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Chapter 1

Intr oduction

1.1 Welcome

Welcometo the exciting world of digital audio! MIDAS Digital Audio Systemis the most
comprehense cross-platforndigital audiosystemtoday With featuressuchasan unlimited
numberof digital channel®nall supporteglatforms,simultaneousamplemmoduleandstream

playbackandseamlesportability acrossoperatingsystemsMID AS is all you needfor perfect
soundin your applications.

This manualis the Programmes Guideto the MIDAS Digital Audio System.It includesde-
scriptionsaboutall aspect®f MIDAS, includinginitialization, configurationandusageof dif-
ferentsystemcomponents.lt doesnot attemptto documentall functionsand datastructures
availablein MIDAS, but rathergive a goodovervien on how you canuseMIDAS in your own

programs.For completedescriptionf all function and datastructuresseethe MIDAS API
reference.

1.2 What is MID AS?

Whatis MIDAS Digital Audio Systemaryway?

MIDAS Digital Audio Systems amultichannetigital musicandsoundengine.lt providesyou

with an unlimited numberof channelof digital audiothatyou canuseto play music,sound
effects,speeclor soundstreamsMIDAS is portableacrossa wide rangeof operatingsystems,
andprovidesanidenticalAPI in all supportecervironmentsmakingit idealfor cross-platform
softwaredevelopment.

MIDAS Digital Audio Systemis freefor noncommercialisageyeadthefile | i cense. t xt in-
cludedin theMID AS distributionfor adetailedicense.Commercialicensesarealsoavailable.



Chapter 2

Getting started

Although MIDAS Digital Audio Systemis a very powerful soundengine,it is alsoextremely
easyto use. This chaptercontainsall the informationnecessaryo develop simple soundap-
plicationsusingMIDAS. It describesow to link MIDAS into your own programshow to use
the MIDAS API functionsfrom your own code,andconcludeswith a simple moduleplayer
programexample.

2.1 Installing MID AS

Installing MID AS Digital Audio Systemis very simple: just createa separatalirectoryfor it,
anddecompresthedistributionarchive. MIDAS is normallydistributedasoneor several. zi p
files,andthey all needto bedecompresseid thesamedirectory If developingWin32 or Linux
applicationsuseanunziputility thathandledong filenamessuchasinfoZip unzipor WinZip,
insteadof MS-DOS pkunzip. Linux developersshoulddecompresshefiles in Linux, asthe
archive may containsymboliclinks for the Linux libraries.

Note! Make sureyour unzip utility decompressesubdirectoriesorrectly InfoZip unzipand
WinZip shoulddo this by default, but pkunzipneedghe*- d” optionto do this.

2.2 Compiling with MID AS

For applicationausingjust the MID AS Digital Audio SystemAPI, no specialcompilationop-
tionsarenecessatyAll MIDAS API definitionsarein thefile m dasdl | . h, andthe modules
using MIDAS functionssimply needto #i ncl ude this file. No specialmacrosneedto be
#def i ned, andthe datastructuresarestructure-packingeutral.m dasdl | . h is locatedin the
i ncl ude/ subdirectoryof the MIDAS distribution, andyou may needto addthatdirectoryto
yourincludefile searcltpath.
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UnderWindows NT/95, the MIDAS API functionsusethe st dcal | calling convention, the
sameasusedby the Win32 API. UnderDOS, the functionsusethecdecl calling corvention,
andunderLinux the default calling corventionusedby GCC.This is donetransparentlyo the
user however.

Delphi userscan simply usethe interfaceunit m dasdl | . pas, and accesshe MIDAS API

functionsthroughit. Although Delphi syntaxis differentfrom C, the function, structureand
constannamesare exactly the sameandall parameterarepassedustlikein the C versions.
Thereforeall informationin thisdocumentandthe API Referencas alsovalid for Delphi.

MS-DOSuserswith WatcomC will needto disablethe “SS==DS”assumptiorfrom the mod-
ulesthat containMIDAS callbackfunctions. This canbe donewith the“- zu” commandine
option. Notethatthisis not necessaryor codethatjust callsMID AS functions.

2.3 Linking with MID AS

If your programusesMID AS Digital Audio Systemyou naturallyneedto link with theMIDAS
librariesaswell. This sectiondescribesiow to do thaton eachplatformsupported.

All MIDAS Digital Audio Systemlibrariesarestoredunderthel i b/ subdirectoryin the dis-
tribution. | i b/ containsa subdirectoryfor eachsupportedlatform,andthosein turn contain
directoriesfor eachsupporteccompiler Theformatof the compilerdirectorynamesds “jcom-
piler¢ jlwild¢,”, wherejcompiler¢js atwo-letterabbreviation for the compilername andjbuild¢,
the library build type — retail or delug. Undermostcircumstancesyou shouldusethe retail
versionof thelibraries,asthey containbetteroptimizedcode.Also, thedeluglibrariesarenot
includedin all releases.

Forexample, i b/ wi n32/ vcretail / mdas. |ibistheretailbuild of theWin32 Visual C/C++
staticlibrary.

2.3.1 WindowsNT/95

Underthe Win32 platform, applicationscan link with MIDAS Digital Audio Systemeither
staticallyor dynamically Unlessthereis aspecificneedto link with MID AS statically dynamic
linking is recommendedDelphiusersmeedto usedynamiclinking always.

Whenlinking with MIDAS statically simply link with the library file correspondindo your
developmentplatform. For WatcomC/C++,thelibraryis|ib/w n32/wcretail/m das. |ib,
andfor Visual C/C++1ib/w n32/vcretail/mdas.|ib. Dependingon your configuration,
you may needto addthe library directoryto your “library paths”list. WhenMIDAS is linked
into theapplicationstatically the .exe is self-containe&ndno MIDAS . dI | filesareneeded.
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Dynamiclinking is doneby linking with the appropriateMID AS import library insteadof the
staticlinking library. In addition,the MIDAS DynamicLink Library (m dasXX. dl | ) needgo
beplacedin asuitabledirectory— eitherto thesamedirectorywith the programexecutablepr
in somedirectoryin theusers PATH. Theimportlibrariesarestoredin the samedirectorywith
thestaticlibraries,but thefile nameis m dasdl | . | i b. For example,Visual C usersshouldlink
with | i b/ wi n32/vcretail/mdasdll.lib. The MIDAS DynamicLink Librariesarestored
inlib/wn32/retail andlib/w n32/ debug.

Delphi usersdo not needa separatemport library — usingthe interfaceunit m dasdl | . pas
addsthe necessaryeferencego the. dl | automatically Note thatrunningthe programunder
the Delphi IDE withoutthe. dl | availablecancausestrangesrrormessages.

2.3.2 MS-DOS

As MS-DOSdoesnt supportdynamiclinking, only a staticlink library is provided for MS-

DOS. You'll simply needto link with thelibrary from the appropriatesubdirectory— usually
l'ib/dos/gcretail for GCC(DJGPP)ndl i b/ dos/ wer et ai | for WatcomC. Theexecutable
is fully self-containedandno additionalfiles areneeded DJGPPusersalsoneedto link with

theAllegrolibrary, asMID AS usessomeof its functionsfor IRQ handling.

Notethatsomeversionsof theWatcomLinkerarenot case-sensite by default,andyou’ll need
to usecase-sensite linking with MIDAS. To do that,simply addopt i on caseexact to your
linker directies.

2.3.3 Linux

For Linux, only a staticlibrary is provided for the time being. To link your programwith
MID AS Digital Audio Systemaddthepropetibrary directory(usuallyl i b/ | i nux/ gcretail)
to your library directorylist (gcc option - L), andlink the library in usingthe GCC option
-1 m das.

2.4 UsingMID AS from the IDE

This sectioncontainsstep-by-stenstructionson building applicationghatuseMID AS Digital
Audio Systemwith the IntegratedDevelopentEnvironmentsof popularcompilers.
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2.4.1 UsingMID AS with Visual C Developer Studio

This sectioncontainscontainssimplestep-by-stemnstructionsor usingMID AS Digital Audio
Systemwith Microsoft DeveloperStudio.

1. Begin theprojectasusual.lf you alreadyhave anexisting project,it shouldneedno modifi-
cations.

2. Add somesimplecodefor testingMID AS — eithercopy the moduleplayerexamplebelow,
or justadda call to MIDASstartugo the beginningof the programand#i ncl ude m dasdl | . h
atthebegginningof themodule.

3. AddtheMIDAS includedirectoriedo theincludesearctpath: Open“Build/ProjectSettings”
-dialog, choosethe “C/C++” tab, select“Preprocessorfrom the Cateyory list, and addthe
MIDAS include directoryto “Additional include directories”. For example,if you installed
MIDAS in d: / m das, addd: / m das/ i ncl ude.

4. Add aMIDAS library to the project. In mostcasesyou shouldusetheretailimportlibrary,
andthuslink dynamically Open‘“Insert/Filesinto Project”-dialog, andselectthe library file
youwantto use typicallyd: / m das/ | i b/w n32/vcretail/mdasdll.|ib.

Now you shouldbe ableto build the projectnormally To beableto runthe program,you must
make surethatthe MIDAS DLL is availableeitherin the samedirectorywith the produced
executablepr in somedirectoryin the systemsearchpath. You cansimply copy theDLL from

(for example)d: / m das/ | i b/ wi n32/ ret ai | to theprojectdirectory

2.4.2 UsingMID AS with Watcom C IDE

This sectioncontainscontainssimplestep-by-stemnstructionsor usingMID AS Digital Audio
Systemwith WatcomC IDE.

1. Begin theprojectasusual.If you alreadyhave anexisting project,it shouldneedno modifi-
cations.

2. Add somesimplecodefor testingMIDAS — eithercopy the moduleplayerexamplebelaw,
or justadda call to MIDASstartugo the beginningof the programand#i ncl ude m dasdl | . h
atthebegginningof themodule.

3. Add the MIDAS includedirectoriesto the includesearchpath: Open“Options/CCompiler
Switches™dialog,choosé'l. File OptionSwitchesfrom theswitchedist, andaddthe MIDAS
includedirectoryto “Include directories”. For example,if you installedMIDAS in d: / m das,
addd: / mi das/ i ncl ude.

4. Add aMIDAS library to the project. In mostcasesyou shouldusetheretail importlibrary,
andthuslink dynamically Open“Sources/Ne/ Source-dialog,andselectthelibrary file you
wantto use,typically d: / m das/ i b/ wi n32/wcretail/m dasdll.lib.
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Now you shouldbeableto build the projectnormally To beableto runthe programyou must
malke surethatthe MIDAS DLL is available eitherin the samedirectorywith the produced
executablepr in somedirectoryin the systenmsearchpath. You cansimply copy the DLL from

(for example)d: / m das/|i b/wi n32/retail totheprojectdirectory

2.5 A simple module player example

This sectiondescribes very simpleexampleprogramthatusesMID AS Digital Audio System
for playingmusic.First,thecompleteprogramsources givenin bothC andDelphiformat,and
afterthatthe operationof the programis describedine by line. To keepthe programasshort
aspossibleall errorcheckingis omitted,andthereforeit shouldnot be usedasa templatefor

building real applications— the otherexampleprogramsncludedin the MIDAS distribution

aremoresuitablefor that.

Bothversionsof theprogramshouldbe compiledasconsoleapplicationsn theWin32 erviron-
ment.UnderMS-DOSandLinux thedefaultcompilersettingsarefine.

2.5.1 C module player example

1 #include <stdio.h>
2 #include <conio.h>
3 #include "mdasdll.h"
4
5 int main(void)
6 {
7 M DASrmodul e modul e;
8 M DASnodul ePl ayHandl e pl ayHandl e;
9
10 M DASst art up();
11 M DASIi nit();
12 M DASst ar t Backgr oundPl ay(0) ;
13
14 modul e = M DASI oadModul e(". . \\data\\tenpl sun. xnt');
15 pl ayHandl e = M DASpl ayMdul e(nodul e, TRUE);
16
17 puts("Playing - press any key");
18 getch();
19
20 M DASst opModul e( pl ayHandl e) ;
21 M DASf r eeModul e( nodul e) ;

N
N
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23 M DASst opBackgr oundPl ay() ;
24 M DAScl ose() ;

25

26 return 0;

27 '}

2.5.2 Delphi module player example

1 wuses mdasdll;
2
3 var module : M DASnodul e;
4 var playHandl e : M DASnodul ePl ayHandl e;
5
6 BEGN
7 M DASst ar t up;
8 M DASi ni t;
9 M DASst ar t Backgr oundPl ay( 0)
10
11 modul e : = M DAS| oadMbdul e(". .\ data\tenpl sun. xm);
12 pl ayHandl e M DASpl ayModul e( modul e, true);
13
14 WitelLn(’ Playing - Press Enter’);
15 ReadLn;
16
17 M DASst opModul e( pl ayHandl e) ;
18 M DASf r eeModul e( nodul e) ;
19
20 M DASst opBackgr oundPl ay;
21 M DAScl ose;
22 END.

2.5.3 Module player exampledescription

Apart from minor syntaxdifferencesthe C and Delphi versionsof the programwork nearly
identically This sectiondescribeshe operatiornof the programdine by line. Theline numbers
below aregivenin pairs:first for C, secondor Delphi.

1-3,1 IncludesnecessargystemandMIDAS definitionfiles

7,3 Definesavariablefor themodulethatwill beplayed

8,4 Definesavariablefor themoduleplayinghandle
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10,7 Resetghe MIDAS internalstate— This needgo be donebeforeMIDAS is configured
andinitialized.

11,8 InitializesMIDAS

12,9 Startsplayingsoundin thebackground

14,11 Loadsthemodulefile

15,12 Startsplayingthemodulewe justloadedJoopingit
17-18,14-15 Simply waitsfor akeypress

20,17 Stopsplayingthemodule

21,18 Deallocateshemodulewe loaded

23,20 Stopsplayingsoundin thebackground

24,21 Uninitializesthe MIDAS Digital Audio System



Chapter 3

Using MID AS Digital Audio System

Thischaptercontaingdetailedstep-by-stemstructionsonusingMID AS Digital Audio System.
Completedescriptionsof the functions,datastructuresand constantsusedhereis availablein
the API reference.

3.1 Initializing and configuring MID AS

MIDAS Digital Audio Systeminitialization consistsof five basic steps,which are outlined
below. Thelasttwo stepsarenotnecessaryn all cases.

1. CallMIDASstartup Thisshouldbedoneasearlyin theprogramaspossible preferablyatthe
very baginning. MIDASstartuploesnottake a significantamountof time,anddoesnotallocate
ary memory it simply initializes MIDAS to a safeand stablestateandresetsall configration
options.Calling MIDASclosas alwayssafeafter MIDASstartughasbeencalled.

2. ConfigureMIDAS. This canbe doneby settingdifferentMID AS optionswith MIDASsetOp-
tion, or by calling MIDASconfigo promptthe userfor the settings.The configurationcanalso
beloadedfrom afile (with MIDASIloadConfiyor registry (with MIDASreadConfigRgistry) at
this point. Apartfrom the configuratiorfunctions,no MID AS functionsmaybe calledyet.

3. Initialize MIDAS by calling MIDASInit All MIDAS functionsareusableafterthis, andthe
programcanfully startusingMIDAS. MostMID AS configurationoptionscannot be changed
while MIDAS is initialized, soto changdheoptionsit is necessaryo uninitialize MID AS first.

4. Startbackgroundsoundplayback. Unlessyou wantto poll MIDAS manually (with M-
DASpol), you shouldnow call MIDASstartBakgroundPlayto startbackgroundsoundplay-
back. MIDASstartBakgroundPlaystartsa playbackthread(in multithreadedsystems)or a
timer, andpolls MID AS automaticallyfrom it.
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5. Opensoundchannelsvith MIDASopenChannel§ he numberof opensoundchannelimits
the numberof soundsthat canbe playedsimultaneously— one soundchannelcan play one
sound.Thenumberof soundchannelseededlepend®n theapplication typical valuesmight
be 8-32 channelsdor a module,one channelper streamand 1-8 channeldor soundeffects.
Having morechannelopenthannecessarwill notincreasehe CPUuse,asinactive channels
do not needCPU attention. However, somesoundcardsmay placelimitations on the maxi-
mum numberof openchannelsif you areonly playinga singlemodule,openingthe channels
manuallyis not necessarasMIDASplayModuleanopenthe neededchannelautomatically

3.2 Uninitializing MID AS

MID AS Digital Audio Systermuninitializationis essentiallythereverseproces®f initialization.
Actually only thelaststepis (callingMIDASclosgis absolutelynecessaryoutit is goodpractise
to uninitialize everythingthat hasbeeninitialized. In addition,all modulesand sampleghat
have beenloadedshouldbe deallocateeforeuninitializing MIDAS, asfailing to do so may
leadto memoryleaks.

BasicMIDAS uninitializationconsistf threesteps:

1. If soundchannelshave beenopenedwith MIDASopenChannelslosethemby calling Ml-
DAScloseChannels

2. If backgroundsoundplaybackis used stopit by calling MIDASstopBakgroundPlay
3. Finally, uninitializetherestof MID AS Digital Audio Systemby calling MIDASclose

3.3 Usingmodules

Digital musicmodulesprovide aneasyto useandspace-dicient methodfor storingmusicand
more complicatedsoundeffects. MIDAS Digital Audio SystemsupportsProtracler (.mod),
Screamlracker 3 (.s3m),FastTracker 2 (.xm) andImpulseTraclker (.it) modules.All typesof
modulesareusedthroughthe samesimple API functionsdescribedn the subsectionbelow.

3.3.1 Loading and deallocatingmodules

Loadingmoduleswith MID AS Digital Audio Systemis very simple,just call MIDASloadMod-
ule, giving asan argumentthe nameof the modulefile. MIDASloadModuleeturnsa module
handleof type MIDASmodulewhich canthenbe usedto referto themodule.After themodule
is nolongerused,t shouldbe deallocatedvith MIDASfleeModule
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3.3.2 Playing modules

Modulesthathave beenloadedinto memorycanbe playedby calling MIDASplayModuleMI-
DASplayModuléakesasanargumenthemodulehandlefor themodule andaboolearflagthat
indicateswhetheror notthe moduleplaybackshouldloop or not. It returnsa moduleplayback
handleof type MIDASmodulePlayHandléhat canbe usedto referto the moduleasit is being
played.

MIDASplayModuleSectioranbe usedto play just a portion of the module. A singlemodule
could,for example,containsereraldifferentsongsandMIDASplayModuleSectiaranbe used
to selectwhich oneof themto play.

MIDAS is alsocapableof playing several modulessimultaneouslyor even the samemodule
severaltimesfrom differentpositions. Thereare somelimitations, however, seeMIDASplay-
Moduledocumentatiorior details. This canbe usefulfor usingmodulesectionsassoundef-

fects,or fadingbetweertwo modules.

Module playbackcanbe stoppedby calling MIDASstopModulgpassingt asanargumentthe
moduleplaybackhandlereturnedoy MIDASplayModule

3.3.3 Controlling module playback

Althoughtypically moduleplaybackjust proceedsvithout userintervention,it is alsopossible
to control the playbackof the module. MIDASsetBsition can be usedto changethe current
playing position, MIDASsetMusioMumeto setthe mastervolume of the music,and MIDAS-
fadeMusicChannab fadeindividualmusicchannelsn or out. All of thesefunctionsrequireas
theirfirst amgumentthe moduleplayinghandlefrom MIDASplayModule

3.3.4 Getting moduleinformation

In MIDAS Digital Audio Systemit is possibleto queryinformationaboutamoduleor thestatus
of moduleplayback.This informationcanbe usedto updatean userinterface,or synchronize
the programoperatiorto the musicplayback.

Basicinformationaboutthe module,suchasits name,is availableby calling MIDASgtMod-
uleinfo. Thefunctionrequiresasanargumentamodulehandlereturnedoy MIDASloadModule
anda pointerto aMIDASmodulelnfstructurewhichit thenwill fill with the moduleinforma-
tion. A similar function, MIDAS@tInstrumentinfpis availablefor readinginformationabout
individualinstrumentsn the module.

The currentstatusof the playbackof a modulecanbe readwith MIDASgtPlayStatus It is
passe@ moduleplaybackhandlefrom MIDASplayModuleanda pointerto aMIDASplayStatus
structure,which it will thenfill with the playbackstatusinformation. The playbackstatus
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informationincludesthe currentmoduleplaybackposition,patternnumberin thatpositionand
thecurrentplaybackrow, aswell asthe mostrecentmusicsynchronizatiomommandnfobyte.

MIDAS Digital Audio Systemalsosupportsa musicsynchronizatiorcallbackfunction,which
will be called eachtime the playerencountersa music synchronizatiorcommand. The syn-
chronizationcommands Wxx for ScreamTracker 3 andFastTracker 2 modulesandZxx for
ImpulseTracker modules.Thecallbackcanbesetor removedwith thefunctionMIDASsetMu-
sicSyncCallbak As the musicsynchronizatiortallbackis calledin MIDAS playercontet, it
shouldbe keptasshortandsimpleaspossible andit maynot call MID AS functions.

3.4 Usingsamples

Using sampless the easiestway to add soundeffects and other miscellaneousoundsto a
programwith MIDAS Digital Audio System.This sectiondescribeshow samplesareusedin

MIDAS.

3.4.1 Loading samples

Before samplescanbe used,they naturallyneedto be loadedinto memory MIDAS Digital
Audio Systemcurrentlysupportssamplesn two formats:raw audiodatafiles andRIFF WAVE
files. Rav samplefiles canbe loadedwith MIDASloadRawSamplandRIFF WAVE samples
with MIDASIoadViveSampleBoth functionsrequireasargumentshe nameof thesampldfile,
andsampleloopingflag— 1 if the sampleshouldbelooped,0 if not. MIDASloadRawSample
alsorequiresthe sampletype asan agument, MIDASIoadVeveSampleleterminest from the
file header Both functionsreturna samplehandleof type MIDASsamplehat canbe usedto

referto thesample.

After thesamplesareno longerusedthey shouldbe deallocatedvith MIDASfeeSampleYou
needto make sure,however, thatthe sampleis no longerbeingplayedon ary soundchannel
whenit is deallocated.

3.4.2 Playing samples

Sampleshathave beenoadednto memorycanbeplayedwith thefunctionMIDASplaySample
It takesasargumentghesamplenandle playbackchannehumberandinitial valuesfor sample
priority, playbackrate,volumeandpanning. The functionreturnsa MID AS sampleplayback
handleof type MIDASsamplePlayHandkhat canbe usedto referto the sampleasit is being
played.A singlesamplecanbe playedary numberof timessimultaneously

Sampleplaybackcanbe stoppedwith MIDASstopSampjdout this is not necessarypeforethe
samplewill bedeallocated— a new samplecansimply be playedon the samechannelandit
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will thenreplacethe previousone. The samplehandleswill bereg/cledasnecessarysothere
is no dangerof memoryleaks.

3.4.3 Samplesand channels

Onesoundchannelcanbe usedto play a single sample andthereforeMIDASplaySamplee-
quiresthe numberof the channethatis usedto play the sampleasanargument. The channel
numbercanbesetmanually or MID AS Digital Audio Systemcanhandlethechannekelection
automatically

If the channelnumberfor the sampleis setmanually the channelusedshouldbe allocated
with MIDASallocateChannéb ensurethat the channelis not being usedfor other purposes.
If afree channelis available,the functionwill returnits numberthat canthenbe usedwith
MIDASplaySampleAfter the channels nolongerused,it shouldbe deallocatedvith MIDAS-
freeChannel

Anotherpossibilityisto let MID AS selecthechannebutomaticallyA numberof channelgan
beallocatedor useasautomaticeffectchannelsvith MIDASallocAitoEfectChannelsMIDAS-
playSampleanthenbepassedID AS_ CHANNEL _AUTO asthechannehumberandit will
automaticallyselectthe channelthatwill be usedto play the effect. After the automaticeffect
channelsarenolongerusedthey shouldbe deallocatedvith MIDASfreeAitoEfectChannels

3.4.4 Controlling sampleplayback

Most sampleplaybackpropertiescanbe changedvhile it is beingplayed.MIDASsetSampleR-
ate canbe usedto changeits playbackrate, MIDASsetSamplelumeits volume, MIDASset-
SampleBnningits panningpositionandMIDASsetSamplePrioritys playbackpriority. All of
thesefunctionstake asanargumentthe sampleplaybackhandlefrom MIDASplaySampleand
thenew valuefor the playbackproperty

Thesampleplaybackpropertiessanbe changedtary pointafterthesampleplaybackhasbeen
starteduntil the sampleplaybackis stoppedvith MIDASstopSampldf thesamplehasreached
its end,or hasbeenreplacedy anothersamplewith automaticchannekelection the function
callis simplyignored.

3.4.5 Getting sampleinformation

The sampleplaybackstatuscan be monitoredwith MIDASgtSamplePlayStatudt takes as
anargumentthe sampleplaybackhandle andreturnsthe currentsampleplaybackstatus.The
playbackstatusinformation can be usedto determinewhetheror not a samplehasalready
reachedts end.
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3.5 Usingstreams

In MIDAS Digital Audio Systemstreamsarecontinuoudlows of sampledata.Unlike samples,
they donotneedto beloadedcompletelyinto memorybeforethey canbeplayed,but canrather
beloadedfrom disk or generatecsnecessaryThis sectiondescribefiow streamsareusedin
MIDAS.

3.6 Playing streams

Therearetwo differentwaysof playingstreamsn MIDAS Digital Audio System:streamfile
playbackand polling streamplayback. In streamfile playback,MIDAS createsa new thread
thatwill readthe streamdatafrom a givenfile andplaysit automaticallyon the background.

In polling streamplaybackthe userneedsto reador generatehe streamdata,andfeedit to
MIDAS.

Streamfiles are played with MIDASplayStamHie and MIDASplayStamVdveHRle. Both

functionsrequireasargumentghe streantfile name streamplaybackbuffer lengthandstream
loopingflag. Thefiles playedwith MIDASplayStamHe shouldcontainonly raw sampledata,
andthefunctionwill thereforerequireasargumentsalsothe streamdatasampletype andplay-

backrate. MIDASplayStamVdveHle plays RIFF WAVE files, and canreadthe information
from the file header The playbackfunctionswill returna streamhandlethat canbe usedto

referto thestream.

Polling streamplaybackis startedwith MIDASplayStammlling. It requiresasits aguments
the streamsampletype, playbackrate andbuffer length. The actualstreamplaybackwill not

start,however, until somestreamdatais fed to the systemwith MIDASfeedSeamData After

the playbackhas startey MIDASfeedSeamDataneedsto be called periodically to feedthe

systemnew streamdatato play, otherwisethe systemwill run out of streamdataand stop
playback.

Thestreamplaybackbuffer lengthcontrolstheamountof streamdatabufferedfor streamplay-
back. Thelongerthe buffer is, the longerthe systemcanplay the streamwhennew datais not
availableuntil the playbackneedgo be stopped.Runningout of streamdatawill resultin irri-
tating breaksin the soundandshouldbe avoided. Longerplaybackbufferswill, however, add
delayto the streamplayback,andconsumeanorememory For streamfile playback,a stream
buffer lengthof 500msshouldbesuitable.For polling streanmplaybackthe buffer lengthshould
be atleasttwice thelongestexpecteddelaybetweertwo callsto MIDASfeedSegamData

Streanplaybackis stoppedvith MIDASstopStam regardlesof the streantype.
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3.6.1 Controlling streamplayback

The streamplaybackpropertiescanbe changedvhile it is beingplayed.MIDASsetSeamRate
canbe usedto changeits playbackrate, MIDASsetSeam\dlumeits volume and MIDASset-
StreamRnning its panningposition. All of thesefunctionstake as an agumentthe stream
handlefrom the streamplaybackfunction,andthe new valuefor the playbackproperty

The playbackof the streamcan also be pausedwvith MIDASpauseS#tam and resumedafter
pausingwith MIDASesumeSaam This canbeusefulif yourapplicationknowsit will runout
of streamdatasoon,andwishesto fadethe streamoutandpausat until moredatais available.
Streandatareadingandfeedingcancontinuewhile thestreams pausedintil the streambuffer
is full.

3.6.2 Getting streaminformation

Theamounibf datacurrentlyin thestreanbuffer canbemonitoredwith MIDASgtSteamBytes-
Buffered Theinformationcouldbe usedto determinehow soonnew streamdatais neededo
continueplayback,or whetheror not enoughspaceexistsin the streambuffer for a complete
new block of data.

Note that with ADPCM streamsthe streambuffer containsthe decompressedata,as 16-bit
samplesinsteadof thecompresseADPCM data.

3.7 Usingechoeffects

The MIDAS Digital Audio SystemEchoEffectsEnginecanbe usedto adddifferentechoand
reverb effectsto the soundoutput. Theseeffects canrangefrom simple echoesandfiltering
effectsto heary hall reverbsand stereoenhancementsThis sectiondescribeshow the echo
effectsareused

3.7.1 Adding echoeffects

Echoeffectsareaddedo the soundoutputwith MIDASaddEhoEfect It takesasanargument
apointerto afilled MIDASetioSestructurgdescribedelon), andreturnsandechohandlethat
canthenbeusedo referto theeffect. Theechosetstructuras notusedafterMIDASaddEboEf-
fectreturnsandmaybedeallocatedAny numberof echoeffectscanbe active simultaneously

After the echoeffect is no longerwanted,it canbe removed from the outputwith MIDAS-
remoeEhoEfect Notethat modifying the MIDASetioSetstructureof an echoeffect thatis
alreadybeingusedhasno effect.
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3.7.2 The echoeffectstructure

A MIDAS Digital Audio Systemechoeffect is describedoy a MIDASetoSetstructure. The

echosetcontainsthreecommonfields plus oneor more echoes.The feedbackfield controls
theamountof feedbackn theechoset,gain the echoeffect total gain,andnumEchoessimply

the numberof echoesn theechoset. Seethe MIDASetoSetdescriptionn the APl Reference
for moredetails.

The echoesf anechosetaredescribedy anarrayof MIDASebo structures Eachechohas
fields that describeits delay gain, filtering and channelreversestatus. The delay of anecho
controlshow far back from the echoeffect delay line the datafor the echois taken — the
greatetthedelay thelongerthe echois. Gaincontrolsthe strengthof the echo,theechodatais
essentiallymultiplied by thegain. Eachechocanoptionallybelow-passor high-pasdiltered,in
asystemwith morethana coupleof echoeslow-pasdiltering canreducethe build-up of high-
frequeng noise. Finally, the left andright channelsof the echocanbe reversed producingan
interestingstereceffectin somecases.



Chapter 4

Advancedtopics

ThischapteiincludesadvancedprogrammingnformationaboutMID AS Digital Audio System.
Althoughtheinformationcontainecereis notnecessarfor beingableto useMIDAS, it should
be readby everybodywho wishesto get everything out of it. Topics coveredhereinclude
performanceoptimization,soundquality optimization,andworking with compressedample
types.

4.1 Optimizing MID AS performance

Although MIDAS Digital Audio Systemhasbeencarefully optimizedfor maximumperfor
mance playingmultichannebigital audiocanstill befairly time-consumingTo getaroundthe
limitationsof currentPCsoundcards MID AS needgo mix thesoundchannelsn software,and
thismixing processaccountgor mostof CPUusagecausedy MIDAS. In mary casedradeofs
canbe madebetweersoundquality andCPU usagealthoughit is alsopossiblein somecases
to lower CPUusageadramaticallywithout affecting soundquality.

In somecaseghe oppositeis alsotrue: It canbe possibleto get bettersoundquality out of
MIDAS without usingmuchadditional CPU power. This sectionthereforedescribesow you
cangetbestpossiblesoundquality of MID AS while usingaslittle CPU time aspossible.and
how to find theright balancebetweersoundquality andCPU usagédor your application.

4.1.1 The number of channels

First and foremost,the CPU time usedfor mixing dependson the numberof active sound
channelsn use. Eachchanneiheedgo mixedto the outputseparatelyandthusrequiresCPU
time. Note, however, that the total numberof openchannelss not very significant,only the

17
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numberof channelghatareactuallyplaying sound. Also, soundsplayedat zerovolumetake
very little CPUtime.

On acomputemwith a90MHz PentiumCPU, with the default soundquality settings the CPU
time usedis roughly 0.6%—0.9%0of the total CPU time per channel. The numbercanvary
greatlydependingnthetype of samplesisedandotherfactors,but canbe usedasaguideline
in decidinghow mary soundchanneldo use.Regardlesof theoutputmodesettingshowever,
minimizing the numberof channelsisedis aneasyway to increaseMID AS performance.

Using fewer soundchannelsdoesnot necessarilyneansacrificingsoundquality or richness.
Music modulesdo not necessarilyneedto have over 10 channels¢o soundgood— talented
musicianshave composedtunningsongswith the Amiga Protracler programwhich only sup-
ports4 channels.Unnecessargr very quiet soundeffects could be eliminated,makingway

for moreimportantones. Finally, insteadof playing two or more soundssimultaneouslythe

soundscould be mixedbeforehandvith a sampleeditorinto one.

4.1.2 Sampletypes

Anotherfactorthathasa greateffect on MID AS Digital Audio SystemCPU usageis thetype
of the sampleslayed. The simplestsampletype, andthereforethe fastestto play, is a 8-bit
monosample. 16-bit samplegake typically 50% more CPU time to play than8-bit samples,
and stereosamplesnore than50% than correspondingnono samples.In addition, ADPCM
streamdake additional CPU time for decompressinthe ADPCM datato 16-bit beforeit can
beplayed.

However, 16-bit samplesdo soundmuch betterthan 8-bit ones. A good compromiseis to
usemulaw samplesnstead. mulaw sampleshave almostthe samesoundquality as 16-bit
sampleswhile being asfastto mix as 8-bit samples. In addition, they only take as much
spaceas 8-bit samplesandthuslower the memoryrequirement®f the programaswell. In
somemixing modesMIDAS will actuallyautomaticallycorvert 16-bit sampleso mulaw if
it is beneficial. The option MIDAS OPTION.16BITULAW_AUTOCONVERTcan be usedto
controlthis behaiour.

ADPCM compressiotyieldsa 1:4 compressiormon 16-bit sounddata,usingeffectively only 4

bits persamplewhile maintainingsoundquality betterthan8-bit samplesAs ADPCM sample
datacannoteasily be playedwithout decompressing first, however, MIDAS only supports
ADPCM sampledatain streams.Although ADPCM streamgake somavhat more CPU time

to play than16-bit streamsasthe dataneedso be decompressedhey canstill turn outto be
fasterin practise astheamountof datathatneeddo bereadfrom diskis muchsmaller
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4.1.3 Output settings

Finally perhapshe mostimportantfactorin determiningMID AS CPUusageandsoundquality:
outputsoundquality settings.Severaldifferentsoundquality settingscanbeadjustedandeach
canbeusedto adjustthebalanceof soundquality andCPUusage.

Themostimportantof all outputquality settinggs themixing mode.By default, MID AS Digital
Audio Systemusesnormal mixing mode, which hasvery good performance. High-quality
mixing modewith soundinterpolationis available,andit greatlyenhanceshe soundquality in
somecaseshut alsorequireamuchmoreCPU power. High-qualitymixing canusetwo to three
timesas much CPU time as normal quality mixing, and shouldbe resened for applications
thatonly usea few soundchannelsor do not requirethe CPU time for otheruses.The mixing
mode settingscan be changedby settingthe option MIDAS OPTIONMIXING_MODE with
MIDASsetOption

Another settingthat greatly affects CPU usageand soundquality is the output mixing rate.
CPU usagedependsalmostlinearly on the mixing rate, with highermixing ratesusingmore
CPU power but alsosoundingbetter Thedefault mixing rateis 44100Hz but in mary casest
canbeloweredto 32000Hzor 22050Hzwithouttoo greatsoundquality loss. In addition,if all
of your soundsareplayedat the samerate(eg. 22050Hz) the mixing rateshouldbe setat the
samerate— usinga higherratewould not bring ary bettersoundquality and could actually
increasenoisein the output.

Experimentingwith differentmixing rateandmodecombinationsanalsobeworthwhile,asin
somecaseausinga lower mixing ratewith high-qualitymixing cansoundbetterthana higher
mixing ratewith normalquality.

The last settingto consideris the outputmodesetting. The outputmodeshouldnormally be
setto a 16-bit mode, as using 8-bit modesdoesnot decreaseCPU usage,only soundqual-
ity. If the soundcarduseddoesnt support16-bit output, MIDAS will use8-bit outputauto-
matically Using monooutputinsteadof stereo,however, candecreas€PU usageby up to
50%. Therefore,if your applicationdoesnot usestereoeffectsin its soundoutput, consider
usingmonooutputmodeinstead. The outputmodecanbe changedy settingthe option MI-
DAS OPTIONOUTPUTMODEwith MIDASsetOption

4.2 Using-law compression

In MIDAS Digital Audio Systemlaw samplesandstreamsanbe usedasan effective com-

promisebetweenCPUandspacaisageandsoundquality, asthey provide soundquality almost
equialentto 16-bit sampleswhile usingonly asmuchCPUtime andspaceas8-bit samples.
This sectiondescribehiow -law samplesaareencodedaindusedwith MIDAS.
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4.2.1 Encoding-law samples

Encoding-law sampleds simple. Thet ool s/ directoryin the MIDAS distribution contains
directoriesfor eachsupportedplatform, andthesedirectoriescontaina programcalledul aw.
This programcanbeusedto encodel 6-bitsamplesnto -law samplesanddecodelaw samples
backto 16-bitones.The syntaxis simple.To encodea 16-bit sampléfile to -law, use:

ulaw e input-file-nane output-file-nane
And to decodea-law file to a 16-bitone,use:
ulaw d input-file-name output-file-name

Thefiles shouldcontainjust raw sampledata,with no headers Sterecandmonosamplesand
streamsareprocesse@xactly the sameway.

4.2.2 Using-law samples

-law samplesandstreamsareusedjust like ary othersamplesandstreamsan MIDAS Digital
Audio System. Simply passthe playbackfunction MIDAS SAMPLEULAW_MONO or M-
DAS SAMPLEULAW_STEREQGasthe sampletype, andeverythingwill work normally. -law
sampledatacanbe usedfor bothsamplesandstreams.

4.3 Using ADPCM compression

ADPCM streamgrovide a space-dective way of storinglong sectionsof audiowith afairly
goodsoundquality. Although ADPCM streamshave lower soundquality thanuncompressed
16-bitonesthey dosoundbetterthan8-bit onesand,asthey only useeffectively 4-bit samples,
they provide 1:4 compressiorio the sound. This sectiondescibeshow ADPCM streamsare
encodedandusedwith MIDAS Digital Audio System.

4.3.1 Encoding ADPCM streams

EncodingADPCM streamss fairly simple. Thet ool s/ directoryin the MIDAS distribution

containdirectoriedor eachsupporteglatform,andthesedirectoriescontaina programcalled

adpcm This programcan be usedto encodel6-bit streamsnto ADPCM ones,and decode
ADPCM streamdackto 16-bit. The syntaxis similar to the-law encoderalthougha bit more
complicated.To encodea 16-bit streaminto ADPCM, use:
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adpcme input-file-name output-file-name channels frane-Iength

Wherechannelsis the numberof channelsn the stream(1 for mono,2 for stereo)andframe-

lengththe ADPCM framelengthin bytes,includingtheframeheaderAs ADPCM sampledata
is adaptatre deltaencodedit is normallyimpossibleto startdecodingpgn ADPCM streamfrom

themiddle. To getaroundthis problem MID AS dividesthe ADPCM streaminto “frames”,and
is ableto startdecodingrom the beginningof ary frame.

Theframelengthyou shouldusedepend®n the needsof your application.If yourapplication
will alwaysplay the streamdrom beginningto end,ary valuewill do— 1024is areasonable
choice.However, if streamplaybackcanstartfrom the middle of the stream you shouldcon-
siderhow thestreamis accessedn particular if the streamis readin blocksof a sethumberof
bytes,theframelengthshouldbe equalto the block size.

If youwishto makethe ADPCM framesof agivenlengthof time,remembethateachADPCM
sampleis 4 bits. Therefore onebyte of ADPCM datawill containdatafor two monosamples
or onesterecsample.The ADPCM frameheadeis 9 byteslong for monostreamsand12 bytes
longfor sterecones.Thereforefo get59mslong framesfor a sterecstreanplayedat22050Hz,
theframelengthshouldbe 453bytes.

To decodean ADPCM streambackto a 16-bitone,use:
adpcmd input-file-name output-file-name channels frame-|ength

Like with the -law encoder/decodgthe files should containjust raw sampledata, with no
headers.

4.3.2 Using ADPCM streams

ADPCM streamsare usedjust like otherstreamsn MIDAS Digital Audio System. Simply
passMIDAS SAMPLEADPCM MONO or MIDAS SAMPLEADPCM STEREGasthesample
type to the MIDAS streamplaybackfunctions,and everythingwill work normally ADPCM

sampledatacanonly beusedfor streamslf you arefeedingthe streanmdatamanually however,

remembethatplaybackcanonly startfrom thebeginningof anADPCM frame.



Chapter 5

Operating systemspecificinformation

Althoughthe normalMIDAS Digital Audio SystemAPIs areindenticalin all supportedlat-
forms, thereare someoperatingsystemspecificpointsthatshouldbe noted. In particular the
limitationsof the MS-DOSoperatingsystemmale it somevhatdifficult to programunder

5.1 Using DirectSound

Beginning from version0.7, MIDAS Digital Audio SystemsupportsDirectSoundfor sound
output. Althoughmostof the time this is donecompletelytransparentlyo the user thereare
somedecisionghatneedto bemadein theinitialization phase.

5.1.1 Initialization

By default, DirectSoundsupportin MIDAS Digital Audio Systemis disabled. To enableit,

setMIDAS OPTION._DSOUNDMODE to a valueotherthanMIDAS DSOUNDDISABLED
TheDirectSoundnodeyou choosedepend®n the needf your application andthe available
modesaredescribedn detailin the next section.

In additionto the DirectSoundmode, you also needto setthe window handlethat MIDAS
will in turn passto DirectSound DirectSoundusesthis window handleto determinghe actve
window, asonly the soundplayedby the active applicationwill be heard. To setthe window
handle simply call

M DASset Opt i on( M DAS_OPTI ON_DSOUND_HWKD, ( DWORD) hwnd):

wherehwnd is thewindow handleof your applications mainwindow.

22
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5.1.2 DirectSoundmodes

Apartfrom MIDAS DSOUNDDISABLED threedifferentDirectSoundnodesareavailablein
MIDAS Digital Audio System.This sectiondescribeshemin detalil.

MID AS_.DSOUND_STREAM: DirectSoundstreammode. MIDAS will play its soundto a
DirectSoundstreambuffer, which will thenbe mixedto the primary buffer by DirectSound If

the DirectSoundobjecthasnt explicitly beenset, MIDAS will initialize DirectSoundand set
the primary buffer formatto the sameas MIDAS outputformat. This modeallows arbitrary
buffer length,andpossiblysmootheplaybackthanprimarybuffer mode,but hasalarger CPU
overhead.

MID AS_.DSOUND_PRIMAR Y DirectSoundprimary buffer mode. The sounddatawill be

playeddirectly to the DirectSoundorimary buffer. This modehasthe smallestCPU overhead
of all available DirectSoundmodes,andprovidessmallestpossiblelateng, but is not without

its drawbacks: The primarybuffer sizeis setby thedriver, andcannotbe changedsothebuffer

sizemaybelimited.

MID AS_. DSOUND_FORCE_STREAM: Thismodebehaesexactly lik e thestreanmode ex-
ceptthat DirectSoundusageis forced. Normally, MIDAS will not use DirectSoundif it is
runningin emulationmode(asthe standardVindows WAVE outputdevice will provide better
performance)so this modemustbe usedto force DirectSoundusage.Forcing MIDAS to use
DirectSoundn streammodewill alsotheapplicationgo useDirectSoundhemselessimulta-
neously

By default, MID AS anautomaticafallbackmechanisnfior DirectSoundnodes:If DirectSound
supportis setto primary mode, but primary buffer is not available for writing, MIDAS will
usestreammodeinstead. And, if DirectSoundis runningin emulationmode, MIDAS wiill
automaticallyusenormalWin32 audioservicesinstead. This way it is possibleto simply set
thedesiredDirectSoundnode,andlet MID AS decidethe bestof the alternatvesavailable.

5.1.3 Buffer sizes

WhenMIDAS Digital Audio Systemis usingDirectSoundwith properdrivers(ie. notin emu-
lation mode),muchsmallerbuffer sizescanbe usedthannormal. Becauseof this, the Direct-
Soundouffer sizeis setwith adifferentoptionsetting— MIDAS OPTIONDSOUNDBUFLEN
— from the normalmixing buffer length. Whenplayingin emulationmode,MIDAS will use
thenormalmixing buffer length,assmallerbufferscant beusedasreliably.

Selectingthe correctbuffer sizeis a compromisebetweensoundlateny andreliability: the
longer the buffer is, the greaterlateny the soundhas, andthe longerit takesthe soundto
actuallyreachoutput,but the smallerthe buffer is made the moreoftenthemusicplayerneeds
to becalled.To ensurehatthereareno breaksn soundplaybackthe musicplayerneeddo be
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calledat leasttwice, preferablyfour times,during eachbuffer length: for a 100msbuffer, for
example, thesoundplayerneeddo becalledat leastevery 50ms,or 20 timespersecond.

Althoughthecalling frequeng requirementslon’t seento bevery severe,in practisetrying to
guarantedghat a function getscalled even 20 times per secondcanbe difficult. The realtime
capabilitiesof the Win32 platform, especiallyWindows 95, leave a lot to be desired:A 16-bit
programor systemservicecan easily block the systemfor long periodsof time. By default,
MIDAS usesa separateghreadfor backgroundplayback,but althoughthis threadruns at a
higherpriority thanthe restof the program,you may find thatusingmanualpolling will help
you getmoreconsistenandreliablesoundplayback.

Unfortunatelythereis no singlebuffer sizethatworksfor everybody sosomeexperimentation
will be needed. The default MIDAS DirectSoundbuffer sizeis 100ms,which shouldbe a

reasonableompromisdor mostapplicationsput, dependingnyour applicationspuffer sizes
at50msor belov shouldbeusable.

5.1.4 Usingother DirectSoundsericeswith MID AS

If necessaryit is alsopossibleto useotherDirectSoundservicessimultaneouslyith MIDAS
Digital Audio System.In this case MIDAS shouldbe setto useDirectSoundn forcedstream
mode,andthe DirectSoundbjectneedgo beexplicitly givento MIDAS beforeinitialization:

M DASset Opt i on{ M DAS_OPTI ON_DSOUND_OBJECT, (DWORD) ds);

Whereds is a pointerto the DirectSoundobjectused,returnedby DirectSoundGrate() The
useris alsoresponsibldor settingDirectSounccooperatre level andprimary buffer format.

Although this DirectSoundusageis not recommendedit canbe used,for example,to play
musicwith MID AS while usingthe DirectSoundservicedlirectly for playingsoundeffects.

5.1.5 Whento useDirectSound?

AlthoughDirectSoundorovidesa smallerlateny thanthe normalWindows sounddevices,and

possiblysmallerCPU overheadit is not suitableof all applications.This sectiongivesa quick

overview onwhatapplicationshoulduseDirectSoundywhatshouldnt, andwhich DirectSound
modeis mostappropriate.

Themostimportantdravbackof DirectSounds, thatonly the active applicationgetsits sound
played. While this canbe usefulwith gamesthatrun fullscreen,it makes DirectSoundcom-
pletely unusabldor applicationssuchasmusicplayers,asbackgroundlaybackis impossible
with DirectSoundThereforestandalonenusicplayerprogramsshouldnever useDirectSound.



CHAPTERS5. OPERATING SYSTEMSPECIFICINFORMATION 25

Also, if your applicationdoesnot benefitfrom the reducedateng thatDirectSoundprovides,
it is safernot to useDirectSound. The DirectSounddrivers currently available are not very
mature andtheDirectX setupincludedin theDirectX SDK s farfrom trouble-free In addition,
programsusing DirectSoundneedto distribute the DirectX runtimewith them, makingthem
considerablyarger.

However, if you arewriting aninteractve high-performancepplication wherestrict graphics
andsoundsynchronizations essentialDirectSounds clearly the way to go. For thesekind

of applicationsDirectSoundprimary buffer shouldbe the bestsolution,unlessthereareclear
reasondgor usingstreammode.

5.1.6 DirectSoundand multiple windows

Whenthe applicationusesDirectSoundor soundoutput,only the soundfrom the active win-

dow is played.ThereforeDirectSoundequiresawindow handleto be ableto determinewhich

window is active. If the applicationhasmultiple windows thatit needso activate separately
however, this can causeproblems. DirectSoundprovides no documentedvay to changethe

window handleon thefly.

To getaroundthis problem,MIDAS Digital Audio Systemprovidestwo functionsto suspend
andresumeplayback:MIDASsuspendndMIDASEsumeMIDASsuspenstopsall soundplay-
back,uninitializesthe soundoutputdevice, andreturnsit to the operatingsystem.MIDASIe-
sumein turn resumesoundplaybackafter suspensionThesefunctionscanbe usedto change
theDirectSoundvindow handleonthefly: Firstcall MIDASsuspendetthenen window han-
dle, andcall MIDASesumeo resumeplayback. Thiswill causea breakto the sound,andthe
sounddatacurrentlybufferedto the soundoutputdevice will belost.

Dependingon the application,it may alsobe possibleto getaroundthe DirectSoundmultiple
window problemby creatinga hiddenparentwindow for all windows thatwill be used,and
passhewindow handleof thatparentwindow to DirectSound.

5.2 MS-DOStimer callbacks

This sectiondescribeshiow MID AS Digital Audio Systemuseshe MS-DOSsystemtimer, and
how to install usertimer callbacks.Thisinformationis notrelevantin otheroperatingsystems.

5.2.1 Intr oduction

To be ableto play musicin the backgroundn MS-DOS,andto keeppropertempowith all
soundcards,MIDAS needsto usethe systemtimer (IRQ O, interrupt8) for musicplayback.
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Becausef this, userprogramamay not accesghe timer directly, asthis would causeconflicts
with MID AS musicplayback.As the systemtimer is oftenusedfor controllingprogramspeed,
andrunningsometasksin the backgroundMID AS providesa separateisertimer callbackfor

thesepurposesThis callbackshouldusedinsteadof accessinghetimer hardwaredirectly.

Thecallbackscanberanatarny speedandcanoptionallybesynchronizedo displayrefresh.

5.2.2 Usingtimer callbacks

BasicMID AS timer callbackusagas very simple: Simply call MIDASsetimerCallbadks pass-
ing it the desiredcallbackrateandpointersto the callbackfunctions. After that, the callback
functionswill be calledperiodicallyuntil MIDASemaoeTimerCallbadsis called. MIDASset-
TimerCallbadkstakesthecallbackratein milliHertz (onethousandttof a Hertz) units,soto get
acallbackthatwill becalled70timespersecondsettherateto 70000.Thecallbackfunctions
needto useMID AS_CALL calling corvention(__cdecl for WatcomC, emptyfor DIJGPP),
take no agumentsandreturnno value.

For example,this codesnippetwill usethetimerto incrementa variabletickCount 100times
persecond:

voi d M DAS _CALL Tiner Cal | back(voi d)
{

}

M DASI nit();

ti ckCount ++;

M DASset Ti ner Cal | backs(100000, FALSE, &TinerCall back, NULL, NULL);

5.2.3 Synchronizing to display refresh

The MIDAS timer supportssynchronizingthe usercallbacksto display refreshundersome
circumstancesDisplay synchronizatiordoesnot work whenrunningunderWindows 95 and
similar systemsandmay fail in SVGA modeswith mary SVGA cards. As displaysynchro-
nizationis somavhatunreliable andalsomoredifficult to usethannormalcallbacksusingit is
notrecommended anormalcallbackis sufiicient.

To synchronizéhetimer callbackso screerrefresh usethefollowing procedure:

1. BEFORE MIDAS Digital Audio Systemis initialized, setup thedisplaymodeyou aregoing
to use,andgetthedisplayrefreshratecorrespondingo thatmodeusingMIDASgtDisplayRe-
freshRatelf yourapplicationusessereraldifferentdisplaymodesyouwill needto setupeach
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of themin turn andreadthe refreshratefor eachseparatelylf MIDASgtDisplayRefeshRate
returnszero,it wasunableto determinghe displayrefreshrate,andyou shouldusesomede-
fault valueinstead.Display refreshrates,lik e timer callbackrates,are specifiedin milliHertz
(1000*Hz),so 70Hzrefreshratebecome&0000.

2. Initialize MID AS Digital Audio Systemetc.
3. Setup thedisplaymode

4. Startthe timer callbacksby calling MIDASsetimerCallbadks The first agumentis the
refreshratefrom stepl, secondargumentshouldbe setto TRUE (to enabledisplay synchro-
nization),andthe remainingthreeargumentsare pointersto the preVR, immVR andinVR
callbackfunctions(seedescriptionselow).

5. Whenthe callbacksare no longerused,remove themby calling MIDASEemaoeTimerCall-
badks

Whenyou are changingdisplay modes,you mustfirst remove the existing timer callbacks,
changethe display modes,and restartthe callbackswith the correctrate. Pleasenote that
synchronizinghetimer to the screerupdatetakesa while, andasthetimeris disabledfor that
time it may introducebreaksin the music. Thereforewe suggesyou handlethe timer screen
synchronizatiorbeforeyou startplayingmusic.

If MIDAS is unableto synchronizehetimerto displayrefresh,t will simply runthecallbacks
like normalusercallbacks.Thereforethereis no guarantee¢hatthe callbackswill actuallyget
synchronizedo display andyour programshouldnot dependn that. For example,you should
notusethetimer callbacksor doublebufferingthedisplay aspreVR mightnotbecalledatthe
correcttime — usetriple buffering insteadto preventpossibleflicker.

5.2.4 The callback functions

MIDASsetimerCallbakstakesasits threelastagumentshreepointersto the timer callback
functions.Thesefunctionsare:

preVR()— if the callbacksaresynchronizedo displayrefresh this functionis calledimmedi-
atelybefore Vertical Retracestarts.It shouldbe keptasshortaspossible andcanbe usedfor
changinga coupleof hardwareregisters(in particularthe display startaddresspr updatinga
counter

immVR()— if thecallbacksaresynchronizedo displayrefresh this functionis calledimmedi-
atelyafterVerticalRetracestarts.As preVR() it shouldbekeptasshortaspossible.

inVR()— if the callbacksaresynchronizedo displayrefresh this functionis calledsometime
laterduring VerticalRetracelt cantake alongertime thanthetwo previousfunctions,andcan
beusedfor example for settingthe VGA palette.lt shouldnottake longerthanaquarterof the
time betweercallbackshough.
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If thecallbacksarenotsynchronizedo displayrefreshthefunctionsaresimply calledoneafter
another The sametiming requirementstill hold though.

5.2.5 Framerate control

DOSprogramgypically controltheirframerateoy checkingthe VerticalRetracérom the VGA
hardware. If MIDAS is playing musicin the backgroundthis is not a goodidea, sincethe
musicplayercancausdheprogramto missretracesinsteadthe programshouldsetup atimer
callback,possiblysynchronizét to displayrefresh,usethat callbackto incrementa countey
andwait until thecounterchanges.

For example:

vol atile unsigned frameCount;

voi d M DAS CALL PreVR(void)
{

}

M DASset Ti ner Cal | backs( 70000, FALSE, &PreVR NULL, NULL);

frameCount ++;

while ( 'quit )
{
DoFrane();
ol dCount = franeCount;
while ( frameCount == ol dCount );

NotethatframeCount needgo bedeclaredrolatile, otherwisethecompilermightoptimizethe
wait completelyaway.

A similarstratgy canbeusedo keeptheprogranrunatthesamespeedndifferentcomputers.
You canusetheframecounterto determinehow mary framesrenderingthe displaytakes,and
runthe movementdor all thoseframesbeforerenderingthe next display



