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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-
mentedsincetheearlyversionof Linux system.Before
startingon a journey to theworld of Linux soundsys-
tem,let's take a shortglanceat thehistoryof PCaudio
cards.

In theold gooddaysuntil themiddle1990's, thesound
cardsequippedon the PC were all ISA cards. Their
typical featurewasSoundBlaster16compatible,thatis,
16 bit stereoPCM (pulsecodemodulation)playback
and capture1 . Almost all DOS and Windows games
at that time supportedthe SB16-compatiblecards. It
hadan MPU401(a serialMIDI) interfacesharedwith
a joystick port. It satis�ed thedemandsof bothhobby
gamersandmusicians.The full-duplex capabilitywas
notamust.

The advancedfeatureat that time was the supportof
MIDI WaveTableandMOD playbackonhardwarelike
GUSandSBAWE cards.In theprofessionalarea,there
werea few audiocardswith the multiple channeland
digital I/O interfaces. However, it was very rare that
sucha cardworkson a Linux system.Little usersand
manufacturerwereinterestedin this regard.

The situationhasvariedslowly. The buswaschanged
from ISA to PCI.And almostall consumeraudiocards
have beenbasedon AC97 codec2. It providesenough

1In this text, we call the recordingof audio dataas capture to
preventtheconfusionof meanings.

2Originally, codecstandsfor “compressionanddecompression”.
However, It' s oftenusedin differentmanners.Herein thecaseof au-
dio cards,codeccorrespondsto theanalog-digital-converter (ADC) or
digital-analog-converter (DAC) functionor thechip for it (like AC97
codec).

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

Usually, the evolution follows (or is broughtfrom) its
needs.In thecaseof audiocards,therehave beentwo
signi�cant changesbetweenthepastandthepresentsit-
uationsabove: MP3 and DVD. The former makes it
possibleto distributethePCMdatastreamin low band-
width. As mentionedabove, MIDI playbackcapabil-
ity wasregardedmore importantly in the earlierdays.
Becauseof theMP3 andothercompressiontechnique,
the distribution of audioover network takesnow usu-
ally the PCM datadirectly insteadof renderedaudio
datalike MIDI andMOD. TheCPUconsumptionis no
longeraproblemthanksto Moore'slaw. Eventually, the
hardware-supportof MIDI and MOD playbackswith
WaveTable andFM synthesesbecamelessinteresting
nowadays.

Theanother, DVD, broughtthestrongdemandof multi-
channel(5.1) anddigital I/O capabilities.Thesecapa-
bilities are now standardeven on an integratedsound
chipon themotherboardof a desktopPC.

Anotherthing to be notedis the recentgrowth of pop-
ularity of USB audio devices. The device are really
handyand easy. It' s ready to usewithout openinga
box(andnomorescrewdriver!). AlthoughtheUSB1.1
realizesonly limited featuresbecauseof its bandwidth,
mostlyrequestedfeatureslikemulti-channeland/ordig-
ital I/O aresupportedonmany devices.
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1.2 Life with Linux

Now let'sbackto thetopicof our lovely Linux. In gen-
eral, thereare two basiccomponentswhich build the
soundsystem: the sounddevice driver and the sound
server. The former is the hardwareabstractionin the
lower level, while the lattergivesmorehigh-endcapa-
bilities like multiplex accessandmixing. In otherOS
likeWindows,theboundarybetweenthesetwo compo-
nentsis notclear. Thedriverdoessomeheavy jobslike
mixing in the kernel,too. On the Linux system,how-
ever, theseareregardedstill separately. In thefollowing
section,thesounddriversandthetypical soundservers
in thepastareexplainedbrie�y .

OSS

The core part of the soundsystemis the soundde-
vice drivers. On the Linux kernel, the OSS (Open
SoundSystem)drivershavebeenemployedasthestan-
dard sounddrivers. The OSSdrivers — which were
originally written by HannuSavolainenand formerly
calledasdifferentnameslike USS/Lite,VoxWareand
TASD — hascurrentlytwo differentversions.Oneis
thefreesoftwareincludedin therecentstandardLinux
kernel tree (OSS/Free)andanotheris the commercial
binary-onlydriversdistributedby 4FrontTechnologies
(OSS/Commercial)[1]. Both drivershave beenevolved
in differentdirections,but both of themstill have (al-
most) the API compatibility, basedon the earlierver-
sionof OSS.

The hardwaresupporton the Linux systemhasbeen,
unfortunately, relatively poor in comparisonwith Win-
dowsandMacOS.Somedriverswereavailableonly by
the OSS/Commercialversion, especiallyfor the new
cardsandmodels. Positively looking, this meansthat
Linux usershadat leastsomesupportfor mostof popu-
lar audiocards.However, on theotherhand,they were
not free – in the senseof freedom,too. This situa-
tion hasremaineduntil recently, becausemany hard-
warevendorsdidn't like to provide theenoughtechni-
cal informationto write a fully functionaldevicedriver
astheopen-source.

TheOSSprovidesa simpleandeasyAPI[2]. TheAPI
wasdesignedfor theaudiocardsat theold ages,mainly
16bittwo-channelplaybacksandcaptures.TheAPI fol-
lows thestandardUnix-stylevia open/close/read/write

systemcalls.Thememorymapping(mmap)is alsosup-
ported,so that the audiodatacanbe transferredmore
ef�ciently . Themixer is representedas(up to 32) play-
backvolumes,an input-gain,anda capturesourcese-
lector.

The applications are supposed to open and ac-
cessdirectly the device �les, such as /dev/dsp or
/dev/mixer . Theformatandbuffersarecontrolledvia
speci�c ioctl's. Theraw MIDI bytescanbesentor re-
ceivedvia a raw MIDI device �le. In addition,thereis
aso-called“sequencer”device,which is usedto handle
theMIDI eventsin thehigherlevel with thesequential
timing control.

EsounD

Many soundcardssupportonly one PCM streamfor
eachplaybackandcapture,and the driver allows one
processto accessit exclusively. That is, if you access
to a device from two or moreapplicationsat the same
time, only oneapplicationcan run andotherswill be
blocked until it quits the operation. For solving this
problem,a soundserver is introduced.Insteadof read-
ing and writing a device �le, applicationsaccessto a
soundserver, which accessesto thedevice exclusively
onbehalf.For multipleplaybacks,asoundserverreads
multiple PCM streamsfrom several applicationsand
writesamixedstreamto thesounddevice(mixing func-
tion). For thecapturedirection,onthecontrary, asound
server writes the PCM streamsfrom the device to any
accessingapplications(multiplexing). Also, the sam-
ples being playedby EsounDcan be captured(loop-
back).

One of the commonlyusedapplicationsfor this pur-
poseis EsounD[3]. EsounDstandsfor the“Enlightened
sounddaemon”.Lately, GNOMEadaptedthisprogram
asits standardsoundserver, too.

EsounD provides the fundamentalmixing and mul-
tiplexing capabilitiesof playback and capturePCM
streams. The PCM streamsare read/writtenthrough
a simpleUnix or TCP/IPsocket. It is capablealsoto
communicateovernetwork. A simpleauthenticationis
implemented,too. TheAPI is de�ned in libesdlibrary,
which is aquitestraight-forwardimplementationin C.

EsounDhasmany differentaudioI/O driversnot only
for Linux but also for otherUnix systems.Thereare
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OSSandALSA (describedlater)driversfor Linux, cur-
rently. However, only oneof themcanbebuilt in at the
compiletime.

aRts

KDE, a big competitorof GNOME, adaptedanother
programasits standardsoundserver. This server pro-
gram,aRts[4],wasoriginally written asthe“analogre-
altime synthesizer”.Obviously it was inspiredby the
analogmodularsynthesizersystemwhich waspopular
in 1970's. It consistsof small basiccomponents,and
eachof themcanbe “patched”with cables.aRtsuses
its own IPC methodcalledMCOP for thepatchingin-
steadof realcables.MCOPis similarwith CORBA but
muchoptimizedfor thedatastreaming(in fact,theear-
lier versionof aRtsusedCORBA). The audio datais
transferredovera Unix or TCP/IPsocket.

As a soundserver, aRtsprovidesmoreambitiousfea-
tures than EsounD.In theory, any effects can be in-
sertedby patchingmodules.Modulesareimplemented
as sharedobjectswhich are loadeddynamicallyonto
the server. aRtshasalsoMIDI control capability. As
it' s basedon the CORBA-lik e communicationmodel,
aRtshasalsogoodnetwork transparency.

Thedefault languagebindingof 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, theOSSAPI is quitesimpleand
easy. In fact,therearemany audioapplicationsto sup-
port it. However, the“simpleandeasy”means,in other
words,thatit doesn't supporthigh-endaudiofunctions.
Namely,

1. Thenon-interleavedformat3 is not supported.

2. Supportedsampleformatsarelimited.

3. It forcesapplicationsto accessthedevice �les di-
rectly.

3The format wherethe samplesareplacedseparatelyin the dis-
cretebuffer (or position)for eachchannel.That is, a groupof mono
streamsis handledasasinglemulti-channelstream.

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

5. Themixer implementationis very limited.

The�rst two pointsleadto severeproblemswith thethe
progressof audiocards.Althoughmany moderncards
are capableto usesuch formats, the driver still can-
not handlethembut only the traditional16 bit 2 chan-
nel stereoformat. Especially, the non-interleaved for-
matis essentialfor many professionalcardswith multi-
channels.

The handlingof sampleformatsis not as trivial as it
appears.Evena linearsampleformatcanhavedifferent
stylesdependingon the byte order and the size. For
example,24bit samplescanbepackedeitherin 3 bytes,
4 bytesLSB or 4 bytesMSB. In addition,two different
byte-ordersfor eachcase. All they expressthe same
value!

Thethird pointabovemight look not toocritical. How-
ever, this is a seriousproblem if any pre- or post-
processingis requiredfor the samplesbeforesending
or afterreceiving them.A typical caseis thatthecodec
chip supportsonly a certainsamplerate,here48 kHz
is assumed. For listeningto a musictakenfrom a CD,
thesampleratesmustbeconvertedfrom 44.1kHz. In
the OSS,this conversionis alwaysdonein the kernel
althoughsucha behavior is regarded“evil”. This is be-
causeapplicationsaccessto thedevice �le directly, and
thereis no roombetweentheapplicationandthedriver
to processthis kind of dataconversion.

Thefourth point is theproblemappearingon themod-
ernaudiocards,too. Thedigital I/O interfacetransfers
oftennon-audiodatastreamslike A52 (so-calledAC3)
format. Many digital interfacesrequirethe properset
up of the IEC958(S/PDIF)statusbits to indicatesev-
eral importantconditionssuchasthenon-audiobit and
thesamplerate. This informationcannotbepassedon
theOSSdriversin a consistentway.

The last point comesfrom the simplicity of mixer ab-
straction.For example,amatrixmixer, or astate-listel-
ementcannotbe implementedwith thestandardmixer
API. Theonly solutionfor sucha non-standardthing is
to useaprivateioctl.

Pain with SoundServers

Introducingasoundserversolvessomeof theproblems
above. For example,thesamplerateconversionshould
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bea job of a soundserver. However, this doesn't solve
everything. Thereis oneimportantcondition. This ar-
gumentwill bevalid if (andonly if) all applicationssup-
port thesamesoundserver.

Unfortunatelythe current situation is not ideal. Al-
thoughmore and more applicationsare born, few of
themtry to supportEsounDor aRtsnatively. Oneof the
reasonsis thattherearedifferentplatformsanddif�cult
to choosethe only onesolution. And applicationscan
run well even without supportof sucha soundserver
whenthedeveloperfeelsthesoundserverannoyingand
doesn't useit. Thiskind of problemwouldbesolvedin
futureonceif thedesktopsystemmatures,though.

Therealproblemlying on thesoundsystemin thepast
is that,again,it wasnotwrittenfor themodernarchitec-
tures.It worksquitewell for simplyplayingabell over
PCM,listeningto amusic,or recordingsamplesfrom a
microphone.However, if you write a serioushigh-end
audio applicationwhich needsto handlethe multiple
channelswith 24bit samples,thereis noway around.

Latency and Synchronization

Thereare additional things to considerfor building a
high-endaudiosystem.Oneof the importantfactoris
latency. The word “latency” may be referredin many
different�elds. In this text, it meansthetime delaybe-
tweentheapplicationandtheactualI/O. In general,the
smallerlatency correspondsto a fasterresponse.Thus,
gettingthesmallerlatency is extremelyimportantfor a
real-timeaudioapplication.

Thelatency is introducedin differentplaces.In thecase
of playbackovera conventionalsoundserver, thesam-
plesaresentfrom an applicationto the analogoutput
throughthefollowing path:

1. Thedigital samplesarewritten on theapplication
buffer.

2. Dataarecopiedto thesoundserveroversocket.

3. Several streamsare mixed on the soundserver
buffer.

4. Mixeddatawroteto thedevicedriver.

5. DMA transfer.

6. ThroughDAC yougetanalogsignals.

Thetotal latency is determinedby thebuffer sizeof ap-
plicationsand thebuffer sizeof soundserver, plus the
internal latency of the driver andthe chip itself (up to
1 or 2 ms). The problemof the path above is that a
certainlatency musthappenbecauseof the additional
buffer on thesoundserver. Also, theoverheadof data
copy betweentheapplicationandthesoundserveris the
anothersourceof latency.

Moreover, the reliability of task schedulingon the
Linux is anotherproblem.Theresponseof a processis
notdeterministicon a multi-processsystemlike Linux.
This responsecan be improved by a real-time (RT)
scheduling. However, the RT-schedulingon the stan-
dardLinux kerneldoesn't performwell underseveral
conditions. For example,the heavy disk accessor the
graphicaccessmayblock theRT-schedulingin theor-
derof 100ms.

Thebuffer latency abovemustbeenoughlargeto assure
to satisfythis systemlatency. But how muchlatency is
supposedindeed?In fact, the latency in therealworld
is alsofairly high, but it is not noticedusually. For ex-
ample,whenthe listenerstandstwo meteraway from
thebox,thereis alreadylatency about5.9ms.So,what
matters?

The answeris thesynchronism.If eachstreamcanbe
handledindependently(e.g. playinga musicanda bell
at thesametime), theacceptablelatency shouldberel-
atively high. You might not noticea cleardifferencein
the latency of 10 ms or morelong time. On the other
hand,if datastreamsmustbeprocessedsynchronously,
or the processedsignalsmay be rerouted,the latency
mustbeenoughsmall.

Fromthis perspective, themechanismusedin thecon-
ventionalsoundserversis not suitablefor thesynchro-
nizedoperation.As alreadynoted,it works well for a
simpleuse,but not for theserioushigh-endaudioappli-
cationswhich requirethe real-timeprocessingandthe
synchronizationof streams.

Connectivity

Anothermissingfeaturein the pastsystemis the con-
nectivity. Although the soundservers above already
acceptmultiple accessof applications,the connection
betweenapplicationscannotbe changedor con�gured
arbitrarily. Supposethatyou run two differentapplica-
tions to outputPCM streamsandrecordfrom a server.
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With the past server systems,you cannotswitch the
connectionson the�y .

The samesituationcanbe found in the areaof MIDI.
The MIDI streamsare not handledproperly by the
soundservers, too. The multiplex accessandthe dis-
patchingaremissingin theconventionalsystem.

And the last missingconnectivity is the connectionof
people. Eachproject and eachaudio applicationwas
developedindependentlyin mostcases,andthey were
rarelyinvolvedwith eachother.

1.4 Back To The Future

For thebettersupportof audiohardwares,a new sound
driver projectwasstartedby Jaroslav Kyselaandoth-
ers. The �rstly supportedcardwasGravis UltraSound
cardonly. Lately the projecttargetedthe generalsup-
port of othercardsandwasrenamed“AdvancedLinux
SoundArchitecture”(ALSA)[5]. The functionality of
ALSA has beenconstantlyimproved. The rangeof
soundcardssupportedby ALSA hasbecomealways
widerincludingmany high-endaudiocards.TheALSA
driverswereintegratedinto the2.5kerneltreeof�cially
asthenext standardsounddrivers.

Thesituationaroundthesystemlatency of Linux kernel
gets improved with the recentdevelopment. Andrew
Morton's low-latency patchset[7] and Robert Love's
preemptionpatchset[8] solved the scheduler-stalling
problemsigni�cantly. In the 2.5 kernelseries,the lat-
terwasalreadyincluded,andthecodeswereauditedto
eliminatethe long stall in many parts. With the tuned
Linux kernel,it' s evenpossibleto run theaudiosystem
in 1 or 2 mslatency[9].

Thechangehappensalsoin thecommunity. Therehave
beenmore and more active communicationsand dis-
cussionsover themailing list. Somehardwarevendors
havebeeninvolvedwith thedevelopmentof ALSA, too.
ThemostimportantresultsareLADSPA (Linux audio
developersimple plugin API) plugins[10] and JACK
(JackAudio ConnectionKit)[12]. Both werebornand
shapedup from the discussionon the Linux audiode-
velopermailing-list[6].

LADSPA is apluginAPI for generalaudioapplications.
It' s very simple andeasyto implementin eachaudio
application. Thereare many plugins for every effect
(mostof themarewrittenby SteveHarris[11]).

The latter, JACK, is a new soundserver for the pro-
fessionalaudioapplications.JACK wasprimarily de-
velopedby Paul Davis, andemployed as the coreau-
dio engineof ardour, a harddiskrecorderprogram.It is
basedon thecompletelydifferentdesignconceptfrom
the conventionalLinux soundservers. It is aimedto
gluethedifferentaudioapplicationswith theexactsyn-
chronization. Togetherwith the ALSA and the low-
latency kernel, JACK canrun in a very short latency.
Thenumberof applicationssupportingJACK hasbeen
growing now.

Finally at this point, we arebackto the presentstage.
In thefollowing sections,theimplementationandtech-
nical issuesof ALSA, JACK andotherprojectsrelated
with thesoundsystemaredescribed.

2 ALSA

2.1 Characteristicsof ALSA

ALSA wasdesignedto overcomethelimitationof exist-
ing sounddriversonLinux. In additionto thesupportof
high-endaudiocards,the ALSA wasconstructedwith
thefollowing basis:

� Separatecodesin kernel-anduser-spaces

� Commonlibrary

� Bettermanagementof multiplecardsandmultiple
devices

� Multi-thread-safedesign

� Compatibilitywith OSS

Fig. 1 depictsthebasicstructureof ALSA systemand
its data �o w. The ALSA systemconsistsof ALSA
kernel drivers and ALSA library. Unlike the OSS,
ALSA-native applicationsaresupposedto accessonly
via ALSA library, not directly communicatingwith the
kerneldrivers. The ALSA kerneldriversoffer the ac-
cessto eachhardware component,suchas PCM and
MIDI, andareimplementedto representthe hardware
capabilitiesasmuchaspossible.Meanwhile,theALSA
library complementsthe lack of function of the cards,
andprovidesthe commonAPI for applications.With
this system,the compatibility canbe easilykept even
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Figure1: BasicStructureandFlow of ALSA System

if thekernelAPI is changed,becausetheALSA library
canabsorbthe possibleinternalchangesandkeepthe
externalAPI consistent.

Thefollowing componentsaresupportedby ALSA.

PCM

The PCM is full-duplex as long as the hardwaresup-
ports. TheALSA PCM hasmultiple layersin it. Each
soundcardmayhave severalPCM devices.EachPCM
device has two “streams” (directions), playbackand
capture,andeachPCM streamcanhave morethanone
PCM “substreams”.For example,a hardwaresupport-
ing multi-playbackcapability like emu10k1hasmul-
tiple substreams.At eachopenof a PCM device, an
empty substreamis assignedfor use. The substream
canbealsospeci�edexplicitly at its open.

The ALSA supportsquite wide rangeof formats. For
example,the linear formatsfrom 8 to 32 bit, 32/64bit
�oat, non-linearformatslike µ-Law andADPCM. The
multi-channelsamplescanbe placedin both the inter-
leavedandthenon-interleavedformataccordingto the
hardware. The high-endaudiocardslike RME Ham-
merfall andHDSPrun on theALSA with the26 chan-
nelnon-interleavedmode.

Thedigital I/O interfaceis implementeddifferentlyac-
cordingto thehardware.In mostcases,anindependent

PCMdevice is providedfor theIEC958.In othercases,
theoutputtypeis switchedvia acontrol(mixer)switch.
Such a differenceof implementationis absorbedby
theALSA library'scon�gurator in theuser-spacelevel.
TheIEC958statusbits areaccessedusuallyvia a con-
trol elementasdescribedin thenext section.

ThePCMstreamswhichareoperationalsynchronously
canbelinkedwith eachother, sothatthey canbeoper-
atedtogetherin thesample-wiseaccuracy. Thelinkage
of streamsis even possibleamongany streamsof any
cards.In thiscase,theaccuracy of synchronizedopera-
tion is not assured,but theapplicationcanhandlethem
uniformly.

There is a virtual card (snd-dummy)module which
emulatesthe PCM devices. This works just like
/dev/null �le for playbackand /dev/zero �le for
capture. Applications can write PCM data with the
givenconditionto thevirtual PCMdevicebut it' snever
played actually. This function is useful if an appli-
cation (e.g. a video-gameprogram)requiresthe au-
dio functionalityinevitably but thereis noaudiodevice
equipped.

Controls

Thecontrolsto thecardis implementedon theuniver-
salcontrol interface.This includesthemixer andcard-
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speci�c run-timecon�gurations. The control interface
is very �e xible to representthedifferentstylesof mixer
con�gurationondifferentaudiocards.In contrastto the
simplistic implementationof OSS,the ALSA control
interfaceis implementedto give the all possiblefunc-
tions.

The control elementsare managedin a single array
(list). Each control elementis identi�ed by a name
string andan index number. Severaldifferenttypesof
datacanbehandled,suchasboolean,integer, enumer-
ateditemsandbytearrays.

The representationof mixer is dependenton the hard-
ware. Many mixer elementshave both an integer ele-
ment for the volumeor the attenuationanda boolean
elementfor the mute switch. The multi-channelvol-
umescanbeimplementedeitherin multiple controlel-
ements(differentlyidenti�ed by index) or anarrayin a
singlecontrolelement.

Thecapturesourceselection(e.g. line-in, microphone,
etc) is one of the dif�cult cases. If the hardware al-
lowsmultiplecapturesourcesandmixesthemon it, the
ALSA alsoprovidesthe possibility to choosemultiple
sources.On theotherhand,whenthehardwarehasan
input MUX, which is an exclusive switch, the ALSA
providesusuallyanenumeratedlist to let userschoose
theone.

The digital (IEC958) I/O status bits are stored in
the byte array. The applicationscan accessto this
control to changethe behavior of digital I/O inter-
face,for example,to togglethe no-audiodataor con-
sumer/professionaldatabit. Somebits correlatedwith
thesampleratearechangedalsoby thePCM functions
automaticallywhenthePCMsamplerateis determined.

MIDI

The raw MIDI byte streamsareaccessedvia a device
�le. Applicationscansimply readandwrite thesede-
vice �les for receiving and sendingMIDI byte data.
Thereareseveralioctl's for thebuffer managementand
someextra commands.But they arenot necessaryin
mostcases.

Sequencer

TheALSA sequenceris a highly abstractedMIDI sys-
tem. It handlesMIDI event packets to deliver to the

givendestination.It supportsthemultiplex access.The
eventscan be either scheduledin priority queuesfor
laterdeliveryor dispatchedimmediately.

Whenconnectedto theALSA sequencercore,eachap-
plication createsa “client”. A client includesone or
more“ports”. Theeventsaretransferredthroughthese
ports. In practice, the ALSA sequencerport corre-
spondsto theMIDI port,and16MIDI-channelsareas-
signedto eachport.

Many applicationsuse the ALSA sequenceras the
MIDI dispatchingsystembecauseof its connectivity ca-
pability. Applicationscanconnectto thesequencersys-
tem arbitrarily to sendor receive MIDI event packets.
Theconnectioncanbechangeddynamicallyon the�y
asapatch-bay.

Thereis also a virtual MIDI card which converts the
MIDI bytestreamto theALSA sequencereventpack-
ets,andvice versa. This is useful for the applications
which talk only with a raw MIDI device.

Timer

ALSA provides also a generic timer interface. The
timer eventsare informed either via read/pollsystem
call or via asynchronoussignal. As default, the sys-
temtimer andtheRTC canbechosenasa globaltimer
source. When the hardware provides more accurate
timersources,thecard-speci�ctimer is created,too.

A noteworthyfeatureis thePCMtimer. EachPCMcre-
atesa timer which generatesthe clock at eachperiod4

boundary, thus is synchronizedwith the PCM stream
completely. This timer is usedto control the timing of
multiple streamsin thedmix plugin, which will beex-
plainedlater.

Hardware-DependentDevice

The hardware-dependent(hwdep) device is purely
driver-speci�c, and the whole systemcalls to the de-
vice arede�ned by the driver. Any non-standardfea-
turessuchasthe �rmw areor DSPloadingcanbe im-
plementedon this device.

4Theperiod is thesizeat which thehardwaregeneratestheinter-
rupt during the DMA transferof audiodata. It' s calledfragmentin
OSS.
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2.2 ALSA Dri vers

BasicDesign

The ALSA kerneldriversconsistof threelayers. The
low-level layer correspondsto the functionswhich ac-
cessto the hardware and is written as callbackfunc-
tions. Themiddle-level layer is thecorepartof ALSA
driversincluding thecommonroutinesfor eachdiffer-
ent component(PCM, etc). The top-level layer is the
entry point for eachcardwhich createsthe device en-
tries with the callbacktableto the correspondinglow-
level functions.Becauseof this separation,a driverde-
velopercanconcentrateon thetopandlow-level access
functionsandforgetaboutthewholecomplicateddata
�o w.

Each card entry and the related hardware com-
ponents are hold in the common container struct
(snd_device_t ) uniformly. All componentsareman-
agedin a list assignedto eachcard, so that all com-
ponentscanbe tracedfrom the top-level. This mech-
anismhelpsfor theconsistentdestructionandfor con-
trolling thedisconnectionof devicesvia hotplug.When
a device is disconnected,the ALSA driver swapsthe
�le descriptortablefor that device in order to prevent
thefurtheraccessto it, andthencallsthedisconnection
callbacksof all assignedcomponents.The destructor
will becalledeventuallyfrom aworkqueuewhichwaits
until thejobsof all componentare�nished.

Thedesignof ALSA kernelAPI is alsobasedon a tra-
ditional Unix style. The hardwareis accessedvia nor-
mal open,close,read,write andioctl systemcalls. The
readvandwritev systemcalls areofferedalso for the
non-interleaved PCM samplesto accessef�ciently in
thevectorform. Thepoll systemcall is implementedin
all components,too.

Memory Mapping

The memorymappingis the mostef�cient methodto
transferthedatabetweenuser-spaceandkernel-space.
It workslikeacharm.However, it alsohassomedisad-
vantages:

� Not all hardwaressupportmmap.

� Thebuffer sizeis restrictedby thehardware. The
possiblesizeis differentoneachchip.

Thus, when applicationsuselarge buffers (for exam-
ple,anMP3player),themmapis notsuitable.Rathera
simpleread/writemakesthe codecleaner. The mmap
gives the best performancefor real-timeapplications
with smallbuffers,whicharesensitive to thelatency.

Like OSSdrivers,ALSA driverprovidesthemmapca-
pability, too. TheapplicationcanmaptheDMA buffer
of thedriverontotheuser-space,sothatthedatatrans-
fer is donesimply by writing audiodataon the buffer
withoutextracopy.

In additionto thisnormalmmappedbuffer, ALSA maps
also the control and the statusrecordsonto the user-
space.The control recordcontainsthe currentsample
positionat which the applicationis processing(called
“applicationpointer” in ALSA). Thestatusrecordcon-
tainsthecurrentsamplepositionat which theDMA is
processing(called“hardwarepointer”) andthecurrent
status. With this mapping,the context switching be-
tweenuserandkernelmodescanbe reduceddramati-
cally, sincethe applicationcanreadandwrite directly
the currentstateof the driver. In theory, if the audio
threadruns in its own accuratetiming, it can stay in
theusermodeandneverneedsto call any systemcalls.
However, usuallyan applicationneedsto call poll to
getsynchronizedwith therealtime.

ThePCMcapturebuffer is mappednot in read-onlybut
read-writemode. This condition is requiredbecause
many applicationsneedto write the dataon the cap-
ture buffer to mark up thebuffer position. Due to this
requirement,the playbackandthe capturestreamsare
dividedto differentdevice �les.

PCM Con�guration

ThePCM con�gurationis oneof themostcomplicated
part in theALSA drivers. Sinceeachhardwarehasits
own limitation, the applicationneedsto negotiatethe
proper con�guration, suchas, which type of format,
which samplerate, how big the buffer size is or how
many periodsareallowed.TheALSA hastwo different
con�guration types. Oneis called“hardwareparame-
ters” (hw-params),which arethe fundamentalproper-
ties for the PCM stream,suchas the sampleformat,
samplerate, numberof channels,the buffer size, the
period size, etc. Another is called “software param-
eters” (sw-params),which are optional propertiesfor
the precisecontrols. For example,how the driver be-
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haveswhenunderrun/overrun(called“xrun” in ALSA)
occurs,or at which timing theDMA starts.

Thedif�culty of this con�guration is that therearedif-
ferenttypesof limitations dependingon thehardware.
Somechipsupportsonly certainsamplerates,andsome
supportsthe ratebasedon a certainclock only. Or, in
a morecomplicatedcase,thepossiblenumberof chan-
nelschangeswith the de�ned format andsamplerate,
etc,etc.

Theseconditionsare de�ned as “constraints” in the
driver. At eachtime a certain condition is changed,
theparameterspaceis evaluatedthroughoutthede�ned
constraintsandreducedto thepossiblevalues.Finally,
afterall conditionsaregivenby theapplication,thebest
conditionis chosenfrom theparameterspace.

Buffer Management

The DMA buffer is supposedto be physicallycontin-
uouson many devices. The fragmentationof memory
pagesis oneof theunsolvedproblemson a systemlike
Linux. Whenakernelrunsfor a long time,thememory
pagesare fragmentedandit becomesdif�cult to allo-
catethe continuouspageswhich areenoughlarge for
theDMA buffer.

Also, many chipshave the limitation of uppermemory
areafor the DMA buffer. ISA cardsusethe memory
under16MB address.And somePCI chipshave 28 or
30bit limit. Theallocationof pagesis moredif�cult in
sucha case.

For solving this problem, ALSA provides a special
module,snd-page-alloc.This module is independent
from other ALSA modulesand can be loadedin the
early boot stagewhere the pagesare not fragmented
severely yet. When loaded, it checksthe PCI (and
other) device entrieswhetherthe pre-de�ned devices
are found. If any matchingdevice is found, the mod-
ule triesto allocatethebuffersin advance.

This modulealso managesthe buffers allocatedlater
by the ALSA cardmodules. The buffers arereserved
even after the ALSA cardmoduleis unloaded,so that
thesamebufferscanbe usedfor thenext reload. This
mechanismprevents the buffer exhaustphenomenon
whentheALSA modulesareloaded/unloadedautomat-
ically via kmod.

A few audio chips can use the scatter-gather (SG)
buffer. ALSA alsosupportsthistypeof buffer with help

of kernelpagingmechanism.The driver andapplica-
tion canaccessto thebuffer linearly throughthevirtual
memory.

2.3 ALSA library

ALSA Plug-ins

TheALSA library is locatedbetweentheALSA drivers
andtheapplications,andit worksastheentranceto the
ALSA system.It providestheconsistentALSA library
API for controlling the devices. However, the role of
ALSA library is morethanthat.

As shortlymentioned,ALSA library playsa role to �ll
the gapbetweenthe requiredfunction by the applica-
tion andthesupportedfunctionby thehardware. This
is doneby so-called“plugins”. Theplugin is a dynam-
ically loadableobject. Therearemany differentstan-
dard plugins provided in the ALSA library. Many of
themwork for theconversionof data,for example,the
sampleformat,thesamplerate,numberof channels,in-
terleavedandnon-interleavedformats,etc.Whenappli-
cationrequestsa con�guration which is not supported
by thehardware,ALSA library loadsthenecessaryplu-
ginsautomaticallyanddoestheconversionin run time.
Both thehardware-native andtheconversioncasesare
handledtransparently. Hence,the applicationdoesn't
haveto know whatis beingdonein theALSA.

The plugin works not only for the conversionbut also
astheuser-spacedriver. For example,applicationscan
accessto different systemslike JACK or IEEE1394
(FireWire) consistentlyvia ALSA library API. Thedif-
ferenceof API is hiddeninsidetheplugin.

An advanceduseof plugin is thecombinationof PCM
devices.TheseveraldifferentPCMdevicescanbecom-
binedvirtually asonePCM device. For example,you
canbuild a virtual 5.1-channelPCM device combined
from threedifferentcardswhereeachof themsupports
thetwo channelstereoplayback.

ALSA Library API

TheALSA library API is designedto expresstheALSA
hardware abstractionstraightforwardly. Thus, the li-
brary API itself doesn't addany new features.The li-
brary is in fact a wrapperto the systemcalls for the
directhardwareaccess.But theapplicationcanusethe
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sameAPI for theaccessvia plugins,too. This is oneof
thepurposeof ALSA library.

CurrentlytheALSA library API is providedonly in C.
The syntaxof ALSA library API is unique. It' s based
on theopaquestructstyle. Most of all structsreferred
in the ALSA library API arenot de�ned but only de-
clared.Eachfunctiontakesonly thestructpointerasar-
guments.For example,thetypical codeto openaPCM
devicewould belikebelow:

int err;
snd_pcm_t *handle;
err = snd_pcm_open(&handl e,

“default”, SND_PCM_PLAYBACK,
0);

wherethehandlestructsnd_pcm_t is nowherede�ned.
Anotherexampleis thecodeto retrieve thecurrentsta-
tusof aPCMstream:

snd_pcm_status_t *status;
snd_pcm_status_allo ca( &st atu s);
snd_pcm_status(hand le, status);
current_state =

snd_pcm_status_get_st 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 ta te( ) functionindirectly.

This strangebehavior is chosenfor the future exten-
sion. By hiding the structde�nition insidethe library,
thebinary-compatibilityof theAPI is keptconsistently
even after thede�nition of the structis changedin fu-
ture. Becauseof this way of implementation,thefunc-
tionsbecomefairly redundant.This canbemorebetter
and elegantly expressedonceif the API is written in
C++.

2.4 OSSCompatibility

Oneof themostimportantissuesin thedevelopmentof
ALSA is thecompatibilitywith OSS.In fact,ALSA can
emulatetheOSSAPI quitewell.

As foundin Fig. 1, therearetwo routesfor theOSSem-
ulation.Oneis throughthekernelOSS-emulationmod-
ules,andanotheris throughtheOSS-emulationlibrary.

In theformerroute,anadd-onkernelmodulecommuni-
cateswith theOSSapplications.The moduleconverts
the commandsandoperatesthe ALSA corefunctions.
Thisrouteiseasyto setupandworkseffectively in most
cases.

In anotherroute, the OSSapplicationsrun on the top
of ALSA library. The ALSA OSS-emulationlibrary
worksasawrappertoconverttheOSSAPI to theALSA
API. Since the OSS application accessesthe device
�les directly, theOSS-emulationwrapperneedsa hack
using LD_PRELOADenvironment variable. The OSS-
emulationlibrary is thenpre-loadedfor theOSSappli-
cationso that it replacesthe 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
modulehasalso conversionfunctions,only the mini-
mal subsetis implementedthere.In thelatterroute,on
the otherhand,the differencecanbe reducedwith the
help of plugins in the ALSA library. The application
canusethemmapmodeevenon thehardwarewith the
non-interleavedformats.However, this routerequiresa
dirty hackusingLD_PRELOADasits cost,instead.

3 Evolution of SoundServers

3.1 JACK

Callback Model

The JACK is designedfor the high bandwidthdata
transfer. This meansalsothat it is not intendedto run
on thenetwork system.It' s rathera basefor a desktop
audioworkstations(DAW). Theprimarygoalof JACK
is, as alreadymentioned,to achieve the soundserver
for theprofessionalaudioapplications.Thisimpliesthe
following requirements:

� Synchronizedoperationsin a low latency

� Highly �e xible connectivity amongapplication

For performingthe audio transferwith the exact syn-
chronization,JACK systemis basedon the callback
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model.This is anotherprogrammingparadigmin com-
parisonwith the traditionalUnix style model. In this
model,eachaudioprocessor(called“client” in JACK)
is executedpassively 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 thebuffer.

On the systembasedon the traditionalstyle, eachap-
plicationsreador write whenever they want. Thus,the
audiostreamsarehandledwithout synchronization.In
the caseof callbackmodel, on the contrary, the syn-
chronizationof data-�ow is assuredin thesample-wise
accuracy sincethe timing to call eachcallbackis de-
terminedby the server. The samestrategy is taken
in othermodernaudiosystemslike CoreAudio[13] or
ASIO[14].

JACK handlesonly the 32bit �oat as its audio data
unlike the other conventionalsoundservers. Also, it
assumesonly the non-interleaved format, i.e. mono
streamsfor multi channels. Thesedifferencesmay
make the porting of existing audio applicationsa bit
harder, in addition to the differenceof programming
styledescribedabove.

BasicStructur e

Fig. 2 shows thebasic�o w diagramof theJACK sys-
tem. Thereis a JACK server daemonrunningasa cen-
tral soundserver, andeachapplicationaccessesto the
JACK server asa client. A client hasseveralports,and
the connectionbetweenports are �e xible and can be
changedon the �y . This conceptis quite similar with
theALSA sequencer.

The JACK soundserver communicateswith thesound
engine(e.g. the sounddriver) exclusively as well as
other soundserver systems.The JACK supportssev-
eral platformsfor thesoundengine. In additionto the
ALSA, PortAudio[15] and Solaris drivers are imple-
mentedcurrently.

JACK hastwo different typesof clients: internaland
externalclients. The internalclient is a kind of plugin.
It' s a sharedobjectrunninginsidea JACK server. On
the other hand,the externalclient is a threadrunning
independently. This multi-threadcommunicationis the
advancedanduniquefeatureof JACK, whichis notseen
in CoreAudioor ASIO.

JACK
server
daemon

ALSA

External
JACK
client

Internal
client

Internal
client

External
JACK
client

External
JACK
client

Internal
client

JACK API

ALSA API

Figure2: JACK �o w diagram

Being executedin a server process,the internalclient
runswithout context switching,andthus it' s moreef-
�cient thanthe externalclient from the perspective of
performance.For thedevelopmentperspective, an ex-
ternalclient is easierto developanddebug, becauseit
is in factapartof theapplication.Also, it' smoretough
againsttheunexpectedprogramfailure.

The datatransferin JACK is very ef�cient. Basically,
JACK tries to implementthe “zero-copy” data trans-
fer. The JACK server runs in the mmapmodefor the
datatransferbetweenJACK server andtheALSA. The
audio-databuffer betweena JACK server anda JACK
client is sharedvia the IPC sharedmemory. Only the
controlmessagesarecommunicatedthroughFIFO of a
normalsocket.

In thecallbackmodel,eachJACK client is executedas
anFIFOsequentially. Theexecutionpathof clientsfol-
lows the connectiongraph. Whena client callbackis
called,it readsthedatafrom theJACK serveror another
client, processesit, thenwrites to 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. Since the low-level
con�guration for the audiodriver is determinedin the
JACK serverlevel, JACK clientsdon't haveto dealwith
sucha subtlething. Instead,eachclient needsto con-
centrateon thecreation,destructionandconnectionof

11



ports, and the processof the audio threaditself. A
threadis createdautomaticallywhenanexternalclient
starts.

TheJACK applicationdeveloperneedsto payattention
to the multi-threadprogramming. A JACK client is
supposedto run alwayson the multi-thread. The data
shouldbehandledwith lock-freemethods,andtheau-
dio threadmustnotbeblockedby others.

Unlike theASIO or othersystems,JACK acceptsmore
�e xible hardwarecon�guration.While ASIO usesonly
two periods(called“double buffer”) to get the ideally
lowest latency, JACK can handlearbitrary numberof
periodswith the arbitrarysize(which arespeci�ed by
thecommandline optionsof JACK daemon).Someau-
dio chipslike YMF-PCI prefermorethantwo periods
to run stablybecauseof thechip design.Sucha chip is
oftendesignedto bedrivenvia timer interruptsinstead
of DMA-transfer interrupts. Anyway, thesedifference
of hardwarescanbehiddeninsidetheJACK server, and
applicationsarefreefrom thehardwarerestrictions.

3.2 ALSA dmix / dsnoopplugins

TheALSA dmix anddsnooppluginsareoneof thead-
vancedfeatureswhich have beenrecentlyadded.The
letter“d” in dmix anddsnoopstandsfor “direct”. These
pluginspreformaswell asa normalsoundserver do,
that is, sharingthePCM device amongdifferentappli-
cationsfor mixing, multiplexing andloopback. How-
ever, they arenot quite a soundserver. More exactly
writing, thesepluginsdonot requireany serverprocess
unlike the conventionalsystems. In the dmix/dsnoop
plugin, the hardware buffer itself is sharedby all ap-
plications“directly”, insteadof exclusive control by a
serverprocess.

In the conventional server system,there is a central
server process,and applicationsaccessto it for mix-
ing andmultiplexing thestream.Theservergathersthe
datafrom connectedapplications,mixesthemandthen
sendsto the sounddriver. Becauseof the gather-and-
mix strategy, theremustbe a signi�cant latency. And
theRT-scheduling,which is necessaryfor reducingthe
latency on theLinux system,may alsoleadto permis-
sionandsecurityproblems.

In thedmix/dsnoopplugins,ontheotherhand,eachap-
plicationwrites/readsthesharedhardwarebuffer by it-
self concurrently. Thus,thereis no latency introduced

by the mediationof a soundserver. Every application
canplay andcapturethe audiodatawith very low la-
tency evenwithout thededicatedRT-scheduling.

For sharingthePCMhardwarebuffer, thedmix/dsnoop
plugin employs simply anmmapmethod.For thesyn-
chronizationof the processingpointer (also required
duringthedraining),theALSA timer interfaceis used.
Since the destinationPCM streamis referredas the
timersource,thetiming to updatetheperiodcanbeac-
curatelyinformedto applications.

The dsnoopplugin is a loopback/multiplexer for the
capture,and applicationscan simply copy audio data
from the sharedhardware buffer. The another, dmix
plugin, is a dynamicmixer for the playback,and this
needsmorecomplex handlinglikebelow becauseof the
saturationproblem.

Thedmix plugin hasa commonsum-buffer in addition
to the hardwarebuffer. This sum-buffer is sharedvia
IPC sharedmemory, too. For easeof calculations,the
dmix pluginhandlesonly 16and24bit integersamples.
Thedatain thesum-buffer is always32bit integer.

The basicideaof dmix plugin is that eachapplication
addsits own sampleto the existing samplevalue on
thesharedhardwarebuffer dynamically. If theresultant
samplevalueover�ows the16/24bit range,it mustbe
saturated.The sum-buffer is usedfor this check. The
task to computethe additionand the saturation-check
becomescomplicatedbecauseof the possibleconcur-
rentaccessto thebuffers.Two atomicoperationsarere-
quiredatleast:onefor theadditionandonefor thecom-
parison. The typical add-and-saturationcode would
look like below:

sample = *src;
old_sum = *sum;
if (*dst == 0) /* atomicoperation */

sample -= old_sum;
*sum += sample; /* atomicoperation */
do {

old_sum = *sum;
sample = SATURATION(old_sum) ;
*dst = sample;

} while (*sum != old_sum);

wheredst is thesharedhardwarebuffer pointer, sum is
thesum-buffer pointer, andsrc is thesourcebuffer. In
the �rst atomicoperation,thesum-buffer is initialized,
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andthenthecurrentsampleis addedon thesum-buffer.
The succeedingdo-while loop performsthe saturation
andthesubstitutionto thehardwarebuffer.

The demeritof the dmix plugin is that this lock-free
algorithm is more expensive than the implementation
in theserver-clientmodel.Also, becauseof theatomic
operations,it' snotimplementedonall architecturesyet.

Another note is that the dmix/dsnoopplugins are not
designedfor the arbitraryconnections.They arepro-
videdasan alternative to thesimplesoundserver. Al-
thoughtheCPUconsumptionof dmix plugin is higher
thantheothers,thesepluginsarepromisingfor normal
consumerpurposes,becausetheALSA applicationscan
run throughthesepluginswithout rewrittenat all.

3.3 Other Projects

The soundservers for the network systemis still an
openquestion. For the genericsoundserver belongs
to thetraditionalstyle like EsounDandaRts,thereis a
new project,MAS (mediaapplicationserver)[16]. The
designof MAS is similar with the conventionalsound
servers, basedon the open/read/writemodel. It is a
modularsystemlike aRts. The advantageof MAS is
its tight bindingwith theX server. TheMAS supports
severaldifferentprotocolsfor the remotedatatransfer.
The protocolcanbe chosendependingon thenetwork
condition. In theworst case,thedatacanbeeventun-
neledthroughtheX protocol.

SinceMAS is still underheavy development,it' s still
too early to evaluatethe performancewith other ad-
vancedsystems.However, this looks like a goodso-
lution for the environmentwith many machinescon-
nectedovera LAN.

Another interestingsystemhaving the similar concept
is GStreamer[17]. This is aimedto achieve a universal
platformfor thewholemultimediaincludingbothvideo
andaudio.Thesystemis monolithicandeachmoduleis
implementedasapluginsharedobject,aswell asmany
othersystems.Therearelarge numberof modulesal-
readyavailableonGStreamer.

In the areaof the broadcastingof audio (and video)
streams,a promisingproject is Helix DNA[18]. This
is a collaborationwork betweenthe open-sourcecom-
munity andthe big player like RealNetworks. Its aim
is to provide thecomprehensive cross-platformfor the

boradcastingsystem,includingits standardAPI andthe
client/server applications. The project is still in the
early developmentstage,and the supportof ALSA is
not �nished yet.

Therearesomany differentthingsfor thesingletheme
— 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 possiblesolution is to de�ne a portableAPI. The
PortAudio[15] is a goodcandidatefor this. It supports
very wide rangeof OS and soundsystems(including
both ALSA and OSS)with the sameconsistentAPI.
PortAudioprovidesboththetraditionalandthecallback
styleAPIs. Thus,it canbeasuitablesolutionto meltthe
solidgapbetweenthedifferentarchitectureslikeJACK
andOSS.

4 The Futur e: a.k.a. TODO

4.1 Problemsof ALSA

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

There have been many rumors that the ALSA is
so dif�cult to set up comparedwith the OSS. It' s
partly true — thereare more con�gurations (e.g. in
/etc/modules.conf)necessaryto make the systemrun-
ningproperly(althoughsuchsettingsarenotalwaysre-
quiredif onerunsonly ALSA nativeapplications).In a
convenientfuture,sucha problemwill disappearwhen
all themajordistributorssupportALSA primarily.

Besides,therearestill morethingsto considerin thisre-
gard.TheALSA is a hardwareabstraction.TheALSA
covers the hardware capability as much as possible.
This policy sometimesleadsto the too complex repre-
sentation.For example,somechipsshow hundredsof
controllablemixerelements,andit' sof coursetoomuch
for end-users.Morehigherabstractionis neededfor the
moreintuitiveusage.

Also, thereis nouser-friendly editorfor theALSA con-
�guration �les, andno enoughexamplecon�guration
�les provided. There is no good way to set up the
IEC958statusbits, too. This situationtendsto prevent
theuserto try theadvancedfeatures,unfortunately.
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Finally, the lack of documentationhasbeena major
problemof ALSA project. This is the mostimportant
thing to be�x edin thefutureaboveall.

4.2 On JACK

JACK is promisingandmany applicationsaresupport-
ing it in fact.However, it' sstill notprefectin everycase.
Themostfrequentlyappearingproblemis its response
andstability.

Even thoughJACK is designedto cooperatewith the
ALSA tightly, it happenssometimesthat the system
takes too long responsetime than expected. This re-
sults in the xrun on the JACK system. In mostcases,
it' s thecon�gurationfailurefor thecertainsoundchips.
But it alsolieson theJACK mechanism,too.

Becausetheprocessof audiodatais executedthrough
theconnectiongraph,thewholesystemis blockedonce
whenthe executionof a client is stalledby somerea-
son. This phenomenonmay be reducedwhen more
JACK clients are written as the internal clients. The
internalclientswould have no taskswitchingproblems
likeabove.Also, theperformanceof JACK ontheSMP
systemcanbemoreoptimizedby thedynamicevalua-
tion of executionpaths.

As well astheALSA suffers,asimilarproblemremains
on JACK, too. It' s not easyto provide the ideal con-
�guration andtheidealenvironmentfor theJACK sys-
tem. This is not JACK's fault, but ratherrelatedto the
Linux distribution. Sincethe RT-schedulingmight be
involvedwith thepermissionandthesecurityproblems,
it cannotbe usedso conveniently in the major Linux
distributions, which are more sensitive to theseprob-
lems. This will be hopefully improved in the future,
oncewhenJACK is recognizedasastandardsystemfor
theprofessionalaudioapplications.

4.3 Future of Audio Devices

Thepresentwill becomethepastwhentime continues
to proceed.Surely, the audiodevice will be kept im-
proved in future, too. Here,as the �nal note, the au-
thor would like to try to describesomeexpectations
of the future audiodevicesandthepossibleproblems.
Thefollowingdifferentdirectionscanbeconsideredde-
pendingon thedemand.

Mor eFeatures

Thehardwarewill beequippedwith morefeaturessuch
asthe hardwareencodingof high-compressionformat
like MPEGor Vorbis,or thehardwareencodingof the
multi-channelformats(A52, DTS). Togetherwith the
useof broadbandnetwork like ADSL, thebroadcastof
video/audiostreamswill be no longeronly for profes-
sionals.

This will bring usa problem.Thehandlingof encoded
formatsis notyet realizedwell on theALSA. Sincethe
encodingformat usually takes the variablebit rate, a
changeor an extensionof the currentmodelwould be
neededin nearfuture,too.

The structuralaudiomight becomean interesting�eld
in the future. This is analogyto the 3D supporthap-
peningin therecentdevelopmentof graphiccards.In-
steadof rendering3D graphics,the soundeffects like
3D spacializingmaybeimplementedon thechip when
thesurroundsystembecomesmorepopular.

Higher Quality

The surroundsystemwill be more complicated,and
morechannelswill beusedsuchas6.1or 7.1channels.
The6.1speaker systemandtheaudiocardssupporting
suchanenvironmentcamejust in theconsumermarket
at thismoment.

Themoreimportantimprovementfor thequality is the
supportof 24and32bit samples.Alsomoreaudiocards
maysupportthe�oat format,too. Thesampleratewill
bealsobasedon96or 192kHz asstandard.

Theseincreaseof audiospecmaybedependenton the
popularityof thenew media,suchasupcomingDVD-
audioandSACD. As long aspeoplearesatis�ed with
theold-goodCD,thedrasticchangein thisregardmight
nothappen,though.

In any cases,this direction of changeswouldn't be a
big problemfor the existing system.Most of features
have beenalreadyimplemented,andenoughtestedon
theadvancedaudiocards.

Mor eConvenience

Hotplugdeviceswill bemorepopular. At this moment,
it is fairly dif�cult to guesswhetherFireWire or USB2
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dominates.But both specsareenoughhigh to replace
theexistingPCIaudiocards.In thefuture,only theon-
board(integrated)audio chip and the hotplugdevices
might remainin themarket.

Fromtheviewpointof Linux system,thiswouldrequire
thebettersupportof user-spacedrivers.Thisimpliesthe
reliablekernelschedulingto assuretheexacttiming for
theisochronoustransferonuser-space.
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