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1 Intr oduction: The Past

1.1 Life with Audio Cards

The developmentof audio and soundsupporton the
Linux systemhasa long history It hasbeenimple-
mentedsincethe earlyversionof Linux system.Before
startingon a journey to the world of Linux soundsys-
tem, let's take a shortglanceat the history of PCaudio
cards.

In the old gooddaysuntil the middle 1990's, thesound
cardsequippedon the PC were all ISA cards. Their

typical featurewas SoundBlaster18ompatible thatis,

16 bit stereoPCM (pulse code modulation)playback
and capturé . Almost all DOS and Windows games
at that time supportedthe SB16-compatiblecards. It

hadan MPU401 (a serial MIDI) interfacesharedwith

a joystick port. It satis ed the demandsf both hobby
gamersandmusicians. The full-duplex capabilitywas
notamust.

The adwancedfeatureat that time was the supportof
MIDI WaveTableandMOD playbackon hardwarelike
GUSandSBAWE cards.In the professionahreathere
werea few audio cardswith the multiple channeland
digital I/O interfaces. However, it wasvery rare that
sucha cardworks on a Linux system.Little usersand
manufcturemwereinterestedn thisregard.

The situationhasvariedslowly. The buswaschanged
from ISA to PCI. And almostall consumerudiocards
have beenbasedon AC97 codeé. It providesenough

1In this text, we call the recordingof audio dataas captue to
preventthe confusionof meanings.

20Originally, codecstandsfor “compressioranddecompression”.

However, It's oftenusedin differentmannersHerein the caseof au-
dio cards codeccorrespondto theanalog-digital-coverter (ADC) or
digital-analog-coverter (DAC) functionor the chip for it (like AC97
codec).

functionality for a desktopanda laptop PC including
the full-duplex capability Thereare variety of AC97
chips. Someof themsupportanulti-channelplayback,
andsomeevenwith a supportof digital I/0O. In the pro-
fessionaland so-called“pro-sumer” range, the multi-
channell/O with high quality (24 bit, 96 or 192 kHz)
becamemandatory Many suchcardssupportthe digi-
tal I/O over S/PDIFor AES/EBU, too.

Usually, the evolution follows (or is broughtfrom) its

needs.In the caseof audiocards,therehave beentwo

signi cant changedetweerthepastandthepresensit-

uationsabove: MP3 and DVD. The former makesiit

possibleto distributethe PCM datastreamin low band-
width. As mentionedabove, MIDI playbackcapabil-
ity wasregardedmoreimportantlyin the earlierdays.
Becauseof the MP3 and othercompressioriechnique,
the distribution of audio over network takesnow usu-
ally the PCM datadirectly insteadof renderedaudio
datalike MIDI andMOD. The CPU consumptioris no

longeraproblemthanksto Moore'slaw. Eventually the
hardware-supporbf MIDI and MOD playbackswith

WaveTable and FM synthesedbecameessinteresting
nowadays.

TheanotheyDVD, broughtthestrongdemandf multi-
channel(5.1) anddigital /0O capabilities. Thesecapa-
bilities are now standardeven on an integratedsound
chip onthemotherboaraf a desktopPC.

Anotherthing to be notedis the recentgrowth of pop-
ularity of USB audio devices. The device are really
handyand easy It's readyto usewithout openinga
box (andno morescrevdriver!). Althoughthe USB 1.1
realizesonly limited featuresdbecausef its bandwidth,
mostlyrequestedeaturedik e multi-channebnd/ordig-
ital /O aresupportecbn mary devices.



1.2 Life with Linux

Now let's backto thetopic of our lovely Linux. In gen-
eral, thereare two basiccomponentsvhich build the
soundsystem: the sounddevice driver and the sound
sener. The formeris the hardware abstractionin the
lower level, while the latter givesmore high-endcapa-
bilities like multiplex accessaand mixing. In otherOS
like Windows, theboundarybetweerthesetwo compo-
nentsis notclear Thedriver doessomeheary jobslike
mixing in the kernel,too. On the Linux systemhow-

ever, theseareregardedstill separatelylin thefollowing

section the sounddriversandthetypical soundseners
in the pastareexplainedbrie y .

0SS

The core part of the soundsystemis the soundde-

vice drivers. On the Linux kernel, the OSS (Open
SoundSystem)drivershave beenemployedasthestan-
dard sounddrivers. The OSSdrivers— which were

originally written by Hannu Savolainenand formerly

calledasdifferentnamedike USS/Lite, VoxWare and

TASD — hascurrentlytwo differentversions. Oneis

the free softwareincludedin therecentstandard_inux

kerneltree (OSS/Freepnd anotheris the commercial
binary-onlydriversdistributedby 4FrontTechnologies
(OSS/Commercial)[[L Both drivershave beenevolved

in differentdirections,but both of themstill have (al-

most) the API compatibility, basedon the earlierver

sionof OSS.

The hardware supporton the Linux systemhasbeen,
unfortunatelyrelatively poorin comparisorwith Win-
dows andMacOS.Somedriverswereavailableonly by
the OSS/Commercialrersion, especiallyfor the new
cardsand models. Positively looking, this meansthat
Linux usershadatleastsomesupportfor mostof popu-
lar audiocards.However, on the otherhand,they were
not free — in the senseof freedom,too. This situa-
tion hasremaineduntil recently becausemary hard-
warevendorsdidn't like to provide the enoughtechni-
calinformationto write a fully functionaldevice driver
astheopen-source.

The OSSprovidesa simpleandeasyAPI[2]. The API
wasdesignedor theaudiocardsattheold agesmainly
16bittwo-channeplaybacksandcapturesTheAPI fol-

systenrcalls. Thememorymapping{mmap)is alsosup-
ported,so that the audio datacan be transferredmnore
ef ciently. Themixeris representeds(up to 32) play-
backvolumes,an input-gain,and a capturesourcese-
lector.

The applications are supposedto open and ac-
cessdirectly the device les, suchas /dev/dsp or
/devimixer . Theformatandbuffersarecontrolledvia
speci c ioctl's. Theraw MIDI bytescanbe sentor re-
ceivedvia araw MIDI device le. In addition,thereis
aso-called'sequencertlevice, whichis usedto handle
the MIDI eventsin the higherlevel with the sequential
timing control.

EsounD

Many soundcardssupportonly one PCM streamfor

eachplaybackand capture,and the driver allows one

procesdo accesst exclusively. Thatis, if you access
to a device from two or more applicationsat the same
time, only one applicationcan run and otherswill be

blocked until it quits the operation. For solving this

problem,a soundseneris introduced.Insteadof read-
ing and writing a device le, applicationsaccesgo a

soundsener, which accesseto the device exclusively

on behalf. For multiple playbacksa soundsenerreads
multiple PCM streamsfrom several applicationsand

writesamixedstreamo thesounddevice (mixing func-

tion). For the capturedirection,onthecontrary asound
sener writes the PCM streamsfrom the device to ary

accessingpplications(multiplexing). Also, the sam-
ples being played by EsounDcan be captured(loop-

back).

One of the commonly usedapplicationsfor this pur
poseis EsounD[3. EsounDstandgor the“Enlightened
sounddaemon”.Lately, GNOME adaptedhis program
asits standardsoundsener, too.

EsounD provides the fundamentalmixing and mul-
tiplexing capabilitiesof playback and capture PCM
streams. The PCM streamsare read/writtenthrough
a simple Unix or TCP/IP soclet. It is capablealsoto
communicatever network. A simpleauthentications
implementedfoo. The API is de ned in libesdlibrary,
whichis a quite straight-forvardimplementatiorin C.

EsounDhasmary differentaudiol/O driversnot only

lows the standardJnix-style via open/close/read/write for Linux but alsofor other Unix systems. Thereare



OSSandALSA (describedater)driversfor Linux, cur
rently. However, only oneof themcanbebuilt in atthe
compiletime.

aRts

KDE, a big competitorof GNOME, adaptedanother
programasits standardsoundsener. This sener pro-

gram,aRts[4],wasoriginally written asthe “analogre-

altime synthesizer”. Obviously it wasinspiredby the
analogmodularsynthesizesystemwhich waspopular
in 1970's. It consistsof small basiccomponentsand
eachof themcanbe “patched”with cables.aRtsuses
its own IPC methodcalledMCOP for the patchingin-

steadof realcables MCOP s similar with CORBA but

muchoptimizedfor the datastreaming(in fact,theear

lier versionof aRtsusedCORBA). The audio datais

transferrecbvera Unix or TCP/IPsoclet.

As a soundsener, aRtsprovides more ambitiousfea-
turesthan EsounD.In theory ary effects can be in-
sertedby patchingmodules.Modulesareimplemented
as sharedobjectswhich are loadeddynamically onto
the sener. aRtshasalsoMIDI control capability As
it's basedon the CORBA-lik e communicationrmodel,
aRtshasalsogoodnetwork transpareng

The default languagebinding of aRtsAPI is C++. Al-
thoughthereis a C wrapperon the C++ binding, the
functionis limited.

1.3 Always Problemsin Life
Hard Life with OSS

As mentionedabove, the OSSAPI is quite simpleand
easy In fact,therearemary audioapplicationgo sup-
portit. However, the“simple andeasy”’meansjn other
words,thatit doesnt supporthigh-endaudiofunctions.
Namely

1. Thenon-interleaedformat is not supported.
2. Supportedsampleformatsarelimited.

3. It forcesapplicationgo accesghe device les di-
rectly.

3The format wherethe samplesare placedseparatelyin the dis-
cretebuffer (or position)for eachchannel.Thatis, a groupof mono
streamss handledasa singlemulti-channektream.

4. Thesupportof digital I/O is quitepoor. IEC status
bits cannotbe handled.

5. Themixerimplementatioris very limited.

The rst two pointsleadto severeproblemswith thethe
progresf audiocards. Although mary moderncards
are capableto use suchformats, the driver still can-
not handlethembut only the traditional 16 bit 2 chan-
nel stereoformat. Especially the non-interleaed for-
matis essentiafor mary professionatardswith multi-
channels.

The handlingof sampleformatsis not astrivial asit

appearsEvenalinearsampleformatcanhave different
stylesdependingon the byte order and the size. For

example 24 bit samplesanbepackedeitherin 3 bytes,
4 bytesLSB or 4 bytesMSB. In addition,two different
byte-ordersfor eachcase. All they expressthe same
value!

Thethird pointabove mightlook nottoo critical. How-

ever, this is a seriousproblemif ary pre- or post-
processings requiredfor the samplesbeforesending
or afterreceving them. A typical caseis thatthe codec
chip supportsonly a certainsamplerate, here48 kHz

is assumed For listeningto a musictakenfrom aCD,

the sampleratesmustbe corvertedfrom 44.1kHz. In

the OSS, this cornversionis always donein the kernel
althoughsuchabehaior is regarded‘evil”. Thisis be-
causeapplicationsaccesgo thedevice le directly, and
thereis no roombetweerthe applicationandthe driver
to procesghis kind of datacorversion.

Thefourth pointis the problemappearingon the mod-
ernaudiocards,too. Thedigital I/O interfacetransfers
oftennon-audiodatastreamdik e A52 (so-calledAC3)
format. Many digital interfacesrequirethe properset
up of the IEC958 (S/PDIF) statushits to indicateser-
eralimportantconditionssuchasthe non-audiabit and
the samplerate. This informationcannotbe passedn
the OSSdriversin a consistentvay.

The last point comesfrom the simplicity of mixer ab-
straction.For example,amatrix mixer, or astate-listel-
ementcannotbe implementedwith the standardmixer
API. Theonly solutionfor sucha non-standardhingis
to usea privateioctl.

Pain with Sound Servers

Introducinga soundsener solvessomeof the problems
above. For example,the sampleratecorversionshould



beajob of a soundsener. However, this doesnt solve
everything. Thereis oneimportantcondition. This ar
gumentwill bevalid if (andonlyif) all applicationsup-
portthesamesoundsener.

Unfortunatelythe current situationis not ideal. Al-
though more and more applicationsare born, few of
themtry to supportEsounDor aRtsnatively. Oneof the
reasonss thattherearedifferentplatformsanddif cult
to choosethe only onesolution. And applicationscan
run well even without supportof sucha soundsener
whenthedeveloperfeelsthesoundsenerannging and
doesnt useit. Thiskind of problemwould besolvedin
futureonceif the desktopsystemmaturesthough.

Thereal problemlying on the soundsystemin the past
is that,again,it wasnotwrittenfor themodernarchitec-
tures.It worksquitewell for simply playinga bell over
PCM, listeningto amusic,or recordingsampledrom a
microphone.However, if you write a serioushigh-end
audio applicationwhich needsto handlethe multiple
channelswith 24 bit samplesthereis noway around.

Latency and Synchronization

Thereare additionalthingsto considerfor building a
high-endaudio system.One of the importantfactoris
lateng. Theword “latency” may be referredin mary
different elds. In thistext, it meanghetime delaybe-
tweentheapplicationandthe actuall/O. In generalthe
smallerlateng/ corresponds$o a fasterresponseThus,
gettingthe smallerlateng is extremelyimportantfor a
real-timeaudioapplication.

Thelateng is introducedn differentplaces.n thecase
of playbackover a corventionalsoundsener, the sam-
plesare sentfrom an applicationto the analogoutput
throughthefollowing path:

1. Thedigital samplesarewritten on the application
buffer.
2. Dataarecopiedto thesoundsener over soclet.

3. Serveral streamsare mixed on the sound sener
buffer.

4. Mixeddatawroteto thedevicedriver.
5. DMA transfer

6. ThroughDAC you getanalogsignals.

Thetotal lateng is determinedy the buffer sizeof ap-
plicationsand the buffer size of soundsener, plusthe
internallateng of the driver andthe chip itself (up to
1 or 2 ms). The problemof the path above is that a
certainlatengy musthappenbecausef the additional
buffer on the soundsener. Also, the overheadof data
copy betweertheapplicationandthesoundseneris the
anothersourceof lateng.

Moreover, the reliability of task schedulingon the
Linux is anothemproblem.Therespons®f a processs
notdeterministicon a multi-processystemlik e Linux.
This responsecan be improved by a real-time (RT)
scheduling. However, the RT-schedulingon the stan-
dardLinux kerneldoesnt performwell underseveral
conditions. For example,the heary disk accessr the
graphicaccessnay block the RT-schedulingin the or-
derof 100ms.

Thebuffer lateng abose mustbeenougHargeto assure
to satisfythis systemlateng. But how muchlateng is
supposedndeed?In fact,the lateng in the realworld
is alsofairly high, but it is not noticedusually For ex-
ample,whenthe listenerstandstwo meteraway from
thebox, thereis alreadylatengy about5.9 ms. So,what
matters?

The answeris the synchronism.If eachstreamcanbe
handledndependentlye.g. playinga musicanda bell
atthe sametime), the acceptabldateng shouldberel-
atively high. You might not noticea cleardifferencein
the lateng of 10 ms or morelong time. On the other
hand,if datastreamsnustbe processedynchronously
or the processedignalsmay be rerouted,the lateng
mustbe enoughsmall.

Fromthis perspeciie, the mechanisnusedin the con-
ventionalsoundsenersis not suitablefor the synchro-
nizedoperation. As alreadynoted,it works well for a
simpleuse but not for theserioushigh-endaudioappli-
cationswhich requirethe real-timeprocessingandthe
synchronizatiorof streams.

Connectivity

Anothermissingfeaturein the pastsystemis the con-
nectvity. Although the soundseners above already
acceptmultiple accessof applications,the connection
betweenapplicationscannotbe changecbr con gured
arbitrarily. Supposehatyou runtwo differentapplica-
tionsto outputPCM streamsandrecordfrom a sener.



With the pastsener systems,you cannotswitch the
connection®nthe y .

The samesituationcanbe foundin the areaof MIDI.
The MIDI streamsare not handledproperly by the
soundseners,too. The multiplex accessandthe dis-
patchingaremissingin the corventionalsystem.

And the last missingconnectity is the connectionof
people. Eachprojectand eachaudio applicationwas
developedindependentlyn mostcasesandthey were
rarelyinvolvedwith eachothet

1.4 BackTo The Future

For the bettersupportof audiohardwaresa newv sound
driver projectwas startedby Jarosla Kyselaand oth-
ers. The rstly supporteccardwas Gravis UltraSound
cardonly. Lately the projecttargetedthe generalsup-
port of othercardsandwasrenamed AdvancedLinux
SoundArchitecture” (ALSA)[5]. The functionality of
ALSA hasbeenconstantlyimproved. The range of
soundcardssupportedby ALSA hasbecomealways
widerincludingmary high-endaudiocards.TheALSA
driverswereintegratedinto the 2.5 kerneltreeof cially
asthenext standardsounddrivers.

Thesituationaroundthesystenlateng of Linux kernel
getsimproved with the recentdevelopment. Andrew
Morton's low-lateny patchset[f and Robert Love's
preemptionpatchset[ solved the scheduleistalling
problemsigni cantly. In the 2.5 kernelseries the lat-
terwasalreadyincluded,andthe codeswereauditedto
eliminatethe long stall in mary parts. With the tuned
Linux kernel,it's evenpossibleto run theaudiosystem
in 1 or 2 mslateng/[9].

Thechangehappenslsoin thecommunity Therehave
beenmore and more actve communicationsand dis-

cussionsover the mailing list. Somehardwarevendors
have beeninvolvedwith thedevelopmenbf ALSA, too.

The mostimportantresultsare LADSPA (Linux audio
developer simple plugin API) plugins[1Q and JACK

(JackAudio ConnectiorKit)[12]. Both werebornand
shapedup from the discussioron the Linux audiode-
velopermailing-list[6].

LADSPA isaplugin API for generabudioapplications.

It's very simple and easyto implementin eachaudio
application. Thereare mary plugins for every effect
(mostof themarewritten by Steve Harris[11]).

The latter, JACK, is a new soundsener for the pro-
fessionalaudio applications. JACK was primarily de-
velopedby Paul Davis, and employed asthe core au-
dio engineof ardour a harddiskrecordemprogram.lt is
basedon the completelydifferentdesignconceptfrom
the corventionalLinux soundseners. It is aimedto
gluethedifferentaudioapplicationswith theexactsyn-
chronization. Togetherwith the ALSA and the low-
lateny kernel, JACK canrun in a very shortlateng.
The numberof applicationssupportingJACK hasbeen
growing now.

Finally at this point, we are backto the presentstage.
In thefollowing sectionstheimplementatiorandtech-
nical issuesof ALSA, JACK andotherprojectsrelated
with the soundsystemaredescribed.

2 ALSA

2.1 Characteristics of ALSA

ALSA wasdesignedo overcomehelimitation of exist-
ing sounddriversonLinux. In additionto thesupporiof
high-endaudiocards,the ALSA was constructedvith
thefollowing basis:

Separateodesn kernel-anduserspaces
Commonlibrary

Bettermanagemenf multiple cardsandmultiple
devices

Multi-thread-safedesign
Compatibilitywith OSS

Fig. 1 depictsthe basicstructureof ALSA systemand
its data ow. The ALSA systemconsistsof ALSA
kernel drivers and ALSA library. Unlike the OSS,
ALSA-native applicationsare supposedo accesonly
via ALSA library, notdirectly communicatingwith the
kerneldrivers. The ALSA kerneldriversoffer the ac-
cessto eachhardware component,suchas PCM and
MIDI, andareimplementedo representhe hardware
capabilitiesasmuchaspossible Meanwhile the ALSA
library complementgshe lack of function of the cards,
and providesthe commonAPI for applications. With
this system,the compatibility can be easily kept even
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if thekernelAPI is changedbecausehe ALSA library
can absorbthe possibleinternal changesand keepthe
external API consistent.

Thefollowing componentsresupportedy ALSA.

PCM

The PCM is full-duplex aslong asthe hardware sup-
ports. The ALSA PCM hasmultiple layersin it. Each
soundcardmay have several PCM devices. EachPCM
device hastwo “streams” (directions), playbackand
captureandeachPCM streamcanhave morethanone
PCM “substreams”.For example,a hardwaresupport-
ing multi-playbackcapability like emul0klhasmul-
tiple substreams.At eachopenof a PCM device, an

empty substreanis assignedor use. The substream /dev/null

canbealsospeci ed explicitly atits open.

The ALSA supportsquite wide rangeof formats. For
example,the linear formatsfrom 8 to 32 bit, 32/64bit
oat, non-linearformatslike p-Law and ADPCM. The
multi-channelsamplescanbe placedin boththe inter
leaved andthe non-interleaedformataccordingto the
hardware. The high-endaudio cardslike RME Ham-
merfall andHDSPrun on the ALSA with the 26 chan-
nelnon-interleaedmode.

Thedigital I/O interfaceis implementedifferentlyac-

PCMdeviceis providedfor the [IEC958.1n othercases,
theoutputtypeis switchedvia a control(mixer) switch.
Such a differenceof implementationis absorbedby
the ALSA library's con guratorin theuserspacdevel.
The IEC958statusbits areaccessedsuallyvia a con-
trol elementasdescribedn thenext section.

The PCM streamswvhich areoperationakynchronously
canbelinkedwith eachother, sothatthey canbe oper
atedtogetherin the sample-wiseccurag. Thelinkage
of streamds even possibleamongary streamsof ary
cards.In this casetheaccurag of synchronizedpera-
tion is not assuredbut the applicationcanhandlethem
uniformly.

Thereis a virtual card (snd-dummy)module which
emulatesthe PCM devices. This works just like
le for playbackand /devizero le for
capture. Applications can write PCM datawith the
givenconditionto thevirtual PCM device but it' s never
played actually This function is useful if an appli-
cation (e.g. a video-gameprogram)requiresthe au-
dio functionalityinevitably but thereis no audiodevice
equipped.

Controls

The controlsto the cardis implementecbn the univer-

cordingto the hardware.In mostcasesanindependent salcontrolinterface. This includesthe mixer andcard-



speci ¢ run-timecon gurations. The control interface
isvery e xible to representhe differentstylesof mixer
con gurationondifferentaudiocards.In contrasto the
simplistic implementationof OSS,the ALSA control
interfaceis implementedo give the all possiblefunc-
tions.

The control elementsare managedin a single array
(list). Eachcontrol elementis identi ed by a hame
stringandanindex number Several differenttypesof
datacanbe handled suchasboolean,nteger, enumer
ateditemsandbytearrays.

The representatiof mixer is dependenbn the hard-
ware. Many mixer elementshave both aninteger ele-
mentfor the volume or the attenuationand a boolean
elementfor the mute switch. The multi-channelvol-

umescanbeimplementeceitherin multiple controlel-

ementqdifferentlyidenti ed by index) or anarrayin a
singlecontrolelement.

The capturesourceselection(e.qg. line-in, microphone,
etc) is one of the dif cult cases. If the hardware al-

lows multiple capturesourcesandmixesthemonit, the

ALSA alsoprovidesthe possibility to choosemultiple

sources.On the otherhand,whenthe hardwarehasan

input MUX, which is an exclusive switch, the ALSA

providesusuallyan enumeratedist to let userschoose
theone.

The digital (IEC958) I/O status bits are stored in
the byte array The applicationscan accessto this
control to changethe behaior of digital 1/O inter
face,for example,to togglethe no-audiodataor con-
sumer/professionalatabit. Somebits correlatedwith
the sampleratearechangedilsoby the PCM functions

automaticallywhenthe PCM samplerateis determined.

MIDI

Theraw MIDI byte streamsareaccessedia a device
le. Applicationscansimply readandwrite thesede-
vice les for receving and sendingMIDI byte data.
Thereareseveralioctl's for the buffer managemerand
someextra commands.But they are not necessaryn

mostcases.

Sequencer

The ALSA sequenceis a highly abstractedIDI sys-
tem. It handlesMIDI event pacletsto deliver to the

givendestinationlt supportghe multiplex accessThe
eventscan be either scheduledn priority queuesfor
later delivery or dispatchedmmediately

Whenconnectedo the ALSA sequencecore,eachap-
plication createsa “client”. A client includesone or
more“ports”. The eventsaretransferredhroughthese
ports. In practice,the ALSA sequenceiport corre-
spondgo theMIDI port,and16 MIDI-channelsareas-
signedto eachport.

Many applicationsuse the ALSA sequenceras the
MIDI dispatchingystenmbecausef its connectvity ca-
pability. Applicationscanconnecto thesequencesys-
tem arbitrarily to sendor receive MIDI event paclets.
The connectioncanbe changeddynamicallyon the y
asapatch-bay

Thereis also a virtual MIDI card which corvertsthe
MIDI byte streamto the ALSA sequenceevent pack-
ets,andvice versa. This is usefulfor the applications
whichtalk only with araw MIDI device.

Timer

ALSA provides also a generictimer interface. The

timer eventsare informed either via read/poll system
call or via asynchronousignal. As default, the sys-
temtimer andthe RTC canbe choserasa globaltimer

source. When the hardware provides more accurate
timer sourcesthe card-speci ctimer is createdtoo.

A notewvorthyfeatureis the PCMtimer. EachPCM cre-
atesa timer which generateshe clock at eachperiod®

boundary thusis synchronizedwith the PCM stream
completely This timer is usedto control the timing of

multiple streamsdn the dmix plugin, which will be ex-

plainedlater.

Hardware-DependentDevice

The hardware-dependenthwdep) device is purely
driver-speci ¢, and the whole systemcalls to the de-
vice arede ned by the driver. Any non-standardea-
turessuchasthe rmw areor DSP loadingcanbe im-
plementedn this device.

4Theperiodis the sizeatwhich the hardware generatesheinter
rupt during the DMA transferof audiodata. It's calledfragmentin
OsSS.



2.2 ALSA Drivers
BasicDesign

The ALSA kerneldriversconsistof threelayers. The
low-level layer correspondso the functionswhich ac-
cessto the hardware and is written as callback func-
tions. Themiddle-level layeris the corepartof ALSA
driversincluding the commonroutinesfor eachdiffer-
entcomponeni{PCM, etc). The top-level layer is the
entry point for eachcardwhich createghe device en-
tries with the callbacktableto the correspondindow-
level functions.Becausedf this separationa driver de-
velopercanconcentrat@n thetop andlow-level access
functionsandforgetaboutthe whole complicateddata
oW.

Each card entry and the related hardware com-
ponents are hold in the common container struct
(snd_device_t ) uniformly. All componentsare man-
agedin a list assignedo eachcard, so that all com-
ponentscan be tracedfrom the top-level. This mech-
anismhelpsfor the consistentlestructionandfor con-
trolling thedisconnectiorof devicesvia hotplug.When
a device is disconnectedthe ALSA driver swapsthe
le descriptortablefor thatdevice in orderto prevent
thefurtheraccesdo it, andthencallsthe disconnection
callbacksof all assigneccomponents.The destructor
will becalledeventuallyfrom aworkqueuevhichwaits
until thejobsof all componenare nished.

Thedesignof ALSA kernel APl is alsobasedn atra-
ditional Unix style. The hardwareis accessedia nor-
mal open,close,read,write andioctl systemcalls. The
readvand writev systemcalls are offered alsofor the
non-interleaed PCM samplesto accessef ciently in
thevectorform. Thepoll systencall is implementedn
all componentstoo.

Memory Mapping

The memorymappingis the mostef cient methodto
transferthe databetweenuserspaceandkernel-space.
It workslike acharm.However, it alsohassomedisad-
vantages:

Not all hardwaressupportmmap.

The buffer sizeis restrictedby the hardware. The
possiblesizeis differenton eachchip.

Thus, when applicationsuse large buffers (for exam-

ple,anMP3 player),the mmapis not suitable.Rathera

simple read/writemakesthe codecleaner The mmap
gives the bestperformancefor real-time applications
with smallbuffers,which aresensitve to thelateng.

Like OSSdrivers,ALSA driver providesthe mmapca-
pability, too. The applicationcanmapthe DMA buffer
of thedriver ontothe userspacesothatthe datatrans-
fer is donesimply by writing audio dataon the buffer
without extra copy.

In additionto thisnormalmmappeduffer, ALSA maps
also the control and the statusrecordsonto the user

space.The control recordcontainsthe currentsample
position at which the applicationis processingcalled
“applicationpointer”in ALSA). Thestatusrecordcon-
tainsthe currentsamplepositionat which the DMA is

processindcalled“hardwarepointer”) andthe current
status. With this mapping,the context switching be-
tweenuserandkernelmodescan be reduceddramati-
cally, sincethe applicationcanreadandwrite directly
the currentstateof the driver. In theory if the audio
threadrunsin its own accuratetiming, it canstayin

theusermodeandnever needgo call ary systemcalls.
However, usually an applicationneedsto call poll to

getsynchronizedvith therealtime.

The PCM capturebuffer is mappechotin read-onlybut
read-writemode. This conditionis requiredbecause
mary applicationsneedto write the dataon the cap-
ture buffer to mark up the buffer position. Dueto this
requirementthe playbackandthe capturestreamsare
dividedto differentdevice les.

PCM Con guration

The PCM con gurationis oneof the mostcomplicated
partin the ALSA drivers. Sinceeachhardware hasits
own limitation, the applicationneedsto negotiatethe
proper con guration, such as, which type of format,
which samplerate, how big the buffer sizeis or how
mary periodsareallowed. The ALSA hastwo different
con guration types. Oneis called“hardware parame-
ters” (hw-params)which arethe fundamentaproper
ties for the PCM stream,such as the sampleformat,
samplerate, numberof channelsthe buffer size, the
period size, etc. Anotheris called “software param-
eters” (sw-params)which are optional propertiesfor
the precisecontrols. For example,how the driver be-



haveswhenunderrun/eerrun(called“xrun” in ALSA)
occursor atwhichtiming the DMA starts.

Thedif culty of this con gurationis thattherearedif-
ferenttypesof limitations dependingon the hardware.
Somechip supportonly certainsamplerates andsome
supportsthe rate basedon a certainclock only. Or, in
amorecomplicateccase the possiblenumberof chan-
nels changeswith the de ned format and samplerate,
etc, etc.

Theseconditionsare de ned as “constraints”in the
driver. At eachtime a certain conditionis changed,
theparametespacss evaluatedhroughouthede ned
constraintandreducedo the possiblevalues.Finally,
afterall conditionsaregivenby theapplication thebest
conditionis choserfrom the parametespace.

Buffer Management

The DMA buffer is supposedo be physically contin-
uouson mary devices. The fragmentatiorof memory
pagess oneof theunsohedproblemson a systemlike
Linux. Whenakernelrunsfor along time,thememory
pagesare fragmentedandit becomedif cult to allo-
catethe continuouspageswhich are enoughlarge for
the DMA buffer.

Also, mary chipshave thelimitation of uppermemory
areafor the DMA buffer. ISA cardsusethe memory
under16MB address. And somePCl chipshave 28 or
30 bit limit. Theallocationof pagess moredif cult in
sucha case.

of kernelpagingmechanism.The driver and applica-
tion canaccesso the buffer linearly throughthe virtual
memory

2.3 ALSA library
ALSA Plug-ins

TheALSA library is locatedbetweerthe ALSA drivers
andtheapplicationsandit worksasthe entranceo the
ALSA system.It providesthe consistenALSA library
API for controlling the devices. However, the role of
ALSA library is morethanthat.

As shortlymentioned ALSA library playsaroleto I
the gap betweenthe requiredfunction by the applica-
tion andthe supportedunction by the hardware. This
is doneby so-called'plugins”. The pluginis adynam-
ically loadableobject. Thereare mary differentstan-
dard plugins provided in the ALSA library. Many of
themwork for the corversionof data,for example,the
sampleformat,the samplerate,numberof channelsin-
terleavedandnon-interleaedformats,etc. Whenappli-
cationrequestsa con guration which is not supported
by thehardware, ALSA library loadsthenecessarplu-
ginsautomaticallyanddoesthe corversionin runtime.
Both the hardware-natve andthe corversioncasesare
handledtransparently Hence,the applicationdoesnt
have to know whatis beingdonein the ALSA.

The plugin works not only for the corversionbut also
asthe userspacedriver. For example,applicationscan

For solving this problem, ALSA provides a special ac_cessto differgnt systgmslike JACK or IEEE13.94
module, snd-page-alloc. This moduleis independent (FireWire) congstgntlyv!aALSA I|brary APL. Thedif-
from other ALSA modulesand can be loadedin the ferenceof APl is hiddeninsidetheplugin.

early boot stagewhere the pagesare not fragmented An advanceduseof plugin is the combinationof PCM
severely yet. When loaded, it checksthe PCI (and devices. TheseveraldifferentPCMdevicescanbecom-
other) device entrieswhetherthe pre-de ned devices binedvirtually asone PCM device. For example,you

arefound. If ary matchingdevice is found, the mod-
ule triesto allocatethe buffersin advance.

This module also manageghe buffers allocatedlater
by the ALSA cardmodules. The buffers are resered
even afterthe ALSA cardmoduleis unloadedso that
the samebuffers canbe usedfor the next reload. This

mechanismprevents the buffer exhaustphenomenon

whenthe ALSA modulesareloaded/unloadedutomat-
ically via kmod.

A few audio chips can use the scattergather (SG)
buffer. ALSA alsosupportghistypeof buffer with help

canbuild a virtual 5.1-channePCM device combined
from threedifferentcardswhereeachof themsupports
thetwo channektereoplayback.

ALSA Library API

TheALSA library API is designedo expresghe ALSA
hardware abstractionstraightforvardly. Thus, the li-
brary API itself doesnt addany new features.The li-
brary is in fact a wrapperto the systemcalls for the
directhardwareaccessBut the applicationcanusethe



sameAPI for theacceswia plugins,too. Thisis oneof
thepurposeof ALSA library.

Currentlythe ALSA library API is providedonly in C.

The syntaxof ALSA library APl is unique. It's based
on the opaquestructstyle. Most of all structsreferred
in the ALSA library API are not de ned but only de-
clared.Eachfunctiontakesonly the structpointerasar

guments For example thetypical codeto opena PCM

devicewould belike below:

int err;

snd_pcm_t *handle;

err = snd_pcm_open(&handl e,
“default”, SND_PCM_PLAYBACK,
0);

wherethehandlestructsnd_pcm_t is nowherede ned.
Anotherexampleis the codeto retrieve the currentsta-
tusof aPCM stream:

snd_pcm_status_t
snd_pcm_status_allo
snd_pcm_status(hand
current_state =
snd_pcm_status_get_st

*status;
ca( &st atu s);
le, status);

ate (st atu s);

Here the status record struct snd_pcm_status_t
is again not de ned. It is allocated dynam-
ically via snd_pcm_status all  oca() func-
tion, and the struct eld state is retrieved by
snd_pcm_status_get s tate( ) functionindirectly.

This strangebehaior is chosenfor the future exten-
sion. By hiding the structde nition insidethe library,

thebinary-compatibilityof the API is keptconsistently
even afterthe de nition of the structis changedn fu-

ture. Becauseof this way of implementationthe func-

tionsbecomedairly redundantThis canbe morebetter
and elegantly expressedonceif the API is written in

C++.

2.4 OSSCompatibility

Oneof the mostimportantissuedn thedevelopmenbf
ALSA isthecompatibilitywith OSS.In fact,ALSA can
emulatethe OSSAPI quitewell.

Asfoundin Fig. 1, therearetwo routesfor theOSSem-
ulation. Oneis throughthekernelOSS-emulatiomod-
ules,andanothetis throughthe OSS-emulatiotibrary.

In theformerroute,anadd-onkernelmodulecommuni-
cateswith the OSSapplications.The modulecorverts
the commandsand operateghe ALSA corefunctions.
Thisrouteis easyto setupandworkseffectivelyin most
cases.

In anotherroute, the OSSapplicationsrun on the top
of ALSA library. The ALSA OSS-emulatioriibrary
worksasawrappetto corverttheOSSAPI tothe ALSA

API. Since the OSS application accesseshe device
les directly, the OSS-emulatiomvrappemeedsa hack
using LD_PRELOADervironmentvariable. The OSS-
emulationlibrary is thenpre-loadedor the OSSappli-
cationsothatit replaceghe systemcalls to the sound
deviceswith its own wrapperfunctions. In this route,
the OSSapplicationscan useall functionsof ALSA,

includingthepluginsandmmap.

In the former route, somehigh-endaudio cardsdon't

work properly becauseof the differenceof hardware
con gurations. Although the kernel OSS emulation
module hasalso corversionfunctions, only the mini-

mal subseis implementedhere. In thelatterroute,on
the otherhand,the differencecanbe reducedwith the
help of pluginsin the ALSA library. The application
canusethe mmapmodeevenon the hardwarewith the
non-interleaedformats.However, this routerequiresa
dirty hackusingLD_PRELOADasits cost,instead.

3 Evolution of Sound Servers

3.1 JACK
Callback Model

The JACK is designedfor the high bandwidth data
transfer This meansalsothatit is not intendedto run

on the network system.It's rathera basefor a desktop
audioworkstationg DAW). The primary goalof JACK

is, as alreadymentioned,to achieve the soundsener
for theprofessionahudioapplications Thisimpliesthe
following requirements:

Synchronizedperationsn alow latengy

Highly e xible connectvity amongapplication

For performingthe audiotransferwith the exact syn-
chronization,JACK systemis basedon the callback
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model. Thisis anothemprogrammingparadigmin com-
parisonwith the traditional Unix style model. In this
model,eachaudioprocessofcalled“client” in JACK)
is executedpassvely at the momentwhen the audio
datamustbe handledon the buffer immediately For
the playback,the callbackis invoked when the audio
datais to be lled on the buffer. For the capture,the
callbackis invokedwhentheaudiodatais readyto read
from the buffer.

On the systembasedon the traditional style, eachap-
plicationsreador write whene&er they want. Thus,the
audiostreamsare handledwithout synchronization.n
the caseof callbackmodel, on the contrary the syn-
chronizationof data- ow is assuredn the sample-wise
accurag sincethe timing to call eachcallbackis de-
terminedby the sener. The samestratay is taken
in othermodernaudio systemdike CoreAudio[13 or
ASIO[14].

JACK handlesonly the 32bit oat asits audio data
unlike the other corventionalsoundseners. Also, it
assumenly the non-interleged format, i.e. mono
streamsfor multi channels. Thesedifferencesmay
malke the porting of existing audio applicationsa bit
harder in addition to the differenceof programming
styledescribedabove.

Basic Structur e

Fig. 2 shaws the basic o w diagramof the JACK sys-
tem. Thereis a JACK senerdaemorrunningasacen-
tral soundsener, and eachapplicationaccesseto the
JACK senerasaclient. A clienthasseveralports,and
the connectionbetweenports are e xible and can be
changedon the y . This conceptis quite similar with
the ALSA sequencer

The JACK soundsener communicatesvith the sound
engine(e.g. the sounddriver) exclusively aswell as
other soundsener systems. The JACK supportsses-
eral platformsfor the soundengine. In additionto the
ALSA, PortAudio[19 and Solaris drivers are imple-
mentedcurrently

JACK hastwo differenttypesof clients: internaland
externalclients. Theinternalclientis a kind of plugin.

It's a sharedobjectrunninginsidea JACK sener. On

the other hand, the externalclient is a threadrunning
independentlyThis multi-threadcommunicatioris the

adwancedanduniquefeatureof JACK, whichis notseen
in CoreAudioor ASIO.

External
JACK
client

External
JACK
client

External
JACK
client
A

—

!

JACK API

JACK
server
daemon

Internal
client

Internal
client

Internal
client

ALSA API

ALSA

Figure2: JACK o w diagram

Being executedin a sener processthe internal client
runswithout context switching, andthusit's more ef-
cient thanthe external client from the perspectie of
performance.For the developmentperspeciie, an ex-
ternalclientis easierto develop anddehug, becauset
isin factapartof theapplication.Also, it's moretough
againsthe unexpectedprogramfailure.

The datatransferin JACK is very ef cient. Basically
JACK tries to implementthe “zero-copy” datatrans-
fer. The JACK sener runsin the mmapmodefor the
datatransferbetween]ACK senerandthe ALSA. The
audio-databuffer betweena JACK sener anda JACK
clientis sharedvia the IPC sharedmemory Only the
controlmessagearecommunicatedhroughFIFO of a
normalsoclet.

In the callbackmodel,eachJACK clientis executedas
anFIFO sequentially The executionpathof clientsfol-
lows the connectiongraph. Whena client callbackis
called,it readg¢hedatafrom the JACK seneror another
client, processe#t, thenwritesto the next. With this
style,thechangeof thegraphconnection/disconnection
canbehandledmoreeasily

JACK API

JACK provides a highly abstractedAPI for the au-
dio applications. It's very simple and dedicatedto
the callback-styleprogramming. Sincethe low-level
con guration for the audiodriver is determinedn the
JACK senerlevel, JACK clientsdon't haveto dealwith
sucha subtlething. Instead,eachclient needsto con-
centrateon the creation,destructionand connectionof
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ports, and the processof the audio threaditself. A
threadis createdautomaticallywhenan externalclient
starts.

The JACK applicationdeveloperneedgo payattention
to the multi-threadprogramming. A JACK client is
supposedo run alwayson the multi-thread. The data
shouldbe handledwith lock-freemethodsandthe au-
dio threadmustnot beblockedby others.

Unlike the ASIO or othersystems,JACK acceptanore
e xible hardwarecon guration. While ASIO usesonly
two periods(called“double buffer”) to getthe ideally
lowestlateng, JACK can handlearbitrary numberof
periodswith the arbitrary size (which are speci ed by
thecommandine optionsof JACK daemon).Someau-
dio chipslike YMF-PCI prefermorethantwo periods
to run stablybecause®f the chip design.Sucha chipis
oftendesignedo bedrivenvia timer interruptsinstead
of DMA-transferinterrupts. Anyway, thesedifference
of hardwarescanbehiddeninsidethe JACK sener, and

applicationsarefree from the hardwarerestrictions.

3.2 ALSA dmix / dsnoopplugins

The ALSA dmix anddsnooppluginsareoneof thead-
vancedfeatureswhich have beenrecentlyadded. The
letter“d” in dmix anddsnoopstanddor “direct”. These
plugins preformaswell asa normal soundsener do,
thatis, sharingthe PCM device amongdifferentappli-
cationsfor mixing, multiplexing andloopback. How-
ever, they are not quite a soundsener. More exactly
writing, thesepluginsdo notrequireary senerprocess
unlike the corventionalsystems. In the dmix/dshoop
plugin, the hardware buffer itself is sharedby all ap-
plications“directly”, insteadof exclusive control by a
senerprocess.

In the corventional sener system,thereis a central
sener process,and applicationsaccesdo it for mix-
ing andmultiplexing the stream.The sener gatherghe
datafrom connectedpplicationsmixesthemandthen
sendsto the sounddriver. Becauseof the gatherand-
mix strateyy, theremustbe a signi cant lateng. And
the RT-schedulingwhich is necessaryor reducingthe
lateng/ on the Linux system,may alsoleadto permis-
sionandsecurityproblems.

In thedmix/dsnooplugins,ontheotherhand,eachap-
plicationwrites/readghe sharechardwarebuffer by it-
self concurrently Thus,thereis no lateng introduced

by the mediationof a soundsener. Every application
canplay and capturethe audio datawith very low la-
teng/ evenwithout the dedicatedRT-scheduling.

For sharingthe PCM hardwarebuffer, thedmix/dsnoop
plugin employs simply an mmapmethod. For the syn-

chronizationof the processingpointer (also required
duringthedraining),the ALSA timer interfaceis used.
Since the destinationPCM streamis referredas the

timer sourcethetiming to updatethe periodcanbeac-

curatelyinformedto applications.

The dsnoopplugin is a loopback/multipleer for the
capture,and applicationscan simply copy audio data
from the sharedhardware buffer. The another dmix
plugin, is a dynamicmixer for the playback,andthis
needanorecomplex handlinglike belon becausef the
saturatiorproblem.

The dmix plugin hasa commonsum-tuffer in addition

to the hardware buffer. This sum-tuffer is sharedvia

IPC sharedmemory too. For easeof calculationsthe

dmix pluginhandlesonly 16 and24 bit integersamples.
Thedatain the sum-hufferis always32bitinteger.

The basicideaof dmix pluginis thateachapplication
addsits own sampleto the existing samplevalue on
thesharechardwarebuffer dynamically If theresultant
samplevalueover ows the 16/24bit range,it mustbe
saturated.The sum-tuffer is usedfor this check. The
taskto computethe addition and the saturation-check
becomesomplicatedbecauseof the possibleconcur
rentaccesso thebuffers. Two atomicoperationsrere-
quiredatleast:onefor theadditionandonefor thecom-
parison. The typical add-and-saturatiocode would
look like below:

sample = *src;

old_sum = *sum;
if (*dst == 0) /* atomicopemtion*/
sample -= old_sum;
*sum += sample; /* atomicoperation?*/
do {
old_sum = *sum;
sample = SATURATION(old_sum) ;
*dst = sample;
} while  (*sum != old_sum);

wheredst is the sharechardwarebuffer pointer sumis
the sum-huffer pointer andsrc is the sourcebuffer. In
the rst atomicoperationthe sum-huffer is initialized,
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andthenthe currentsampleis addedon the sum-huffer.
The succeedinglo-while loop performsthe saturation
andthe substitutiorto the hardwarebuffer.

The demeritof the dmix plugin is that this lock-free
algorithmis more expensve than the implementation
in the sener-clientmodel. Also, becaus®f the atomic
operationsit' snotimplementeanall architectureget.

Another noteis that the dmix/dsnoopplugins are not
designedfor the arbitrary connections.They are pro-
vided asan alternatve to the simplesoundsener. Al-
thoughthe CPU consumptiorof dmix plugin is higher
thanthe others thesepluginsarepromisingfor normal
consumepurposeshecaus¢he ALSA applicationcan
runthroughthesepluginswithout rewritten at all.

3.3 Other Projects

The soundseners for the network systemis still an
openquestion. For the genericsoundsener belongs
to thetraditionalstyle like EsounDandaRts,thereis a
new project,MAS (mediaapplicationsener)[1§. The
designof MAS is similar with the conventionalsound
seners, basedon the open/read/writenodel. It is a
modularsystemlike aRts. The advantageof MAS is
its tight bindingwith the X sener. The MAS supports
several differentprotocolsfor the remotedatatransfer
The protocolcanbe chosendependingon the network
condition. In theworst case the datacanbe eventun-
neledthroughthe X protocol.

SinceMAS s still underheary development,it's still
too early to evaluatethe performancewith other ad-
vancedsystems. However, this looks like a good so-
lution for the ervironmentwith mary machinescon-
nectedoveraLAN.

Anotherinterestingsystemhaving the similar concept
is GStreamer[1]{ Thisis aimedto achieve a universal
platformfor thewhole multimediaincludingbothvideo

andaudio. Thesystermis monolithicandeachmoduleis

implementedasa plugin sharedbject,aswell asmary

othersystems.Therearelarge numberof modulesal-

readyavailableon GStreamer

In the areaof the broadcastingof audio (and video)
streams,a promisingprojectis Helix DNA[18]. This
is a collaborationwork betweenthe open-sourc&om-
munity andthe big playerlike RealNetvorks. Its aim
is to provide the comprehensie cross-platfornfor the

boradcastingystemjncludingits standard\PI andthe
client/serer applications. The projectis still in the
early developmentstage,and the supportof ALSA is
not nished yet.

Therearesomary differentthingsfor the singletheme
— the soundsystem. And you might have the ques-
tion: Which platform shouldwe choose?This is, in-

deed,a very dif cult questionto answer The key for

the possiblesolutionis to de ne a portableAPI. The
PortAudio[1] is a goodcandidateor this. It supports
very wide rangeof OS and soundsystems(including
both ALSA and OSS)with the sameconsistentAPI.

PortAudioprovidesboththetraditionalandthecallback
styleAPIs. Thus,it canbeasuitablesolutionto meltthe
solid gapbetweerthe differentarchitecturesik e JACK

andOSS.

4 The Future: a.k.a. TODO

4.1 Problemsof ALSA

Now, let ustake alook atthecurrentproblemsandwhat
will (or should)happenin the future. Regardingto the
ALSA, rst of all, whatshouldbedoneis to improveits
usability ThecurrentALSA is full of complexity.

There have been mary rumors that the ALSA is
so dif cult to set up comparedwith the OSS. It's
partly true — there are more con gurations (e.g. in
/etc/modules.confhecessaryo make the systemrun-
ning properly(althoughsuchsettingsarenotalwaysre-
quiredif onerunsonly ALSA native applications)ln a
corvenientfuture, sucha problemwill disappeaxwhen
all themajordistributorssupportALSA primarily.

Besidestherearestill morethingsto consideiin thisre-

gard. The ALSA is ahardwareabstractionThe ALSA

covers the hardware capability as much as possible.
This policy sometimedeadsto the too complex repre-
sentation.For example,somechipsshov hundredof

controllablemixerelementsandit' sof courseoomuch
for end-usersMore higherabstractions neededor the
moreintuitive usage.

Also, thereis nouserfriendly editorfor the ALSA con-

guration les, andno enoughexamplecon guration
les provided. Thereis no good way to setup the
IEC958statusbits, too. This situationtendsto prevent
theuserto try theadvancedeaturesunfortunately
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Finally, the lack of documentatiorhasbeena major
problemof ALSA project. This is the mostimportant
thingto be x edin thefutureabove all.

4.2 OnJACK

JACK is promisingandmary applicationsaresupport-
ing it in fact. However, it' sstill notprefectin everycase.
The mostfrequentlyappearingoroblemis its response
andstability.

Even thoughJACK is designedo cooperatewith the

ALSA tightly, it happenssometimesthat the system
takestoo long responsdime than expected. This re-

sultsin the xrun on the JACK system. In mostcases,
it' sthecon gurationfailurefor the certainsoundchips.
But it alsolies onthe JACK mechanismtoo.

Becausehe processf audiodatais executedthrough
theconnectiorgraph,thewhole systems blockedonce
whenthe executionof a client is stalledby somerea-
son. This phenomenormay be reducedwhen more
JACK clients are written asthe internal clients. The
internalclientswould have no taskswitchingproblems
likeabove. Also, the performancef JACK onthe SMP
systemcanbe moreoptimizedby the dynamicevalua-
tion of executionpaths.

Aswell asthe ALSA suffers,asimilarproblemremains
on JACK, too. It's not easyto provide the ideal con-
guration andtheideal ervironmentfor the JACK sys-
tem. Thisis not JACK's fault, but ratherrelatedto the
Linux distribution. Sincethe RT-schedulingmight be
involvedwith thepermissiorandthesecurityproblems,
it cannotbe usedso corvenientlyin the major Linux
distributions, which are more sensitve to theseprob-
lems. This will be hopefully improvedin the future,
oncewhenJACK isrecognizedisastandarasystenfor

theprofessionahudioapplications.

4.3 Future of Audio Devices

The presentwill becomethe pastwhentime continues
to proceed. Surely the audiodevice will be keptim-
provedin future,too. Here,asthe nal note,the au-
thor would like to try to describesome expectations
of the future audio devicesandthe possibleproblems.
Thefollowing differentdirectionscanbeconsideredie-
pendingon thedemand.

Mor e Features

Thehardwarewill be equippedvith morefeaturesuch
asthe hardware encodingof high-compressioffiormat
like MPEG or Vorbis, or the hardwareencodingof the
multi-channelformats (A52, DTS). Togetherwith the
useof broadbandhetwork like ADSL, the broadcasof
video/audiostreamswill be no longeronly for profes-
sionals.

Thiswill bring usa problem.The handlingof encoded
formatsis notyetrealizedwell onthe ALSA. Sincethe
encodingformat usually takes the variable bit rate, a
changeor an extensionof the currentmodelwould be
neededn nearfuture,too.

The structuralaudiomight becomean interesting eld

in the future. This is analogyto the 3D supporthap-
peningin the recentdevelopmentof graphiccards.In-
steadof rendering3D graphics,the soundeffectslike
3D spacializingmay beimplementedn the chip when
the surroundsystembecomesnorepopular

Higher Quality

The surroundsystemwill be more complicated,and
morechannelwill beusedsuchas6.1or 7.1channels.
The 6.1 spealer systemandthe audiocardssupporting
suchanervironmentcamejustin the consumemarket
atthismoment.

The moreimportantimprovementfor the quality is the
supporbof 24and32bit samplesAlso moreaudiocards
may supportthe oat format,too. The sampleratewill
bealsobasedn 96 or 192kHz asstandard.

Theseincreaseof audiospecmay be dependenbn the
popularity of the new media,suchasupcomingDVD-
audioand SACD. As long as peopleare satis ed with
theold-goodCD, thedrasticchangen this regardmight
nothappenthough.

In ary casesthis direction of changeswvouldn't be a

big problemfor the existing system. Most of features
have beenalreadyimplementedand enoughtestedon

theadvancedaudiocards.

Mor e Convenience

Hotplugdeviceswill bemorepopular At thismoment,
it is fairly dif cult to guesswhetherFireWire or USB2

14



dominates.But both specsare enoughhigh to replace [13] Apple Computer Inc., CoreAudio: http:
theexisting PCl audiocards.In thefuture,only theon- /Ideveloper.apple.com fau dio /c ore audio.
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