"

as seven A rs followed by a zero byte. The ASCI | shoul d be
treated as ase-ﬁi iIv.e. In other words "sbawe32" is not the sane as

" SBANVE32. " T ing is provided for |ibrary managenent purposes.
If the | PRD subdHORR WMIngs s i ng, not termnated in a zero valued byte, or
for sone reéason incapable of being faithfully copied as an ASCI| string,
the field should be ignored and if re-witten, should not be copied. Ifthe
field s corfhemosd wMajorcbntainsthic vaibig tortieinft ofjtha dedimal point irf the ROMversion, the word

r epr oduced, wNilnos coeing the vahee 10 dhvaright of thdeting] p6ifil> Fortxampiek versitrel 36®Buld be

subchunk i%ﬁﬂeﬁt’{vm 1 anowlde=3g0oNt ai ni ng any copyright assertion string
associ ated wth the SoundFont conpati ble bank. It contains an ASCII string

f 256 f I: | L '
O 2ot S B Pl o ey R Ol ot 7 B and

If the iver subchunk is missing, not four bytes in length, or its contents indicate an unknown or
incorrect ROM, the field should be ignored and the file assumed to reference no ROM samples. If
ROM samples are accessed, any accesses to such instruments should be terminated and not sound.
Note that for ROM samples to function correctly, both iver and irom must be present and valid. A file
should not be written which atrempts to access ROM samples without both irom and iver present and
valid.

5.6 The ICRD Subchunk
The ICRD subchunk is an optional subchunk identifying the creation date of the SoundFont compatible
bank. Itcontains an ASCII string of 256 or fewer bytes including one or two terminators of value zero,

50 as to make the total byte count even. A typical ICRD field would be the twelve bytes representing
“May 1, 1995 as eleven ASCII characters followed by a zero byte.

Conventionally, the format of the string is “Month Day, Year” where Month is initially capitalized and
is the conventional full English spelling of the month, Day is the date in decimal followed by a comma,
and Year is the full decimal year. Thus the field should conventionally never be longer than 32 bytes.
The ICRD string is provided for library management purposes.
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PCT/ US96/ 13154 40 bytes representing "Copyright (c) 1995 E-nmu Synstens,
Inc.” as 38 . [err]Il characters followed by two zero bytes. The | COP

string is prow d for intellectual property protection and managenent

pur poses. gﬁ% %436 subchunk is m ssind5 not term nated i nl’gp’?m 3154

val ued byte, or for sone reason incapable of being faithfully copied as an
ASCIl string the field should be ignored and if re-witten, should not be
copi ed. |f ditke ICRD sibschunkns midss aror termenated i zerd walued hyien g (o somsreasamincapable of
faithfully bepgachtfaie.copibd s maSCItisrihe dddeRi should e ighort and EHEwiitex; lShotkd not be

The.| CMI' subggietKf the fRI4" OidinteaRate ol ReRitRly HORinA bitcad RitheTeRbduced, this should
associ at ed gk fighet he SoundFont conpati bl'e bank. It contains an ASCI | string

of 65,536 or fewer bytes including one or two termnators of value zero,

so as to nmake the total byte count even. A typical I1CMI field would be the
40 bytes rggi W%@ sgace unintentionally left blank." as 38 ASCII
characters I BRE bytes. The ICMI string is provided for
any non-scatol ogi cal uses. If the I CMI subchunk .is m ssing, not

t ermi nat ed The EENAR subclnaikiisen tpticas! subchiakridentifiing e sames of eay siuhé designetser enpineers
faithful |y responsiblefor the SsidFontompatible Hzhle It cerdtainsdmASOII bwing of i256ct fewet bytes
re-written, mhem@%eeimsdfvdﬁezmesﬁs@ddn& Bt Bite coirt eV A typical IENG

seeningly ngagiveidbe taiwehibylcd e.”un “THRPSWAHC 8hen ATCH Gbbled folkAved 89 9wo
5.11 The | Skl hunk The | SF ubchunk is an optional subchunk

i denti fying thle SoundFont conpat i bI e tools used to create and nost

of 256 o1 ”?ib@?bf‘ﬂ%@“fiﬁ{%& R bR B et o o of val uc zero, S0

as to neke t e total c .count even. A typical ISFT fleld woul d be the
thirty byted mmseaz sl  ipazgrorvafued bysp pr for somg erasan incapable of
ASCI |~ char bein mm 139 ASGIkstingothe ield shquld beizapred andsifireiwrmen, shouldnot be

case- sensi tcopeed. [fthofikdrs mmcnts atemoestenmmely meaningfl bitears faithfully reptéduedd, H_hould
Convent i onabddonet he t ool nane and revision control nunber are included
first for the creating tool and then for the nost recent nodifying tool.
The two strings are separated by a colon. The string should be

5.8 The IPRD Subchunk

The IPRD subchunk 1s an optional subchunk identifying any specific product for which the SoundFont
compatible bank is intended. It contains an ASCII string of 256 or fewer bytes including one or two
terminators of value zero, so as to make the to1al byte count even. A typical IPRD field would be the
eight bytes representing “SBAWE32" as seven ASCII characters followed by a zero byte.

The ASCII should be treated as case-sensitive. In other words “sbawe32” is not the same as
“SBAWE32."

The IPRD string is provided for'library management PUIposes.
If the IPRD subchunk is missing, not terminated in a zero valued byte, or for some reason incapable of
being faithfully copied as an ASCII string, the field should be ignored and if re-written, should not be

copied. Ifthe field’s contents are not seemingly meaningful but can faithfully reproduced, this should
be done.

5.9 The ICOP Subchunk
The ICOP subchunk is an optional subchunk containing any copyright assertion string associated with
the SoundFont compatible bank. It contains an ASCII string of 256 or fewer bytes including one or two

terminators of value zero, so as to make the total byte count even. A typical ICOP ficld would be the
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produced by the creating programwith a null nodifying tool field (e.g.
"Preditor 2.00a), and each tine a tool nodifies the bank, it should
replace the nodifying tool field with its owm nane and revision control
nunber. The | SFT string is provided primarily for error tracing purposes.
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37 PCT/ US96/ 13154 | f the I SFT subchunk is
m ssi not termnated in a zero val ued byte()r some reason incapabl e of

bei ng fai t hf 4 tyyesaenptsensings Caph? ASKAc) 1995/F-pya Syyteses, fricéag 38 o Plkrhpractery fellossd bnd
if re-wittemozstodyiesl not be copied. If the field s contents are not
seem ngly neani ngful but can faithfully reproduced, this should be done.
6 The sdt a- | TiICOPusing is providaiforintellsdruat property prowciisnand mamdgeentpuyyotdsbl e
file contains a single optional srrpl subchunk whi ch cont ains all the RAM

based sound ﬂ‘pte P3tch e'mws, ﬂot Emummefb r7d3fh ARhble of
subchunk is ,0 | ot g ldnotb
6.1 Sanple tgf ou notbe
present, rﬁ°§t ﬁs smmé %Is%%mn Ib“%t JFWB?WCG‘?\ this,shopld
form of I| coded sixteen bit, S|gned I|ttIe end| an (| east
~significant byte first) words. Each sanple is followed by a m ni mum of
forty-six zero valued data points. These zero valued data points are
necessary t @&. 0T hel€EMT !Subchaml easonabl e upward pitch shift using any
"reasonabl e interpolator can | oop on zero dat a at the end of the sound.

6.2 Sanpl e GafdciEARbdAEni af Spri cﬁfsaégatﬁmhmﬂ&%ﬂﬁdmm

any oty
pairs may exl 0
pdta-|i st ch bgut hg@éﬂ ? at.ln @Ermmators
“practices i r? ,,Sg‘ E’S obyf)ciaméﬂ ‘§ Ef;jf; € 40 bytes
pl at f or ns. pﬁ'f&“%o S &Past gup aF cterp B, AR 2870
This means W% there are two sarrpl es which are Iog| cally equivalent and a
| oop occurs when these points are spliced atop one another. In concept the
| oop end poiThe ICNTiswings previded foyanyineg-seatelogicalyses.oopi ng; i nstead the | oop
start point follows the point just prior to the | oop end point. Because of
t he bandl i nilfhelICMT sutehaik idlinissing) nod tetkninaed inpd zefgvalued bywy éri forsdineiréason inegpible of
Wi Il exhi bi bep fdigifully Yopi€tPadtan O CITitinp, Heé'feld dhokild Be ighbre tid if 7 Ritter) Hodldnor be

I n actual i t ¢epi@f qRike Held's &Hﬁnﬁifd&ﬂ&dnﬂﬁﬂéﬂn&%ﬁ@ﬂu&hﬁﬂthﬁiﬁ%ﬁé&@c@ﬁns should
wavet abl e sgga‘gﬁm zers, the d

5.11 The ISFT Subchunk

The ISFT subchunk is an optional subchunk identifying the SoundFont compatible tools used to create
and most recently modify the SoundFont compatible bank. It contains an ASCII string of 256 or fewer
by1cs including onc or two terminators of valuc zero, so as to make the total bytc count cven. A typical

ISFT field would be the thirty bytes representing “Preditor 2.00a:Preditor 2.00a” as twenty-nine ASCII
characters followed by a zero byte.

The ASCII should be treated as case-sensitive. In other words “Preditor” is not the same as
“PREDITOR.”

Conventionally, the tool name and revision control number are included first for the creatineg tool and
then for the most recent modifying tool. The two strings are separated by a colon. The string should be
produced by the creating program with a null modifying tool field (e.g. “Preditor 2.00a:), and each time
a tool modifies the bank, it should replace the modifying tool field with its own name and revision
control number.

The ISFT swing is provided primarily for error tracing purposes.
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surroundi ng both the |oop start and end points may affect the sound of the
| oop. Hence both the |oop start and end points nust be surrounded by
continuous audi o data. For exanple, even if the sound is progranmed to
ccontinue to | oop throughout the decay, sanple data nmust be provi ded beyond
the loop end pg Is data will typicakhy be identical to t
the start of th? oopaaA m ni mum of ei ght b\#/al Id data points air’éﬁlr]%%'lﬁrsgd
to be present before the loop start and after the | oop end. The ei ght
data points Ig our on each side) surrounding the two equivalent |oop points
shoul d al so I5thefISFE subchunkiyemissic n oot EIminagpd My 2eroridlued Byt adrsemp ecapengincapable of
al | i nt er poltsingdaithfullyocopict as amA 8CH swingrthe field shoups bepenored and ifiredvritten sshould not be
artifact - f r aepiedoJf the field's oéntdntnaré Avtsetmingly eetingflilcny cabdaithfnlly refiotibdeDHE kifduld
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7 The pdta-list Chunk 7.1 The HYDRA Data Structure The articul ation
data within a SoundFont 2 conpati bl jle J.s L£onjain i n ni ne subchunks,
naned ~"hydra" after the nythical ﬁe#ﬁégﬁ%ﬁﬂe@un he structurce has ben
desi gned for_interchange purposes; it is not optimzed for either run-tine
synt hesi s ndrhefsée-listchupleinta SouadFont 2 compatible dile conwins aisinglepptiona) smplsnbdhynk which
SoundFont taoptains bll e®RAM based soupdalai asspciared math sitecSonndFanticoinpatible bankh yihe ampl
struct ur e asubdhenk isofabiandength, tand Gomisianrdvecmnybet ofbyeesf i | es. 7.2 The
PHDR Subchunk The PHDR subchunk is a required subchunk |isting all
presets within the SoundFont conpatible file. It 1is always a multiple of

thirty eigh | ) a. mum of two records, one
record forkéﬁﬁ%?%@%@%%ﬂéﬁ%ﬁéﬁ%mﬁg%yecord according to the
structure: struct sfPreset Header . CHAR achPreset Nane[ 20] ;. .

WCRD wPr o6 o{The sTpl subck forEPrisat Rontains meof%@%%&é%ﬁﬁlmggo mformation iy farform
dwLi brary; of lincarly codagspsteqn bis, igned, linle endian (ogsrpienifisr be frstiwords. Bach seapls is
character f fdlogved by pminimumpefifortyysik zera yalupd date peintsf Thesezese valued dasapoitsad i n
ASCl |, wi t hnestssaryiotzeamiteathatany rasenable upwhid giclvshifhusine any veasombleligtenwlatof can
uni que nane lovp@iizeroaiataay the Red oftke ghoadl t o

e

6.2 Sample Data Looping Rules

With each sample, one or more loop point pairs may exist. The locations of these points are defined
within the pdta-list chunk, but the sample darta itself must comply with certain practices in order for the
loop to be compatible across multiple platforms.

The loops are defined by “equivalent points” in the sample. This means that there are two samples
which are logically equivalent, and a loop occurs when these points are spliced atop one another. In
concept, the loop end point is never actually played during looping; instead the loop start point follows
the point just prior to the loop end point. Because of the bandlimited nature of digital audio sampling,
an artifact free loop will exhibit virtually identical data surrounding the equivalent points.

In actuality, because of the various interpolation algorithms used by wavetable synthesizers, the data
surrounding both the loop start and end points may affect the sound of the loop. Hence both the loop
start and end points must be surrounded by continuous audio data. For example, even if the sound is
programmed to continue to loop throughout the decay, sample data must be provided beyond the loop
ead point. This data will typically be identical to the data at the start of the loop. A minimum of eight
valid data points are required to be present before the loop start and after the loop end.

The eight data points (four on each side) surrounding the two equivalent loop points should also be
forced to be identical. By forcing the data to be identical, all interpolation algorithms are guaranteed to
properly reproduce an artifact-free loop.
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each preset in the SoundFont conpati ble bank to enable identification.
However, if a bank is read containing the erroneous state of presets with

i dentical names, the presets should not be discarded. They should either be
preserved as read or prefrentially uniquely renanmed. The word wPreset
contains the M t Nunmber and the d wBank contains t nk
Number which a @ﬂ?ﬁ{”ﬁ?ms preset. Note tYrat the sets are n%ﬁ%%
wi t hin the SoundFont conpati bl e bank. Presets should have a uni que set of
wPreset and wBank nunbers. However,.if two presets have identical val ues of
bot h wPreset and wBank, the first qutliépﬁltﬁl’-lQ&eChﬂhkhe PHDR chunk is the
active preset, but any others with the sane wBank and wPreset val ues should
be mai ntain S unbered and used at a later tine. The
speci al casgﬂgfqyegnrﬁ%% per c@i on bank is handl ed conventionally by
a wBank value of /128, If the value_in either field is not g valid MD

val ue of zerBeaRiculagan dawy within 2 SopndFont 2 gemprtible fle i d inppRGmbshunks, smed
but shoul d béym'mmmiwmmmmsﬁmmm eemddsiggedifor tntarthange
~preset’s | ayprpdsessftis mot bpeimiPéd/for sitherdunvuine spahesismor fon en-thecfiyedditingy &vis teasdnable and
-1 n the sane mopteforgduidFenuonpaibldetirgirogrars to uahista foomed frofale hyirs Siucturddsithey
be nonot oni Gadd adivitie SamdReh dbdhparibleE@asi Nng preset headers.. The size ofthe
PBAG subchunk in bytes will Joint E-nu/Creative Technol ogy Center -

CONFI DENTI AL- Page 17- Printed 8/11/95 at 6: 08PM WD 97/ 07476
39 RCT/ US96/ 13154 be equal to four tines the
term nal psz%tTi‘em&ﬁgﬁ plus four. The preset bag indicies are
non-nonotonic or if the term nal preset's wPresetBagNdx does not match the
PBAG subchunfhePHDR subplunk s 3 required sebetivak listing all presesommhinthe SeundFenticompasible file. It
rej ected at i$ tlwdysd multiplalof thimesght bytesindegth, bred doatains a atinipuesafitwo necetds,ome eecatd
| east one | dyrasach preset midoonetforva terimimab rdcerdaccordiigtol the sacmggnor ed. The

doubl ewords dwLi brary dwGenre and dwibrphol ogy are reserved for future

I mpl enent at isphctisfPretetifeaddyet | i brary managenent function and shoul d be

preserved ag read, and created as zero. The term nal sfPresetHeader
record should new g§§ﬁg and exists only to provide a term nal
wPresetBaghUx Wi Jh1ne t he nunber of layers in the | ast
preset. oth _ convetlonally zero, with the exception of
achPresethbne opally be.-"EOP" indicating end of presets.
I f the PHDR subc » contains fewer than two records, or its
size is not a muPW bytes the file should be rejected as

structurally unsDWQRdeGﬁme, The PBAG Subchunk  The PBAG subchunk is a

requi red subchundWORD dwifophblogy.eset | ayers within the SoundFont conpati bl e

file. It is}always a nmultiple offour bytes in I ength, and contains one

record for each preset layer plus one record for a termnal |ayer

accordi ng t ghé ASCHlchatadl fRld achPlebdt¢imSEdRtaanWeiRthe of the preset expressed in ASCII, with
unused terminal characters filled with zero valued bytes. A unique name should always be assigned to
cach preset in the SoundFont compatible bank to enable identification. However, if a bank is read
containing the erroneous state of presets with identical names, the presets should not be discarded.
They should either be preserved as read or preferentially uniquely renamed.

The word wPreset contains the MIDI Preset Number and the word wBank contains the MIDI Bank
Number which apply to this preset. Note that the presets are not ordered within the SoundFont
compatible bank. Presets should have a unique set of wPreset and wBank numbers. However, if two
presets have identical values of both wPreset and wBank, the first occuring preset in the PHDR chunk
1s the active preset, but any others with the same wBank and wPreset values should be mainnined so
that they can be renumbered and used at a later time. The special case of a General MIDI percussion
bank is handled conventionally by a wBank value of 123. If the value in either field is not a valid MIDI
value of zero through 127, or 128 for wBank, the preset cannot be played but should be maintained.

The word wPresetBagNdx is an index to the preset’s layer list in the PBAG subchunk. Because the

preset layer list is in the same order as the preset header list, the preset bag indicies will be

monotonically increasing with increasing preset headers. The size of the PBAG subchunk in bytes will
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WORD wGenNdx; WORD wivbdNdx; The first layer in a given preset is
| ocated at that preset's wPreset BagNdx. The nunber of |ayers in the preset
is determined by the difference between the next preset's wPresetBagNdx and
‘the current wPresetBagNdx. The word wGenNdx is an index to the preset's
| ayer |ist of s in the PGEN subchunk and the wivbdNdx 4 A X
toits list of gﬁ,ﬁ?&@?ﬁ%rs in the PMOD subcB®ink. Because both tl‘g@gﬂ@r}g{or
and nodul ator lists are in the sanme order as the preset header and | ayer
lists, these indicies will be nmonotonically increasing with increasing
preset | ayerts.equdhto Hirwmeithe tg PAlpDessUswPrasetBagiydispiug fouri | | hdpresethaglindicies e
times the t ajofintonbiopic®s iftthsremhing geserd wiPreseBagdr dodsmosmaeh the PBIMG fubtilink size, the
subchunk i n fikyiseEudthretly fifectitel@td shEull O FejéctedRasicad time c Alliprsitts BXceprahe w@?&i&
o]

plus four. Igust ke aFIRAT atehye! anyRptdbalif nol 1 Cshisid BE fenbRA- MONOt Oni ¢ or
not match the size of the respeCtive PGEN or PMOD subchunks, the file is

e ko i e
nae o e B AU e e e e B

an Instrunment generator. Al generator lists nust contain at |east one _
gener at or wiThpTesnmaksiPreprtiieader recard shoyldsiexer be agcessed and exist gplymprovide pmpinal o
no gener at orwPrésatBagNix with whichtto deterniitecthemuinbeaofiaydrs mtthe lastipresern tAdli athez waloesare
mor e nodul atcosventichallyerf-with the exdeption of echPrsseddgme Gelitlecan-opfisalally BENEGDP L indicating
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0
| ayer ot her | : GHeAiSs JGIRE r mh':!}@
gener at or, tbtnfﬁ?ggugf Léﬁgﬂy asIL [ ‘ég ) j)"ggfa?das'yer vs\nﬁ%%nr??rm }éaf}%trss
and no generators shoul d al 2 ghored” "t he PBAG subchunk is
mssing, or its sizeis not a nultiple of four bytes, the file should be
rejected as structurally unsound. 7.4 The PMOD Subchunk The PMOD
subchunk is7er g‘thﬂh!ﬂlkl isting all preset |ayer nodulators within
t he SoundFont conpatible file. It is always a nultiple of ten bytes in

| engt h, andThoPBAGrsbchanbisarequired subebunkdistngsall gréseslagert withinnisd SougdFunticomparible
accordi ng t glel Meis 8k &l hiple oTifous biytes tnBsHh, 3hd cdntains one record fbbékdh prleSét layer plus

)

sf ModSr que&er&mdfwatéﬁﬁdi‘ﬁi@&é«ﬁiﬁ%?&%ﬁé; SHORT nodAnmount
SFModul at or sf MbdAnt Sr cOper, SFTranst or m sf ModTr ansQper ;
struct sfPresetBag
{
WORD wGenNdx;
WORD wModNdx;
h

The first layer in a given preset is Jocated at that preset’'s wPresetBagiNdx. The number of layers in the
preset is determined by the difference between the next preset’s wPresetBagNdx and the current
wPresetBagNdx.

The word wGenNdx is an index to the preset’s layer list of generators in the PGEN subchunk, and the
wModNdx is an index to its list of modulators in the PMOD subchunk. Because both the generator and
modulator lists are in the same order as the preset header and layer lists, these indicies wiil be
monotonically increasing with increasing preset layers. The size of the PMOD subchunk in bytes will
be equal to ten times the terminal preset’'s wModNdx plus ten and the size of the PGEN subchunk in
bytes will be equal to four times the terminal preset’s wGenNdx plus four. If the generator or
modulator indicies are non-monotonic or do not match the size of the respective PGEN or PMOD
subchunks, the file is structurally defective and should be rejected at load time.

If a preset has more than one layer, the first layer may be a global layer. A global layer is determined
by the fact that the last generator in the list is not an Instrument generator. All generator lists must
contain at least one generator with one exception - if 2 global layer exists for which there are no
generators but only modulators. The modulator lists can contain zero or more modulators.
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The preset |ayer's wivbdNdx points to the first nodul ator for that preset
| ayer, and the nunber of nodulators present for a preset |layer is
determ ned by the difference between the next higher preset |ayer's
wMbdNdx and the current preset's wvbdNdx A difference of zero indicates
there are no s in this preset |ayer. The sfMbdSrc '

val ue of one o:‘w‘?#ﬁﬁrl\/bdul ator enuneration type val ues. Unkni)ﬁa\/\}?\b%drﬁaﬁ4
undefi ned val ues are ignored. This value infi cates the source of data for
t he nodul at or. The sfModDest Oper is a value of one of the SFGenerator
enuner ati on tége val ues. Unknown or wundefined values are ignored. This

val ue ‘i ndi dha layenateer thaa thefisstilayer 3eksian dsTEREAT geERsrator as 1, st gcasrpton Shat Iayer shoyld
a signed vdiedgnoreddiiceiphah layenvdthramedulators agd norgenssetons shouldalsaknigeared t he
destination. A zero value indicates there is no fixed anount. The .
sf ModAnt Sr adfihe PBAS sabshmhk i ntibsing) er 1 sidelienddi iindtipl cdfdour dytesaiedile should ferejected
val ues. Unlagendtneilly usbsl@li ned val ues are ignored. This value indicates that
a the degree to which the source nodul ates the destination is to be
controlled by the specified nodul ati on source. The sf ModTransQper is a
val ue of o t ansform enuneration type val ues. Unkown or

undef i ned &S‘Pﬁt@ﬁ@aﬁgﬁsﬂﬁ%“ his val ue indicates that a transform of the
specified type will be applied to the nodul ati on source before application
to the nodFhePMOD subshunkds afequired;subbpak kining alhpressh lnyerymodylatoss wishiadheSqundFonk
fields, andompatblefig.sitisphwaysa multpleof tEn byrtsin ieagthyandTontans ze5g or Beretmodulators
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nodul at or i{s defined by its sfMdSrcOper, its sfMdDestQper, and its
sf ModSr cAnt Opersnﬁ{, ulqurq'l’hl qaé}{:é%é‘m’thi n a |layer nust have a uni que set of
C

t hese three enu L3 s\ nd nodul ator is encountered with the sane
t hree enumaratogo £0r SP AR dulator with the sane |layer, the first

nodul ator w | | WUk hdul ators in the PMOD subchunk act as
additively rel aPFM ‘respect to those in the I MOD subchunk.
| n ot her wor ds, SEIrmsfmnsBfodEransOpetan i ncrease or decrease the ampunt of an
MOD nodul apr. 1f the PMOD subchunk is missing, or its size is not a
multiple often bytes, the file should be rejected as structurally unsound.

7.5 The PGCEhe fretet faydi*s wModNdx points to the first modulator for that preset layer, and the number of
modulators present for a preset layer is determined by the difference between the next higher preset
layer’s wModNdx and the current preset’'s wModNdx. A difference of zero indicates there are no
modulators in this preset layer. :

The sfModSrcOper is a value of one of the SFModulator enumeration type values. Unknown or
undefined values are ignored. This value indicates the source of data for the modulator.

The sfModDestOper is a value of one of the SFGenerator enumeration type values. Unknown or
undefined values are ignored. This value indicates the destination of the modulator.

The short modAmount is a signed value iﬁdicating the degree to which the source modulates the
destination. A zero value indicates there is no fixed amount.

The siModAmtSrcOper is a value of one of the SF)Modulator enumeration type values. Unknown or
undefined values are ignored. This value indicates that a the degree to which the source modulates the
destination is to be controlled by the specified modulation source.

The sfModTransOper is a value of one of the SFTransform enumeration type values. Unknown or
undefined values are ignored. This value indicates that a transform of the specified type will be applied
10 the modulation source before application to the modulator.

The terminal record conventionally contains zero in all fields, and is always ignored.
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The PGEN chunk is a required chunk containing a |ist of preset |ayer
generators for each preset |layer within the SoundFont conpatible file. It
is always a multiple of four bytes in length, and contains one or nore
‘generators for each preset |ayer (except a global |ayer containing only

modul at ors) pl wyoadzhRsén nal record according to the structureperfijsbé/isiss
sf GenLi st SFGener ator sfGenQOper; &9 genAnount Type genAnount

where the types are defined: typedef union rangesType ranges;
SHORT shAnmount ; V\D?D wAnount , } genArmuntType typedef struct {

BYTEbyLo; BYTE range The stenQoer I s a val ue of one
of |Lhe. SFCereRaRuURER deRAcbY Bh OIS PRF s s OARRS AR M 5 B EATHOP B Al o

i gnor ed.  Thimodulatarewithin ia dayersoust havea usique setof thesethise cmmﬁgorsnéfac,s&mé modulator is

Joi nt E- nu/ Cnesntered Withchesimsghreenvmerators GONTEIRRS Rhoduiator Pathsh@@me Iayer, nhacfist

8111/ 95 at GaddBlaRyiwill be ignored. WO 97/ 07476

42 - PCT/ US96/ 13154 The genAnpunt is the val ue

be assi gned NrGyuidiées HRRCPITOE sub@bRk At addiVef rkladbe zhsaufar&@anb?essécﬁo%&%mme

formats. Cerj @i ook 2 dfer SRR ?M%ﬁﬁgﬁma&ég:@ POBAE thelin {Elfan MOD
ue er gener ators Specli

velocities, ﬁ mni nrum and haxl nm va
unsi gned Ue. Most generators, however, specify a signed 16 b|t

SHORT val ue. The preset | ayer's wGenNdx poi nts to_th i rst nerator, for
that preset J&§EM MOT i beugk iy fRisiag.of 1 $26s gl Am Pplrsmgmmhq%lssh%rmpd as
in the |ist stechaally snsoundunent " generator, whose value is a pointer to the

I nstrunent associated with that layer. If a "key range" generator exists

for the preset layer, it is always the first generator in the list for

that p eset 7'51YPliePGENSWHy range" generator exists for the preset
| ayer, it will only be preceded by a key range generator. If any generators

fol Tow an 1 4g{ pUERMbundE D FeBhed chubl Enmaihihg 2 BE of $RO& Fflrer generators for each preset layer
within the SoundFont compatible file. It is always a multiple of four bytes in length, and contains one

or more generators for each preset layer (except a global layer containing only modulators) plus a
terminal record according to the structure:

struct sfGenList
{
SFGenerator sfGenOper;
genAmountType genAmount,
J 3

where the types are defined:

typedef union

{
rangesType ranges;
SHORT shAmount,
WORD wAmount;

} genAmountType;

Typedef struct

{
BYTE byLo;
BYTE byHi;
} rangesType;

The sfGenOper is a value of one of the SFGenerator enumeration type values. Unknown or undefined
values are ignored. This value indicates the type of generator being indicated.
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A generator is defined by its sfGenOper. Al generators within a | ayer nust
have a uni que sf GenOper enunerator. |If a second generator is encountered
with the sane sf GenQper enunerator as a previous generator with the sane

| ayer, the first generator will be ignored. Generators in the PGEN
subchunk act  asygdfitéye! y relative to genefators in the | GENpepRGhéH3kss | N
ot her words, PGEN generators increase or detrease the value of an | GEN
gener at or. | f the PGEN subchunk is missin, or its size is not a multiple
of four bytes, the file .should be rej. ec ed as st uctually.u soynd. |f key
range gener af YrERAMOPRIdLE valig qu *;f % H’b‘e‘“#’ﬁﬂg‘?‘?ﬁ
If a velocit ahg(éwsrﬁ@rsspsu vagangsof MiD! key

ot her than adndmasmymaal %e%munw&wsq@upmeﬁmdﬂuﬁ\Iaﬂmgmmvcw
list does nospeeifith signedid6 ﬂ§HQRﬁ3Yﬂluegener ator, layer should be ignored. If
the instunent generator value is equal to or greater than the term nal

i nstument, 'rﬁtqarésbhey@*acm&%g pbﬁts&@&ﬁcﬁrﬁgmmmalpkammtmﬂessﬁe lyebiskhe
b ﬁﬁgﬁ:‘:%%% e et TR,

L :'Ea Iﬁ’éﬁif
of twenty tvg ﬁgmgﬁiﬁ p%ﬁ&%%& Emat&r k@f& f%%ﬁ o%gf“ﬁys
record for eac m Ad eg?% '3 é‘t
st uct ur e: Y It ded by 2 Q@fn“‘ oW,
wl nst Bag- I\Idxgm%ﬂ%@ubﬂ%%ét er field achl nst Name contai ns the nane of
the instrunent expressed in ASCII, wth unused termnal characters filled
with zero vaismmmeé:ﬁnﬁdbmlttpf&nﬂme &mewmwmawmnstgmmueMOpcr

i nstrunent iesumbrtoSolfladécont genrrmatartis dnceunteredwitivthe sad Genipet ¢numeatdrana previous

However, if senérmokwidsticeafie pé] the fAirsogenerator evill berigaored.st at e of instruments
wi th identical nanes, the instruments should not be di scarded. They shoul d

it Psﬁgm@m%%&ﬁ@&*ﬁiﬁféﬁ%ﬁzﬁ%@w@

L g

Lo

at 6:08 PM

PCT/ US96/ 13 nst Ba S_an

‘list in thejl?é&P% WI ﬂ%ee" 'I’Fes)fze:'ﬁg‘fr’ 'rnﬁtgff’ ?ﬁc ﬁFe“-@’S’ﬁé
order as thdsFHERE éﬂ’ﬁ§mﬂipfﬁﬁﬁt ap SWW‘%“ ° uld be

monot oni cal [1grorede AEavelority mgmmasm and is preseried by 3 gencsator other tham a keygagee
subchunk i n geyaraser, itishouldbe ignaredi| If s aod-glo althsmass notend urmmummzmnmhye’

W nst BagNdx shéuldbd ignored.| Jf telirstiumehr genwrator vake is eqliabtoes greater thancthe
if the termlemldwmwMMgmuﬁ)es not match the | BAG subchunk

size, the file is structurally defective and should be rejected at |oad
time. Al instruments except the term nal

7.6 The INST Subchunk

%

The inst subchunk is a required subchunk listing all instruments within the SoundFont compatible file.
Itis always a multiple of twenty two bytes in length, and contains a minimum of two records, one
record for each instrument and one for a terminal record according to the structure:

struct sfinst

{
CHAR achInstName{20];
WORD winstBagNdx;

h

The ASCI character field achInstName contains the name of the instrument expressed in ASCII, with
unused terminal characters filled with zero valued bytes. A unique name should always be assigned to
each instrument in the SoundFont compatible bank to enable identification. However, if a bank is read
containing the erroneous state of instruments with identical names, the instruments should not be
discarded. They should either be preserved as read or preferentially uniquely renamed.
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I nstrument nust have at |east one split any preset with no splits should be
I gnor ed. The term nal sfinst record should never be accessed. and exists
only to provide a term nal" wi nstBagNdx wt which to determ ne the nunber
of splits in the | ast instrunment. All other values are conventionally

'zero, wWith the @ on of achl ust Nane, whi gh can optionally 54
indicating end o | ns ruments If the | NSPsubchunk is nissi ng, cont‘ai ns
fewer than two records, or its size is not amJItipIe of 22 bytes, the
file should be reject ed as, structurally unsound .instr % gsent n
the inst subBifuFd vaRSBagNdxisa| \Iexap BF SHEREHy S “d’rsE’él e | é&é?‘ dH’é‘%e grause
file contai rinstpmenysplibliys icin dae 'saing ordetavdhn igstinsient lish she ‘ﬁﬂ(ﬁtont

conpat i bl e appidtaadally insreasing with ingreasinginsuments. dhe siz¢ ekthe G%M@hmewﬂl be
i nstrument s dyasiac foun timeethe parminal mstoment's wihstBagNdx plBs\fousilh theumstrumerittbag irfdivies are
subchunk i s gonlfRcHotoniCorSEME feriinal inshuimesr SinsiBagiiddoes horapdlitie IBAG subchlitk size,

SoundFont — GuRRLL &Lu‘émf'ﬂ tfcl:ﬁvdﬁd@ﬁmr ettt driioudin®! AlPinémibiehfiextapt ihe Wenbhal

Cor i nl 1 ayBEB i 1R Sfﬂhﬁﬁﬁ W““ﬁ?"u@@*‘#m%{“‘” ” voro

W nst GenNdx The I r in a.given. oy
i nst runent fg‘elt’ﬂ'ﬂ‘éﬂ"l% iﬁg/b g tﬁgﬂﬂiyt 'f% winsthaglidx
in the inst r¥ifewhich © Mmﬂimeﬁemm & laghjusrument, Al oth gscre conventicnally
i nstrunment’ sze5e mmafmmwmﬁmke “BEQE waanmf@mmts
Is an index to the instrunment split's list of generators in the | GEN
subchunk, arifithe INS isutehidkoidehissing, contains fewer than twerekords, opits sizeis hottaonuitiple of P2

| MOD subchu rHsnes Eiﬁ@ﬁu%ao\howresdmd gesrentally uastiind0All introthers présentindhe ifistisbichunk
same or der fﬁf&éﬁﬁé’d’% £hesetibdr thdwcséﬁmé a&iamhglmwoﬁmm linsRGments need
ronot oni cal Iy % Stllttbel :#P-"zfuﬁfé Uphftaiidls'ch? opribhBypddie B fife? Sut e orphaned
subchunk in. es I [ O e ter I nstrunent”s
wMbdNdx pl uén %\’8 gﬁﬁ@%e | GEN subchunk in bytes will be equal

to four tines the term nal instrunment's wGenNdx plus four. If the generator
or nodul ator indicies are non-nonotonic or do not match the size of the
respective |ZENThe IBA® Subichwn}s, the file is structurally defective and
shoul d be rejected at load tinme. |If an instrunment has nore than one split,
the first shelBAGubuak i3ladbduired pibchunk lighrpdl instinirieht splits chdthiy the SeuchdBontt he
fact that “Em aﬂﬂeﬂennr@n%ysmmlﬁmebfﬁnmmm s PohrinPogeyecord furreack\l |
gener at or m%ﬂi/ 85 ﬁ:ﬂd:%&?&fd&?ﬁhﬂ@&mem@ﬁmsmmm%ml AL - Page

22 - Printe WO™97/ 07476
44 PCT/ U896/ 13154 ~ nust contain at |east one
gener at or W%Ctﬁﬂ‘eﬁ%%eptlon - if a global sp exists for which there are no
WORD winstGenNdx;
WORD winstModNdx:
I

The first splitin a given instrument is located at that instrument's winstBagNdx. The number of splits
in the instrumeant is determined by the difference between the next instrument’s winstBagNdx and the
current winstBagNdx.

The word winstGenNdx is an index to the instrument split’s list of generators in the IGEN subchunk,
and the winstModNdx is an index to its list of modulators in the IMOD subchunk. Because both the
generator and modulator lists are in the same order as the instrument and split lists, these indicies will
be monotonically increasing with increasing splits. The size of the IMOD subchunk in bytes will be
equal to ten times the terminal instrument’s wModNdx plus ten and the size of the IGEN subchunk in
byes will be equal to four times the terminal instrument’s wGenNdx plus four. If the generator or
modulator indicies are non-monotonic or do not match the size of the respective IGEN or IMOD
subchunks, the file is structurally defective and should be rejected at load time.

If an instrument has more than one split, the first split may be a global split. A global split is
determined by the fact that the last generator in the list is not an sampleID generator. All generator lists
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generators but only nodul ators. The nodulator |ists can contain zero or
nor e nodul at ors. If a split.other than the first split |acks an sanplelD
generator as its last generator, that split should be ignored. A global
split with no nodul ators and no generators should al'so be ignored. If the
| BAG subchunk i 1.SS].0g, or its size is not _amuliple of four t he
file should be @&%@?@g as structurally unsbbimds 7.8 The Imﬁ’eﬁ‘unk
The | MOD subchunk is a required subchunk listing all instrument split

modul ators within the SoundFont conpatible file. It is always a multiple
of ten byt esnusucénsigaticastand geiontter with eneresceptiomyf delobal gpi| axists forpyhich there are no

term nal r ecgeneawrsdor dilymodulatbise The modilatorlists cas tonmis zesé Mbud brie stodulators.
SFMbdul at or sf ModSr cOper, SFGener at or sf MbdDest Oper SHORT

nmodAnount ;  1fa split oth&F Otk Sisesplis fablorhAshanpleIDPgenerator as its last Bénktatorsthay split should be
sf ModTr ansqigioéed .Jbrabaeﬁutw?nmmnaaus&ﬁoﬁaldztaeus‘olbresgnomdu ator for

that split t he“nunber nodul at or s present for a split is determ ned

o e L SRS Rl g LU AR e et

modul at or s i SuEtpRally ugsppnd. The sf IVdechoer is a val ue of one of the
SFModul at or enumeratlon type val ues. Unknown or undefined val ues are

i gnored. This value indicates the source of data for the nodulator. The
sf ModDest Opet.8i The IMODSubchumk of t he SFGenerator enuneration type val ues.
Unknown or undefined values are ignored. This value indicates the

- destinati on 1k IMOD HBeHshRsQ" wthwﬁmlsﬁ@dmmmeh ﬁrﬁbm&sm%e
| ndi cating tegy c%ﬁ;paﬁumf%n& T ﬁggéﬁngper s 36k of bl

val ue i ndi cgl déﬂ? g
of one of the or enurrera Ion ype va ues Unknown or undefined

val ues are Isgntugé&?' hIS val ue indicates that a the degree to which the
sour ce nodul SHestination is to be controlled by the specified

modul ation dource. The sfMdTr ansQper is a value of one of the SFTransform
enuner ati on typeSEMpdmlator sBRd¥6APS®: undefi ned val ues are ignored. This

val ue indi cat es SFognemtor siMedDest@pert t he specified type will be applied to

t he nodul ati on sSHORT nixdidmromntappl i cation to the nodul ator. Joint E-nu
Creative Technol spyodutdtérafMod AiatSidOPENTI AL - Page 23 - Printed 8/11/95 at
6:08 PM SFTransform sfModTransOper;

X
The split’s winstModNdx points to the first modulator for that split, and the number of modulators

present for a split is determined by the difference between the next higher split’s winstModNdx and the
current split's wModNdx. A difference of zero indicates there are no modulators in this split.

The sfModSrcOper is a value of one of the SFModulator enumeration type values. Unknown or
undefined values are ignored. This value indicates the source of data for the modulator.

The sfModDestOper is a value of one of the SFGenerator enumeration type values. Unknown or
vndefined values are ignored. This value indicates the destination of the modulator.

The short modAmount is a signed value indicating the degree to which the source modulates the
destination. A zero value indicates there 1s no fixed amount.

The sfModAmtSrcOper is a value of one of the SFModulator enumeration type vaiues. Unknown or
undefined values are ignored. This value indicates that a the degree to which the source modulates the
destination is to be controlled by the specified modulation source.

The sfModTransOper is a value of one of the SFTransform enumeration type values, Unknown or

undefined values are ignored. This value indicates that a ransform of the specified type will be applied
10 the modulation source before application to the modulator,
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PCT/ US96/ 13154 The term nal record convent ally contains zero in all
fields, and is a tys ignored. A nodul ator is defined by its

sf ModSrcQper, its sfMdDestOper, and its sfMdSrcAnmt Oper. Al nodul ators
within a split %%mﬂ%’e a unique set of these three enunerat "Eéé’!f?“

second nodul at or encountered with the s#Re three enunerat

previ ous nodul ator W|th the sane split, the first nodulator will be

i gnor ed. Modul ators in the | MOD subchunk are absolute. This neans that an
| MOD nodul at Bre teayinal sesord coavaner allyisontaingiziroig alldields, andfisail tysignomedat or . | f

the I MOD subchunk is mssing or its size is not a nultiple often bytes, the
file shoul d Amodefaee iseidfined bystsrsfdbdSredpey, itsnAdedDibstOper, Indits Biidod StEAMDdee. han k
The 1 GEN chufiédulftors withikli spEfmest HiNe 2amitue sétiofithest thres nvderdidth. If aG€ddAd AloBhlgtor is
for each i ”S&H&ﬁ'ﬂ&c the sithd e chitRermobsad B pRVioBOMBAIASY @int] b @amé r%ht the first

al ways a mulh P%m@it es in length, and contalns one
generators for each sp except a gl obal spl it containing onI y nodul at or s)

plus a term record i,n cture S nst GenLi st
SFGener at or %@@ e MOD su 3‘8‘% hl&w&%& aER Tather
are defined mﬁﬁ%‘lﬂ@@ medulaton oy e The genAm)unt is the value to be
assigned to the specified generator. Note that this can be of three

formats. Cerlf thedMPInmbchunkss missivg.foy itnsizeia got azhultiplDif tea hyau thedils stwiild\MeRejected as
vel oci ties, swutthrally omsoumdm and nmaxi mum val ue. Cther generators specify an
unsi gned WORD val ue. Most generators, however, specify a signed 16 bit

SHORT val ue. The split s Wi nst GenNdx points to the first generator for

that split. —Fﬁ? c?'l unk & 9l obal split, the last generator in the
list is a "sanple I!)' genera or whose value is a poi nter to the sanple

associ at ed lit. " r.an rator ts f.or the

Split, it 3‘%@9&@ s Foaupe %{m 2l i m@s efémmemspat -
"velocity rdf SO PR CORRR oft 1t Hways s myltple of Bdsouming one
by a key rawgmogemcramforctchapl;t(g@mmmbpmmm osbrrmdulmr@@hsmrmmd
they wi || baedordharcerding tothgastmatareor i s defined by its sfGenQper. All
generators within a split nust have a unique sftGenQper enunerator. If a

second genergh@sfmsiGanspuntered with the sane sf GenQper enunerator as a
previ ous gegerator with the sane split the first generator wll be ignored.

Cenerators |n th Nist are absolute in nature. This neans that an
| GEN gener at or %.%ég ’ ﬁn adding to, the default value for the
generator. Joi nt - (Y] ecfinol ogy Center - CONFI DENTI AL - Page 24 -

Printed 8/ 117195 at 6:08 PM
where the types are defined as in the PGEN layer above.

The genAmount is the value to be assigned to the specified generator. Note that this can be of three
formats. Certain generators specify a range of MIDI key numbers of MIDI velocities, with a minimum
and maximum value. Other generators specify an unsigned WORD value. Most generators, however,
specify a signed 16 bit SHORT value.

The split’s winstGenNdx points to the first generator for that split. Unless the split is a global split, the
last generator in the list is a*sampleID” generator, whose value is a pointer to the sample associated
with that split. If a “key range” generator exists for the split, it is always the first generator in the list
for that split. If a “velocity range” generator exists for the split, it will only be preceded by a key range
generator. If any generators follow a sampleID generator, they will be ignored.

A generator is defined by its sfGenOper. All generators within a split must have a vnique sfGenOper
enumerator. If 2 second generator is encountered with the same sfGenOper enumerator as a previous
generator with the same split, the first generator will be ignored.

Generators in the IGEN subchunk are absolute in nawre. This means that an IGEN generator rcplaces
rather than adding to, the defanlt value for the generator.
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If the | GEN subchunk is mssing, or its size is not a nultiple of four
bytes, the file should be rejected as structurally unsound. If a key range
‘generator is present and not the first generator, it should be ignored. If
a velocity ranggdensiator is present, and is preceded by a g her
t han akey rangeev gene‘?’gtor, It should be ign@éed. If a non-gl ?g{@%:}l%oes
not end in a sanplelD generator, the split should be ignored. If the

sanpl el D generator valuée is equal to or greater than the term nal sanplelD,
the file should be rejected as_structurally unsound. 7.10 The SHDR
Subchunk  Tifithe BHEN su is snissinzeoputs sizclisagbamultiplel of fur hypess the fleshouldbengictedas
t he_snpl sulsthcrraliyponsosmd; If a kéycenge@entratiNG presaot asl. aok the ifigst génneagos, inshouldtbiepl e
of forty siigduyédsIf a velbaitygidpe sarcaterdnjresent amiis preeied Uy a penerawy otheshawh Reyotatise
a term nal rdgQer, ﬁ%ﬁ&iﬂ&'b@ﬂn&rﬁdﬂﬁnéﬁ-&!ﬂiﬂ B&roes not bAdiala st éﬁrelrftfor. the split

CGHAR achSa H&ighttkd. If the sampley SRt PhIBE Is equat 10 or ti{tigal samplelD,
DWORD dwst ar, @8?130 d be reiected 13 VM anpl e e;
BYTE byOri giha é"ﬂ‘u; s HAR“ChPItChCor recti on; WORD

wSanpl eLi nk; SFSanpl eLi nk sf Sanpl eType; The ASCI | character field
achSanpl eNane contains the nane of the sanple expressed in ASCII. with

unused ter ni7etd BheSERRSubchundy with zero val ued bytes. A unique nane
shoul d al ways be assigned to each sanple in the SoundFont conpati bl e bank
to enabl e | dheSHDRchiuhiois.a réiuived subcinink listidpaflisampies within desinpl subcignk Afd any
erroneous s féftnce ROMRBABSlesN It 1 aivi9¥d inGIkpleDRIRE: six BRes R AR an Bolitkiss Gidireifd
di scar ded. Baycishoul i d Bifinkl SecbhapRNRE e kfilfine” Pl erent 1l Iy

uni quel y renaned. e doubl ewor wStart- contains the index in sanples,
fromthe be 5%%3% the sanple data field to the first data point of this
sanple. Th rd dweEnd contains the index in sanples, fromthe
begi nning of the sanple data field to the first of the set of 46 zero
valgued dgta poi n?é“%ﬂi@’%f@ 'sanple. The doubl eword dwStart!| oop
contains the i ndeWORDAWERSl es, from the beginning of the sanple data field
to the first datBPERIPdwWEad:ne | oop of this sanple.

DWORD dwstartloop;

DWORD dwEndloop;

DWORD dwsSampleRate;

BYTE byOriginaiPitch;

CHAR chPitchCorrection;

WORD wSampleLink;

SFSampleLink sfSampleType;

%

The ASCII character field achSampleName contains the name of the sample expressed in ASCII, with
unused terminal characters filled with zero valued bytes. A unique name should always be assigned to
each sample in the SoundFont compatible bank to enable identification. However, if a bank is read
containing the erroneous state of samples with identical names, the samples should not be discarded.
They should either be preserved as read or preferentially uniquely renamed.

The doubleword dwStart contains the index, in samples, from the beginning of the sample data field to
the first data point of this sample.

The doubleword dwEnd contains the index, in samples, from the beginning of the sample data field to
the first of the set of 46 zero valued data points following this sample.

The doubleword dwStartioop contains the index, in samples, from the beginning of the sample data
field to the first datapoint in the loop of this sample.

The doubleword dwEndloop contains the index, in samples, from the beginning of the sample data field
to the first datapoint following the loop of this sample. Note that this is the data point “equivalent 10"
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pl ayback f desstiar dwEadlaopB brasd divEadioop mishbe lesa thancdwitnd- 1 viStheyr coRsttamtcara hatinnes,
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may not be reproducabl e by sone hardware pI atforms and shoul d be avoi ded.

A val ue of @B@lﬁn&rb kﬁrgﬁhpleﬂtc mﬂl*:? aﬁ.tit wasa.cqmrcd

encount er e %55% 0 or %hé be

- byOri gi nal é)gln ?tﬂmn\é ere mfldzt&
| F

SI:S;rpsﬁoul 3"11"& YE‘(}F% mcﬂ “GQ-,; ault "root

key" for the sanpl e so that in the exarrpl e, a MDI key on conmmand for

not e nunbeﬁhéb}ﬁb}d@dgindbimmwuinsm Mmlmmbnrsftheh’cﬂm& pisihtof the simple. For
unpi t ched samyuls a recordingofantinswuaientpddyire middiz T(26 h62 Ha) should sexdive Warhiue of 60. This
bet ween 12&aia8i uddasalieddfiulcpedt key/forhy Sampld) so that i00iRd exsnpbldCa MIDEkeyain\tomafand
255 is enCQ&WMbdéwwmﬂhp@r&ﬂcéﬁ@Md Resusighal pitchh Fodipided Ssunds, a

chPi t chCor i U85 the'ﬁsE&)f\*ﬂfé bwm%afzsmmgahwme@m
appl i ed toﬂ ﬁvaﬁﬂ%P @alﬂ@ &8 WaRe 86 ieldi1s to
conpensat e rany prtch errors during "the sanple recordlng process The
correction Iue i S of the cor.rect.ipn to.be. appli Xa

t he sound F@l}‘s‘hg EEC?WH Wf’ wi‘ ?“idf nP?‘ﬁ‘b
required, P‘H%El‘?‘h playback, d‘s 3‘%“&%‘1’1“
enuner at i ofeconding RopagsR: Tarsfcmonaalws thagof th&eamsction-tp be applied SEerskampleif the

| ef t Sanpl esonnd;s4cmisesﬂsam¢wm&brﬁammtsﬂms reqwit¥d tus thenvalug shadkibd -@. =
32770, RonlLeftSanple = 32772, and RonlinkedSanple = 32776. It can be seen

that this iThe mmdeﬁ;am [iTypd S ah elinterdtion Giithicipht dédfined Valuest OndSampii= 1, frightSample
sanpl e is kn, Rimgpe ¥MSﬂpleSI Rom.%hbsiﬁi:ldﬂﬂm mmmsmplee@mm i bl e
bank. The g éss dguﬁﬁlea 3§1 ll?éa\&%ch‘ﬁ%at&ﬁﬁk%&’éouw uch

nono, | eft se i @5k
and no va'?ﬂ g}é%’%@%%lsﬁ ﬁ&xﬁ%ﬁ&%ﬁﬁf@ﬂ e

and shoul d

If the sound is flagged as a ROM sample and no valid IROM subchunk is included, the file is
structurally defective and should be rejected atload time.

If sfSampleType indicates a mono sample, then wSampleLink is undefined and its value should be
conventionally zero, but will be ignored regardless of value. If sfSampleType indicates a Jeft or right
sample, then wSampleLink is the sample header index of the associated right or left stereo sample
respectively. Both samples should be played together, with their pans forced to the appropriate
direction. The linked sample type is not currently fully defined in the SoundFont 2 specification, but
will uitimately support a circularly linked list of samples using wSampleLink.
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| f sfSanpl eType indicates a nono sanple, then wSanplelLink is undefined and
its value should be conventionally zero, but will be ignored regardless of
value. |If sfSanpl eType indicates a left or right sanple, then wSanpleLink
is the sanpl e header index of the associated right or left stereo sanple
respectively. B | es shoul d be played together, with Thej

forced to the a %@?ﬁéte direction. The |imged sanple type i?(?%@?ffsly
currently fully defined in the SoundFont 2 specification, but wll
ultimately support a circularly linked list of sanples using wSanpl eLi nk.
Joint Enu/Creative Technol ogy Center - CONFI DENTIAL - Page 26 - Printed

8/ 11/ 95 at 6:08 PM WD 97/ 07476 -

48 . PCT/ US96/ 13154 The term nal sanple
record is never refer enced and is conventionally entirely .zero with the
excepti on Olryg el ?&‘é}aﬁp 4 a0 LM&wﬁEéméwg#sm SEi
sanpl es. 1 |n t ubchunk rence
by an |nstr ﬁﬁ% ég gcé é&‘nﬁgﬁﬂf‘:ﬁﬂ}m’
be rej ect ed MesHPh ﬁnb @ah% ‘teraﬁ%aq I " fphaned”

filter out sHede rtsﬁcbmhem@mlp ﬁe%ndge@mpﬁ@'mpla@swsgﬁwmﬂ dignore pr filges out
SHDR subchuniies¢ erphaned samples aecordiag toysyiprefereacenot a nul tiple of 46 bytes the
file should be rejected as structrally unsound. WO 97/ 07476

PCT/ US96/ 13 ifxis SHDR subchunk is missing, or its is size is not a multiple of 46 bytes the file shéGld be rejected
APPENDI X |'l a5 structurally unsound.



S. 1.2 Cenerator Enunerators Defined The following is an exhaustive list of
SoundFont 2.00 generators and their stict definitions: O startAddrsOfset
The offset, in sanples, beyond the Start sanpl e header paraneter to

the first sanple to be played for this instrunment. For exanple, if Start
were 7 and star, set were 2, the first sanple played wo

sanple 9. Joi‘% -?U‘IOreati ve Technol 0gy g nter - CONFI DEI\FI'FLKENB&E%% 27
- Printed 8/11/95 at 6:08 PM WD 97/ 07476

50 PCT/ US96/ 13154 1 endAddrsOfset

The offset, in sanples, beyond the E sanple header paraneter to the

| ast sanple to be played for this instrument. For exanple, if End were

17 and endAddr O fset were -2, the | ast apreypir 31l ayed woul d be
sanpl e 15. 2 startl oopAddrsOfset The offset, in sanples, beyond the
Startloop sanpl e header paraneter to the

first sanple to be repeated in the |oop for .this instrunment. For
exanple, if Startloop were 10 and startl oopAddrOffset were -1, the
first repeated | oop sanple would be sanmple 9. 3 endl oopAddrsOF f set
The offset, in sanples, beyond the Endl oop sanpl e header paraneter

to the sanple considered equivalent to the Startloop sanple for the

| oop for this instrunent. For exanple, if Endl oop were 15 and

endl oopAddr O fset were 2 sanple 17 woul d be consi dered equi val ent

to the Startl oop sanple, and hence sanple 16 woul d effectively
precede Startloop during looping. 4 startAddrsCoarseOfset = The offset,
in 32768 sanple increnments beyond the Start sanple

header paraneter and the first sanple to be played in this instrunent.
This paraneter is added to the start AddrsO fset paraneter. For

exanpl e, i tar re.5. start Addrffset were 3 and
startAddr(%’&fs%ﬁ‘%\gg’fEmmﬁﬁg“ rst sanpl e played woul d be
The following is an exhaustive list of SoundFont 2.00 generators and their swict definitions:

0 smartAddrsOffset ' The offset, in samples, beyond the Start sample header parameter to
the first sample to be played for this instument. For example, if Start
were 7 and startaddrOffset were 2, the first sample played would be
sample 9.
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sanpl e 65544. 5 nodLfoToPitch This is the degree, in cents, to
which a full scale excursion of the

Modul ation LFOw Il influence pitch. A positive value indicates a

positive LFO excursion increases pitch; a negative value indicates a

posi tive excursion decreases pitch.” Pitch is always nodified )

| ogarithm call yV,"OPW"ﬁ s the deviation is8hn cent, semitones, PGHYSYHAMes
rater than in Hz. For exanple, a value of 100 indicates that the pitch

will first rise 1 semtone, then fall one semtone. 6 vibLfoToPitch

This is theldegdaddrsOffsetent s, t oTheefiset. i skmples. beyond the ke unynpiaheafiert facameter to the
Vibrato LFO wi || influence pit chlastAaqyleicbepayed fonehis mshiument Foaexansild, ifBnd were
LFO_excursion increases pitch; al7undehdAvdirOfftenaetend|iteritis santpleplaydd wornld be
excursion decreases pitch. Pitchsamgleabways nodified | ogarithmcally,

that is the deviation is in cent semtones, and octaves rather than in

Hz. -For exanpl 100 fndie£ates ' | | |.se

1 semtone, @ﬁ&ﬂﬁg@hﬁﬁgﬁgem toir-lﬂl.q’&ﬁ%‘ ﬁF_ d %%ﬁ;ﬁ%%&pﬂwp sim{lkﬁ%atﬁleﬂ;ﬂ a.faéneter
the degree, in cents, to which amsﬁlqrs%%‘éag n?&’ﬁ?‘% gf’tgfk’?ﬁg“ﬁ‘smmt' For
“Modul ation Envel ope will infl uerf@@mpirdEpt \pad santipepAddeOffsst were -1, the
an increase in pitch: a negati veirstarnsated inopsapels wauldbe sampled.i n pitch.

Pitch is always nodified logarithmcally, that is the deviationis in

cent, sem t 3nesdloopiildOffsetces r atThewffsdran samplei beyend the Eadipdpesamplebebdes parameter
Joint E-mu/Creative Technol ogy Getieaimple Cédsidetotiisduivdlent g SuariBop satipidfor the

gll 11/95 at 6:08 PM PCT/l gﬁFﬁQZﬂs?ﬁmcnt. For example, if Endloop were 15 and
o _ S196pAldd¢tOftser were 2, sample 17 would be considered equivalent
of 100 indicates that the pitch 'sdi—ﬂoo'iy ﬁﬂ,rh‘id i?ﬁnﬁé‘l’ﬂv&ﬁ& ecﬁv:‘;m =
peak 8 initialFilterFc pre-J dessdu-ﬁ Mgi&gf,an resonant e?‘r equgncy
of the I owpass filter in . = absol ute cent
ne

units. The | owpass,filter is def as a cond order .

resonant po‘% e\égﬁiadf#\?f% e fr 8&?%}}“#&%2‘“?&"5%@ beypad the StaF sample
Filter Cutoff paraneter. \Wen t pasamerer;aad the fisst semple wds playrd-in this instrument.
and the Q (resonance) of the fi [Thisparametesisaddedte teistartaddrOFset parametef. for t he
signal. 9 initialFilterQ exampld if Stant wwetetfo stired ddn@ffsebwere 3@Adgai n i n
centibels which the filter startAddrCoarseOffset were 2, the first sample' g0 GR be
exhibits at the cutofffrequency safplys334g. of zero or Iless

I ndicates the filter is not resonant the gain at the cutoff frequency

(pol e angl &9 pRYT BEPiRES t han Zq{ﬁ%éf%} th desits; Q‘b&l iﬁ%@qbﬂé 'I !.f
a i § f;

_gain at DCis also affected by e tlAt

is reduced by half the specifiegnsg%}‘_'g.é__l or e% e pg)f .gm\t_'/a .e‘ﬁ LL(T

the filter gain at DC woul d be posxuveemurslm?on E@%‘f ,. ;‘@hxs Mﬁmmd
logarithmically, that is the deviation is in cent, semitones, and octaves
rather than in Hz. For example, a value of 100 indicates that the pitch
will firstrise 1 semitone, then fall one semitone.

P2

6 vibLfoToPitch This is the degree, in cents, to which a full scale excursion of the
Vibrato LFO will influence pitch. A positive value indicates a positive
LFO excursion increases pitch; a negative value indicates a positive
excursion decreases pitch. Pitch is aiways modified logarithmically,
that is the deviation is in cent, semitones, and octaves rather than in
Hz. For example, a value of 100 indicates that the pitch will first rise
1 semitone, then fall one semitone.

7 modEnvToPitch This is the degree, in cents, to which a full scale excursion of the
Modulation Envelope will nfluence pitch. A positive value indicates
an increase in pitch; a negative value indicates a decrease in pitch.
Pitch is always modified logarithmically, that is the deviation is in
cent, semitones, and octaves rather than in Hz. For example, a value
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t he resonant peak would be 10 dB above the DC gain, or 5 dB above

unity gain. Note also that if initial Filter Qis set to zero or |less, then
t he filter response is flat and unity gain
if the cutoff frequency exceeds 20 kHz.

10 nodLfoToFi h This is the degr in cents, to which a full
scal e excursi o%%.’%‘(zs % I\/bdul atpqﬁjq?ﬂglﬁ |1

i nfluence filter cutoff frequency. A positive

nunber indicates a positive LFO excursion increases cutoff frequency,

a negative nunber indicates a posfidoisdieaesthaitepini odlbAs e Ssemitoid 4t the envelope
frequency. Filter cutoff frequengyaki s al ways nodified |ogarithmcally,

that is the deviation is in cent, sem tones, and octaves rather than in

Hz. For exampl gy priatue of 1200;@%&@&&5&5&%@%& ccif filer in
A

will first rise 1 octave, then f Lkterkc
This is the degree, in cents Qelgﬁ“é ned as a second order

Mbdul ati on Envel ope will infl uenEgoRamt ;p%\gdmsfpolg\ g $z s, by the Initial
i ndi cates an increase in cutoff FHEHGERHparameRe Whes =ﬁwa€@f=qnmm@§20mz
a decrease in filter cutoff. Fil andtheQ(resonapes) ohiip Sitenis zer.sbie filter does notaffect the
logarithnmically, that is the devsigidlon is in cent, sem zones, and octaves
rather than in Hz. For exanple, avalue of 1000 indicates that the

cutof f 1requengifialfikdrQr i e one oThiyaheheid Qb@ﬂ\mwmadehﬁ&k\ﬁﬁ%theﬁﬁ%
endAddr sCoar se f set The of f sgkonahk eXBi %%&T&s
End sanpl e header indicate me%,snm,m,ﬂ%qq‘éé

sanple to be played in this inst
paranmeter is added to the endAdd lt °kssm o‘?’h%lﬁmfs °qﬁ1gd The filter

End were 65536, startAddrOffset 9@@“ dpat the gain at DC
were -1, the last sanple pl ayed °-f°“"al“°°f1°°
'mJ Creative Technol ogy Center - woyld be5 4B belopunity geingmd titedwishe of
6: 08 PM WO 97/ 074meresonantpeakwouldbe 10 dB above the DC gain, or 5 8B above
PCT/ US96/ 13154 13 nodLf oToVol umty gain. Note alsofthatsf initialFileerQdgseen, zeroor less, then the
centibels, tow a full scale eﬁﬁ&&&b&&eﬁfﬂaﬁhﬁlmtygmxfﬂmcumﬂ'frcqumcyexceedszo
~Modul ation LFOwW Il influence vogggre. A positive nunber indicates

a positive LFO excursion increases voI urre a negative nunber

i ndi cates a SIOﬂ d
nodi fied | oggﬁ%% callTy, that % g:'nclin éﬁﬁm%i%
in |inear anplitude. For exanpl e i posinve

volume will first rise ten dB, qgflqcatpgﬁqugwc JEXEUTSIOR Hpcreases cutoff frequency,

Unused, reserved. Should be i gno?‘wlﬁ“f“é‘ﬁ’@ dig¥tescp positiys exchpriqpserreases sutaffd

This is the degree, in 0.1% uni t&equensywiilehcuto frequency is alvays modifiedhipprithmically,
that is the deviation is in cent, semitones, and octaves rather than in
Hz. For example, a value of 1200 indicates that the cutoff frequency

will firstrise 1 octave, then fall one octave.

11 modEnvToFilterFc This is the degree, in cents, to which a full scale excursion of the
Modulation Envelope will influence filter cutoff. A positive number
indicates an increase in cutoff frequency; a negative number indicates
a decrease in filter cutoff. Filter cutoff is always modified
logarithmically, that is the deviation is in ceat, semitones, and octaves
rather than in Hz. For example, a value of 1000 indicates that the
cutoff frequency will rise one octave at the envelope attack peak.

12 endAddrsCoarseOffset The offset, in 32768 sample increments beyond the End sample header
parameter and the last sample to be played in this instrument. This
parameter is added to the end AddrsOffset parameter. For example, if
End were 65536, startAddrOffset were -3 and startAddrCoarseOffset
were -1, the last sample played would be sample 32765.
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Is sent to the chorus effects processor. A value of 0% or |ess indicates
no signal is sent fromthis note; a value of 100% or nore indicates the
note is sent at full level. Note that this paranmeter has no effect on the
anount of this signal sent to the "dry" or unprocessed portion of the

out put. For exanple, a value of 250 indicates that the signal is.sent at
25% of full |ev 9(”8'(&"@nuat|on of 12 dB fro¥& ul | - level) to t RETRSIIILS
effects processor. 16 reverbEffectsSend This is the degree, in 0.1%
units, to which the audi o output of the note

is sent to thenfayRrbvelmect s pr%i%%ﬁ&deé:e‘!&'déﬁ:&fs,ﬁ%kor 4 88 Scalldkckrdibf 8f the
no signal is sent fromthis note; ul’a&bﬁ’ﬁf@ixﬂiﬁﬁn(&ﬁév&%@ Al ﬁ?ézﬁﬁnbhtiﬁxcatcs
b

note is sent at full level. Note, ﬁvé é:ﬁﬁ{ e
anount of this signal sent to th &f “Bﬁlgﬁl@

out put. For exanple, a value of %‘Q a&vays
25% of full level (attenuation of® Yl °¥ﬁén [551 er than
effects processor. 17 pan in earamphmdc For exampley3 @fﬂ%né’éﬁ%@“fhm
0.1%units, to which the "dry" aydlumeadld frstrissften dB, then fall ten dB.

the note is positioned to the left or right output. A value of -50% or

| ess i ndi cat Bsufs&dlsi gnal i s senUn@sud] sesdroed! Shauhibd ighdredifefdsumased, not sent
‘to the right output; a value of +50% or

mor e indi cat g5 fRRERRLGeAS Sent sﬂledTg_ree.mOI%umts o which th audx@&ftﬁxﬁ@fﬂieﬁ&c
the right and not sent tothele 0°/ di
signal centered between |eft and r| ﬁ ﬁ% cgdcssm cates

i ndi cates that the signal is senf snpgv%yal%oﬁi g’l Sﬂ‘c
and 25% of full level to the rigRf® &.@‘&E this parameter mmﬂw
Unused, reserved. Shoul d be i gnormgumt @ﬁ@@ﬂtsgrtwhc“iv %memﬁﬂ!e

Unused, reserved. Should be i gnopesut Foreremplasavalus of 250indisaicediat the signal is sent at
Unused, reserved. Should be i gno2&% of fulldeveb{anennatian of 12 HBdrimafpliielieH® the chorus

This is the delay tinme, in absol effietdgrogessonits, from key on until. the

Modul ati on LFO begins its upward ranp from zero val ue. A val ue of

ol
<32

0 indicates 13 dvasemedsa ay. A ‘iﬁg?stthé’ |1H© 1%&%%&&@&@6&.@%& Sdacm
\E]S;)Ilg 9E— mu/ gggt :D\I\//Ie Technol ogy CE brokessor” A0alus bf 09 dr 1di flicates
3 S5 at th:snotc, a value of 100% or more indicates the
t han one second; a positive vaI u5° ‘scf tgxsgmhamgcﬁ'ectonthc

most negative nunmber (-32768) com@ﬁ’ff’%’él s?ﬂi?‘b nBF YRETogEssed-gortion of the
exanpl e, a delay of 10 nsec woul epH. Forrmample,a °f25°i’9§h!:m5ﬂ1¥2h#$%é¢_ﬂte} :

This is the frequency, in absol u2¥ etfilldeve nmenmuﬁazdﬁummw)totherevcrb
effects processor.

17 pan This is the degree, 1n 0.1% units, to which the “dry” audio output of
the note is positioned to the left or right output. A value of -50% or
less indicates the signal is sent entirely to the left output and not sent to
the right output; a value of +50% or more indicates the note is sent
entirely to the right and not sent to the left. A valve of zero places the
signal centered between left and right. For example, a value of -250
indicates that the signal is sent at 75% of full level to the left output
and 25% of full level to the right output.

18 unused2 Unused, reserved. Should be ignored if encountered.
19 unused3 Unused, reserved. Should be ignored if encountered.
20 unused4 - Unused, reserved. Should be ignored if encountered.
21 delayModLFO This 1s the delay time, in absolute timecents, from key on until the

Modulation LFO begins its upward ramp from zero value. A value of
0 indicates a 1 second delay. A negative value indicates a delay less
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triangul ar period. A value of zero indicates a frequency of 8.176 Hz.

A negative value indicates a frequency |less than 8.176 Hz; a positive
val ue a frequency greater than 8.176 Hz. For exanple, a frequency of

10 nHz woul d be | 200l og2(.01/8.176) = -11610. 23 del ayVi bLFO

This is the delay tine, in absolute tinmecents, fromkey on until the
Vibrato LFO beYQTH%E ypward ranp from zerggval ue. A val ue oFCHUSI31ISE
i ndicates a 1 second delay. A negative value indicates a delay |ess

t han one second; a positive value a delay |onger than one second. The

most negative number (-32768) comxfa&eseeahwpdsﬁdwaﬁm NG, 16iEdefthan 6 second. The
exanpl e, a delay of 10 nsec woul Q% ;&g &rt&qM&EOF
This is the frequency, in absol \Pfl &%g l&‘i:@h%—HpB

¢

triangul ar period. A value of zero n |ca ‘es ‘a equency

A negative ates a fregu enc ess than 8,176 Hz t|ve

“val ue a freége#8§1°3£€(§ter t han 8! CIETCY IR 1“@‘%‘?#%&

10 mHz woul d be 120010g2(.01/8. 1%1} gular periagly @\ valuespf gerp inisates 4 =qumcv°f8 176Hz
This i's the delay time, in absola&megmwm&mmﬁmmc}(@smmasHh.aposmw
start of the attack phase of t hevalirdifrentenan gremerthap®: 176/ Hz, alf o @xariplé) a frequency of

indicates a 1 second del ay. A nepgahiy eould/be@2000sb2(.01/8:376) =dei6np. | ess
. than one second; a positive val ue a delay | onger than one second. The

nostnegat i yg gegPBERG 32768) COppe m W}:@ﬁ? a! kefénmﬁme
exanple, a delay of 10 nsec woul.\?-
att ackMbdEnv This is Fé‘ates I Peec %d%ﬁ oAute | czgﬁt é’
end of the Modul ation 2 o Y- nea V
until the point at which the ModiRAnesseond: ap°s‘“"°"‘1“°" 2y lon ‘h‘nm‘s‘m
" Envel ope val ue reaches its peak M@ Begany number GI27§\copuentionnlly indicates no delay. FOI
curve is nomnally such that mmﬂma@n@lamwbwmw&m(s-7973
“paraneter, the result is linear in anplitude or Hz respectively. A value
of 0 indi ca2efreqVibLEOCcONd at t acKTHis is¢he fequengy tid attolml camts,i of dieCibrato EFO's
time |l ess than one second; a pO&tﬁdg\tﬁry&ioueA&aIubfwz&@m&te&hﬁqu@yofs 176 Hz.
second. The nost negative nunberAﬁegggJ@&)mqm&ggtalﬂ kAR : a positive
-instantaneous attack. For exanpl 3%e u&x@fl;‘rcﬂ &%f equcmr;?of
be 1200l 0g2(.0l) = -7973. 27 h%

Wiiapr Loprogzieis 1’*5 Aretb

absolute tinmecents, fromthe en
to the entr cay phase, n I ch the envel ppe value I s, held

at its peakﬁl5 ﬁ‘q@gﬁl@%f 0 i ndi Cgligsxsgm\ah X H@Rdn ARsoly bemrsn koon and the
val ue indicates a tine less tha WW%&GM¢%“%M°&%A@WON

| onger than one second. The nostindicarsiailseconddtisy. A agRrisGYyalucipdicates a delay less
E- nu/ Creati ve Technol ogy Cent er thaG©hE bdchiid; Alpositivéagine 2 Helay Rngertthah dbe bddofld The

6: 08 PM WO 97/ O fabéfnegative number (-32768) conventionally indicates no déldy. For
PCT/ US96/ 13 154 example, a delay of 10 msec would be 1200l0g2(.01) = -7973.
26 attackModEnv This is the time, in absolute timecents, from the end of the Modulation

Envelope Delay Time until the point at which the Modulation
Envelope value reaches its peak. Note that the attack is “convex™; the
curve is nominally such that when applied to a decibel or semitone
parameter, the result is linear in amplitude or Hz respectively. A value
of 0 indicates a 1 second attack time. A negative value indicates a
time less than one second; a positive value a time longer than one
second. The most negative number (-32768) conventionally indicates
instantaneous attack. For example, an attack time of 10 msec would
be 1200log2(.01) = -7973.

27 holdModEav This is the time, in absolute ¥mecents, from the end of the attack phase
1o the entry into decay phase, during which the envelope value is held
atits peak. A value of 0 indicates a 1 second hold time. A negative
value indicates a time less than one second; a positive value a ime
longer than one second. The most negative number (-32768)
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conventional ly indicates no hold pha For exanple, a hold tine of

10 nsec would be 1200l1og2(.01) - -7973. 28 decayMdEnv This is
the tine, in absolute tinmecents, for a 100% change in the

Modul ati on Envel ope val ue during decay phase. For the Mdul ation

Envel ope, the se linearly ranps toward the sustain level  |f

the sustain Ie\%%fﬂézero the Modul ati on Edel ope Decay Ti ﬁgr’usm 154
woul d be the tine spent in decay phase. A value of 0 indicates a 1

second decay tinme for a zero sustain |level. A negative value indicates

a time less than one second; a [resvantiorallyindicatesne hold phayngEar crrmple.arhold time of
second. For exanple, a decay ti n@mﬁecmuldrbstMZﬂoﬁe‘ﬂ?B

1200l og2(.01) = -7973. 29 sust ai nMbdEnv This is the decrease in
| evel , expr s sieeayMbdBad % uni t's, Thisis tisttingeintabsolute timecents, for a 100% change in the

Mbdul ation Envel ope val ue ranps ﬁ&ﬂdﬁntﬂ@cl&ﬁ%ﬁcﬂﬁ%ﬁ@d&%@?&ﬁcModulanon

Modal ati on Envel ope, the sustai %ﬂ IRES ta:(lﬁ
full scale. For congruity with t Jui g ?§p§ \g}g v ,11
expressed as a decrease from ful c %n‘g eA ' g @ ﬁg me
sustain level is full level; thi & Ume speat g da‘iﬂ’:ﬂ‘?sﬁﬂ “Bé?g 5§él
regardl ess of decay tine. A posﬁF‘FWédﬁc&VH@‘fW(ﬁ%%‘W ngag.nyqqgaluemdxcates
correspondi ng | evel . Val ues | esda timplassthanene sasond; mﬂnﬁ@vﬂwmuloaserﬂuncne
zero; val ues aboveée 1000 are to Isecondt Eorepamplel aadecayOings ofi@msexwopitide a
sustain | evel which coresponds tiQo¢log2(0s)+ «M23.val ue 40% of peak

woul d be 600. 30 rel easeMbdEnv This is the tine, in absolute
~timecents, P@iudaidiiodEdghange in Mﬁsﬂ:edccrcasemlevel expressed in 0.1% units, over which the
Mbdul ation Envel ope val ue duringyé gdug% o fihse. For the
Envel ope, the rel ease phase I|n gﬁ)‘? g é&s ells in per £
current level. If the current sc p_ cento'
Envel ope Rel ease Tinme woul d be ?‘I’I‘Ecﬂc °é’3 F‘lee"d“
zero val ue were reached. A val ué"m‘s @’H‘ vajus.of 0 ipdigates the
for a release fromfull |evel. Wﬂ?ﬂ%@%@ﬁ%ﬁdﬁﬂmdéﬁywuc

t han one second; a positive val mg as$ pfidecayrtims. A pesifivevelus indisates a Begay to the
~exanple, a release tinme of 10 neewesponding lel. IV{@5dese thad 2éro are-17 B iterpratd as
~ keynunToModEnvHol d This is t herofvafies ebove 1000 e wbelintapretddag 1000) For exdinigle, a

to which the hold sustain level which coresponds to'8 abéolifte YAMSE 4034 bPpEak
Envel ope is decreased by increasgjgdbilsbh. key

nunber. The hold time at key nunber 60 i's al ways unchanged. The

unit scali hat a val
tracks the Keyboar géhs?ha IS anht‘ﬁ‘s?;"h \%Sk’ﬁau es 1%‘1"@%
hal ve. For exanple, if the Modul qym{;eg or the Modulation
7973 = 10 nsec and the Key Nurrb tojagd zero from the
a key number 36 was pl ayed, theamalcvqlﬁmmnamdmmxﬂe@emmmm
keynunToModEnvDecay This is thEnvklape ReleaseTime movldibe thesimespertinireiease phassynt]
to which the hold zero value were reached. A vaiueraf Odddidaies aNsecdndtdiecay time
Envel ope is decreased by i ncreaforagelédséfronidill ledel] Alneatitdvalaeitidici®s a time less
Technol ogy Center - CONFI DENTI Algan oftg€ond?a positive Rilgé€la fitmé 1dnB&r tBin SheQ&oRY/ For
example, a release time of 10 msec would be 1200log2(.01) = -7973.

31 keynumToModEnvHold  This is the degree, in timecent per keynumber units, to which the hold
time of the Modulation Envelope is decreased by increasing MIDI key
number. The hold tme at key number 60 is always unchanged. The
unit scaling is such that a value of 100 provides a hold time which
wracks the keyboard, that is an upward octave causes the hold time to
halve. For example; if the Modulation Envelope Hold Time were -
7973 = 10 msec and the Key Number to Mod Env Hold were 50, when
a key number 36 was played, the hold time would be 20 msec.

32 keynumToModEnvDecay This is the degree, in timecent per keynumber units, to which the hold
tme of the Modulation Envelope 1s decreased by mcreasing MIDI key
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PCT/ US96/ 13154 nunber. The hold time at
key nunb 0 is always unchanged. The - _ unit
scaling is such that a value of 100 provides a hold tine which

tacks the keyb t is an upward octave causes the hold t

hal ve. For eia%&'&’% t he I\/bduloatlon Envel og8 Hold Ti nme mre%m&s%nmst&
7973 = 10 nmsec and the Key Nunber to Mod Env Hold were 50, when

a key nunber 36 was played, the hold time would be 20 nmsec. 33 del ayVol Env
This is the delay time, in absol mintbet.i Thedolltime frdkeyvrenb k€9 isaiwas dndhagged. The
start of the attack phase of theu&i@cﬂﬂ?:@ﬁmhﬁp@val&mbo'ﬁro@fdcﬁaholdumcwhxch

indicates a 1 second delay. A negﬁéﬁgm ’P‘ﬁ[ﬁ\%r @Yu ﬁﬁg old time to
than one second; a positive val Ugg NG, “-atﬁﬂ%n were -
nost negative nunber (-32768) co Iltl @u&; 50, wh
exanpl e, a delay of 10 nsec vvoul %é ‘é'ﬁrl?’ waea
Vol Env This is thet¥¥ ﬂ[‘q té‘ﬁfg PBA? FSEF- end
of t he "Vol une Envel ope Delay Tinme until the

poi nt at whd%Hely¥olBay une Envel o'ﬂgsxsthe delaynme,mabsoluteumecents between key ot and the
reaches its peak. Note that the sturtefike itack phaseefithe Volume covelopei & value of 0

nom nal |y such that when appli edintiieatéswl steaiduzlayy @l negmiveaninshidivates & Bélay less
result is linear in anplitude. AhuférnéRecdnd;Q positive adlgsa delay 1 adel REdnd. The
time. A negative val ue indicat esm@sthééiﬁvé:ﬁﬁ?o& @i?sﬁ)"‘é‘oﬁ Iy iflicates no delay. For

positive value a time |onger thq‘g%# y(e?; =.797
nunber (- 32768) conventional ly indi g es | nst ant aneous atta cig 3 3.

exanpl e, t me of 10 Id be 2 0log2 1 7973
o Vol Eny 34 ailkVoleal® 9 2 |mﬁ\§ ‘gg‘ bsghar Hteseats i{‘}é gdof ‘f"f‘ré
end of the attack phase velope I‘Y Ime unti thcpomtatt gPHWEI“H?BP“
decay phase, during which the Voyaneacashesdts aeak. \Natethat the attack is “convex”; the curve is
is held at its peak A value of Onomignllysuchshat whes applied bt decitichvolume parameter, the
negative val ue indicates a tine fesitds lideaninampliside cAdalue ofdmidicaresa ¥ sdcond attack
time | onger than one second. Thmsinmﬁﬁiﬂﬁmimrat{mﬁ%%mesecmd,a
conventional Iy indicates no hol dposifioé faluecPimEMage tn ofie Bebsl. I THEmdit nepative

10 nmsec woul d be 12001o0g2(.01) =, 137@327@%%%% mmmnmeousmﬁ&spgp
the time, in absolutetirrecents =

Vol ume Envel ope val ue during decay glﬁ‘ase or & d be 1200l0g2(.01) = -7973.
Envel ope, hase | i near 0 t he sustain I ev

causing a C&g&aﬁ&%& change for-hé%éﬁ‘ “‘:ﬁ?‘ﬁ mPF“E ‘&h‘?ﬁ}e p’é'g:g|amd<phasc
were -10QdB, the Vol une Envel opd®Bie gRecH-RHase. unag, Volume envelope value
spent in decay phase. A val ue ofzsnelﬁmtsmaﬂ@sawge@fébmaamlagcc@qdm@ldmc A

a zero sustain |evel. A negativeegaiveralheudicsters time {dssrthan onrsecdndra posigive value a
second; a positive value a tinme tomrigezer tham onesecomsle The chostaegative awpber (-32768)

a decay tine of 10 nmsec woul d beodviafiddally indithies fio hold pBase. Bor exaifiple,i ahdid ffy of

This is the decrease in |evel, q»m@@mﬁdlbalmm@zqu&qgmr whi ch the
Vol unme Envel ope val ue ranps duri ng the decay phase. For t e

Lo e B L . R U AR S Sl i

Envelope, the decay phase linearly ramps toward the sustain level,
causing a constant dB change for each time unit. If the sustain jevel
were -100dB, the Volume Envelope Decay Time would be the time
spent in decay phase. A value of 0 indicates a 1 second decay time for
a zero sustain Jevel. A negative value indicates 2 time less than one
second; a positive value a time longer than one second. For example,
a decay time of 10 msec would be 1200log2(.01) = -7973.

37 sustainVolEnv This is the decrease in level, expressed in centibels, over which the
Volume Envelope value ramps during the decay phase. For the
Volume Envelope, the sustain level is best expressed in ¢B of
attenuation from full scale. A value of 0 indicates the sustain level is
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full level; this inplies a zero duration decay phase regardl ess of

decay tine. A positive value indicates a decay to the correslpcgrndi n

| evel . Val ues WR¥®7Man zero are to be intebfpreted as zero; 96/13154
conventionally 1000 indicates full attenuation. For exanple, a sustain

| evel which-coresponds to an absol ute val ue 12dB bel ow of peak

woul d be 120. 38 rel easeVol Efl level; this implies a zerd @i@norS Tda€ayph#sR regaidless of
absol ute timecents, for a 100%gehgisR. A"boExﬁ@evalucmdicatcsadccaytothecorrcspondmv
Vol ume Envel ope val ue duri ng rqé@pqql&g&g%afﬁo & BéGhidiRered as zero;

Envel ope, the release phase IlQ 2t #dp pl asustam
current |level, causing a const ang gqr tlge %l xf‘
current |evel were full scale, rt?ﬁ?f% '(%@ Ue owo

woul d be the tine spent in relé‘%‘ bﬁﬁage until -100dB attenuation were
reached. A value of 0 indicates a 1 second decay tine for a rel ease
fromfull 3%valdaseValEnygat i ve valThis is helimatie sbsglute timecknss, fortaldA%xbenge in the
second, a positive value a ti mydumdginvelbpevaluedarisereleast. pheser Fexthajvohme

a release tine of 10 nsec woul Enbelopb e dehgsk phase linsarlyFamps owdfd zero from the
keynuniToVol EnvHol d This is tcheert RIESQusingTa onSRAIB! chiritle fErRAHHRE Ginit! 'TE he

tEgv\tla\ﬂ)gg itgedgglrgased by incre cugreat ley ﬁﬂlscnle,thetv é’énﬁﬂﬁci@lkﬁﬁune
nunber. The hold time at key n%ﬁt S %@;ﬁme&&lﬁ ) -1 deBmenu:et;onwem
unit scaling is such that a va Y?B’ B D for g release
tracks the keyboard, that is a Jegel, Hﬁ‘? g“’(‘ﬁ@hﬁ‘l"ﬂ"ﬁﬁé‘?‘!ﬁ

hal ve. For exanple, if the Vol W@ﬁ\?&eﬁ}ﬁé%ﬁﬂmﬁﬁm Aecegd —For example,
10 msec and the Key Nunber to waticaseumeiof 19 mese wosld be\l2dlog2(ABy= -7973.

nunber 36 was played, the hold tine would be 20 nsec. 40
keynumloV@EoEksyRemToVolEdMHold | s Thie isthedepere, in Mimeconie perkeyrmenbedamys roiodrich uire Hiold

to which the hold time of the Volume Envelope is Hedidaséd byl ih@eaditle WIBDI key
Envel ope i s decreased by incregghbg. mol&ﬁﬂeatkeynumbermxsalwa unchanged The
nunber. The hold time at key n . égfq & cs

unit scaling is such that a va ,thjl &su mng nmeto
tracks the keyboard, that is a Ug‘é%@ ¥ _7973_
hal ve. For exanple, if the Vol §$}'e

10 msec and the KeyNumber to V 50 when 2 key

nunber 36 was played, the hol dOYRbAE3GHas RlaYs: BE‘°W° Mstfrent

This is the index into the I NST subchunk providing the i nstrurrent to

be used f dp keymumToViolnvDiecayer . This isahedegret, in imecentphir keymumbedumits,ito which the hold

instrunent in the |list The val time sfthe/Vdinme Eavelapededetrdabed byiimaeasing NIDI key

instrument |ist The instrunent mehbeAETHEKRI tinge dt Rey iRt BGs 200438 badh@heed. The
unit scaling is such that a value of 100 provides a hold time which
tracks the keyboard, that is an upward octave causes the hold time to
halve, For example, if the Volume Envelope Hold Time were -7973 =
10 msec and the Key Number to Vol Eav Hold were 50, when a key
number 36 was played, the hold time would be 20 msec.

41 instument This is the index into the INST subchunk providing the instrument to
be used for the current layer. A value of zero indicates the first
mstrument in the list. The value should never exceed the size of the
nstrument list. The instrument enumerator is the terminal generator
for PGEN layers. As such, it should only appear in the PGEN
subchunk, and it must appear as the last generator enumerator in all
but the global layer.

42 reservedl Unused, reserved. Should be ignored if encountered.
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keyRange This is the mnimum and maxi num DI key nunber
val }[Jes f0[ 43 keert_tg; _ N This is the mmunuﬁiﬁih&ﬁaﬁﬂhﬁt "PrNey numbahalues for
instrument or split is active. la'crmstrum lit is active. Th b

i ndi cates the hi ghest and the } fm fg Aﬁy;g cLS “e
keyRange enunerator is optional t. EPEW

the first generator in the pres |ns ru h+1 4843 greft%ﬁbbe;
Thi-s is the mini num and maxi nu a&fr“t \?%FF‘E}E‘g 'ef'd |

this preset, layer, instrunment or splrt is active. The LS byte |nd| cates

the hi ghest“a‘fmg M5 byte thembmmmmmm.kﬂmé’eﬁmmwfwwhﬁh
enunmerator is optional, but whethisgresctayerainstomment ort splitis active. ThedcSdrjeeiindicates
only by keyRange in t he pr eset , the highest andthe MStyrd tholowestivalid velddity . The velRange
start| oopAddr sCoar seC f set The @fubrfeior is W&%mamteodsaﬁpm@srb@mmed

the Startl oop sanple only by keyRange in the preset, laydtCR&tAimdadbedpht €F  and
the first sarrple to be repeated in thr

i nstrunment

startloopAgg J‘@f‘?"@é@?@% er. ﬁll;—c ‘e’ég‘ ?%gllﬁmltgiF St ar tsbeymd'%h(gtarﬂoopsample
start| oopAddr O f set were 3 and

first sanple in the | oop woul d BMFMS@&PmWé

This enunerator forces the M DIWM%@&!‘@%thWﬁGfSMWPWC
interpreted as the val ue gi ven.m&mdmg\'qcéaﬁdm&@aﬁhbﬂ‘sm%mzmc
vel ocity Thi Srseesamplerim the dloopovonblbet samplel6Bi44/el ocity to
effectively be interpreted as the val ue
‘given. Valisgl pegdutes are from O tigs bfaerandtorcstithé KU EGimabOB effectiveifites | S
the attenuation, in centibels, Rurgptbfdl Be Vidiciven. ValifVaitdstre from 0 t0 127.

bel ow ful | scal e. A value of zero I ndi cat es no attenuation; the note

w il be pI full scale. [ ExanD th

note wll é}'ed at 6 dB beI agcg({?r 'gr@@% gﬁ'\’/‘&fﬁm
Unused, reserved Shoul d be i grf§ ‘F%‘F‘I’BO Yalies arcppm 00 1

end| oopAddr sCoarseO fset The offset in 32768 sampl e increnments beyond the
- Endl oop safimitialAtcnuation This is the attequation, ingegwbsls. b by rhiskaacteisateeaated (o
t he sanpl e consi dered equi val erkelovofulliscale. A value of zero indicates no attenuation; the note

will be played at full scale. For example, a value of 60 indicates the
note will be played at 6 dB below full scale for the note.

49 reserved2 Unused, reserved. Should be ignored if encountered.

50 endloopAddrsCoarseOffset The offset, in 32768 sample increments beyond the Endloop sample
header parameter parameter to the sample considered equivalent to the
Startioop sample for the loop for this instrument. This parameter is
added to the endloopAddrsOffset parameter. For example, if Endloop
were 3, endloopAddrOffset were 3 and endAddrCoarseOffset were 2,
sample 65544 would be considered equivalent to the Startloop sample,
and hence sample 65543 would effectively precede Startioop during
looping.

51 coarseTune This is a pitch offset, in semitones, which should be applied to the
note. A positive value indicates the sound is reproduced at a higher
pitch; a negative value indicates a lower pitch. For example, a Coarse
Tune value of -4 would cause the sound to be reproduced four
semitones flat.
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Startl oop sanple for the loop for this instrunment This paranmeter is
added to the endl oopAddrsO fset paraneter. For exanple, ifEndloop
were 5, endl oopAddrOffset were 3 and endAddr CoarseO fset were 2,
sanpl e 65544 woul d be considered equivalent to the Stardoop sanpl e,

and hence sanple 65543 woul d effectively precede Startl oop duri n,g
| oopi ng. 51 coNPIVEHE This is gapi tch offset, FHVUSM B Mes,
whi ch shoul d be applied to the ’ note. A

positive val ue indicates the sound i's reproduced at a higher

pitch; a negative value indicates a |ower pitch. For exanple, a Coarse
Tune val ue @) frdTifaul d cause t heriion B PitétPofBer, PRhRAMESkhDEIN be applied 10 the note. It
sem tones flat. Joint E mi/C est hyiveQattohSMnteA pelitve Vel il didahll il sonnd is
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52 fineTune Thi's g%ﬂ?&ﬁ%f%ﬁ?ﬂ“ﬁ%’éﬁ\%@ e Pde
be applied to the note. It reproduccd five cents Lat. is additive

wi th coarseTune. A positive value indicates the sound is .

reproduced &3 ssmpleBher pitch; a Thigfathejndexinto the SERR wbehink providing the sagiple to be
For exanple, a Fine Tuning val uessed for thecumént spinudovalub of zeco andicates the first sample in
reproduced five cents flat. 53heskstpTied value should never exceed By sizeiof tHel3@mpie diex
into the SHDR subchunk provi di noryekgnfleién@miefitd? & the terminal generator for IGEN splits.
used for the current split. A Va.ris‘kﬁd?ﬁtsﬂ&fl@oﬁl?%{eﬁl‘iﬁ HBENTslib APt Gmds

the list. The val ue shoul d never | -
" The sanpl el D enunerator is the t‘ﬁﬁ%ﬂ‘i&gﬁé’?a or&ﬁ"gr ?{Eﬁﬂ?&?l cg_fc;bals;:ht.

As such, it_shoul d only appear ifn.the | GEN.subchun \ i.t rnust,
appear as tﬁé%?‘“ﬁ er at or en%ﬁ%{’ﬁ"ﬁ he {’%‘gﬂght’iﬁ%ﬁ“?ﬁw&fm%
sanpl eMbdes This en bing th samplsion g qyrrrat FRIEsThe
-variety of Bool ean sampleModes should only appeariin theJGENsubdhnnln gnd should
sanpl e for the current instrumemetappearin h¥iglobal split. The two LS bits of the value indicate the
sanpl eModes shoul d only appear itypetolifoop Gicfie sampiéiuhindicaech sohnditegiroduced with no
not appear in the global split. iddpel indirateda Bound whichidops vdhitgousiyd2 fedinfiahile

type of loop in the sanple: O i nhicikas lcbpSaid3dndiddsQeoERdhviiét 18ogiFor the duration
| oop, 1 indicates a sound which

| ool _which gf # ¥ds 18 pla§f e de¥ of the sample.
ot o g R R L G
5 g ﬁpleisfouhdin

The M5 bit (bit 15) of the valu

the ROM nenpry of fhe sound engine. , 55 reserv ) )

Unused, resﬁa"r%/FéH‘."déhoul d be i g%m% *s%ﬁg?'gggﬂ!@“%‘f%mﬁi ng

This paraneter represents the degree to which M DI key nunber

56 scaleTuning is parameter represents the degree to which MIDI key number

influences pitch. A value of zero indicates that MIDI key number has
no effect on pitch; a value of 100 represents the usual tempered
semitone scale,

57 exclusiveClass - This parameter provides the capability for a key depression in a given
. mnstrument to terminate the playback of other instruments. This is
particularly usefuul for percussive instruments such as a hihat cymbal.
An exclusive class value of zero indicates no exclusive class; no
special action is taken. Any other value indicates that when this note
is initiated, any other sounding note with the same exclusive class
value should be rapidly terminated.

58 overridingRootKey This parameter represents the MID] key number at which the sample is
to be played back at its original sample rate. If not present, or if
present with a value of -1, then the sample header parameter Original
Keyisused in its place. Ifitis presentin the range 0-127, then the
indicated key number will cause the sample to be played back at its
sample header Sample Rate. For exampie, if the sample were a
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no

is initiated, any other soundi nOrebdtigs ¢f 4 platdiRidaRT(CriEC] unwescjmsamplermof

val ue should be rapidly term nat%b
paraneter represents the M DI

to be played back at its origi na dgﬁr}p
present with a value of-1, then sanp
Key-is used_ in its place. If it
i ndi cat ed k&9 usBIeARr wil |
sanpl é header Sanpl e Rate.
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For exanple
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mi ddl e C (Ogii3 Gelitor
22. 050 kHz and Root Key were set to 69,
nunber 69 (

mddle Ct oéggﬁﬂég"rng‘ éiﬁl%%‘ unu%%g%‘g ﬁf&?ﬁlﬂaﬂk%?ﬂi‘%ﬁdﬁﬁnus
'\g%’crmygﬁ,xpane MaxUsefal Dl Value

" Shoul d be |%nor ed i f encountered,
reserved. Shou¥ahe |%§ﬂc‘)red i f cWRibunt eb
provi des vaPuéstrtiddss def i nedMulst .

60 e

QM%HWQ&K@UQ thcnp
r@ not pr esent

eader par anet er o g| nal

cause nggesent t%@%l‘% ‘-8

127, t
ORS¢

if the sanple were a Joint
E- nu/ Cr eat i $@ €8d@prnol ogy Cent er TmEShFsBRML| Should beagnereddf enciuritered: dUrtiquclnagie
- 59

recordi ng of a piano

WO 97/ Optévifes value to end of defined list.

a sanple rate of

t hen playing M I DI

0g. 1.

5

key

C
Jlﬁned u\}eerators

res

30 Gene™o®r *summiry Ghe

fol | owi ng t ableadAdgdrsQffsehie r angessmpld def aul t Val ued for Gl |

- defined gengr atantoppAddrsOffddane  smpls
Mn Useful 3 endibopAddrciffset Dedntpld t
snpl s 4 0 startAddrsCoarseOffset
endAddr sOf f §einodl foToPitch S"P!l S centfs
9 None 2 STty dr sO‘fset @‘.ﬁ

e 3 c%g 00

. . 7 modEnvTo t;;h
sl s 38 !ngangleﬁ Non o cent
nmodLf oToPi t #himtialFilterQ  cent fs ¢B

0 None 6 A4 modbipdpFilesFc

0
o0/al ue

l\|0.'<fmsxnlso *

Cemf&ent° fs

12000 10 otk modEnvToFilterEx None centfs 0
12 endAddrsCoarseOffset 32k smpls 0
13 modLfoToVolume chBfs O
15 chorusEffectsSend 0.1% 0
16 reverbEffectsSend 0.1% 0
17 pan 0.1% Center
21 delayModLFO ftimecent 1 sec
22 freqModLFO cent 3.176 Hz
23 delayVibLFO timecent 1sec
24 freqVibLFO cent 8.176 Hz
25 delayModEnv timecent 1 sec
26 attackModEnv timecent 1 sec
27 holdModEnv timecent 1 sec
28 decayModEnv timecent 1 sec
29 sustainModEnv -0.1% attk peak
30 releaseModEnv timecent 1 sec
31 keynumToModEnvHold centkey O
32 keynumToModEnvDecay .tcentkey 0
33 delayVolEnv timecent 1 sec
34 attackVolEnv timecent 1 sec

yinENIDI key
oltef of pitch

en the

None

Seaedfont N

* *  Uni% * Ab8 Zer None
® sta‘rtAddrsOff'set 0 None
0 “Nome * *0 Npne 1Nope

-12000 -10 oct 12000 109ct 0 Non%nc
-10 oct 1200 1o oct 0

ddrsO‘ (fnt
b 0 i B0

0 1200&0ng o 969t

-12000
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* *
960 -96dB
0 None
0 None
-500 Left
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0
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5000
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5000
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5000
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5000
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8000
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5000
8000

None

9&280@) 10 Noge

None 0
96dB 0
100% 0O
100% 0O
Right 0
20 sec -12000
100 Hz0
20 sec -12000
100 Hz0
20 sec -12000
100sec -12000
20 sec -12000
100sec -12000
0% 0
100sec -12000
octky 0
octky 0
20 sec -12000
100sec -12000

-10 oct 1209039 oct19 oct None
-10 oct 12000 10oct 0

None
None
None
None
None
Center
<1 msec
8.176 Hz
<] msec
8.176 Hz
<] msec
<1 msec
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<]l msec
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None
None
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7 nodEnvToPi tch cent fs 0 -12000 -10 oct 12000 10

oct O None 8 initialFilterFc cent 8.176Hz

1500 20 Hz 13500 20 kHz 13500 Qpen 9 initialFilterQ cB
0 0 None 960 96 dB 0 None 10

nodLf oToFi | t er Fc cent fs 0 -12000 -10 oct 12000 10 oct

0 None 11 rmodB¥RHHEFS: er Fc centfs 60 - 12000CTYS

12000 10 oct 0 None 12 endAddrsCoarse f set 32k snpl s 0

* * 0 None 0 None 13 nodLfoToVol une chB
fs 0 33 Z0l8olEnv 060 - 96 dBmecen9e( sic 96 -iA90C imser 3000 U sRpne-3% <i msec
chor usEf f ect 38daadx \sizavy 0. 1% umecddt 1sec -12000 ! msddod0 10080 -:i23C01 R Phsec

0 . None 16 3eyathffd®:st sSend cBamf). 1¥kpeak 0 0 0dB  1s40 ¥34d3 ONoneatkpk
1000 100%5 reieazeiolEm0  None Hheg@® 1sec -12000 imsec 8000 100£c 1800 <imse

Cent er - 3! $500, hi 13 QerinCetioera Necne
del-ayMbdLFO > .%:j“‘_"f‘fqhi;og.f‘ég Tjt%g °§ c“ ﬁc?‘og 20 \8e¢
212000 <1 nEeftSITEReYE - "Eﬁg ) gaono_s'&kn
e 4500 1P0%eesEe 3Dl ez Ia Vi BE?—’O 27 hikey Al kbd
timecent 1 Se¥eiRamze -12000 1 me@PIvels@oo 2§ sec minvel 1Ahogmevel 4ilhp gl vela
freqVi bLFO 43 s doopAddrsCouprOfiser smpls 7618 7160000 1 THz " 4508 | 00 N®O
8.176 Hz 25 #kekgribhdEnv MIDI kyFhkeyd@® 01 sedokey 12712(0Rey 1! nsedone
5000 20 sec47 velocin'12000  <I nsafDPeladt ackMIdENV minvel 127 mxvearelcent Noge
sec - 1280Qided meion 8000 kBOsec ¢ - 52000 p¢d nBERI0 2A444®bdMOAEeHe -
'Eji mecen'sj 1 foe&dlae:.-\ddtlé?&moﬁc;”&ﬁ 5g00 26 sec = =12000 <g rr:;ee\agg
ecayMdEnv ti mecent ¢ C 00Q NERC 0
-12000 <1 ngsl,efc:elfusnﬁstal nl\/den m’ﬁ? 0. %) mﬁ}(gooealégc%;!f@ R
100% 1000 “’0’09' \fod ;? Qg_e egse Nbd,?v g rrece\r?{;'
1 sec =~ -toBEEieMp Fﬁéec 8000 25 "T12000 <1 nsec 319 oop
keynumTol\/de?vﬂélFél‘-mn" t cent / ke§entk 'E)’ 0 0. 12061°n%ct¥ Oé)00 ocF?ﬂP&F’“‘
-0 None 32 Kdymghwos®laEnvDecay abimangnbkey ! 0 = 1271260 - o8t/ ky Noné

1200 oct/ ky38 overridingRoo®eyNone 3BUIDEkE/kOHFERny 0 lokey 127t hbkentl 1 dese
-12000 1 nEeCRangbB&Rnds2A vakes of start, 1obp AR endybinsmaamgdleAtidark Vol Env

tinmecent 1 =€Range has diskrOfhiued bie&6n bir 88430 | 00sec -12000 <1 nsec
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ti mecent 1 sec -12000 1 nsec 5000 20 sec -12000 <1 nsec 36

decayVol Env ti mecent 1 sec -12000 1 nsec 6000

| 00sec -12000 <1 nsec 37 sustai nVol Env cB attn ank.

peak O 0 dB 1440 144dB O ank 38 rel easeVol Env

ti mecent 1 sec -12000 1 nsec 8000 100sec -12000 <1 nsec 39

keynumrloVol EnvHol d tcent key O 0 -1200 -octky 1200

oct ky O None 40 keynuniroVol EnvDecaye tcent key O

-1200 -octky 1200 oct ky O None 43 keyRange

M DI ky# key#0 0 | o key 127 hi key 0-127 full kod 44

vei Range MD vel O 0 mn vel 127

nxvel 0-127 all vels 45 startl oopAddrsCoarseOfset snuls 0

* * * * 0 None 46 keynum

M DI ky# key#0 0 |l o key 127 hi key -1 1 None 47

vel ocity M D vel 0 1 mn vel 127

nxvel -1 None 48 initial Arrenuation cB 0

0 0 dB 1440 144dB O None 50 endl oopAddr sCoar se f set

snpl s 0 * * * * 0 None 51

coarseTune sem t one 0 : -120 -10 oct 120
10 oct O None 52 fineTune _ cent 0

-99 -99cent 99 99cent O None 54 sanpl eMbdes
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56 scal eTunin

0 —— 08— 1200__
e

M Dl ky# key# ey 127 hi key -1 "NoTTe -
Range dependsvﬂggmakuﬁs of start | oop, and_end points in sapghgshggﬁﬁr
Range has di screte val ues based on'bit fIa&% WO 97/ 07476
61 PCT/ US96/ 13154 VWHAT IS CLAIMED | S: 1

1. A.nenory WHATSTSr CIAIMEDI BSsanple data for 2 access by a program
bei ng executed on a audi o data processlng 3 systen1 conprising: 4

a data forymat structure_stored in said l%ﬁ % d dMafOHmt
struct ure®incl udi ng i nf r mafi BAREE LYWy SHo5¢ g6au 1o sa’ﬂ?tﬁr‘%ﬁﬁ
i ncluding2 7 access by a prograh beirs exezuredsen asabdiprdst preicessiagng

an 8 3 sy stehﬂSEEHEEEgl %ald preset optionally including one or 9
nmore articul ati"on pdr aneters ? speci fyi ng aspects of said

i nstrunment; 11 a data format |siynctixe Fﬁ?FPGnéﬁtS?%ﬁeﬁﬁﬂﬂﬁgd pidach
of § 12 sl | d&_&hdflai'ﬁéﬁt stl:r@wiresaﬂ:maahgua?gbmstmxen@émbqnsaia

audi o sanpl e and optl ¢ one or nore

artlcuIaF?on parang%gggg éﬁ#ﬂ§ aspects of 15 - sai d

i nstrumen?; 16 at leasth aife gaiesetnt seddapresed arefiarencingeiang
17 8 speci fi ednkBrinbhe, 'SHR] Yheseta oBI‘E‘i%hﬁﬁiy PIEREBHY oh or

which is unrelated to any partjcul.ar jrachi ne f eating or
pl ayi ng éﬁdlo sanpl es. mb 2 élcufgt1°QZpar?ngﬁEﬁoF?rofp%ﬁﬁﬁxﬁqg\ﬂ%@?&t
said unil® are 2 perceﬁtsaeﬂylnsthumant 3. The nenory of
claim2 yherein said units agg J?eaﬁt_s n%@rﬁ&h%?xtt Q@Ee@gﬁ%&ﬂ Hﬁ‘%ﬁ%iméf

anmount in such units to 3, tw different values in such units
proportld%ately af fect #2id{ RECHHRy ISRy SHHTs LRSETYRPIE ST ESRANGIRG @Ppy
said unily, said 5 unatidio nsampll ek roptioagdd yaddctiediielcne or more

4. The gipnory of clai m,2e YO&T 8¢ ford Harnetdrd Y8 Specifying aspects of

15 said instrument:;

16 each of said articulation parameters being

17 specified in units related to a physical phenomenon
18 -which is unrelated to any particular machine for

19 creating or playing audio samples.

-

2. The memory of claim 1 wherein said units are

2 perceptively additive.

1 3. The memory of claim 2 wherein said units are

2 specified such that adding the same amount in such units to

3 two different values in such units will proportionately affect
4 the underlying physical values represented by said units, said
5 units including percentages and decibels.

1 4. The memory of claim 2 wherein one of said units
2 is absolute cents, wherein an absolute cent is 1/100 of a

3 semitone, referenced to a 0 value corresponding to MIDI key

4 number 0, which is assigned to 8.1758 Hz.

1 5. The memory of claim 4 wherein instrument

2 articulation parameters expressed in absolute cents include:
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2 is absolute cents, wherein an absol ute ; aTa WP-T ST
referenced to a 0 \mlm”"l I"ﬁ tmwng to M DITHESHEET HASrBEEN
assigned to 8.1758 AR e #nory of . ¢l ai mRERUMAGEBI n i np
articul ation paraneters expressed in absol ute 18 et uteT

WD 97/ 07476 PCT/ US96/ 131

62 3 wo”mr%?jul ation LFO frequency2 and 4 %mls%ﬁlntsllsgl
filter cutoff. 1 6. The nmenory of claim2 wherein one of
said unitg 2 IS a rehsbhySeidbiELIXFrRs8EHcy P dhdie cents, wherein
timecents, 3 is defined.for.t eriods _of time T and U to be equal to
1200 4 4Iog[err] (TYLﬂ?lLlaﬁ e °f97 The nmenory of claim®6
wherein instrument - 2 articulation paranmeters expressed in relative tine
cents 33 include: 4 g, The memorP@¢ 31h0R 2RA&ELDY onedof said units

vi brato LFO del ay; g . . nndulgtLontenvelo e del.a Lln%; 7

nodul ati oh en gelpti¥R time expressed 1n time gg Fﬁ?(ﬂ“ﬁgqﬁﬁe ippGeRts
time; 93 is definesddfibnt two pericddspefhbtidetTnand W (ko be equal tovbiaoe

3 sem t one,
, which is
trument 2

envel ope b0|cif&gﬁE'T b nodul ati on envel ope decay tine; 12
nodul ati on enveIGpé /eféase time; and 13 vol une envel ope
rel ease tine. 1 8. The nmenory of claim 1l wherein one of

said units 2 is an absol utke tneforgx pEesitimi 6 whereirenimstrohenti n

Himeoent 3 ot 881056 Shrindtdls Fb0eRgER R 10 4Vl take! Boh200

l og[err] 4 . NEenory 1 erein
i nstrumemd incdpdeeul ati on parameters expressed in absolute tine cents
i nclude: 4 modulation LFO delay;
5 vibratoc LFO delay:
6 modulation envelope delay time:;
7 modulation envelope attack time;
8 volume envelope attack time;
8 modulation envelope hold time;
10 volume envelope hold time;
11 modulation envelope decay time;
12 modulation envelope release time; and
13 volume envelope release time.
1 8. The memory of claim 1 wherein one of said units
2 is an absolute time expressed in time cents, wherein timecents
3 is defined for a time T in seconds to be equal to 1200 log,
4 (T).

9. The memory of claim 1 wherein instrument
articulation parameters expressed in absolute time cents
include:

modulation LFO delay:

vibrato LFO delay:

modulation envelope delay time:;

modulation envelope attack time:

volume envelope attack time;

modulation envelope hold time;

volume envelope hold time;

modulation envelope decay time;

This Sheet Has Been Replaced

AW




rmdulat i on LFO del ay; vibrato LFO de\f TS SHEET HAS BEEN
du

{T?(rjrgl ation envef ope de(”“l“l Iml“"(um"m[ ack tim, ati oﬁEBhMEﬂD)pe afjt ack

nodul ati on

envel ope hold tine; ®  %olunme envel ope hold tine;

modul ati on envyah ei@eficcay tinme; WO 97/ 07476 PCT/USY6/13154
PCT/ US96/ 13154 63 63

nodul ati on envel ope rel ease tinme; and vol une envel ope

rel ease tine. 1 modulatidfl- endéEcpEeEeagle €hnki dndherein one or
nore of 2 said audio sa’gql es conﬁ'_l se a Iock of data conprising: 3

one or nore data segnent o dFﬁ ORT & tpme : a sanpl e
rate associated with each of said 5 digitized audi o segnents;
6 an ORipQi ”@hekﬁ¥m@§§0&f R iyt Qh@f‘éflnoéné 3¢ mdre of

dlgltlzed audi o coryrection

S ts
associ at efl wi t9f Js‘gg"d‘dn sampges comprise; g Rlogky, of dBEa comprising: 11. The
menory of3clai m1 wherein sabdeaot imntatdaia ségnanaaeberdigrtﬁzedxaudlo,

generatorg and nodul ators, af gggé {e Y0 PlassdciatdltwiPh Ul égg){.ggl si ng:

4 a flrst sour enunerator specifying a

source of3real time infoPREirdRedsARRIQISREMANYSisaid 6 one
nodul atoré 7 an o:gg:im:atxyy avgreiated speri éytopd sxid of
said 8 genqLat ok s TP!QE'AM .Sakd one nodul ator; 9

an armunt7speci fying a ggelggr"gééggl o@%% 2&8 enuner at or

affects s&id one generator; 21pitch correction assgciateddwiBursaidnuner at or
speC|fy|ng a second 12priginal key. source of realtine information for
varying said 13 degree said first source enunerator affects
said one 14 generator; and 15 a transform
enuner at o specifying allé The memory af aisfior dnwhenebpesaid carivivwaitdon

first soujce. parameters comprise generators and modulators, at least one of

3 said modulators comprising:
4 a first source enumerator specifying a first
5 source of realtime information associated with said
6 one modulator:;
7 a generator enumerator specifying a one of said
8 generators associated with said one modulator:;
- an amount specifying a degree said first source
10 enumerator affects said one generator:
11 a second source enumerator specifying a second
12 source of realtime information for wvarying said
13 degree said first source enumerator affects said one
14 generator; and
15 a transform enumerator specifying a
16 transformation operation on said first source.
1 12. The memory of claim 1 wherein said audio
2 samples include sterec audio samples, each of said stereo
3 audio samples being a block of data including a pointer to a
4 second block of data containing a mate stereo audio sample.

13. A memory for storing audio sample data for
access by a2 program being executed on a audio data processing

system, comprising:
This Sheet Has Been R
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1 The wher ein | es
I ncl ude stereo audl o] sanﬂiﬂﬂil Iﬂg’m !mb stereo STH‘%§H€E§U§§$¢§E§§E& ng a
bl ock of data including second bl ock REPLAGER, cont i ni ng

a mate stereo audio sarrpl e. menory tor storing
audi o sanpl e dg, access by a program be| ng executed %,9%” '
data processing g syst em conpri sing: 64 WO 97/ st
PCT/ US96/ 13154 a data format structure stored in said
nmenory, saikd 5 dat @altar FBimat I $ehuttture) Gtodedgih NEHId Bt S @d 1 BY

said 6 4 progr pres Q{n@%l ggkﬂgtuxze J.nclud:.rﬂg informatfo 4l etaér u% ﬁ?fidat

presets, each of sai efencing an ins
| east some®of said B¥Fogram and mclB‘Fé%%t s including articulation

paraneters7for 10 a nw@sli r&e Qﬁé@@t% OtagRi 6if | d¥id lﬂﬁsrets 11
at | east ope instrunent referenced b hﬁ “%3 t least zﬂ?
presets, each of said i nSErIREREENT nHpe at least some gf sddo

sanpl e and9| ncl udi ng art !pc&lsatsomncmdlng artlculatlparannihmtseﬁsnfor
speci fyi nggaspects of saigle g}?xen%r aspects of @%&EUEEQiruméﬁE

each of said articulation™p el ng ecified in
units related to a physical pﬁEn%ﬁ%ﬂBrPne_LBiHStrument refem iRy &R gfed

to any pal2icul ar machi neafidr préSets, each of salfeahstguments a.;éﬂug.'ewﬁhg
sanpl es, ggid units being, 20 dﬁo sa%ﬁqf andl¥ﬂaiﬁ§éh¥e£¥tfgﬁﬂéﬂl 21

a plurality of said audlo sanples c ck of
data inclt¥ing 23 parameters for SPe@f-é’ié‘B AsPecERtaf sﬁﬁ}ﬁ’ents of
di gitized1524 instrumentgi o, 25 a sanple
gggﬁeﬁts :Ofé gtYed e each ° EQEH og saanldorart:.curlation %%%:n?éa'{ é%e e?%‘ each
of 28 17 spardfiediin ztmfemmeéa;egrrﬁﬁts phygicalg phenomenon
a pitch cpgrection assocwﬁieﬁl %tﬁhﬁé!éi:edg(i:o any partlcular mad}fn@ e key;
31 19 aid ari__icul ati ramadegs conprls sa%.d 3
generators and nodul ator§, eatPeatt Jtﬂg?éﬁ ¢C 33mpies, mﬁ"&daf*éf'grs
i ncl udi ng20 34 perceptively amdditristeisource enunerator specifying a
35 21 first sogrgpuedl {182Idf BRiaNEAANE! s AP RS Q8% ing a
22 ' block of data including
23 one or more data segments of digitized
24 audio,
25 a sample rate associated with each of said
26 digitized audio segments,
27 an original key associated with each of
28 said digitized audio segments, and
29 a pitch correction associated with said
30 original key:
31 said articulation parameters comprising
32 generators and modulators, at least one of said
33 modulators including
34 a first source enumerator specifying a
35 first source of realtime information associated
36 with said one modulator,
37 a generator enumerator specifying a one of
38 said generators associated with said one
39 modulator,
40 an amount specifying a degree said first
41 source enumerator affects said one generator,
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36 ato 37 a
gener at or enuner at or lll 3 ﬂ FE _

generators associ at ed 0

an amount specifying a degree said first 41 source

enuner ator af f .d one generator, WO 97/ OgdriBsoern31s4

65 wﬁﬂ?ﬁ?}sUS%/ 13154 42 65 a second source
enuner at or specifying a 43 second source of realtl me

i nformatigan for 44 a s¥fdnd Nhurtiel eteratoni SpéeifFikpw ce
45 enumner at fe sai r

a transf 8m enuner at or speci %ﬁcﬁé Sé@r & Taate ia"]i&fmmg{"]?Q'i%rr‘nfa % on

oper ati of4on said first sour¥arying said degree spjd fimstnspwrgeof claim 13

wherein ggid audio 2 sanpl euumBehtde HEMRIRR M@oaawahaaraeaﬁh &g said
stereo 3 audi o sanpl es being a bI ck of data |ncI n pQl Inter_to a 4
SanppRctey

second b*8ck of data contai ni ng a®nkt?® e‘?‘b&%“& e a
15. An addio data processi ng tepsséarnahinn siperation on saidpfirst sspurfces.

processing audi o sanple data; 3 a nmenory for stor| ng audi o sanpl e
data for access by a 4 pro ram bei exe ut.ed on rocessor
i ncl udi ng® 5 144 F‘S?‘ 3 é'& nSeif PR v,

said 6 2 skﬁpie‘s)rmmm steree am&im@mheﬁ‘,oram off zatd Hyeres d 7
program agd i %&% Wriples bﬁ:mg a block o@tdétpaa%tndiﬁ &Bgeﬁe o;ﬁ@ﬁp

ref erenci ng at I nstrunent, sal resets op tlon

10 4 SQ‘?Rﬂ%d’flﬁg’koﬁ’t; SPtﬁDF@nﬁ%‘Hﬂﬁ & W%&F&ﬁ’é?e?gd+6rsal‘iple-
speci fying aspects of said instrunment; 12 at | east one
instrunment referenced b ac [ f.said
I nstrument's referenci ngxﬂfft h%‘n au&§° datéan p§€§e§s§g£F85%§ gf%”?

i ncl udi ng2one or nd Prpeessor for progessing AICLP FarRALt éF’ﬁaf or specifying

- aspects og 16 a memoryS o bﬂﬁfih@&mdloléample data for acce£8Qby o

said articul ation paraneters bei d.in units
rel ated tg "p %ﬁ‘}éﬁ’o Q%g on said pr°°e\ﬂﬁ°%l1 F? gﬁ?é?%t ed to any
parti cul a machl ne for 20data format storusthineg stionedainn gadd dhemeryp| ssid

6 data format structure including information used by said
7 program and including
8 at least one preset, each preset referenc;ng at
9 least one 1nstrument, said presets optionally
10 including one or more articulation parameters for
11 specifying aspects of said instrument;
12 at least one instrument referenced by each of
i3 . said presets, each of said instruments referencing
14 an audio sample and optionally including one or more
5 articulation parameters for specifying aspects of
16 said instrument;
17 each of said articulation parameters being
18 specified in units related to a physical phenomenon
19 which is unrelated to any particular machine for
20 creating or playing audio samples.
1 16. The system of claim 15 wherein said units are
2 perceptively additive.

17. The system of claim 16 wherein said units are
specified such that adding the same amount in such units to

I

NP
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1 ﬁstem of claim 15 wherein said units _are

perceptively addl t | ve m !“J u7. The syis gyl IBASTBEBN Wher ei n
said units are 2 spec m “ lI ddi ng the s@ﬁg‘%@%t}mmn sugh units
to Wo 97/ 37476

PCT/ US96/ 13154 . 66 3 t bdokas184t

val ues in sucV@#M7476,i | | proportionately ggfect 4 the underlying
physi cal val ues represented by said units, said 5 uni ts including

percent ages angodgfff5¥éht véhues in such uﬂiis #Eh& pyopoft dbnatelynalifect
wherein one of_ said

sol [USS cen ke hsd 4l e
is 1/100 %f 3 heau’é%?ﬁ]tydﬁlg Higfé-f%gcgﬁ Yo" & eue%co??eg%dﬁdl ng&t’t 0 s%?%l
key 4 rﬁlmbeunﬂtsvinﬂudmgamrgﬂaﬁages8aQ¢5¥§qq@.e S.1 19. The
syst emof claim 18 wherein instrument 2 art i cul ation parameters expressed

in absolute cents include: 3 tion LEQ _frequepc nd 4
initial filter cutoff. 8+« The system °§0° 3’ S S’Féﬁlgf °8ga?£n*6u€merel n
one of sa& d 2unitsiis disclute aﬁents,twherm«praessa@d;qlntﬂ pentehs st/ ifecdin 3
L mocent s 1S §eLLRRLI! JORASeaRo0} b Pk strHspbnittnd oot oy

1200 | og[err] nr,yst em Of claim 20 wherein
preset 24 arﬂ%ét(?oﬁ'@fﬂ*h#ét éﬁ§16§ﬁﬁie§%e§j-3r & H%e cents include: 3
nodul ati on LFO del ay; 4 vibrato LFO delay; 5

modul atign envel ope delgy t:anvel grs*l::emt pf glaim %d?h%?e‘iﬂ §H¥E£ﬁ9§1@t tack

time; 7 volune dul ation
envel ope %ol dartikeylacion parameter§opme§ﬁﬁb|%b@%1&tﬁ ﬁéntio"ndude'

nmodul ati gn envel ope degAudlation LFO frequency: and
4 initial filter cutoff.

20. The system of claim 16 wherein one of said
units is a relative time expressed in time cents, wherein
timecents is defined for two periods of time T and U to be
equal to 1200 log, (T/U).

_oWw N

21. The system of claim 20 wherein preset
articulation parameters expressed in time cents include:

modulation LFO delay:

vibrato LFO delay:;

modulation envelope delay time:

modulation envelope attack time;

volume envelope attack time:

modulation envelope hold time;

W 0 N 6 U b W N

volume envelope hold time;

o)
o

modulation envelope decay time:;

-
| o

modulation envelope release time; and
volume envelope release time.

[
N

22. The system of claim 16 wherein one of said
units is an absolute time expressed in time cents, wherein
timecents is defined for a time T in seconds to be equal to
1200 log, (T).

W
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envel ope rel ease tine. 22 The s . ,A gn erein
one of said 2 units is m,m#u"mgmu Ilexpresse i n Pr —LBeht-s—mher ei n
a tLimen

3 tinecents is defined for sl N'«xSeconds t0 be equal to 4 1200

11 modul ati on envelope relrease tine,; T@ﬁl FeT HAS'BEEN%M une

| og[err] (T). WO 97/ 07476

PCT/ US96/ 131547 0 9707476 23. The sysiem of claim 22 Ferrussensise

i nstrument articulation paraneters expressed in absolute tine cents

iOI nlcl ude: 230d Ui isyatenOotiebByin 22 wherein instrumBhéto LFO
el ay; . .afio v tine; .

modul ati on env%ﬁ??ﬁ?%ﬁ%&?&ﬁﬁ% %Q(BQ-SSQSA “In va(ﬁr%r%é" téan\’?é'fngpgeﬁﬁ‘ack

tine; include: npdul ati on envel ope hold tine; vol une

envel ope hold tine; modulation LF®0delayion envel ope decay tine;

nodul-ati on envel ope rel ease t.ine,. and . vol une envel ope

release tine. 1 5§Lraténiig Iae‘?’ﬁg'systemof claim15 wherein a

plurality of 2 said sefulakiml envedopei delay Misek of data conprising:

3 ONe e TS e WRRRLBpa a4t ivagi ;audio; - 4 |

a sanple rate associated wth each of said 5 digitized audio

segnents; 6 volume epyelopsi AhFagE\tiR&ci ated with each of said

7 di gi ti zedncdudiat ivrgeRaNeippaniold time; a pitch

correction associ ated V‘”%%nv%l old timePli 0gi nal key. 1
25. The systemof claim erei n°§’§iﬁ 5 Mt icul ation parameters

conpri se generators and BRstlakiens enyeloge dees(tigi®s of said nodul ators
conprising: 4 modulationd ehivedbpéa Otié Lea s Hikedt ahdspeci fying a

first 5 SQH{lciﬁneOfe?Qr%i%En?ewiﬂ rp_aﬁieon associated with said
at or

6 one nodul ‘a generator enunerator
specifying a one of said
1 24. The system of claim 15 wherein a plurality of
said audio samples comprise a block of data comprising:
one or ‘more segments of digitized audio;
a sample rate associated with each of said
digitized audio segments;
an original key associated with each of said
digitized audio segments; and -
a pitch correction associated with saig

O 0 W

original key.

25. The system of claim 15 wherein said
articulation parameters comprise generators and modulators, at
least one of said modulators comprising:

-a first source enumerator specifying a first
source of realtime information associated with said
one meodulator;

a generator enumerator specifying a one of said
generators associated with said one modulator;

W0 0 N 6o W

an amount specifying a2 degree said first source
enumerator affects said one generator:;
a second source enunerator specifying a second

P
H O

source of realtime information for varying said
degree said first source enumerator affects said one
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g
£

-

generator; and
This Sheet Has Been Re‘ilaced

i



8 generators associated with saird one nodul ator; QO —

o cers"sarone”gerer ator- NI IMITHNTAN ** (TSGR Pce" Gt

%_ égwrce numer at or

specifying a second L swurce *0f re for
varying said 1 degree said first source enumner H%U, S
said one 14 %VO”M‘W‘ generator; and 68 WO 97/ Sist
PCT/ US96/ 13154 68 15

a transfofgn enunerat or speci fyifehikffinm enumerator dpediyand@hi on operation
on said f# st source. I m 15 wherein

f_.cl
sai d audi sanpl es |%§?ﬂﬁ%°’§?aetrll$5’ 888F81§8Hp¥%ssalé§ t; §918%8tereo 3

audi o sanples being a block of data including a pointer to a 4 second

bl ock of dpata containingyg, Mop ft"e?a %'fdb9a§ﬁ”i)$ ewherélin said aud:l.o 27.

An audi o data processi system conpri si.ng rocgisor for

pr ocessi ng® audiSST PRSI &gaa%e s\;tereo audd-"niﬁBP}/e’Fore%‘Fbrqfné gds&e¥epl e
datia L or axcesauhyloasémplss (032 1. ]gelmc&xeeuaeﬁaom:smdirm racpsﬁﬁter to a
i ncl udin a c :
said 6 Oa aetcon]d oblo?ks??ﬁé:%fr g{"l%%]ﬁghﬁ Lu:[.‘ eq'%& dus 3 by sgﬁ%y

g |n orna I on use

program and i ncl uding 8 a plurality of presets, each of
Saig pB esefs 9 27. IEA ehflio lﬁﬁt&npk?éééslﬁ&jltsys’ﬁeﬂ e:aa‘?rseﬁrﬁgef
sai 1 i NC i.n rti. Lon met or 11
speci fyi ngz aspects i £’§§1 %és%gtérou%n?ﬁ%‘:%f%lgg &had gaq“ﬁe dgrh%t’ | east one

i nstrunent3 r ef er encadmgporyicfrnfstrging audio sampleidhis oot sccesshbyfasai d
- instrunentg re%%aeafnnaeiﬂg executed on sa@dayﬁbeeéééml qm@ahael-udl ng

st unents 17 @ antd UGy Chrudkpab o taiad St 2R Lo PaRorE, oo ng
18 6 spedataeﬂormatnnﬁrncﬁﬂmatédcnudbn@h@mﬂazﬁaqdbanusedohylﬁald

which is unrel ated bgfgpgmrggélfagfya chine for 20 creating
or playlngbaudlo sanp ald units per.ceptively
addi ti ve; %luma&riaw. P aafe%%ﬁ%l' RRF %ﬁﬁft&%ﬁﬁﬁws. ng
a 23 bl ock ofefitending ach igsEfument, at least some of safé or
nor e dat%1§egnents of digiidZ€d snciuding articulation parameters for

11 : specifying aspects of said instrument:;

12 at least one instrument referenced by each of

13 said presets, each of said instruments referencing

14 an audio sample and including articulation

is parameters for specifying aspects of said

18 instrument;

17 each of said articulation parameters being

18 specified in units related to a physical phenomenon

is which is unrelated to any particular machine for

20 creating or playing audio samples, said units being

21 perceptively additive;

22 a plurality of said audio samples comprising a

23 block of data including

24 one or more data segments-of digitized

25 audio,

26 a sample rate associated with each of said

27 digitized audio segments,

28 - ' an original key associated with each of

29 said digitized audio segments, and
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25 audi o, a sample rate

zzigsom ated with each of Sa;ﬁlﬂilmﬂ“ui“mwslM!HOCI at@(‘jg:/%’g %ﬁ?}ggmnts,

said digitized audi o segnents* apd t W0 .97/

PCT/ US96/ 13154 - ' 69 30

a pitch correc™MOHESoci ated with said 31 69 o¥?5?%ﬁﬂmﬁéy;
32 said articulation parameters conprising 33

generat or ggand nodul ators, at |east Q?Ecﬂfc5f¥ébé¥%n associated Iel g
I ncl udi ng 35 ' a_tirst source enunerator speciftying a

36 31 first so@Xd@iBRLEAY¥iine informati on associ ated 37
wi th saidsene nodul ator, 38 said articulation paramegerer ebmprisiser at or
Speci fyi ngaa one of 39 generatgrf ?nd mé%ﬂt%%e,r %ttoﬁiaéésgﬁéa&fdsﬂ& h
sai d one nodul at or,” 4. an anount
speci fyi nd4a degree sai dBodudateys including source enuner at or

affects sapd one generator, 43 a first source enumerat®eCHPEcSOVING a

enumer at o, . speci fying a 44 . e SQur, .real tine,
I nf or mat i éﬁ for 45 first s‘\’/‘é??ﬁ n%f ngﬁaé.oé}gn& gg'f%%‘g{:%??s s%%‘fﬁ%teed
46 37 enumer at Withf satd soneinpdlatpmer at or, and 47

a transfopg enunerator specifying a génerator enumerator &paBSEPiAdld Obhe of
operation_gn said first source.,

1 28. od r _storing
musi ¢ sanpre data for 2 acc??%db?eﬁgfﬁE@ﬁ%uﬁﬁﬁﬂqﬁfgggegg%gd53ﬁ8a9%ﬁdio
data procé8sing 3 system cowgnilstoy,the steps of: 4 storing

a data fogfmt structure in said MEPRr ¥modt bpecifying d2badghee NBAiGt £#kedur €
i ncluding,Lnformati on used by said 6 rogram and Lgcludin 7
zér?gfgfects sal

at | east 8fe preset, said preSOBTFEf BRWIRT one; gEReTALAK .,
said preses optionally including oaeseto’d source enumemateraspecifyingm
paramet ergqfor specifying aspeebandlcouree of repi¥ind?iflrbBahE R or 11

at | east one instrument referenced by eaé% o F ) ] salrd presets,
each sai d4Pnstrunent referenciVA§Yangisaid degree saifl, fizys§afppEcand
optional | yei ncl udi ng one or neh@méflator affects sHid GwedeABratsaedmds for

specifying7aspects of 15 a t§§$§%$§ﬁ“éﬁﬂgﬁyétor specifying a
48 transformation operation on said first source.
1 _ 28. A method for storing music sample data for
2 access by a program being executed on a audio data processing
3 system, comprising the steps of:
4 storing a data format structure in said memory, said
5 data format structure including information used by said
6 program and including
7 at least one preset, said preset referencing an
8 instrunent, said preset optionally including one or
9 more articulation parameters for specifying aspects
10 of said instrument; _
11 at least one instrument referenced by each of
12 said presets, each said instrument referencing an
13 audio sample and opticnally including one or more
14 articulation parameters for specifying aspects of
15 said instrument:;
16 each of said articulation parameters being
17 specified in units related to a physical phenomenon
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16 each of said articulation par

Sg;ag;;;gd inunits rel ated ”m“l mm/mmml lﬂmngrcr:e_}?cggg S:HEET SQSSBEE
9 >

CT

which is unrelated to any paftitul'ar raé¢hi e for ating or

pl ayi ng audi o | es. 1 29. The nethod of cl s t her
conpri si ng thea@@mi‘%gp of specifying said @its to be perceptl ve?ﬁyﬂsﬁ‘
addi ti ve. 1 30. The method of claim28 further conprising

the 2 sigps of storingyridh Wlidie1@kegatd At ghaE18s A8cBilkogky 3

of data c é’r'pri sing: 4 £i 1avi2B€.Q4; Jore %ta segnents of
digitizedaudio; 5 Creating or p §Y§aﬁp?‘é TS SSCi ated with each of
sai,d 6 digitized audi o segnents; 7 an

original key associated ¥4{h RaChéthog2b® 8laim 28 furthed _%hbz-ﬁg_iﬂﬁdwe
segnents; and 9 .. g pitch correction associated wt sal d
10 - 2 stgp; gf napegifying said units to ha pergephivef¥yagAitiyem 28
wherein said 2 articulation parameters conprise generators and

modul ators, at 3 | eastagne pio Saldlgodyl 81008 £ RirtHelcoflorising the
a first source enunerator sSpecitying a rTirs . . source’ o

real ti me i%hf or FEPENCASSERFINE R Wluradity ef said audio sgmplesdasad oplock

a generat@ spe€i Gxtadcompitsiig:sai d generators 8 associ at ed

with said pne nodul ator; 9 nt LEvLn eqgree
said fi rstlpsource 10 one °§n&ﬁ§?a%?aa$$%%t s&fﬁagﬁé%éﬁgr%’g‘% 11
a second $ource enunerator spedamplegratecassecigted with each gfuyseid of
realtine igf ormation foraupitizeh s¥adoldegments:; - degree said first

source en rator affects said one 14 . generator; and 15
a transfoﬁrpeenurrerator speci 3 rf'g‘%'glfel key ass°°1aq=e{ér gﬁ%?‘o?ﬁﬁgi 8% said
operation&n said first ¢tgitized avdio segments; ®8® The nethod of claim
28 whereiry said audio 2 sanpl@tdnnebbdecti S e Hidiat e WRERSsa@ch of
sai d ster &0 < s

1 original key.

1 31. The method of claim 28 wherein saia
2 articulation parameters compfise generators and modulators, at
3 least one of said modulators comprising:
4 a first source enumerator specifying a first
5 source of realtime information associated with said
6 one modulator;
7 a generator specifying a one of said generators
8 associated with said one modulator:
9 an amount specifying a degree said first source
10 enumerator affects said one generator:;
11 a second source enumerator specifying a second
12 source of realtime information for varying said
13 degree said first source enumerator affects said one
14 generator; and
15 a transform enumerator specifying a
16 transformation operation on said first source.
1 32. The method of claim 28 wherein said audio
2 samples include stereo audio samples, each of said stereo
3 audio samples being a block of data including a pointer to a
4 second block of data containing a mate stereo audio sample.
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3 audio sanples me dat a i ncludi i

bl ock of data conummﬂl_‘mn ! HMereo Hii© SHEFDHAS BEEN
197/ 07476 +oc LN REPUAGED6/ 13154 1
:33.  The nethod of claim28 wherein at | of—2 Sai d audi o sanpl es

lincludes a | oopgst oint and a | oop end 3 poi nt, and f ur tpeqgfusec131s4
.conpri sing thepg?g%h%?Pforcing proxi mal 4 d&t a poi nts surroundi ng said

| oop start point and said |oop 5 end point to be substantially identical.
1 1 34. The netBod wheclaethds ohelaiim tBewnendixi ot Leastsaing of
substantialby i ' Qxi dg LS 1Pl o s
35. The me?mry o) _%I(‘%dnjiwl éﬁg?élsn%?l%éagtéolr%pokggh é%?‘éta%’g‘?ia slé?rﬁh ggu
includes a Poop RR:%, Senfuakbern FOBRr £3RSB theyStap, oAnEoTRERS | PEPH®aInal
dat a poi nt sasur rdatrlipuintai gukpopnding sé@id Jwwpiistard peint|aed sl pwop
are set to Qe 5 enéH@ﬁﬁﬁpkbahgys#gggéﬁffg%} ’%.ntical 36. The menory

e nunber o Sa S ubst

of claim35 wherern stantirally identical proxinal

data points is eight or 3 | ess. .
1 34. The method of claim 33 wherein the number of
2 said substantially identical proximal data points is eight or
3 less. -
1 35. The memory of claim 1 wherein at least one of
2 said audio samples includes a loop start point and a loop end
3 point, and wherein proximal data points surrounding said loop
4 start point and said loop end point are set to be
5 substantially identical.

36. The memory of claim 35 wherein the number of
said substantially identical proximal data points is eight or
3 less.
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