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Chapter 1

Intro duction

Sinceits creation, the Internet has known a huge success. This is mainly due to the
simplicity of its architecture which is basedon the Internet Protocol (IP). IP providesa
simplebest-e ort service,implemerting a datagramdelivery servicewithout any guarartee
on the order of delivery, the integrity of sud datagrams,or the arrival of ead datagramto
its destination [77]. This simplicity allows many di erent typesof networksto interconnect
together and to form what we know asthe Internet.

In orderto circumvert the simplicity and disadvantagesof IP, the TransmissionCon-
trol Protocol (TCP) providesa reliable in-order data delivery to the application layer [78].
The main tasksof the TCP protocol are end-to-end o w cortrol, error cortrol, and conges-
tion cortrol. End-to-end o w corntrol meansthat a sendermay not inject into the network
more data than the receiver canhold. The error cortrol task consistsin the recovery from
any lossin the network, this task is donethrough retransmissionbasedon sequenceium-
bers, positive acknowledgmerts, and a retransmissiontimer. The congestioncortrol task
consistsin adapting the transmissionrate of a sourceaccordingto the network load [42].
The TCP protocol accomplisheghesetasks in an end-to-endfashionwithout any modi-
cation of the network; it is in this way that data transmissionin the Internet is assured
by TCP in a reliable way.

The conceptof an integrated servicesnetwork hasbeenof interest for already quite
a longtime [98]. On one hand, a new telephonebadkbone would provide seeral quality of
service(QoS) levelsfor carrying di erent typesof trac. On the other hand, the existing
well deployed worldwide Internet would carry voiceand videotra c, aswell asdata. Using

1



2 Chap.1 Introduction

the Internet to carry multimedia tra c is of great interest sincethe network is already
deployed [46].

The Internet was designedinitially to carry data trac by using TCP on the top
of IP. The transmissionof real-time tra ¢ is a biggerreseart challengesinceit demands
very seeredelay and quality of service(QoS) constraints. Using TCP is not adequatefor
carrying this kind oftra ¢ becauset introducesdelay variability dueto retransmissionand
reordering. Besides,the TCP's congestioncortrol medanismsintroduce rate variability
too. Real-time applications are sensitive to delay and rate; moreover, they can tolerate
somelossesand do not require full reliability.

Se\eral standards exist for transmitting multimedia in padet-switched networks.
The dominant standard for multimedia trac is H.323, which usesRTP encapsulation
for audio over UDP/IP [107]. RTP (Real-time Transport Protocol) provides end-to-end
network transport functions suitable for real-time multimedia applications, over multicast
or unicast network serviceg92]. RTP is usedtogetherwith the real-time transport cortrol
protocol (RTCP) to provide the application layer statistics about a sessiorsuc as padet
lossrate, jitter, etc. Thesestatistics are usefulfor multimedia applications for being fair
with other ows sharingthe samelink [18,19,52,64]. In this way, they can adapt their
transmissionrate in a similar way TCP doesby using TCP-friendly like medanisms.

One of the most attractive and already functional real-time servicesthat is being
provided is the transmissionof voice over the Internet, which is called Internet Telephory
(VolP: Voiceover IP) [39,102]. Transmitting real-time voice over the Internet has se\eral
advantages. One major advantage is price. Placing a voice call over a padket switched
network like the Internet is much cheaper than making it through the traditional PSTN!
telephonenetwork. Additional advantagesare the possibility of sharing les and white-
boards, having securedcalls through encryption, caller identi cation, etc. There are also
seeral advantagesfrom the carrier perspective from using the Internet: an integration
of di erent typesof trac would be easierthan with PSTN networks, cheaper switching,
better and robust managemen platforms.

The basicmodel of VoIP supposesthat usersparticipating in a voiceconferencenave
accesgo multimedia computersconnectedto the Internet. So,the userscanbe connected
through a classicmodem connection,an ADSL line, a LAN, or even a wirelessconnection.
Further, if morethan two usersparticipate in a corversationa multicast sessioris normally
established.

The generalstepsinvolved during a voice sessiorare illustrated in Figure 1.1. The
speet is sampled, digitized, padketized, and transmitted to the other end. Then, the
receiver application holds the received padets in a bu er, and thus it plays them out

IPSTN stands for Public Switched Telephone Network.
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Figure 1.1: Generalstepsin an audio session.

through a sound card. Forward Error Correction (FEC) is normally addedto the trans-
mitted padkets in order to reducethe lossprocessat the receiwer.

Figure 1.2 depicts the basic scenarioof VolP. Here, two computers are used to
establishan audio sessiorand to transmit padkets acrossthe network. This basicscenario
for VoIP has ewlved into two other possiblescenariosdepicted in Figures 1.3 and 1.4.
In Figure 1.3 a computer is connectedto the Internet and transmits voice padets to a
normal telephonedevice. The telephoneis connectedto the certral o ce switch, which
connectsto the Internet through an Internet telephory gateway. Figure 1.4 shavs two
standard telephonesbeing usedto place a VoIP call. In this case,the user calls the
Internet telephory gateway, and basedon the caller'sID the useris recognizedand logged
into the telephory system,then the usertypesthe recipiert's number. Next, the gateway
starts an H.323 sessionwith the IP addressof the recipiert's gateway, which knows how
to place a call to the receiwer's phone. A voice sessionis next initiated by sendingvoice
in IP padkets betweenboth gateways. In this case the padetization, encaling, decaling,
and reasserbly processe®ccur in the gateways.

Two major challengesare imposedby the VoIP architectures just descriked:

1. The rst oneis the implemen tation of a VolP system. Sincea VolP device (a
computer or an IP telephone) must be capable of supporting seweral codecs, the
processingpower of a VolP deviceis much more demandingthan for a traditional
telephone. Echo cancellationis another problem assaiated with digital voicetrans-
mission. When the VoIP architecture involves at least one telephone, the usual

Telephone
;I;ﬁeegpone line or
LAN
LAN
segment O O segment
IP router IP router

Multimedia PC Multimedia PC

Figure 1.2: Basic model of VolP.
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Figure 1.3: PC to phonearchitecture.

far-end edho is causedby the four-wire to two-wire corversion. In this case,adaptive
cancellationis applied to reducethe e ects of echo. When there is at leastone com-
puter involved in the VolP architecture, edo can be producedif the useris using
just a microphone and spealers; in this case,the user at the other end will hear
his/her own voice sincethe speed is transmitted bad by the spealers. In this case,
the problem can be solved by using headphonesnstead of just using spealkers[14].

There is another couple of problemsrelated to the implemertation of a VolP archi-
tecture. The rst oneis the support of Dual Tone Multifrequency (DTMF) trans-
mission, and clock syndronization. DTMF can be supported through an input
indication (H.245) with H.323, or more recerlly with SIP (Sessionlinitiation Pro-
tocol) [93]. Clock syndronization is a desired characteristic in any VoIP session
sinceit allows to reduceclock drift betweensenderand receiwer [41,62,66,70,116].
Syndronization canbe donewith NTP (the Network Time Protocol), or with GSM
(Global Systemfor Mobile commnunications), the latter being the most expensiwe.
Figure 1.5 depictsa testbed usedin [62]to syndironize the clocks of two hostsusing

ey \S \
9o
Telephone Telephone
o / - o C\t a {
Central office entral office
switch or local hub switch or local hub
/ \ Internet telephony Internet telephony / \

gateway gateway

Figure 1.4: Phoneto phonearchitecture.
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NTP. Thereis a time sener using GPS, which providesthe time sourcefor the NTP
sener (middle).

Clock syndironization is bene cial for the performanceof playout delay cortrol al-
gorithms, which will be studied in detail in Chapter 4.

. The secondchallenge,and the most di cult to solwe is the provision of qualit y of
service. Transmitting padetized voice over a best-e ort network like the Internet
posesse\eral problemsfor providing an acceptableQoS. The main factors a ecting
the speed quality during a VoIP sessiorare:

Net work bandwidth. A user participating in a VolP call must have a minimum
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Figure 1.6: Delay componerts in a VoIP session.

bandwidth available in order to establishand keepa call with an acceptable
quality. A userconnectingto the Internet with a 33kbpsmodemwould be more
limited than a userconnectingthrough an ADSL, or a LAN connection.

Codecs. Sincenetwork bandwidth is variable, it is desirablethat VolP applications
be fair with other applications sharing the samebandwidth. So, a non TCP
application such as VolP shouldbe TCP friendly and adapt its transmission
rate accordingto the available network bandwidth. This is normally done by
switching betweencodersof di erent rates during a VolP call accordingto the
state of the network. Thus, when network bandwidth is scarcean application
can switch to a lower rate codec, switching bad later to a higher rate codec
when the network state changes[19,61,68].

Delay. Se\eral kinds of delay play arole in IP telephory, somedelays are xed and
someothersare not. First, thereis a constart componert of delay composedof
guartization, padketization, transmission, and decaling delay. Delays in this
setare xed and depend on the codecusedand on the padet size,they can be
further reducedif they are implemerted in hardware asin the caseof IP phone
devices.The secondclassof delay is variable, it is composedof the end-to-end
delay plus the playout delay at the receiwer [82]. The end-to-enddelay varies
accordingto the network state. When the network is congested,padets will
take longerto arrive at the receiver. This introducesvariability on the end-to-
end delay, alsoknown asjitter. Figure 1.6 showvs roughly the di erent typesof
delay incurred in a VolP session.

Applications must resort to playout delay algorithms in order to eliminate the
introduced jitter [1,28,32,54,65,83,97,103]. The playout delay is the delay
that padets spernt in the receiwer's bu er. The main task of a playout delay
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Figure 1.7: Basic operation of a playout delay cortrol algorithm.

algorithm is to trade delay for loss, while at the sametime smaoothing jitter.
Figure 1.7 shaws the performanceof playout algorithms in [82]. The y-axis
shows the padet's interarrival time, and the x-axis shows the padet sequence
number during an audio session.Padets with a jitter value over the playout
time line are consideredost and are not played out. This increaseghe overall
loss rate but improves the session'sinteractivity. In Chapter 4 we study in
detail playout delay algorithms, and we proposea new approad allowing to
control the padket lossperceriage seenby an application.

Packet loss. In order to reducethe e ects of padket loss, a VolP system has to
resortto sender-based@swell asto receier-basedmedanisms. The most com-
mon exampleof sender-based@pproahesare Forward Error Correction (FEC)
techniques[14,39,72]. FEC medanismswork generally by piggybading re-
dundart versionsof the original padkets on later padets, soif a padket is lost
it can be recovered by waiting for its redundancyto arrive. Another classof
FEC medanismsusesparity coding [31]. Padkets are divided into groupsof a
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given size,and an exclusive-or (XOR) operation is computed over eat group.
The resulting padet is transmitted together with the next group piggybadked
onthe rst padket. This shemeproducesa padcket with its sizedoubledin eah
group and allows to recover from a single loss. Both FEC schemesintroduce
additional delay but they allow to reducethe overall lossrate. Additionally,
receier-basedmedanisms are often usedin order to further reducethe loss
rate perceived by an application. Examplesof receier-basedmedanismsare
insertion, interpolation, and regeneration[38,72,88 90]. In Chapter 2 we study
through a queuinganalysisthe performanceof a simple FEC medanism that
hasbeenimplemented in popular audio tools.

The three phenomenajust descriked are unavoidable in the current Internet and
must be compensatedby the techniques descrited above. Moreover, loss and delay are
variable which makeseven moredi cult to provide an acceptablequality of service.

In the last years, di erent researb works have beendone on ewery aspect of real-
time multimedia applications. We next idertify somewell de ned researt areasin this
domain:

Loss and end-to-end delay. Padket lossand delay are often correlated. If padket i is
lost it is likely that padket i+ 1 belosttoo. Bursty network lossesa ect the quality of
real-time multimedia applications, like VoIP, Internet radio, video conferencingetc.
The dependencybetweendelay and losshas beenlargely studied, and medanisms
to reducetheir e ects have been proposedand evaluated [11,15,16,37 39,52,63].
In [15], the authors assumethat the impact of Internet tra ¢ on a stream of padets
sent at regular intervals can be approximated by a batch Bernoulli stream. They
proposea FEC medanism for recovering from lossesand they build the rst audio
tool able to adapt its transmissionrate basedon the network state: the Freephone
audio tool [34]. More recerly, Jiang and Scwlzrinne show in [47]that for real-time
multimedia sessionsvith bursty losseghe nal losspattern after playout delay and
FEC is still bursty. The FEC medtanism proposedin [15] hasbeenimplemerted in
audio tools like Freephoneand Rat. The performanceof this FEC sthhemehasbeen
largely studied by modeling and simulation.

Playout delay algorithms. The playout algorithms proposedby Ramjeeet al. in [82]
are the pioneeringreferenceon this researb area. They proposefour algorithms for
adapting the playout delay at the beginningof a talkspurt in an audio session.They
alsoidertify delay spikesand proposea spike detection algorithm for adjusting play-
out delay. The lack of a parameterfor cortrolling the lossrate in a sessiorinspired a
seriesof works aiming to improve the performanceof Ramjee'salgorithms [49,65,73].



The generalideais to keeptrack of the padet delay distribution, and to adapt the

playout delay on an histogram-like fashionbasedon the desiredlossrate per session.
Another classof playout algorithms have been proposedin [55,57 59,113]. This

classof playout algorithms is very dynamic sincethey adapt the playout delay in

a padet-basefashion. Padets can be played out almost as they arrive by using a

technique called time scalemodi cation [99,108,114].

Proto cols. Seeral protocolsexist for real-time multimedia over the Internet. Protocols
for transmission,gateway location [85], signaling[84], QoSstatistics reports [92],and
syndronization are currently usedand deployed. Protocolsfor gateway location and
protocolsfor signaling are very active directions in this researt area. If an IP host
wants to call a PSTN user, it must know the IP addressof an appropriate gateway.
This is madeby a gatewaylocation protocol. If the gateway's choiceis not good, the
call's quality canbe poor. So,an e cient gateway location protocol aimsto nd the
optimum gateway for placing a call.

In VolP, sinceinteroperability with PSTN networks is desired, a robust signalling
protocol allowing interconnectionbetweenboth kinds of networks is needed.H.323
and SIP are the most usedprotocols. H.323 hasbeenusedfor a long time, but SIP
is now being preferred by implemertors becauseit is lesscomplex, easierto learn,
it hasa lower connectionsetup latency, and provides a higher interoperability than
H.323.

Measuring QoS. As we said before,the main factors a ecting the quality of real-time
multimedia applicationsare padet loss,delay andjitter. Understandingthe behavior
and the dependencybetweenthesephenomenais crucial for designinga systemthat
provides a good quality of service.

Now, how can we measurethe quality of a real-time multimedia application during
a session?There exist in generaltwo ways of doing this. The rst oneis by reducing
the overall lossrate and jitter seenby an application, and keepingtheseparameters
within tolerable levels; thus one can measure,for example, the quality of service
by the nal averagelosspercernage or the averageplayout delay in a given session.
We say that QoS is measuredobjectively in this case,sincea measurablequartity
(the lossrate) is reported by the application to indicate the quality seenduring a
given session36,65]. Another way of measuringquality is by thinking on the nal
user. In this casea multimedia sessions rst recorded. There are two signalsto be
compared:the original transmitted signal, and the receiwed signal corrupted by loss,
delay and jitter. The original signalis known asthe referencesignal. Then, a group
of usersis given both signalsand they must comparethem in a subjestive way after
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hearingboth. A givensessiornis rated in the range[l...5]. A usergivesa scoreof 5
when he/she doesnot perceive any di erence betweenthe corrupted signal and the
referencesignal. So,5 is given for the best quality, 4 is givenfor high quality, and so
on, with 1 being for unacceptablequality. This subjective way of measuringquality
is known as MOS (Mean Opinion Score)[23,60,86,95,115].

In VoIP, much e orts have beendewted for standardizingways of measuringquality.
For e cien tly measuringquality in the subjective way we just descrited, MOS has
to be computedover a large number of userscoreswhich is not an easytask. So,the
generalideain VolP isto predict the subjective quality of a telephonecall basedonits
transmissionparameters[48]. Two standardshave beenproposedby the ITU, the E-
Model descrited in the ITU-T RecommendationG.107[105],and PESQ (Perceptual
Evaluation of Voice Quality) descriked in the ITU-T RecommendationP.862[106].
Both standardsdi er mainly in the assumptionsthey make for predicting subjective
quality. For example,the E-Model does not take into account the dynamicsof a
transmissionbut relies on static transmissionparameters. PESQ considersplayout
adaptation but doesnot include absolutedelay into its ranking. PESQ assessethe
quality of a voice call ertirely by the speet quality. Howewer, one hastendencyto
comparea VolP call with a normal PSTN call. The E-model takesthis into accoun,
and it is often preferred by researbers sinceit includes seeral factors that PESQ
doesnot. For example,the E-model assumeghat impairment sourceswhich are not
correlated can be addedon a psydological scale.

E orts have been made to use the E-model for IP telephory. In [27], Cole and
Roserbluth proposea simpli cation of the E-model for using it on VolP systems.
They identify the main transport parametersasloss,delay, andjitter and adaptthem
to the computation of the R-factor. The R-factor on the E-model givesthe overall

guality on a given audio session.It capturesthe e ects of noise,edo, quartization,

delay, special equipmerts, and certain expectation factors concerningthe nal user.
Similar proposalsfor simplifying the E-model for its useon padet-switched networks
have beenproposedin [43,44,109 111].

Pricing. The researt work on this direction is on pricing shemesfor di erent typesof

quality of service. For instance,in real-time multimedia applications, a user would
not be willing to pay the sameprice for a constart and high quality sessiorthan for
a sessionwith variable quality. The best-e ort nature of the Internet makes even
more interesting this area of researt, sincein the absenceof QoS facilities from
the network, pricing is a very big challenge. In [22], Caesaret al. comparese\eral
pricing strategies: at (FL), congestionsensitive (CS), QoS sensitive (QoSS),and a
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hybrid schemethat is sensitive to congestionand to QoS (CSQoSS).The study is
basedon a two classuser model: type | userspay any price for the best QoS and
type Il usersrequestthe best QoS at a costthat is lessthan somemaximum price
they are willing to pay. In [33], Ganeshand Laevensproposea schemefor which a
router writes a sccial coston eat padket asthey passthrough. Usersswitch demand
basedon this cost. The model maximizesa utilit y function comprisingthe value a
usergivesto bandwidth. A de nition of congestionprice is proposedasa function of
the aggregatedata arriving on the link in that slot. The authors shav by simulation
that transmissionrates and pricescornvergeon the long term.

Contributions of this thesis

This thesis is organizedin two parts. In the rst part we study the performance of
interactive real-time applications. In the secondpart, we analyze the performance of
AIMD protocolsunder variable delay.

First part: Real-time applications

Applications like NevoT, Vat, Freephone,and Rat have been extensiwely used by re-
seardersto conduct multicast and unicast voice and video conferenceson the Internet.
Dependenciedbetweenlossand delay have beenlargely studied over the years,and med-
anismsfor reducingtheir e ects have beenproposedand implemented in real-time tools.
One of the goalsof the rst part of this thesisis to ewaluate the performanceof these
medanismson real-time applications. We study in Chapter 2 the performanceof a FEC
sdhemeimplemerted in tools like Freephoneand Rat. In thesesimple sdhhemes,padet i is
calledthe primary copy. A di erent versionof padket i with a larger compressiorratio is
generatedand it is piggybadked on padet i+ ; this is calledthe redundart copy of padcet
i. For example,the primary copy can be encaled with PCM -law and the redundart
copy with alower bandwidth versioncode like GSM or LPC. If the primary copy of padket
i islost, then it canstill be played out by waiting padets and decaling its redundancy
giventhat padket i + is not lost. Sincelosseson the Internet are often bursty, shifting
the redundancy units apart from the original padcet is supposedto reducethe burstiness
of the nal lossprocessafter FEC decaling. We assumethat the quality of the received
copy of a padket dependslinearly on the amourt of redundancy Then, we show through
a queuing analysisthat the amourt of useful information at the receiwer deterioratesfor
any amourt of FEC and for any value of [5]. This is a very important result, sinceit
meansthat for this shhemeadding FEC is harmful for a VoIP application at the recei\er.
Next, in Chapter 3 we generalizeour queuing model and we relax the assumptions
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we madein the previous chapter on the linear utilit y function. We considertwo aspects
that may cortribute to a quality improvemern: multiplexing with other ows, and the
use of non-linear functions relating the quality and the amourt of redundancy The use
of non-linear functions in multimedia applicationsis justi ed by the fact that the quality
of a multimedia sessionis quite a subjective measure,and it dependson a large number
of parameters. Similar utilit y functions as those we proposehave beenusedin the past
relating the quality of a real-time multimedia sessionand the transmissionrate [96]. Be-
sides,we generalizeour bottlened's queuingmodel to an M=G=1=K queuewith an audio
ow and an exogenousow. We nd conditions for which adding FEC leadsto a quality
improvemern [4,6]. Note that although we proposemodelsfor a FEC medanism imple-
merted in audio tools, our modelsare alsovalid for any real-time multimedia application
using this kind of lossrecovery approad.

In Chapter 4 we focus on algorithms for playout delay cortrol. In real-time appli-
cations, like VoIP, padets are transmitted in a periodic fashion. This periodicity is lost
due to the queuing time introduced in routers, which introducesdelay variability, also
known asjitter. Playout delay cortrol algorithms are usedon audio applicationsto reduce
jitter, they trade lossfor delay. Algorithms currently implemerted on audio tools lack of
a parameterallowing to control the losspercenage after playout of padkets. We idertify
this problem and we proposea set of tunable lossrate algorithms for playout delay based
on moving averageestimation [81]. We usetrace-basedsimulations to evaluate the perfor-
mance of our algorithms, and we comparethem with algorithms currently implemerted
in the NevoT audio tool. Our algorithms overperform those implemerted in NevoT for
most of the caseswe studied.

Second part: A model for AIMD proto cols under variable delay

In the secondpart of this thesiswe proposea model to analyzethe performanceof AIMD
protocols. Further, we model AIMD protocolsin presenceof variable delay, which is cur-
rently becomingan active areaof researb. Non-interactive multimedia applications often
useTCP becausetheir delay constrairts are lessrestrictive than interactive applications.
Traditional modelsfor AIMD protocols compute the throughput by modeling the round-
trip time asa constart and then replacingit by its average. Howeer, it hasbeenobsened
that delay variability impacts the throughput of AIMD-lik e protocols[24]. Delay variabil-
ity is a commonphenomenonn communication networks. Moreover, with the widespread
use of wirelessnetworks, studying the impact of delay variability on the performanceof
AIMD-lik e protocolsis of great importance.

Our cortribution on this part of the thesisis the proposal of the rst analytical
model taking into accoun delay variability for computing the throughput of AIMD-lik e
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protocolg. The model is basedon stochastic di erence equations,and we solwe it for the
momerts of the window size, as well as for the throughput. We considertwo casesfor
round-trip times: i.i.d. and Markov correlated. We usetwo versionsof the TCP protocol
for the validation of our model: the Renoversionof TCP, and SACK and Newreno.

We show by analysisand simulation with the NS simulator [67]that an increasein
delay variability improvesthe performanceof this classof protocols. Our main result is
that, whenthe padet lossprocessis constart and whenRTT arei.i.d., the throughput of
an AIMD medanismincreasesvith delay variability. This meansthat currert modelsfor
AIMD protocols,which only considerthe rst momert of round-trip delays, underestimate
the performancewhen padet delay is variable [7]. We descrike in detail our model in
Chapter 5.

Finally, we concludethis thesisin Chapter 6 wherewe alsodiscusssomeperspectives
of our future work.

2TCP is the best example of this kind of protocols.
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Chapter 2

FEC perfomance and utilit y on VolP

2.1 Intro duction

Real-time audio transmissionis now widely usedover the Internet and hasbecomea very
important application. Audio quality is still howewver an open problem due to the loss
of audio padkets and the variation of end-to-enddelay (jitter). Thesetwo factors are a
natural result of the simplebeste ort serviceprovided by the current Internet. Indeed,the
Internet provides a simple padket delivery servicewithout any guarartee on bandwidth,
delay or drop probability. Audio quality deteriorates (noise, poor interactivity) when
padets crossa loaded part of the Internet. In the wait for someQoS facilities from the
network like resourceresenation, call admissioncortrol, etc., the problem of audio quality
must be studied and solved on an end-to-endbasis. Somemedanismsmust be introduced
at the senderand/or at the receiver to compensatefor padket lossesand jitter. Jitter
is often solved by some adaptive playout algorithms at the receiver. Adaptive playout
medanismsare treated in detail in [82,83], and in the next chapter. In this chapter we
focuson the problem of recovery from audio padket losses.

Medhanismsfor recovering from padket lossescan be classi ed as open loop meda-
nisms, or closedloop medanisms[72]. Closedloop end-to-endmedanismslike automatic
repeat request (ARQ) are not adequatefor real-time interactive applications sincethey
increaseconsiderably the end-to-end delay due to padket retransmissiod. Open loop
medanismslike FEC (Forward Error Correction) are better adaptedto real-time appli-

I'Note however, that ARQ could perform well as part of a link level protocol for some short links
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1 2 3 4 Original stream
1 1 2 2 3 3 4 Media-specific FEC
‘ (redundancy)
Y Y Y Y
1 1 2 3 4 Packet loss
1 2 3 4 Reconstructed stream

Figure 2.1: The simple FEC metanismwherepadket n+ 1 carriesredundart information
of padket n.

cations given that padet lossesare recoveredwithout the needof a retransmission.Some
redundart information is transmitted with the basic audio ow. Once a padet is lost,
the receiver uses(if possible)the redundart information to reconstruct the lost informa-
tion. FEC sdhemesare recommendedwheneer the end-to-enddelay is large so that a
retransmissiondeterioratesthe end-to-endquality.

An audio conversationis consideredo beinteractive if the two-way end-to-enddelay
is lessthan 250 ms, including media coding and decaling, network transit and playout
bu ering [71].

FEC has been often used for lossrecovery in audio communication tools. It is a
sender-basedepair medanism. An ecient FEC sdiemeis one that is able to repair
most of padket losses.Now, when FEC fails to recover from a loss,applications canresort
to other receier-basedrepair metanismslike insertion, interpolation, or regeneration,
using well known methods [72].

The FEC sthemesproposedin the literature are often simple, sothat the coding and
the decaling of the redundancycan be quickly done without impacting the interactivity.
In particular, the redundancyis computedover small blocks of audio padets. Well known
audio tools as Rat [79], and Freephone[34], generally work by adding someredundart
information of (i.e., a copy of) padket n to the next paket n + 1, sothat if padket n
is dropped in the network, it could be recorered and played out in casepadket n + 1 is
correctly received. The redundart information carried by a padet is generally obtained
by coding the previous padket with a code of lower rate than that of the code usedfor
coding the basicaudio ow. For example,a basic audio padket can be coded with PCM
and its copy with GSM [94] or LPC [104]. Thus, if the reconstruction succeedsthe lost
padet is played out with a copy coded at a lower rate. This has shavn to give better
quality than playing nothing at the receiver. Figure 2.1 depicts this simple FEC stheme.
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In this chapter we addressthe problem of audio quality under this FEC sdieme.
In all the chapter, when we talk about FEC in general,it is this particular schemethat
we mean. We ewaluate analytically the audio quality at the destination as a function
of the parametersof the FEC stheme, of the basic audio ow and of the network. The
performanceof this FEC sdheme has been evaluated via simulations [74,75], and tools
like Freephoneand Rat have implemerted it. In [53], the authors proposeto increasethe
o set betweenthe original padket and its redundancy They claim that the lossprocess
in the Internet is bursty and thus, increasingthe o set could give better performance
than having the redundancyplacedin the padet following immediately the original one.
However, the authorsin [53] do not proposeany analytical expressionpermitting to study
the impact of this spacingon the audio quality.

In this chapter, we use probabilistic methods and a Ballot theorem [101]to nd
an explicit expressionfor the audio quality in the caseof a generalo set not necessarily
equal to one. The audio quality is supposedto be proportional to the volume of data
received. We considera single bottlened node for the network and we focus on the case
when the bu er sizein the bottlenedk router is only dedicatedto the audio ow (or to
an aggregateof audio ows implemerting the sameFEC sdeme and sharing the same
bottlenedk). Theseassumptionshold when all ows in the network implement FEC, or
when a round-robin scheduler with per- ow queuingis used. Under these assumptions,
our analysisshaws that ewven for the in nite-o set case( ! 1 ) which forms an upper
bound on the audio quality, adding FEC accordingto this simple scheme leads always
to a deterioration of quality causedby an important increasein network load. Similar
negative results have beenalready obtained using analytical tools for more sophisticated
FEC sdhemes,see[8,25,40]. We considerin this chapter both the casein which adding
redundart information doesnot changethe amourt of useful information in the padket,
and thus the total padket sizeincreaseswith redundancy (along with appropriate scaling
of loss probabilities and bu ering capabilities), as well as the casein which the total
size of the padet doesnot change, so that adding redundancyresults in decreasingthe
transmitted rate of usefulinformation.

2.2 Analysis of expected goodput

This part is organizedas follows. In Subsection2.2.1, we descrike our generalmodel for
applications using FEC, and we de ne a quality function which we will usein the rest of
this part. We then presen the scenarioof xed amourt of usefulinformation per padet,
and xed padket size,in Subsection2.2.2 and 2.2.3, respectively. In Subsection2.2.4,
we study the simple casewhen padet n carries redundart information of packet n 1



20 Chap.2 FECperfomanceand utility on VolP

assumingan M =M =1=K queuingmodel. In Subsection2.2.5,we solve the problem for the
generalcasewhen padket n carriesredundart information of padet n , with 1
Finally, we look in Subsection2.2.7 at the quality in the caseof in nite spacing ! 1 .
We usethis result to infer about multiplexing betweensewral ows in Subsection2.2.8.

2.2.1 Analysis

In alarge network asthe Internet, a ow of padets crossese\eral routers beforereading
the other end. Most of the lossesfrom a ow occur in the router having the smallest
available bandwidth in the chain of routers, so that one may model the whole chain
by one single router called the bottlenedk. This assumptionhas both theoretical and
experimertal justi cations [12,20]. We shall use the simple M=M=1=K queueto model
the network and thus the loss processof audio padets. In other words, we assumethat
audio padets arrive at the bottlenedk accordingto a Poissonprocessof intensity , and we
assumehat the time requiredto processan audio padket at the bottlened is exponertially
distributed with parameter . The Poissonassumptionon inter-arrival times could be
justi ed by the randomdelay addedto padets by routerslocatedupstreamthe bottlenedk.
The servicetime represets the time betweenthe beginningof the transmissionof an audio
padket on the bottlened interface leading to the destination until the beginning of the
transmissionof the next padket from the sameaudio ow. Sincethe two padkets may be
spacedapart by a random number of padkets from other applications, one may usethe
exponertial distribution asa candidate for modeling the servicetime of audio padets at
the bottlenedk. The reasonfor choosingthis simplistic model for the network is to be able
to obtain simple mathematical formulas that give us someinsights on the gain from using
FEC.

Let = = betheintensity ofaudiotrac. Assumethat audio padkets sharealone
the buer K. This can be the caseof a bottlened crossedonly by audio padets, or
the caseof a bottlened router implemerting a per- ow or a per-classqueuing. Thus, for

< 1, the lossprobability of an audio padet in steady state is given by [51]:

1 K

():W ; (2.1)

andfor = 1it isequalto

1

=kt

Now, we add redundancyto eat padket in away that if a padet islost, it canbe still
partially retrieved if the padket cortaining its redundancyis not lost. The redundancy
is located padkets apart from the original padet. It consistsin a low quality copy of
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the original packet. Let be the ratio of the volume of the redundart information and
the volume of the original padket. is generallylessthan one. Along with the possibility
to retrieve the lost information in the network, we should considerthe negative impact of
adding of FEC. Two scenariosshould be considered.

The rst, in which the amourt of usefulinformation in a padket doesnot changewhen
adding FEC. In that case,the FEC has a negative impact on the loss probability.
Indeed, additional redundart information has an impact on the servicetimes since
padets require now more time to be retransmitted at the output of the bottlenedk.
It may also have an impact on the bu ering capacity at the bottlened since eat
padket now cortains more bits.

In the secondscenario,the padet size does not depend on the amourt of added
FEC. This meansthat the amourt of usefulinformation in a padet reducesin order
to leave spacefor redundart information of a previous padet.

2.2.2 Constant amount of useful information in a packet

We shall proposethe following two possiblenegative impacts of FEC, in order to study
later the tradeo betweenthe positive and negative impacts:

Impact of FEC on service time. We assumethat audio padetsincluding redun-
dancyrequirealongerservicetime which is exponertially distributed with parameter
=(1+ ). This canbe the casewhenour audio ow hasan important shareof the
bottlenedk bandwidth. If it is not the case,this assumptioncan hold when the ex-
ogenoustra c at the bottlened (or at least an important part of it) is formed of
audio ows implemerting the sameFEC scdeme. Our assumptionalso holds when
the bottlenedk router implemernts a per- ow sceduling that accourts for the padket
size.

Impact of FEC on buering. The bu ering capacity in the bottlened router will
be a ected by the addition of FEC in one of two ways: (1) Since padets are now
longerby afactor (1+ ), wecanconsiderthat the amourt of bu ering is diminished
by this quartity, or (2) We can assumethat the queuecapacity is not function of
padet length, but rather of the number of padkets. Hence,the queuecapacity is not
a ected by the useof FEC. Let K denotethe bu er sizeafter the addition of FEC
in terms of padets. It is equalto K=(1+ ) if the bu er capacity is changed,and
it is equalto K otherwise. Thus, the lossprobability in the presenceof FEC takes
the following form:
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(y=—2 @) qhy <, (2.2)
1 @+ )

Before we de ne the quality of audio received at the destination, we introduce a
random variable Y,, that indicates a successfularrival of a padet at the destination or
not. Then,

Y, = 0; if paketn islost, and
Y, = 1, if padket n is correctly received.
Let 1 be the variable indicating the distance,or the o set, betweenthe original

padket and its redundancy We make the simple assumptionthat the audio quality is
proportional to the amourt of information we receiwe. A quality equalto 1 indicatesthat
we are receivingall the information (the basicaudio ow). The quality we get after the
reconstruction of an original padket from the redundancyis taken equalto , where s
the ratio of redundancyvolume and original padket volume. We thus de ne the quality
function asthe probability that the padket is received correctly,

Q( )

P(Yo=1)+ P(Ya=O0P(Ya: = 1Y, = 0)
1 ()2  P(Yas =1jY,=0)). (2.3)

This equation givesus the audio quality at the destination under an FEC sdhemeof rate
(1+ ) 1 andofdistance betweenan original padet and its redundancy For the case

= 0, our de nition for the quality coincideswith the probability that a padet is correctly
received. For the case = 1, it coincideswith the probability that the information in an
original padet is correctly received, either becausat was not lost, or becauseat was fully
retrieved from the redundancy One may imagineto useanother quality function that the
one we chose. In particular, one can use a quality function that is not only a function
of the amourt of data correctly received but also of the coding algorithm used. Di erent
algorithms have beenusedin [34,79] for coding the original data and the redundancy
Table 2.1 resumesthe notation we will usein the rest of this chapter.

2.2.3 The case of constant packet size

We assumethat the total padet sizedoesnot depend on the amourt of FEC. A padet
is constituted of a fraction of redundart information, and a fraction of 1 of useful
information.

2As is frequently done, we include in Zj not only real services but also “potential services” these are

services that occur while the system is empty; thus at the end of such a service no packet leaves.
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| Expression| De nition |
Q( ) The audio quality.

The o set betweenthe original padket
and the padket including its redundancy
K The sizeof the queue.

X The random variable which represeis
the number of padets in the queue

just beforethe arrival of the j th

audio padet.

Z; The random variable which represeis
the number of servicesbetweenthe
arrivalsofthej 1th andthej th
audio padets?

Table 2.1: Notation usedin this chapter.

Sincethe padket sizeis constart here, FEC has no impact on the lossprobabilities
nor on the bu er size(in units of padets). In particular, the probability ( ) doesnot
dependon , and neither doesnot changewith . Sowe do not needto include and

in the notation.

The quality we get after reconstruction of an original padket from the redundancy
is taken equalto . But if we do not losethe original padet, its quality is 1 , instead
of 1 unit, asbefore. We thus de ne the quality function as,

L )P(Ya=1)+ P(Ya=0)P(Ynr = 1Y, =0)
@ Ha )+ PMs =14Y,=0). (2.4)

Q()

For both scenariogwhere usefulinformation or wheretotal information in a padet
areconstart), we askthe following question: How doesthe audio quality vary asafunction
of ? That would permit usto ewaluate the bene ts from sud arecorery medanismand
to nd the appropriate amourt of redundancy that must be addedto ead padet. In the
next sectionswe nd the audio quality for di erent valuesof . The only missingparameter
is the probability that the redundart information on a padet is correctly received given
that the padket itself is lost. This is the function P(Y,+ = 1jY, = 0) in (2.3). In
the following sectionswe put oursehes in the stationary regime and we compute this
probability.
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224 Spacing by =1

In this sectionwe analyzethe casewhenthe redundart information of padet n is carried
by padket n+ 1, i.e., = 1. This medanismis implemerted in well known audio tools as
Freephong34]and Rat [79]. Let R bethe ewert that the redundancyis correctly received
given that the original padet is lost. This represets the casewherethe next evernt after
the lossof the original padet is a departure and not an arrival.

Fixed amount of useful information per packet. Consider rst the scenarioin
which the usefulinformation in a padet is xed. Then the probability of evert R is given

by

- 1 — — 1 .
P(Yn+1 = 1]Yn = O) = m (25)
Substituting (2.5) in (2.3), we obtain
Qa()=1 ()1 W .

To study the impact of FEC on audio quality, we plot Q -, ( ) asa function of for
di erent valuesof K and . In Figure 2.2we show the resultswhenthe bu ering capacity
at the bottlened is assumedto changewith the amourt of FEC (K = K=1+ )), and
in Figure 2.3 we shaw the resultsfor the casewherethe bu ering capacity is not changed
(K = K). Weseethat, for both casesaudio quality deteriorateswhen increaseg§when
we add moreredundancy),and this deterioration becomesnoreimportant whenthe tra c
intensity increasesand when the bu er size decreases.The main interpretation of such
behavior is that the lossprobability of an original padet increaseswith  faster than the
gain in quality we got from retrieving the redundart information. This should not be
surprising. Indeed, even in more sophisticatedsdiemesin which a singleredundarn padet
is addedto protect a whole block of M padkets, it is known that FEC often hasan overall
negative e ect, seg[8,25,40]. Yet in sudh shemesthe negative e ect of adding redundancy
is smallerthan in our sheme,sincethe amourt of addedinformation per padet is smaller
(i.e., a single padket protects a whole group of M padkets). But, we know that for sudh
sdhemesand in caseof light tra c, the overall cortribution of FEC is positive [8,40]. This
motivatesusto analyzemore preciselythe impact of FEC in our simplistic sthemein case
of light tra c.

De ne the function ( ) = Q(1) Q(0O) and considerthe casewhen the bu ering
capacity at the bottlened is not a ected by the amourt of FEC. This is an optimistic
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Figure 2.2: = 1 and the queuecapacily is changed.

scenariowhereit is very probableto seethe gain brough by FEC, of courseif this gain
exists. We have,

_ K 1+ 1 2 1 <
()= 20)% 555 —oyew Y1 (2.6)

Finding lim , o () would permit us to ewaluate the audio quality for a very low
trac intensity. Wetook K = 2M in (2.6) and we expanded () in a Taylor series.We
found that all the rst coe cien ts of the seriesco; C;;::;;Cv 1 are equalto zero,and that
the coe cient cy is negative and equalto  2(2 )M. ¢ isthe coe cient of ' in the Taylor
seriesof () and can be computed by

d .
Cj:d—J '()j =o:

Thus, for small , () canbewritten as 2(2 )M + o( M) and the gain from adding
FEC can be seento be negative. With this simple FEC stheme,we losein audio quality
when adding FEC ewen for a very low tra ¢ intensity. This lossin quality decreasesvith
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Figure 2.3: = 1 and the queuecapacity is not changed.
the increasein bu er size.

Fixed packet size. Substituting (2.5) in (2.4), we obtain

Qa()=00 )@ )+(1+—)_|_13
In Section2.2.7we shall shav that we loosein that case,aswell asfor any general
spacing > 1. This will be done by consideringan optimistic bound obtained by an

in nite spacing.

2.2.5 General case: Spacing by 1

Now, we considerthe more general casewhen the spacing between the original padet
and its redundancyis greaterthan 1. The idea behind this type of spacingis that losses
in real networks tend to appear in bursts, and thus spacingthe redundancy from the
original padet by more than oneimprovesthe probability to retrieve the redundancyin
casethe original padet is lost. Indeed, a padet loss meansthat the queueis full and
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thus the probability of losing the next padet is higher than the steady state probability
of losing a packet. The spacing gives the redundancy of a padket more chanceto nd
a non full buer at the bottlened, and thus to be correctly received. We note that the
phenomenorof the correlation betweenlossef padkets was already modeledand studied
in other papers: [8,25,40]. Measuremets have also shavn that most of the lossesare
correlated[13,15,87].

Here,we areinterestedin nding the probability that padket n+ islost given that
padket n is alsolost. This will give us P(Yn,+ = 1jY, = 0) which in turn givesus the
expressionfor the audio quality (as expressedn (2.3)). Sincewe assumethat the system
is in its steady state, we can omit the index n and substitute it by zero. We have Yo = 0
which meansX, = K . We are interestedin the probability that X = K . For the ease
of computation, we considerthe case K . We beliew that this is quite enoughgiven
that alarge spacingbetweenthe original padket and the redundancyleadsto an important
jitter and a poor interactivity.

In order to obtain an explicit expressionfor the probability P(X = K jX,= K ),
we rst provide an explicit sample-path expressionfor the event of loss of the padket
carrying the redundancy given that the original padcet itself was lost.

Theorem 1. LetXp= K andl K . then:
Packet is not lostif and only if
8
Z 1 O
or
Z +Z , 2 O
X <K , or (2.7)
% or
Z +7Z 1+ +2Z; 0
or equivalently, packet is lostif and only if
8
Z 1<0
and
Z +7Z , 2 <0
X =K , and (2.8)
g and

Z +7Z 1+ +2Z; <0
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Pro of: We can expressthe number of padets that the i + 1th audio padcket will
nd in the queueupon arrival asfollows:

Xisp= (Xi+ 1A K  Zix _0 8i O (2.9)

where”™ and _ are respectively the minimum and maximum operators. The rest of the
proof goesin three stepsthat are summarizedin Lemma 1, Lemma 2 and Corollary 1
below.

Now, we de ne

Xivi, (Ki+DAK  Zig: (2.10)

This new variable correspndsto the number of padkets that would be found in the
queueupon the arrival of padket i + 1 if the queuesize could becomenegative. We next
shawv that it can be usedas a lower bound for X1 .

Lemma 1. If Xy XpthenX; X; 81 0.

Pro of: We proceedfor the proof by induction. This relation is valid for i = 0.
Supposethat it isvalid fori 0. We show that it is valid for i + 1,

X‘i+1 (Xi + 1)/\ K Zi+1 — 0

(Xi‘l‘l)AK Zin _0
= Xiw:

Lemma 2. Let Xy = K , then

P, _
(Z, 1 1 8 o

Xi=K  maxg i -

Pro of;
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Xl = K Zl
X, = (K Zi+DAK  Z,
Xs = (K  Zi+ DMK  Zp,+1 AK  Zg

= (K Zy Zy+ 2N (K Zoy+ DAK  Zg
= K (Zl + Zz 2)_ (Zz l)_ 0 Zg

n Xt o)
Xi = K max 0, (Z; 1) Z;
1 I<i =1
n xi1 o
= K max 0, (Z; 1) Z;
1 I<i =1
n xi o]
) X5 = K max (Z; 1) 1

Corollary 1. Expression(2.8) holdsif X, = K and K .

Pro of: The right hand side in (2.8) is no other than max; , "P i=1(Z 1)0.
Suppose rst that max; | " i=1(Z 1)0 < 0. Using Lemma 2 then Lemma 1, we
have X K which givesX K . Thus,X =K .

Now, we needto shav that if X = K we get max; | P i=1(Z] 1)O < 0. We
de ne: n o

=min i J Xj<X; (2.11)

Accordingto (2.11), we distinguish betweenthe two following cases:

> | and

Considerthe rst case.Usingthe de nition of and Lemma?2, we write:
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then

n X 0

lrnlax (Zz; 1) = 1<0:
i=I

Now, supposethat ,thus X . < 0and X - = 0. We write,

X X o+ ( )= ( ) < K

if there wereno service. Thus, we getin this caseX < K which isin cortradiction with

our assumptionthat X = K . The case doesnot appearif is chosenlessor equal
n 0

to the bu ering capacit. Thus, for X = K we have max; | i=1(Z; 1) <0
This concludesthe proof of Theorem1.

According to Ballot's Theorem[101] (seethe Appendix in Section 6.2 for details),
we have for k <

Lemma 3.

P max (z; 1) <0j Z=k =1 = (2.12)

Let A bethe evert that X = K giventhat Xog = K . We sometimeswrite A to
stressthe dependenceon . We concludefrom Theorem 1 that if padet O is lost, i.e. if
paket 0 nds K padketsin the system,then

( N x o )
A= max (Z; 1) <0
11 =l

Then, we canrepresen the probability that padket n+ is lost giventhat padet n

is lost as

P(Yns =0jY,=0)= P(A)
X 1
= P(Ajz:+ +2Z =Kk)P(Z,+ +2Z =Kk) (2.13)
k=0
Oncethis probability is computed, the audio quality can be directly derived using
(2.3).
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Theorem 2. Dene = (1+ ) and for the sanario in which the useful amount of
information in a packetis constantin ; de ne = andK = K in the s@nario in
which the packetsizedoesnot dependof . Considerl K . Given that packetn is

lost, the prokability that packetn + is alsolost is given by

X1 K
pA)= . 1 K 1 ko1 (2.14)

k=0

n _

whee | = (nnik'),k, denotesthe binomial coe cient. The quality function can be computed
by substituting P (A) in (2.3). Notethat P(Y,+ = 1Y, =0)=1 P(A).

Pro of: The secondright hand term of (2.13) must be solvwed by conbinatorial
reasoning.For that purpose,we de ne the vector Z to be:

0o 1
Z1
S
z=8""¢, (2.15)
z

where _, Z; = k, and we de ne S be the set of the di erent setsthat Z may acquire:

S = fZg. We must sum over all the possibletrajectories:

X X
P( Z=k) = P(Z,=z)P(Z,=2) P(Z =12)
I=1 s
X k
B + +
S
k +k 1
= n - . (2.16)

Wede ne here asbeingequalto =(1+ ) for the scenarioin which the amourt
of usefulinformation per padket doesnot dependon , and = in the caseof xed
padet size. It's easyto seethat the conbinatorial part of (2.16) holds. To do that, we can
seethe problem to be the number of distinguishable arrangemerts of k indistinguishable
objects (the padket audio departuresfrom the bottlened) in inter-arrival intervals, just
asit's depictedin Figure 2.4.

Using (2.16) we get nally,

X1 k
P(A) = 1 K Tk 1, (2.17)

k=0
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k arrivals
0 O O R L]
1 2 3 4 f

Figure 2.4: Model to solve the combinatorial part.

which yields(2.14)in termsof = (1+ )= = . The quality function canbe obtained
by substituting (2.14) in (2.3). The valueof () isgivenin (2.2).

We trace now plots of the audio quality as given by (2.3) and (2.14) for di erent
valuesof K , and . Figure 2.5depictsthe behavior of Q( ) whenthe bu ering capacity
at the bottlenedk is assumedo be divided by a factor (1+ ), and Figure 2.6 depictsthis
behavior when the bu ering capacity is not changed.

We notice that, just asin the caseof = 1, we always losein quality when we
increasethe amourt of FEC ewen if we considera large spacing. But, we also notice that
for a given amourt of FEC, the quality improveswhen spacingthe redundancyfrom the
original padket. This is the result of an improvemert in the probability to retrieve the
redundancy given that the original padet is lost. This monotonicity property holds, in
fact, for any value of (not just for K ). We show this theoretically in the next
section.

2.2.6 Monotone increase of the qualit y with the spacing

The steady state probability of lossof a padket n doesnot dependon . It thus remains
to chedk the behavior of P(X,,+ = K jX, = K ) asa function of in order to decide
on the quality variation (Eq. 2.3). The quality is a decreasingunction of this probability.
For K , the latter probability is equalto P(A ), and the monotonicity property can
be seendirectly from the fact that A is a monotonedecreasingset (sinceit requiresfor
more summandsto be smallerthan zero,as increasesseeEq. 2.8).

Now, to seethat P(X,+ = K jX, = K ) is monotonedecreasingfor any , we
obsene (2.9), which holds for any i > 0, and note that X;.; IS monotoneincreasingin
Xi. Thus by iteration, we get that X is monotoneincreasingin Xo. Now using this
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that queuesizeis not changed.

< K assuming

2.2.7 Limiting case: Spacing ! 1

The caseof large isnot of interestin interactive applications, sinceit meansunacceptable
delay. Howewer, sincewe have found that the quality of the audio with FEC improvesas
the spacinggrows, it is natural to study the limit ( ! 1) in order to get an upper
bound. Indeed,if we seethat in this limiting casewe do not improve the quality, it means
that we loseby adding FEC accordingto our simple shemefor any nite o set

When ! 1 ,the probability that the redundancyis dropped becomesqualto the
steady state drop probability of a padet.

Considerthe scenarioof xed amourt of usefulinformation per padket. Then, (2.3)
can be written as,

Qu ()=1 )+ ()@ ().

Weplot (2.18)in Figure 2.7 asa function of the amourt of FEC for di erent valuesof
K and . Weseewell how, although we arein the most optimistic case we losein quality

(2.18)
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Figure 2.7: Quality behavior in the presenceof FEC and spacing ! 1 .

when adding FEC. That suggestghat this classof FEC medanismsare not e cient for
real time transmissionbecausédt newver improvesthe goodput of the connection.

Next we shaw that this conclusionalsoholds for the scenarioof xed padket size.In
the caseof very large spacing,(2.4) can be written as

Qu () @ Hr H @ )

@ Ha @ ). (2.19)

We seethat this is strictly smallerthan 1 which is the quality with zeroredun-
dancy!

2.2.8 Multiplexing betweentrac

We analyzethe casewhen seeral input ows arrive to the bottlened, an audio ow and
an exogenouso w which represen the superposition of all other ows. Wefurther consider
here the caseof generalindependern servicetime distribution. We usethe results of the
previous subsectionto show that we do not gain in goodput by multiplexing (under both
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FEC scenarios)provided that the padet size of all multiplexed streams has the same
distribution. This coversboth the rst scenario(in which padet sizeincreaseswith FEC)
whereall streamsadd FEC, aswell asthe secondscenarioin which it doesnot matter any
more how many streamsadd FEC (sincethe padet sizeis not a ected by FEC).

We model the multiplexing by the arrival of two independert Poissoninput ows, ;
and ,, represeting the audio ow and the exogenoudra ¢ (which represets all other
0 Ws) respectively.

In orderto computethe goodput of a ow adding FEC, we canusethe fact that the
spacingbetweena padket and its redundancyis now random, with a geometricdistribution
with parameter ;= ,. We note that we cannot useanymore the exact expressiongor loss
probabilities derived in Subsection2.2.5, since the spacingcan now be larger than the
bu er size. Howewer, we can still usethe fact that the quality is increasingwith the
spacing. Thus, sincewe sav that we loseby adding FEC for ! 1 , we concludethat
we losein goodput by adding FEC when multiplexing o ws under the above assumptions.
Newerthelesswe shall shav in the next sectionthat we may gainin goodput underdi erent
assumptions.

2.3 Conclusions

We studied in this chapter the e ect on audio quality of a FEC sceme similar to the
one usedin [34,79]. This FEC sdeme consistsin adding a copy of an audio padet to
a subsequen one so that the copy can be usedwhen the original padet is lost. First,
we consideredthe casewhen all ows in the network implement suth a FEC sdeme.
With a simple queuinganalysisand assuminglinear utilit y functions, we found an explicit
expressiorfor the audio quality (correspndingto the goodput) for a generalo set between
an audio padcket and its copy. This expressionshonved that adding FEC deterioratesthe
goodput instead of improving it.

Onemight wonderwhether the conclusionsdepend on the probabilistic assumptions.
Howewer, one can note that the form of the optimistic bound (2.19) doesnot depend on
the exponertial assumptions:it would be the samefor any servicetime and interarrival
distributions, and even for topologiesmuch more than a single queue. The precisevalues
of would of coursedepend on the distribution, and on the form of the network, but the
conclusionwe draw from the generalform of (2.19) will remain the same.

Webeliewe that the main problemwith this kind of medanismsis that the redundart
information is constructedat the sourceusing one padket and sothe destination hasonly
two choices: either receiwe the original padet or receiw its copy. Better performance
could be obtained if we gave the receiver more choicesby constructing at the sourcethe
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redundancy carried by a padet from a block of audio padets. This will the topic of our
future researb in this direction.
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Chapter 3

Caseswhere FEC improvesaudio quality

3.1 Intro duction

As we explainedin the previouschapter, the negative result we obtained holdsin the case
when all the owsin the network add FEC, or whenthe audio ow hasits own bu er in
network routers. It alsoholdswith the particular linear utilit y function we considered.In
this chapter, we considerother casesvherewe prove that FEC may improve audio quality.

We addresshere the questionsof how and where this simple FEC sheme, which
we recall is implemerted in many audio tools as Freephoneand Rat, leadsto a quality
improvemen. We considertwo aspectsthat may cortribute to this end: multiplexing with
other ows and using quality functions which are not proportional to the volume of well
received data (goodput). The expected quality is computed by using a utility function
that indicatesthe audio quality at the receiver asa function of the transmissionrate. In
linear utilit y function we previously used, we supposedthat the more the user receies
data, the better is the quality and that the increasein quality for a certain amourt of
redundancyis the samefor any value of the transmissionrate. In fact, the quality of
an audio transmissionis quite a subjective measureand dependson a large number of
parameters. Yet somesimpli ed non-linear utilit y functions have been proposed[96] to
allow to assesvoice quality asa function of the transmissionrate (seealso[18]).

Our ndings in this chapter can be summarizedas follows:

With alinear utilit y function, adding FEC leadsto quality improvemert if the (total)
rate of the o w(s) adding FEC is small comparedto the total rate of the other ows

39
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sharing the same bottlenedk and not adding FEC. The addition of FEC in this
casedoes not lead to an important increasein the loss rate which explains this
improvemen. We start to losein quality whenthe (total) rate of o w(s) using FEC
increases.

In the casewhen all ows add FEC, which is the worst casewhere adding of FEC
hasthe biggestimpact on the load of the network, it is possibleto obtain a gain in
quality for someparticular utilit y functions. The utilit y function must increasewith
the amourt of FEC fasterthan the linear one,and higherincreaserates are required
for small amourts of FEC.

The results of this chapter sene as guidelinesfor an e cient useof FEC in audio
applications. They will give usan explanation of the gainin audio quality we may perceie
in somereal scenarios. Queuing models similar to those usedin Chapter 2 will be used
through this chapter.

The rest of this chapter is organizedas follows. In Section 3.2, we investigate the
caseof a singleaudio o w sharingthe bottlenedk with an exogenoudra ¢ not implemert-
ing FEC. In Section 3.3, we study the performanceof FEC for other non-linear utilit y
functions. We concludethis chapter with some nal remarksin Section3.4.

3.2 Multiplexing and FEC performance

3.2.1 The model

Considerthe caseof an audio o w implemerting FEC and sharinga bottlened router with
someother ows not implemerting FEC. We look at the other o ws asa singleexogenous
o w of constart rate and of padet sizeexponertially distributed. The latter choicecanbe
justied by the mixture of a large number of ows from di erent sourcesand of di erent
padet sizes.Let 1= denotethe averagetransmissiontime at the bottlened of a padet
from the exogenousow. This time is independen of the amournt of FEC addedto the
audio ow. We considerthat the original audio padkets have a xed length and we denote
by 1= o their averagetransmissiontime at the output interface of the bottlened router.
Let us supposethat padets (audio + exogenous)arrive at the bottlenedk router
accordingto a Poissonprocessof constart rate . Supposealsothat audio padets arrive
at the bottlenedk accordingto a Poissonprocess.This latter assumptioncanbejusti ed by
the fact that audio padkets crossmultiple routers beforearriving at the bottlened, sothat
their inter-arrival times canbe approximated by an exponertial distribution. Let 2 [0; 1]
denotethe fraction of arriving padets belongingto the audio o w; this quartity represeis
the probability that a padet arriving at the bottlened is of audio type. Suppose nally
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that the bottlened router implemerts the classicalDrop Tail policy and hasa bu er of size
K padets (padket in serviceincluded). Padkets from di erent o ws sharethe K placesof
the bu er and aresenedin a FIFO (First-In First-Out) fashion. The systemcan be then
consideredas an M=G=1=K queuing systemwhere padets arrive accordingto a Poisson
processand where servicetimes (or transmissiontimes in our settings) are independen
and identically distributed. This systemcanbe then solved usingsomeknown resultsfrom
queuingtheory [26,51]. Our main objective isto nd an expressionfor the audio quality
at the destination as a function of the di erent systemparametersaswell asthe amourt
of FEC addedto the original padkets by the audio source.

3.2.2 The analysis

Suppose rst that the audio ow doesnot implement FEC. We look at the audio quality
at the momerts at which padkets would arrive at the destination. We take a value equalto
1 asthe quality obtained whenthe audio padet is correctly received, and 0 asthe quality
whenthe padket is lost in the network. The averageaudio quality during the corversation
isequalto Q=1 , where denotesthe stationary probability that a padet is dropped
in an M =G=1=K system. This probability is equalto:

where is the total systemload (or the total tra c intensity) given by:

1

= (_+
0

)

andf isthe K 2th coe cient of the Taylor seriesof a complexfunction G(s) de ned as
G(s)= (B ( (1 s) s)l B (s)isthe Laplace Stieltjes transform of the servicetime
distribution [26]. In our case,

Z,

B (s) = bit)e S'dt= e “°+ (1 )=( +5s); forRe(s) O:
0

The coe cient f can be computed by dewloping the Taylor seriesof the function
G(s) with some mathematical symbolic software. It can also be computed using the
theorem of residuesas follows:
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¢ - 1 d¢ 2G(s)
(K2 dsk 2
|
1 ds
T 20, O G

where D, is any circle in the complex plane with certer 0 and with radius chosensmall
enoughsothat the circle doesnot cortain any pole of the function G(s).

Now, adding FEC to the audio ow increaseghe transmissiontime of audio padets
at the output interface of the bottlened router. This increasesthe system'sload which
changesthe stationary probabilities. Let 2 [0; 1] denotethe ratio of the volume of FEC
at the tail of a padket and the volume of the original padket. The new transmissiontime
of audio padkets becomeq1+ )= o, and the new systemload becomes

a+),a )
0

(3.2)

In the sameway we can compute the new transform of the transmissiontime, the
new coe cient f, and the new drop probability of an audio padket (it is the samefor exo-
genouspadkets given that the arrival processe®f both o ws are Poisson). For simplicity,
we assumein this part that the sizeof the bottlened bu er in terms of padets doesnot
changewith the addition of FEC. Henceforth,whenwe add an index to a function, we
meanthe newvalue of the function after the addition of anamourt  of FEC. The quality
after the addition of FEC becomes

Q=@0 H+u() @ ): (3.3)

The rst term correspndsto the quality obtained when the original audio padet
is correctly received. The secondterm correspnds to the quality obtained when the
redundart copy is correctly received and the original padket is lost. U( ) indicates how
much quality we getfrom anamourt of FEC. The quantity  indicatesthe probability
that the padet carrying the redundancyis dropped given that the original padet is also
dropped. represets the o set (in number of audio padets) betweenthe original padet
and the one cortaining its copy. In this section, and asin the rst part, we will only
considerthe caseof a linear utilit y function U( ) = . We keepthe study of the impact
of other utilit y functions until Section3.3.

The exact computation of Q requiresthe computation of . This latter function
is quite dicult to compute given the multiplexing of padkets from both ows at the
bottleneck. We must sum over all the possible numbers of non-audio padets inserted
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between audio padkets. What we can do instead is to nd bounds on this probability
and thus boundson the quality. From Section2.2.6,the probability that a padet is lost
given that the nth previouspadket is lost is a decreasingfunction of n and it corverges
to whenn! 1. We canwrite 0 with © being the probability that a
padet (from any ow) is lost given that the previouspadket is alsolost. This givesusthe
following two boundson the quality: Q° Q Q , where

@ )+ @ 9; (3.4)
@ Ha+ ) (3.5)

QO
Q

We usethesetwo boundsto study how the audio quality variesfor di erent amourts
of FEC and for di erent intensitiesof audiotra c. We are surethat if we gainin Q° (lose
in Q ), we will gain (lose) in quality for any o set. Our main objective hereis to show
how the quality varieswith FEC for di erent valuesof . The analysisin the rst part has
shavn that we always losein quality for = 1 (i.e., whenthe audio ow occupies100%
of the bandwidth at the bottlened). All that we still needto doisto nd the expression
for the lower bound on the quality which can be found from the expressionof ©.

B*() 1

Theorem 3. % is givenby 1+ , With

B()= e & 7o+ @ )=(+ );
and givenby equation (3.2).

Pro of: Considera generalM =G=1=K queuing system. We have to compute the
probability that a padet (say 1) is dropped given that the previous padket (say 0) is
alsodropped. Let a(t) = e ' be the distribution of time intervals betweenarrivals (of
padets from both ows), and let b(t) be the distribution of servicetimes. Let r(t) be the
distribution of the residualtime for the padet in servicewhen padet O arrives (there is
certainly a padet in servicesincepadket 0 is supposedto be dropped). Using the results

1 B(t)

in [51], we write r(t) = . B(t) is the cumulative distribution function of the service

time and is the averageservicetime. In our case,
B()= 1ft (1+ )=og+( )L e ')
and = = . The probability ©° is no other than

Z
o_ =1 B()

0

(1 e ")dt:
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This is the probability that the inter-arrival time betweenpadet 0 and padket 1 is less
than the residual time of the padket in service,and we summarizeover all the possible
values of the residual servicetime. With a simple computation on this expressionand
by using the new valuesof the load intensity and the Laplace Stieltjes Transform of the
servicetime distribution after the addition of FEC, we can prove the theorem.

3.2.3 Numerical results

We solve numerically the model for the two boundson the audio quality (Eqg. 3.4and 3.5).
We set K =10 padets and =10000 padets/s. Without lossof generality, we set o=
We considerfour valuesof : 0.5,0.8,1, and 1.5. For ewery value of , we plot the audio
quality asa function of and . Recallthat is the fraction of audio packets and is
the amourt of FEC. Figure 3.1 shaws the results.

We conclude from the above gures that it is possibleto obtain a gain with the
simple FEC sdhemewe are studying. This requiresthat the intensity of the audio ow
is small comparedto the intensity of the other ows not implemerting FEC. The gain
diminishesaslong asthe intensity of the owsimplemerting FEC increases.It disappears
when most of the ows start to implement FEC. This meansthat a FEC sdhemewith a
simple linear utilit y function is not a viable medanism. The gain that we may obtain in
somecasess the result of the fact that the exogenouso ws are not adding FEC and then
they are not soaggressie asaudio ows.

3.3 Utilit y functions and FEC performance

We seeknow for a FEC medanism able to improve the quality in the worst casewhen
all owsin the network implemert FEC. Supposethat the audio ow (or an aggregateof
audio ows) usesalonethe bottlened resourceq = 1). The negative results obtainedin
the rst part canbe causedby the linear utilit y function adoptedin the analysis. Adding
an amourt of FEC increaseghe drop probability of an audio padet, which reducesthe
rst term in the right-hand side of (3.3) more than it increaseghe secondterm. To geta
gain, the secondterm must increasefaster than the decreasan the rst term. This can
be achieved if the utilit y function increasedaster than linearly asa function of

Indeed, it hasbeenshownn in [96]that multimedia applications have di erent utilit y
functions than a simple linear one. Thesefunctions are typically non-linear. They are
convex around zeroand concave after a certain rate (betweenO and 1, with 1 beingthe rate
that givesa utilit y function equalto one). Multimedia applications,and audio applications
in particular, have strong delay constrains sothat the quality deterioratessharply when
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Figure 3.1: Audio quality for an M =G=1=K queuewith two ows: the audio ow and the
exogenousow. represets the probability that an arriving padket belongsto the audio
ow. We seeclearly how when ! 0, Q starts having an increasingbehavior, and this
gain becomesmore important as increases.

the transmissionrate falls below a certain value. This kind of utilit y functions can be very
useful for FEC medanismssincethe reconstruction of a padket from a copy of volume
< 1 may give a quality closeto that of the original padet.

For the scenarioof xed amourt of usefulinformation per padket, we obtain a gain
in quality whenthe redundart information we add to the original padet is small so that
it does not cortribute to a big increasein loss probability , and at the sametime,
if reconstructedin caseof the loss of the original padet, it gives a quality closeto 1.
Sud behavior can be also obtained by coding FEC with a lower-rate codecas GSM [94].
Analytically speaking, a utilit y function leadsto an improvemer of quality if for < 1,
we have

Q=@0 H+u(t) @ )>1 o;
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with  beingthe stationary drop probability beforethe addition of FEC.
In the scenarioof xed padet size(which doesnot depend on the amourt of FEC),
we gain by adding FEC if

Q=ua Ha H)+ut) @ )H>1

(wherewe assumedJ(0) = 0; U(1) = 1).

In the sequelwe shall shov how FEC canimprove the quality for the scenarioof xed
amourt of usefulinformation per padet. Similar improvemen canbe shovn to occur also
in the scenarioof xed padket size.

3.3.1 Some bounds on qualit y impro vement

We already showved that we do not gain by multiplexing if the distribution of the sizesof

all padets doesnot depend on the amourt of FEC. We thus consideronly the scenarioin

which the usefulinformation is xed per padet in the ow that addsFEC, and thus the

padet sizeof this ow increaseswith FEC; we assumethat other ows do not useFFEC.
Again, we useherethe boundson the quality Q° Q Q , with

@ H)+uC) @ °;
@ Ha+ul) )

QO
Q

A utilit y function that improvesthe lower bound improvesthe quality for any value of
A utilit y function that doesnot improve the upper bound will not leadto animprovemern
of quality whatewer is the value of . Usingthe upper bound, we can nd the maximum
quality that this simple FEC sceme can give and this is for the best utilit y function.
Indeed, the best utilit y function is onethat jumps directly to onejust after 0. This could
be subjectively justied by using redundart padkets coded at very small rates, as LPC
or GSM. A very small amourt of FEC ( ' 0) that does not changethe load of the
network (i.e., that doesnot change ), will then lead to the samequality asthe original
audio padet. The questionthat onemay ask hereis: why to sendlarge original padkets
in this case,given that we are able to obtain the samequality with small padkets? The
important processingime requiredby low-rate codescould be the answer to this question.
We are not addressingthis issuehere, and we will only focus on the computation of an
upper bound for the FEC schemewe are studying. Let QM be the maximum quality
that we could obtain, thusQ™ ' (1 )+ (1 )=1 2

This Q™ hasto be comparedto the quality (1 ) we getin the absenceof FEC.
Given that QM is larger than (1 ), we concludethat we can always nd a utility
function and an o set betweenoriginal padets and redundanciessoasto gainin quality.



Sec.3.3 Utility functionsand FEC perfamance 47

1
0.8
! Uo( ) =
0.6 0 p
> , —
% ‘.‘ Ul( ): )
2 04 F U )= 1
: US( ): U( 0) 1 cgs 10
0.2 ¢ ¢
0 0.2 0.4 0.6 0.8 1

The amount of FEC

Figure 3.2: Possibleutilit y functions for rate adaptive applications.

Note that we are not consideringthe impact of the coding and decaling delays on the
audio quality. The impact of thesedelays will be the subject of a future work. We also
concludefrom our analysis here that the FEC sheme we are studying cannot improve
the quality by more than a factor of . This meansthat the maximum gain in quality
we could obtain is 100%and this gain is an increasingfunction of the network load. For
example,for a network that drops 1% of padets, we cannot improve the quality by more
than 1%, and for a network that drops 10% of padkets we can get an improvemen up to
10%.

Without loss of generality, we considerthe family of utilit y functions that jump

from zeroto 1 at a value . We denotesud functions by U ,( ). Theseare the utilit y

functions of the so called hard real-time applications. We also considerthe upper bound

on the quality (an in nite o set). When increasingthe amourt of FEC with sud appli-

cationsfrom 0 to ¢, the quality deterioratessinceits equalto (1 ). When we cross
o, the quality jumps from (1 ;) to (1 2)andit resumeshen its decreasewith

For sud applications, the FEC sthemeimprovesthe quality if 20 < andthe maximum

gain that we could obtain is a factor of ((1 ;’). This maximum gain correspndsto an
amourt of FEC slightly largerthan 4. It is not clear how the gain varies as a function
of network load. But, what we can say hereis that the FEC sthemebehasesbetter with
functions having a small . After a certain thresholdon o, the above condition becomes

unsatis ed and it becomesmpossibleto gain in quality.
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Figure 3.3: Lower bound for audio quality with K

(bottom).

3.3.2 Some numerical

results

o = 038

We give in Figure 3.2 somepossibleutilit y functions! that could sene to our needs,and
that are similar in their form to the utilit y functions proposedin [96]. In Figure 3.2, Us( )

!The function u( ) is the step unit function. It is equal to 1 if

o represents the initial value giving a significant quality.

> (, and is equal to zero otherwise.
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is plotted with o= 0O:1.
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Figure 3.4: Upper bound for audio quality with K = 20, ¢ = 0:1 (top) and , = 0:8
(bottom).
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We solve the model numerically for the two bounds on the quality. We compute
rst the stationary distribution of the model for di erent valuesof and . WesetK to
20and to 10000padets/sec. Then, for the the di erent utilit y functionsin Figure 3.2,
we plot the upper and lower boundson the quality (Q and Q°). Figure 3.3 shows plots
for the lower bound and Figure 3.4 shaws plots for the upper bound. The top four plots
were obtained with ¢ = 0:1 and the four bottom plots with = 0:8 in both gures. We
seeclearly how the jump in the utilit y function resultsin a jump in quality and how this
jump leadssometimesto better quality than that at  and sometimesnot. We also see
how the caseU( ) = doesnot presert any improvemen in quality.

3.4 Conclusions

In this chapter we extended the model we presened in Chapter 2 by studying cases
wherethe FEC sdhememay be helpful. The rst caseis whenthe audio ow hasa small
rate comparedto an exogenoudra ¢ that doesnot implemert FEC. The secondcaseis
when the utilit y function of the audio application presens an important jump at small
transmissionrates. We gave conditions on wherethe FEC sthemecan improve the audio
guality. We also gave an upper bound on the gain in audio quality we could obtain.

Although we found someregionswhere the FEC sheme can behave well, we be-
lieve that this sthemeis not the appropriate solution for improving the quality of audio
applications. In the currert Internet, this sdhemeprots from the fact that most of the
other ows do not implemert FEC. This will not be the casewhen a large number of
ows start to add FEC to their padkets. There is alsoa problem with the medanismin
caseof applications with di erent utilit y functions than linear. We found that we get a
gain especially when a small amourt of redundancy gives the same performanceas the
big original padet. But it then seemsntuitiv e to reducethe volume of original padkets
to reducethe drop probability and to gain even more in quality instead of adding FEC
that doesnot improve the performanceby morethan 100%. There is no needto sendlong
padets if we are able to get good quality with small ones.



Chapter 4

Playout delay control

4.1 Intro duction

Delay, jitter, and padet lossin padet-switched wide-areanetworks are the main factors
impacting audio quality of interactive multimedia applications. Today's Internet still
operatesin a best-e ort basis,and thus, the impact of jitter, delay, and padket lossmust
be alleviated by employing end-to-endcortrol medanisms.

Audio applications sudh as NevoT [91] and Rat [79] generate padkets spacedat
regular time intervals. The trac generatedby an audio sourceis divided into periods
of activity, called talkspurts and periods of silence. Silenceperiods are periods where no
audio padets are transmitted.

Audio padets encourter variable delay while crossingthe Internet, which is mainly
due to the variable queuingtime in routers. This delay variability modi es the periodic
form of the transmitted audio stream. To playout the received stream, an application must
reduceor eliminate this delay variability, by bu ering the received padets and playing
them out after a certain deadline. Padets arriving after their correspnding deadlineare
consideredlate and are not played out. If the playout delay is increased,the probability
that a padcet will arrive beforeits stheduledplayout time alsoincreases.This reducesthe
number of padets arti cially dropped in the playout bu er. Howewer, very long playout
delays have a negative impact on the interactivity of an audio session.Obviously, there
existsa trade-o betweendelay and lossdueto late padets. For interactive audio, padcet
delays up to 400ms and lossrates up to 5% are consideredadequate[45].

51
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We focus in this chapter on the tradeo betweenlossand delay for playout delay
control algorithms. Using measuremets of padket end-to-enddelay of audio sessionglone
with NevoT, we presen and validate a Moving Average(MA) algorithm that adjusts the
playout delay at the beginningof ead talkspurt. To prove the e ciency of our algorithm,
we compareit with earlier work done by Ramjeeet al. [82]. We presen two versionsof
our algorithm: an o ine algorithm and an online one. First, we explain the oine MA
algorithm, which senesas a referencefor our work. Then, we shov how an online hybrid
algorithm can be implemenried by combining the ideas proposedby Ramjeeet al. with
the moving averagealgorithm we propose.

Moving averageestimators have beenusedin dierent elds of researb. For ex-
ample, in [117]Zhang et al. shav that moving averageestimation is a good approad to
predict end-to-enddelay for TCP connections. We use a moving averagetechnique not
for predicting end-to-enddelay, but rather for predicting an optimal value of the playout
delay per-talkspurt in an audio session.

One characteristic that most of the playout delay adaptation algorithms lack is
the ability to x the lossperceriage to somea priori value. By changing a measureof
variability, the algorithms proposedby Ramjeeet al. canadchieve di erent losspercernages.
Howewer, there is no explicit relationship betweenthe measureof variability that we can
adapt in thesealgorithms and the averageloss percertage. The averageloss perceriage
can changefrom one audio sessionto another, even if this parameteris kept unchanged.
Here lies the main cortribution of our work. The moving averagealgorithm we propose
adjuststhe playout delay from talkspurt to talkspurt, givena desiredtarget of averageloss
percertage p. Our algorithm ensuresthat the averageloss perceriage we obtain during
the sessionis close,if not equal, to the target value. At the sametime, and in most of
the cases,our algorithm realizesthis target with a smaller average playout delay than
the onewe needto obtain the sameaveragelosspercenage with the algorithms proposed
by Ramjeeet al. For practical loss perceniages, we validate our algorithm and those of
Ramjee et al. using real padet audio traces. By using collected audio traces we can
comparethe algorithms under the samenetwork conditions.

The remainder of this chapter is as follows. Section 4.2 provides someadditional
badground and descrikesthe padket delay traces usedfor validation, as well as the no-
tation we usethroughout this chapter. In Section4.3, we descrile somerelated work on
playout delay algorithms. Section4.4 descritesthe performancemeasureswve considerto
validate our algorithm and to compareit with the algorithms of Ramjeeet al. We presen
in Section4.5 our moving averagealgorithm. Section4.6 descrikes, basedon results from
Section 4.5, that it is better to predict a function of the delay rather than the optimal
delay itself. Section4.7 comparesthe performanceof an online hybrid implementation of
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Figure 4.1: The timings betweenthe transmission,receptionand playout of padets.

the moving averagealgorithm with the Ramjeeet al. algorithms. Finally, we conclude
this chapter in 4.8.

4.2 Some background

Receiers usea playout bu er to smooth the stream of audio padkets. This smoothing is
done by delaying the playout of padkets to compensatefor variable network delay. The
playout delay canbe either constart through the wholesessionpr canbe adjustedbetween
talkspurts. Moreover, in a recert work [55], it hasbeenshown that by using a technique
called packet saling, it is possibleto changethe playout delay from padket to padet
while keepingthe resulting distortion within tolerable levels. Here we only focus on the
per-talkspurt playout delay adaptation approad.

Figure 4.1 shows the di erent stagesincurred in an audio session.The i-th padet
of talkspurt k is sert at time ti, it arrivesat the receiwer at time al, and is held in the
smaothing receiwer's playout bu er until time p, whenit is played out. Inside a talkspurt,
padets are equally spacedat the senderby time intervals of length  seconds.

By delaying the playout of padetsand droppingthosethat arrive after their deadline,
we are ableto reconstructthe original periodic form of the stream. This adaptation results
in a regeneratedstream having stretched or compressedsilenceperiods comparedto the
original stream. Thesechangesare not noticeableby the human earif they are kept within
tolerable small levels.

In Figure 4.1, a dropped padet due to a late arrival is represeted by a dashed
line. A padet is articially dropped if it arrives after its scheduled deadline p¥. The
loss perceriage can be reduced by increasingthe amourt of time that padets stay in
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Table 4.1: Description of variables.
Param. || Meaning

L The total number of padkets arriving at the receiwer during
a session.
N The total number of talkspurts in a session.

Nk The number of padets in talkspurt k.
L The time at which the i-th padet of talkspurt k is generatedat
the sender.
al, The time at which the i-th padket of talkspurt k is receiwed.
di, The variable portion of the end-to-enddelay of the i-th padet
in talkspurt k.
do=a  t, minae (8 t).
pL The time at which padket i of talkspurt k is played out.

the playout bu er. An e cient playout adaptation algorithm must take into accour the
trade-0 betweenlossand delay in order to keepboth parametersaslow as possible.

Throughout this chapter, we usethe notation descrited in Table 4.1. For the val-
idation of our algorithm, we considerthe padet traces generatedwith the NevVoT audio
tool that are descrilked in [65]. NeVoT is an audio terminal program usedto establish
audio corversationsin the Internet. The traces we use cortain the senderand receiwer
timestampsof transmitted padets that are neededfor the implemertation of any playout
adaptation algorithm. In thesetraces, one 160 byte audio padet is generatedapproxi-
mately every 20 ms whenthere is speed activity. A description of the traces(reproduced
from [65]) is depictedin Table 4.2.

A typical sample of packet end-to-end delays is shavn in Figure 4.2. A padet
is represeted by a diamond and talkspurt boundaries by dashedrectangles. The x-
axis represets the time elapsedat the receiver sincethe beginning of the audio session.
Only the variable portion of the end-to-end delay (d}) is represeted on the y-axis of
Figure 4.2. To this end, the constart component of the end-to-enddelay (mostly caused

Table 4.2: Description of the traces.

Trace Start time Length [s] | Talkspurts | Padkets
1 08:41pm6/27/95 1348 818 56979
2 09:58am7/21/95 1323 406 24490
3 11:05am7/21/95 1040 536 37640
4 09:20pm8/26/93 580 252 27814
5 09:00pm9/18/93 1091 540 52836
6 00:35am9/24/93 649 299 23293
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Figure 4.2: Delay spikesin end-to-enddelay measuremets.

by the propagation delay) is removed by subtracting from padket delays their minimum
over all the correspnding trace. By consideringthe variable portion of the end-to-end
delay, syndronization betweensenderand receiwer clocks can be avoided' [65].

We obsene in Figure 4.2 the presenceof delay spikes. This phenomenonin end-to-
end delay hasbeenpreviously reported in the literature [12,82]. Delay spikesrepreseh a
seriousproblem for audio applications sincethey a ect the performanceof playout delay
adaptation algorithms. A delay spike is de ned as a suddenlarge increasein the end-to-
end delay followed by a seriesof padets arriving almost simultaneously leading to the
completion of the spike [82].

Delay spikes can be contained within a single talkspurt or can span over seeral
talkspurts. Figure 4.2(a) shovs a delay spike spanningthrough two consecutie talkspurts.
Figure 4.2(b) shaws a delay spike spanningover three talkspurts. Sincethe playout delay
is generally changedbetweentalkspurts, a playout algorithm behaves better when delay
spikesspanover more than onetalkspurt. Only in this way, a playout algorithm canreact
adequatelyto the spike by setting the playout delay accordingto the experienceddelay.
If the spike vanishesbeforethe end of a talkspurt, the playout algorithm will not have
enoughtime to setthe playout time accordingly

In the next section, we briey descrite the algorithms proposedby Ramjeeet al.
Playout delay is adapted from talkspurt to talkspurt basedon past statistics of the delay

Later, when comparing the performance of different algorithms, all graphics consider the variable
portion of end-to-end delays.
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process. The playout delay of the rst padet of ead talkspurt is the basetime of the
deadlinesfor subsequen padets in the sametalkspurt. This principle is the basis for
most of the existing playout adaptation algorithms [49,65,73,82].

4.3 Related work

Extensive researb work hasbeendonein the areaof adaptive playout medanisms[30,49,
55,58,65,73,82]. In [82], Ramjeeet al. proposefour algorithms for playout delay. All the
four algorithms proposedin [82] compute an estimate of the averageend-to-enddelay and
a measureof variability of delay similarly to the computation of round-trip-time estimates
by TCP for the retransmissiontimer. We denotethem as d, and ¢! respectively. These
statistics are usedto setthe playout time for a talkspurt.

The algorithms that perform better in [82] are 1 and 4. We renamethesealgorithms
asA and B respectively, and referto them as sud throughout the rest of the chapter.

To calculate d, and ¢!, the padet's senderand receier timestamps, t. and a., are

read from a trace le. Both algorithms dier only in the way they calculate d‘i( and 9.
Algorithm A computesthesestatistics as follows:

4= 4'+@ )d; and o= o '+@ )b di;

whered, = a, ti, and hasthe default value of 0.998002.

Algorithm B is descriked in [82] but we alsosketch it in Figure 4.3 for completeness.
It operatesin two modes: normal mode and spike (or impulse) mode. In normal mode, it
behareslike Algorithm A but with di erent coe cien ts. When the di erence betweentwo
consecutie delay valuesexceedsa given threshold, algorithm B triggers the spike mode.
During this mode, the variable var is updated with an exponertially decreasingvalue that
adjusts to the slope of the spike. The end of a delay spike is detectedwhen var reades
an enoughsmall value, and the algorithm returns to normal mode.

Once d‘i( and ¢} are computed, the playout time of the i-th padket of talkspurt k is
set by both algorithms as follows:

i ti+d + 0 fori=1:

P = pE+ (tl ti); forl<i Ny: (4.1)

Thesevaluesare computedfor ead padet but the playout time is changedonly at
the beginningof a talkspurt. By varying oneis ableto aciieve di erent lossprobabilities
and di erent averageplayout delays. In [82], is setequalto the constari value of 4.
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—— $
1 do=a
2. if (mode == NORMAL)
3. it (jdi. d %> 2§0j+ 800) {
4. var = 0; /* Detected beginning of spike */
5. mode= SPIKE;
6. }
7. }
8. else {
9. var = var/2 +jd, d ' d ?)=8
10. if (var 63 {
11. mode= NORMAL?* End of spike */
12. d 2=d %
13. d t=d;
14. return;
15. }
16. }
17. if (mode == NORMAL)
18. d = o125, + 0:8754, *;
19. else
20. d=4"+d d*
21. O = 0:125d, dj+ 0:.873
22. d ?=d %
23. d '=d;
24. return;
& %

Figure 4.3: Algorithm B

Larger valuesof allow to obtain lower loss percertagesdue to late arrivals but at the
cost of a longer averageplayout delay.

Algorithm A is slow in detecting delay spikes, but it maintains a good average
playout delay over an audio session. Algorithm B reacts faster to delay spikes, but it
underestimatesthe playout delay at the end of the spike [65].

To compare our moving averagealgorithm with algorithms A and B, we usethe
performancemeasuresde ned in [65]. For the clarity of the presenation, we rede ne
thesemeasuredn Sect.4.4.

4.4 Performance measures

To assesshe performanceof a playout adaptation algorithm, we focuson the total number
of padketsthat are playedout during an audio sessionaswell ason the experiencedaverage
end-to-enddelay. Supposewe are given a padet audio trace with the senderand receiver
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timestampsof audio padets. Let p,, N, L, Ny, ti, and a, be de ned asin Table 4.1. As
in [65], we de ne r|. to be a variable indicating if padet i of talkspurt k is played out or
not. So,r} is de ned as:

o, ifp,<al:

i —
M= 1: otherwise.

The total number of padkets, T, played out in an audio sessions thus given by:

XX

T= re: (4.2)

k=1 i=1

The averageplayout delay, D g, is equalto :

D —1)@ %kri[i th]: (4.3)
avg = T kP Tl .

k=1 i=1

Finally, the losspercenage, I, is equalto :

l=——— 100 (4.4)

4.5 Moving Average prediction

Algorithms A and B are good in maintaining a low overall average playout delay and
reacting to delay spikes. Howeer, they lack a parameterallowing to have a direct corrol

on the overall losspercenage during an audio session.It would be desirableto comeup
with an algorithm that setsthe playout delay in a way to get a losspercerage p, given a
trace of N talkspurts and L padkets. By varying the parameter in algorithms A and B,
it is possibleto obtain di erent losspercenages,but oneis unableto have any particular

cortrol on this parameter. We descrike in this sectionour moving averagepredictor (MA)

for playout delay that takes as input the desiredloss percenage per-sessionp, and a
padet delay trace. It returns a set of estimated playout delay valuesleadingto an average
losspercenage close,if not equalto the desiredvalue p.

45.1 The Mo del

Let D¢ bethe optimal playout delay at the beginningof talkspurt k, andlet p bethe desired
averagelosspercerage per-sessionWe meanby optimal playout delay the playout delay
that makesthe number of losseger talkspurt the closestto p N, Ny beingthe number
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of audio padets received during the k-th talkspurt. By cortrolling the loss percerage
per-talkspurt to p, we are sure that the overall loss percerage during the whole audio
sessions alsocloseto p. We compute Dy asfollows, let d{( be the variable portion of the
end-to-enddelay of the j-th padet in talkspurt k. For ead talkspurt, 1 k N, we
sort in ascendingorder the padket end-to-enddelay valuesto obtain N new orderedsets
fd{(wtg, with 1 j  Ng. We setthe optimal playout delay of the k-th talkspurt to the
following value:

Dy = ! [ Ni; (4.5)

Ksor t?

with i = round((1 p)Ny). Thus,if di. Dy, the i-th padket of talkspurt k is played out,
otherwisethe padket is dropped due to a late arrival.

We presen now our moving averagepredictor. Considerthat we have a setof optimal
delay valuesin the past fDy; Dy 1;Dk 2;:::g, and that we want to predict the value of

Dy+1. The predictedvalue of D+, is denotedby Dy.1, and is taken asaweighed average
of the last M valuesof the process{Dy}. Thus,

N
Dy = Dk 141 (4.6)
1=1

The coe cients & in (4.6) must be chosenin a way that minimizesthe meansquare

error between Iﬁk and Dy, i.e. E[(Dg Iﬁk)z]. The desiredcoe cien ts are the solution of
the set of the so-callednormal equations[76]:

ly( 1
am+1fo(mM D=rp(l+21);1=02%:::;M 1L 4.7)
m=0
In (4.7), rp = E[D¢Dy+] is the lag-l autocorrelation function of the processf Dg.
The exact form of the autocorrelation function is unknown, but it can be estimatedusing
the past valuesof the processf Dyg. Supposewe have K valuesin the past, we can thus
write

ro(r)’ DiDysjjy r=20; 1, 2:::; (K1) (4.8)

Ko
The setof normal equations(4.7) canbe solved using singlematrix-v ector operations.

For large valuesof M (say M > 100, the well known Levinson-Durbin algorithm may be
preferred[76].
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Figure 4.4: Model order selectionfor the MA algorithm.

M is called the model's order. Figure 4.4 illustrates how M is calculated. For a
given padet trace, starting with M = 1, we computeall the valuesof f D,g and estimate
E[(Dx Dy)3. Then, we increaseM and we repeat the process. The model's order is
taken equalto the lowestvalue of M precedingan increasein the meansquareerror. For
example, for trace 1 the algorithm choosesM equalto 19, and for trace 3 it choosesM
equalto 8. There existdi erent methods for selectingthe model's order e.g. Double Sided
t-test, Minimum Description Length, and Final Prediction Error. The readeris referred
to [50] for a detailed description of thesemethods.

4.5.2 The moving average algorithm

We descrile now our moving averagealgorithm for playout delay. The algorithm takesas

input a padket delay trace with senderand receier timestamps, and looks for f D, g, the
estimatesof optimal playout delays f Dxg. For eat past talkspurt, the individual end-

to-end delay valuesare sorted, and Dy is computedasin (4.6). Dy is calculatedfor eat

Later, when ewvaluating the averageplayout delay and the losspercenage per-sessionywe
discardin the computation the rst M talkspurts.

Figure 4.5 depicts a pseudo-cde versionof the MA algorithm. The getOptDelay()
function takesas input the whole set of end-to-enddelay values, @, and the desiredloss
perceniage per-sessiorp. Then, it applies(4.5) to return a set of optimal per-talkspurt
delay valuesf Dyg. The rst for loop solvesthe normal equationsfor a to compute D,
for ead talkspurt, then it calculatesE[(Dx  Dy)?] for dierent values of the model's
order m, and holds the result in the vector mse. Next, getOrder(m'se) is calledto nd
the model's order, M, by choosing the lowest value of M precedingan increasein mSe.
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$
1. Dy getOptDelay( d, p);
2. R autocorr( Dy, N);
3.
4. for m=11t0 N {
5. [* Get the weights */
6. a = solve( R, m);
7. /* Comfputelﬁkﬂ for each talkspurt */
8. Iﬁk+1 = |n;1 aIDk [+1 5
9. [* Update the msevector for this value of m *
10. mse) = E[(Dx D)4
11. }
12.
13. M = getOrder( m'se);
14. a = solve( R, M);
15.
16. for k:MPtoN 1{
17. D = 1%y &Di 1
18. p&+l = tI%+1 + Iﬁk+1;
19. 20. for j =2 to Ngs
21. plk+1 = p&+l + tjk+l t&+l;
22. }
& %

Figure 4.5: The MA algorithm.

Then, we compute the coe cien ts a with the value of M just found.

The last for loop computesD,.; for eat talkspurt and the playout times p,. The
playout time of the i-th padket of talkspurt k is set asfollows:

tl+ Dy; fori=1

pr+ (t ti); forl<i N (4.9)

P =

The moving averagealgorithm requiresthe knowledge of the characteristics of the

processf Dyg. Assumingthe processf Dig is stationary during all the audio sessionthe

bestperformanceof this algorithm is obtainedwhenit isrun o ine or after alarge number
of samplesis collected.

4.5.3 The problem with low p

As our simulation results will shav, the MA algorithm descriked in Sect. 4.5.2 deviates
from the desiredloss percertage p. Seein (4.5) how the value of Dy depends on the
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talkspurt size Ny, and on the desiredloss percerage p. For a given value of p, (4.5)

returns the delay value closestto p  Ny. Thus, when computing Dy, there will be a
deviation of the overall perceiwed loss percerage from the one we desire. The highest
deviation is for very low valuesof p. The algorithm leadsto a losspercerniage longerthan
the desiredone. To deal with this deviation, for the range0:005 p 0:02 we allow our
MA algorithm to slightly increasethe playout delay by the following o set:

q
s, = f(0) E[Dc D (4.10)

In this way, the playout delay is increasedasa function of the measuredmeansquare

error between D, and Dy, and as a function of p. Sincethe deviation of the measured
losspercenage increasedor small valuesof p, we setf to f (p) = (=2 1), where

Pmax

is a constart cortrolling how much we increasethe playout delay as a function of the
squareroot of E[(Dx  Dy)?. So,asp increasesn the range (0, pmax], Dx convergesto
its original form (4.6), and if p decreases longer o set is used. We set pnax = 0:02 and
= 0:5. This allows to reduceconsiderablythe deviation of the measuredosspercenage
from p, without impacting much the delay.
The following lines must be addedto the pseudo-cde shovn in Figure 4.5 between
lines 17 and 18:

ifp 002
ISk+1 Iﬁk+1 + Oy °

To seethe gain obtained when applying (4.10), we plot in Figure 4.6, for p 2
[0:005 0:02] the performanceof the original MA algorithm before and after this change.
The x-axisrepresets the total measuredosspercernagedueto late losses|, and the y-axis
plots the averageplayout delay, D4, for discretevaluesof p from 0.005t0 pyax = 0:02,
with p increasing0.005at ead step. We call this new algorithm MA+o set , and we refer
to it assud during the rest of the chapter.

The deviation of the losspercernage for the MA+o set algorithm is much lower, while
keepingthe averageplayout delay within reasonablevalues. The gain we get compared
to the basic MA algorithm is very clear. For trace 1, the MA+o0 set algorithm reades
loss percertagesof 1.7% comparedto 5.4%in the basic MA algorithm. The MA+o set
algorithm is bene cial for all traces,and the gain is higher for trace 2 and trace 6, where
the deviation of the desiredloss percenage is now much lower comparedto the original
case.

Section4.5.4comparegshe performanceof our MA+o set algorithm with algorithms
A and B.
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4.5.4 Performance comparison

To ewvaluate eat of the three algorithms, we usea simulator that readsin an input le
cortaining the senderand receiwer timestamps of eat padket of an audio session.Then,
ead algorithm is executed,and we useexpressiong4.3) and (4.4) to computethe average
playout delay and the lossperceniage during an audio session.

As pointed out above, algorithms A and B are unable to get a particular target of
loss percertage p. Thus, to obtain di erent losspercertagesin Algorithms A and B we
vary in (4.1) from 1 to 20; larger valuesof allow to get lower lossperceriages,at the
expenseof a higher averageplayout delay. We comparethe performanceof algorithms A
and B with our MA+o set algorithm for 0:005 p 0:2. Losspercertiagessmallerthan
5% are rather desirablefor interactive audio applications [45].

Figure 4.7 plots the correspnding results for eat trace. The x-axis represets the
perceived lossperceriage per-session, and the y-axisrepresets the averageplayout delay
Davg. Ead executionof an algorithm gives a single point in the graphic. The plots in
Figure 4.7 were obtained by connectingthe discretepoints returned by ead approad.

In trace 1, we seehow for loss percertages greater than 5%, the performance of
the three algorithms is quite similar, with algorithms A and B having a slightly better
performancethan the MA+o0 set algorithm for losspercenagesbetween5% and 11%. For
losspercertageslower than 5%, the performanceof algorithms B and MA+o set remains
similar but they outperform algorithm A with a maximum gain on averageplayout delay
of about 40% of the MA+o set algorithm comparedto algorithm A. Trace 2 is the
only multicast sessionand has a large network loss perceriage of about 50%, it has also
long inactivity periods of up to 2 minutes. The MA+o set algorithm clearly outperforms
algorithms A and B for the whole range of loss perceriage and average playout delay,
with a maximum gain on playout delay of about 200%comparedto algorithm B. In trace
3, algorithms A and B remain closeto the MA+o set algorithm, with the MA+o set
algorithm giving better performancefor the whole range of loss percenage and average
playout delay. For traces4 to 6, algorithms A and MA+o0 set remain closein both, loss
perceriage and averageplayout delay, outperforming algorithm B. For loss percenages
lower than 3%, the MA+o set algorithm performsbetter than algorithms A and B. This
di erence in performanceis clearly seenin trace 6, wherethe MA+o set algorithm shows
a considerablegain over algorithms A and B.

Deviations of losspercernage persistin the MA+o set algorithm. The highestdevi-
ations in Figure 4.6 are for traces2 and 6. Both are the shortesttraces,they su er from
high variations on end-to-enddelay, and high network lossdue to congestion. Thus, the
autocorrelation function does not have useful information about the processfDyg, and

consequetly the estimated valuesf Dyg are inaccurate. Section4.6 descritesa transfor-
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mation that can be doneto reducethe deviations of the MA+o set algorithm.

4.6 Bias and Transformation

Our sdhemeis designedwith the main objective to cortrol the losspercerage to a certain
value p, while minimizing the averageplayout delay. Hereis the strength of our sheme
comparedto other schemesin the literature, wherewe do not have a direct cortrol on the
lossperceriage. Our cortrol on this parameterhasbeendonetill now by cortrolling the
optimal playout delay per talkspurt Dy. But, the relationship betweenthe playout delay
and the loss percertage may not be linear. This may causea deviation of the perceived
loss perceniage from the desired one. Tednically said, our predictor is unbiased with
respectto Dy, howewer it may be biasedwith respect to the losspercenage per talkspurt.
We illustrate this bias by the following analysis.

Our moving averagepredictor of Dy ensuresthat E[Dy] = E[Dy]. Let di, 1 i
Ny, be the delay of the i-th padket of talkspurt k. The way we de ne Dy also ensures
that E[1fdi > Dyg] = p, with 1f Ag being the indicator function. But, the averageloss
perceriage we experienceduring the audio conversationis not E [1f d}, > Dg], but rather
E[1fdi > D,g]. We explain next why this experiencedaverageloss perceniage can be
di erent from p, whenthe relationship betweenlossand delay is non-linear.

Let F(x) be the complememary CDF of padket end-to-end delay, i.e., F(x) =
Pfd, > xg. It is easyto seethat for x = E[D], F(x) is equalto p, sincePfd, > Dyg =
E[1fd, > Dyg] is equalto p by de nition.

The average padet loss percertage we obtain with our sthemeis equalto p =
E[1fd, > D\g]. We condition on the value of D\. This leadsto

h i
E 1fd, > Dyg
hh i i
E E 1fd, > Dyg | D«
h i
E F(E[DW]+ Bk D) :

©
1

The last equality results from the fact that

E 1fd, > D+ yg E E 1fd, > D, + ygj Dy

F(E[Dk] + vy): (4.112)
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The proof of (4.11) is asfollows. The objective is to compute the lossprobability of
a padket whenthe playout delay in a talkspurt is sety units far from the optimal playout
delay D¢. In other words, we want to compute the loss probability of a padket, when
the playout delay is sety units far from the playout delay that resultsin a padet loss
perceniage equalto p. But, the playout delay that resultsin a padet losspercerage equal
to p (if we only look at the padket and not at the talkspurt to which the padet belongs)
is simply F(E[Dy]). Hence,the problem is equivalert to computing the loss probability
of a random pacdket when the playout delay for this padet is sety units far from E[Dy],
which is equalto F(E[Dg] + v).

Let « be the prediction error for talkspurt k, i.e., = Iﬁk Dx. We write p =
E[F(E[Dk]+ «)]. The bias of our predictor can be seenfrom this expressionwhenthe
function F (x) in non-linear. F(x) relatesthe padet loss probability of a padet to the
playout delay. For example,if F(x) is a corvex function, we have by Jensen'sinequality
P> F(E[D«]+ E[«]) = F(E[D«]) = p.

To correct this bias, sometransformation of the processDy can be used. De ne
Xk = G(Dg). The prediction will be done on the processXy instead of Dy, using a

Moving Averagepredictor, i.e., Xie = :\il a Xk 1+1. Oncethe estimate of X, denoted

by X is obtained, we set the playout delay to G 1(Xy). The averageloss percenage
becomesequalto

h [
p=E FEDJ+G *(X) G *(X«) :

The function G(x) must compensatefor the non-linearity of the function F(x). It
must transform the error in setting the playout delay, soasto make p equalto p. Unfor-
tunately, it is very dicult to nd the expressionof G(x). Someappraximations can be
used. We give an exampleof a transformation that we usein this chapter. Our measure-
merts shaw that the function F (x) is convex, and closeto exponertial. We considerthen
as transformation the exponerial function, with a deca coe cient , that is, we take
G(x) = e X . Hence,we predict X, = e P « instead of predicting Dy.

4.6.1 Performance comparison

We apply the exponertial transformation G(x) to the processDy in our MA algorithm.
The MA algorithm remainsthe same,but we predict now the processX, = e P « rather
than directly predicting D. We call this new algorithm transformel MA algorithm.
When testing the transformed MA algorithm we found no signi cant di erences for
10< 20. For < 10the performancedegradesvery slonvly with decreasing . We
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thus set empirically the value of to 10, and we useit when comparingwith algorithms
A and B in the next section.

To further improve the performanceof the transformed MA algorithm, when trans-

forming badk Dy from X, we implemert the proceduredescrited in Sec.4.5.3to reduce
the deviations for small valuesof p. We call this variant transformel MA+o set .

Figure 4.8 comparesthe performanceof our two MA+o0 set algorithms with al-
gorithms A and B. In the subsequen gures, the transformed MA+o set is denotedas
MA-+transf+offset . Obsene how the transformation applied on D considerablyimproves
the performanceof the MA algorithm. For trace 1, the transformed MA+o set algorithm
clearly outperformsalgorithms A, B, and the original MA algorithm with a gain of up to
50% for the whole range of loss perceriage and averageplayout delay. For trace 2, the
transformed MA+o0 set algorithm does not reat loss perceriageslower than 5%. This
is still due to the high jitter and network losspresen in trace 2 which doesnot provide
the autocorrelation function with usefulinformation about the processDy. However, the
transformedMA+o set algorithm largely outperformsalgorithms A and B for other values
of p. For traces3to 5, we seeclearly the bene t of applying the transformation G(x). The
transformed MA+o set algorithm outperformsall the other algorithms with a maximum
gain on averageplayout delay of up to 80%in trace 4 for low lossperceriages,comparedto
algorithms A and B. We notice an interesting behavior of the transformed MA algorithm
in trace 6. This is the only trace for which the MA+o set algorithm beharesbetter than
the transformedMA+o set version. Like trace 2, trace 6 alsohasa high end-to-enddelay
and a high network loss percenage; besides,trace 6 is one of the shortest sessiongin
number of talkspurts). Thus, the MA+o0 set algorithm should be preferred when there
are long congestionperiods in the network and very high jitter.

We concludethat a moving averagesdemeis an attractiv e approad for playout de-
lay cortrol. The algorithms studiedtill now are o ine algorithms. Section4.7 presens an
online hybrid algorithm conbining algorithm B and the transformedMA+o0 set algorithm
which givesa very good performancefor most of the scenarios.

4.7 A hybrid algorithm for playout delay

Moving averageestimation has revealedto be an interesting approad for playout delay
cortrol. The transformed MA+o set algorithm descrited in the previoussectiongivesin
generalbetter performancethan any of the other algorithms we studied. This algorithm
was run oine and the ertire trace was usedto compute the characteristics of f Dyg.
We look now for an online version of the transformed MA+o set algorithm. During our
simulations, the maximum model's order was newer greaterthan 23. This meansthat we
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do not needa large number of samplesto compute a good moving average estimation.
We proposein this section a conbination of the transformed MA+o set algorithm and
algorithm B, that we call hybrid algorithm.
The idea is quite simple and is sketched as pseudo-cde in Figure 4.9. During the
rst talkspurts of an audio sessionsay MAXTKSRIkspurts, algorithm B is executedwith
= 4. At the sametime, we collect samplesof f D g, we transform them to f X (g, and we
keepthem in memory to be usedlater to compute the model's order and predictor coef-
cients. Then, starting from talkspurt MAXTKSP#he transformed MA+o0 set algorithm
is executedand playout times are computed. The autocorrelation function is updated at
eath new talkspurt to accournt for the MAXTKSost recent valuesof X. Since nding
the model's order, M, is an exhaustive operation its value is computed only once and
it is kept during the whole session. MAXTKSR set equal to 100 for all the traces. The
transformation appliedto Dy is X, = e P « and is denotedas G(D\).

4.7.1 Performance comparison

Figure 4.10 comparesthe performanceof the hybrid algorithm with algorithms A and B.
In trace 1, the hybrid algorithm outperforms algorithms A and B for almost all values
of p. We obsene an overall gain on playout delay of about 25% of the hybrid algorithm
comparedto algorithms A and B. We note againin trace 2 how the the hybrid algorithm
doesnot read loss percernageslower than 5%. In fact, sincethe number of Dy samples

usedto compute the autocorrelation functions is now small, the error introducedin )’<\k,

and consequetty in Dy, is largerin the hybrid algorithm than in the o ine one. For traces
3 to 5, the performanceof the hybrid algorithm and algorithms A and B is very similar,
with the hybrid algorithm performing better than algorithm A for trace 4, and better than
algorithm B for trace 5 in the lossrangeof interest (p  0:05). Trace 6 hasthe highest
sessionend-to-enddelay and high network loss perceriages (due to congestion),leading
to a behavior similar to that of trace 2.

4.7.2 Delay spikes

Algorithm B detectsdelay spikes; when a delay spike occurs, the algorithm switchesto
spike mode and follows the spike. When the end of the spike is detected, the algorithm
switches badk to normal mode. We executedthe MA+o set algorithm employing the
spike detection approad of Algorithm B. When comparing the performancewith no
spike detection we found no signi cant di erences. The MA+o set algorithm computes
the autocorrelation function of the processf Dyg to solwe the systemof normal equations

and to calculatef Dy, g. Dy is the optimal per-talkpsurt playout delay. When delay spikes
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Figure 4.9: The hybrid online algorithm for playout delay.

occur, the autocorrelation functions of f Dig accourt for them by de nition.

4.8 Conclusions

%

In this chapter we descrilke a moving averagealgorithm that adaptively adjuststhe playout
delay at the beginning of talkspurts. To ewaluate the performanceof our algorithm, we
compareit with existing schemesmplemerted in the NevVoT audiotool. Seweral variants of
our moving averagealgorithm are studied. For small valuesof p, there is somedeviation of
the perceived losspercerage, and this deviation increasesasp decreasesThe MA+o0 set

and the transformed MA+o set algorithms are proposedto reducethe deviation of the
desiredlossperceriage. Thesevariants allow to obtain a considerablegain comparedto
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the original version while, at the sametime, keepingthe averageplayout delay within
tolerable levels.

The strength of our shemelies in the fact that we are able to tune the loss per-
certage p to a given desiredvalue. When directly predicting the optimal playout delay,
the desiredloss perceriage deviates from the desired one becausethe relation between
the averageplayout delay and lossrate is not linear. We demonstratethat, by applying
a transformation on Dy, the bias on the loss percertage can be reduced. Basedon our
measuremets, we appraximate this transformation by a negative exponertial function. A
mixture of algorithm B and our transformed MA+o set algorithm provesto be e cien't
in the losspercenagesof interest. We call this algorithm hybrid algorithm.

Moving averageestimation hasrevealedto be an e cient method for playout delay
control. When network jitter and network loss are very high, asin traces 2 and 6, the
MA algorithm do not read losspercertageslower than 5%. Very high jitter decreaseshe
correlation of the processDy, leadingto an inaccurate MA estimation.

Our algorithm predicts the optimal playout delay per-talkspurt, or a function of it,
using the past history of the process. To reconstruct the periodic form of the stream of
padets, the playout delay of padket in atalkspurt is basedon the playout time of the rst
padet in the talkspurt. An interesting recen approad [55,56] shows that it is possible
to adapt the playout delay at eat padet arrival, leadingto a better performancethan in
a talkspurt basis. We are working on an extensionof our MA approad that predicts the
playout delay per-padet, allowing to changethe playout delay during a talkspurt, and we
expect our shemeto give better performance.
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Chapter 5

TCP performance under variable delay

5.1 Intro duction

In computing the throughput of long-lived AIMD connections(and of TCP connections
in particular), existing analytical models do not take into accourt momerts of the delay
other than the rst one. In arecen paper [24],it wasobsened howeer that the variability
of this quartity impacts the throughput performance.In [24], a model is proposedwhich
is partly analytical and partly empirical: it usesas parametersthe probabilities of having
a single, a double and a triple lossewent, which should be inferred from the trace; it is
through these parametersthat the variability of delay is accourted for. Then in the rest
of the derivation there, delays are replacedby their expectations.

Paths with high variability of delay are commonin communication networks, and
aretypical to wirelessnetworks [24]. Here are someexamplesof scenariosvherethe delays
of padcets canvary. First considerthe High Data Rate (HDR) systems. The distribution
of delays for thesesystemsis descriked in [80]. HDR is a Qualcomm proposedCDMA air
interface standard (3G1x-EVDO) for supporting high speedasymmetricaldata. In HDR,
the reasonfor variability of delay is the fact that the (link layer) padket to betransmitted is
chosendynamically amongvarious connections,accordingto the channelthat hasthe best
state. Another sourceof delay variation on wirelesslinks is ARQ (at the link level); ARQ
can add considerabledelay during retransmission, especially on geostationary satellite
links where the propagation delay is large. The mobility of usersin a mobile network
is also an important sourcefor delay variability. A situation that addsto variability in

77
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the delays is whena TCP connectionhaslower priority with respect to other connections
which have highly variable transmissionrate. Sud a situation occursin UMTS where
data padkets are most frequertly transmitted over sharedchannels(the FASH and RASH
channels)in which higher priority is given to corirol padkets. The delays of padkets are
also variable becauseof queuing time in routers. Generally speaking, the variability of
delay is a commonphenomenonin comrmnunication networks, and its considerationin the
analytical modelsfor AIMD protocolsis important.

We proposein this chapter a model for the performanceof a window-basedAIMD
medanism in presenceof variable delay. The model is basedon stochastic di erence
equations. We provide closed-formexpressionsfor the momeris of the window sizein
steadystate, aswell asfor the throughput of the medanism. The model is validated with
simulations using the TCP protocol, which hasfeaturesof an AIMD policy in its steady
state [42].

One of the key results of we obtain is that the performancewe obtain when con-
sidering the variability of delay is better than the one we obtain when we assumethe
delay to be constart and thus replacingthe delay by its average. This result is very im-
portant sinceit meansthat actual models for TCP, which only considerthe meandelay,
underestimatethe performanceof the protocol in environmens wherethe padet delay is
variable. Underestimatingthe performanceof AIMD protocolsmay have a seriousimpact
on the dimensioning of networks, and on the dewlopmen of TCP-friendly multimedia
applications.

In the next section we presert our model, then we derive the expectation of its
stationary window sizein Section5.3. The analysisof the throughput and of its dependence
on delay variability follow in Sections5.4 and 5.5. Section 5.6 validates our analytical
resultsusing ns-2[67] simulations, and Section5.7 endsthis chapter with someconcluding
remarks.

5.2 The model

We considersystemsfor which the loss model at the padet level can be descriked by a
Poissonprocessindependert of the window sizewith a stochastic intensity. The average
rate of lossewerts at the nth round-trip time is . A lossewert in our casecorrespnds
to the lossof a padet.

Our model studies a generalwindow-based uid AIMD medanism. It appliesto
the TCP protocol when the window size is large enough so that the padet nature of
TCP is diluted. The specication of our model to TCP will be described throughout
the text. The TCP protocol will be usedat the end of this chapter for the validation
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of our results. Recallthat a TCP connectionin its steady state, and in the absenceof

timeouts and limitation on the throughput causedby the receiver window, can be seen
asan AIMD protocol, wherethe congestionwindow increasesiy a constart factor every

round-trip time, and whereit is divided multiplicativ ely in presenceof lossewerts [2,42].

In particular, a TCP connectionwherethe receiver adknowledgesevery padket, increases
its congestionwindow by one padet every round-trip time, and dividesits window by two

when a padet lossis detected. The Renoversionof TCP divides its window by two for

every padket loss[29]. The Newrenoand SACK versionsdivide their windows at most
once by two in a round-trip time, regardlessof the number of padket lossesduring the

round-trip time [29]. We model both types of TCP behavior, while giving a particular

attention to new versionsas Newrenoand SACK.

5.2.1 Stochastic recursiv e equations

We model the variable delay/rate path asfollows. We considersomesequencef instants
T, and de ne the nth interval as[T,; Th+1). Let R, = T+ T, beits duration. R, models
the sequenceof round-trip times seenby the AIMD cortrol medanism. We considerthe
window sizeW,, at the end of the nth interval. W, is the window sizejust beforeinstant
Th+1. (Rn; 1) is somestationary ergadic sequenceof random variables. The window is a
real number and is measuredwithout lossof generality in terms of padets.

We considersomeadditive constart > 0, and we assumethat in the absenceof
loss, it takesR, time to the AIMD protocol to increasethe window sizeby , i.e.,

Whi = W, +

For example,on a long-lived TCP connectionoperating in congestionavoidancewithout
the delayed ACK feature, we could take = 1, in which caseR, would correspnd to a
round-trip time (asthe window sizeof TCP increasedy roughly one padet ewvery round-
trip time). Eventhough we frequertly considerR,, asbeingthe round-trip time, our model
doesnot require that, and other de nitions of R,, are possible. Another de nition of R,
might be usefulfor congestioncontrol medanismsother than TCP.

We study now the dynamicsof the window sizewhen lossesoccur. De ne Z, = 1 if
at least one lossoccurred during [T; Tas1) and Z, = 0 otherwise,and setZ, = 1 Z,.
Note that

P(Zn=0)=E[exp( nRu)]I:=R ();

is someparametric vector describingthe intensity of the lossprocessandto beintroduced
later.



80 Chap.5 TCP perfamanceundervaiabledelay

Considernow that at leastonelossoccursduring [Ty; Th+1). Then the window size
at the end of the (n + 1)th interval is

Wn+1: an+ ;

where | is a random multiplicativ e factor that allows to accoun for caseswhere the
multiplicativ e decreaseof the AIMD medanismis a function of the number of lossewerts
that occur during the nth interval. Later, we will detail on this issue,and provide the
expressionfor ,, in the caseof TCP.

Our dynamics can be interpreted as a simplied model for AIMD in which the
multiplicativ e decreaseoccurs at the end of the round-trip time. Time interval R,, ends
with a window sizeequalto W,, and time interval R+, starts by a window sizeequalto

W, to endwith a window sizeequalto W,.; . By dividing the window at the end of the
round-trip time, we better model the fact that lossesare not detectedinstantaneously As
for the window growth by , we supposethat is done progressiely during the round-trip
time

Using the above two expressiondor the caseof no lossand for the caseof at least
oneloss,we obtain the following dynamics:

Wn+l = Aan + (51)

where

An = Zn + nZn = 1+ Zn( n 1)
nt Zn(:l- n): (5'2)

(5.1) is known asa stochastic recursive equation, see[2,9,17,21,35]. The lossprocess
is assumedo be Poissonwith an intensity dependen on the currert round-trip time, and
the process(R,; n) is assumedo be stationary ergadic. Moreover, for any integern, the
lossprocessafter time T, doesnot dependon W;;j n. Then, A, is stationary ergadic.

Similar recursive equationshave beenusedin the past to analyzethe throughput of
TCP and of TCP-friendly applications, seee.g. [3,112]. The special feature of our presen
model is that A, is random and dependson R,,. Another feature is that the increasein
the window sizebetweeninstants f T, g is constart, and is independen of the duration of
round-trip times.

Our model canbe easilyspeci ed to TCP. The processR, canbe seenasthe round-
trip time of the TCP connection. A lossevert correspndsto the lossof a TCP padket. The
additive increaseconstart  is roughly equalto one padket. The multiplicativ e decrease
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constart , dependson the TCP version. Someversionsas Renodivide their windows by
two for every padket loss;in this case ,, = (1=2)", whereN,, is the number of lossewerts
in the nth round-trip time. Other versionsof TCP as Newrenoand SACK divide their
windows by two whether there is one or more lossewerts in a round-trip time. For these
later versions, , is constart equalto one half.

Our model doesnot accoun for someTCP medanismsasthe slow start phase,the
timeouts, the receiver window, and so on. Our objective is not to provide an accurate
model for TCP, but rather to illustrate the impact of delay variability on protocolsimple-
merting the AIMD medanism. TCP is a typical exampleof sud protocols. For accurate
models of TCP that considersomeof the non AIMD features(but that do not consider
the variability of delay), we refer to [3,69].

5.3 Stationary window size analysis

We begin by computing the stationary distribution and momerts of the window size at
times T,,. We alsocomputetime averagequartities. The throughput of the AIMD med-
anismis then given in the next sectionfor the casewhen the sequencd R,g modelsthe
round-trip times.

Concerningthe processR,,, we considertwo cases:f R,g arei.i.d. (independern and
idertically distributed), and f R,g are Markov correlated. In the i.i.d. case,we obtain
closed-formexpressiondor the throughput and for the momerts of the window size. In
the Markov correlatedcase,we obtain linear equationsthat canbe solved for the momerts
of the window sizeand for the throughput.

5.3.1 Windo w size at times T,
Applying Theorem 2.A of [35] for which the conditions are easily chedked, we get:

Theorem 4. There existsa unique stationary ergalic processW,, that satis es the same
recursion (5.1) as W, and that is de ned on the sameprokability space as (W,;A,). For
any initial value Wy, lim,; jW, W,j! 0 and W, convelgesto W, in distribution.
W, hasthe explicit form:

To simplify the exposition of the analysis, we considerhereafterthat the systemis
in its stationary regimeat time t = 0. First, we presen the results for the casewhen the
randomvariablesf R,g arei.i.d. and , = areconstart (do not dependonn). Then, we
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explain how to compute the momerns of W, in the casethe processfR,; g is Markov
correlated. Through the analysis,we considertwo valuesof :

Al.i: The AIMD protocol decreaseshe window size by a constart factor , indepen-
dertly of the number of lossesduring the round-trip time (provided there is at least one).
This modelsthe new versionsof TCP as Newrenoand SACK [29].

Al.ii: The AIMD protocol decreasests window by a constart factor for every loss,
which gives , = Nn. N, denotesthe number of padets lost in round-trip time R,,. This
can be assumedto model old versionsof TCP asReno[29]. In cortrast to new versions,
the Reno version of TCP can divide its window by more than two in a round-trip time
depending on the number of padkets lost and the location of theselossesn the congestion
window.

5.3.1.1 The i.i.d. case

Taking expectation in (5.1), we getin the stationary regime:

E[Wo]

1 E[Ad

- 1 E o+ Zo(1 0): ©-3)

This is the averagewindow size sampledjust beforetime T, (end of time interval
Ro). We give in the following the expressionof E [W,] for the two particular valuesof |
cited in Al.i and Al.ii. Under Al.i we have

E[AlJ= +R ()X )

Hence,
E W] = - L (5.4)
171 E[A) 1 1 R () '
whereasunder Al.ii we have, for k = 0;1;2;:::,
R k
P(Ap= I<)=P(N0:k):E ( klO) exg( Ro) ;
sothat
IIX- k #
R ex R
E[Ao] = E ( Ro) k,p( 0 “R(@ )

k=0
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Thus

EW,]=

1 R(@T )

5.3.1.2 The correlated case

We model here the correlation that may exist amongf(R,; ,)g. We explain how to
compute the momerts of the window sizein presenceof sut correlation.

Consideran N -state ergadic Markov chain (n) embeddedat times T,,, with tran-
sition probabilities P; and with steady state probabilities ;, j = 1;::;;N. Assumethat
the distribution of the couple(R,; ) is only a function of the state of the Markov chain
at time T, and not of the previous history. Hence,given the state of the Markov chain
at times T, and T,,, m > n, the coe cients A,, and A,, are independen. We denote by
(R(i); (i)) the valuesof this couplewhenthe Markov chain is at statei.

Our goalis to compute E[W,]. Later, this will sene to compute the throughput of
the AIMD medanism. Dene w; = E[W,1f (0) = jg], anddene & = E[Aq (0)=j].
By using the recurrence(5.1), we have

wi = E[W,1f (1)=jg]
X
= E[AcW,1f (0) = iglf (1)=jgl+ |
i=1
X

qwiP +
i=1

We obtain a systemof linear equations,

(I Aw=B (5.5)

whereA; = aP;, Bi = ; andw = fw;g. We may obviously assumethat at least for
somei, & < 1 (for either Al.i or Al.ii). HenceA is astrictly sub-stachastic matrix and its
largesteigervalueis strictly smallerthan one. Hence,Equation (5.5) hasa unique solution
w, and nally we obtain E[W,]= L, wi.

Denoteby R, (s) the LST of the round-trip time R, giventhat the Markov chain is
in statei, i.e., R;(S) := E[exp( SRo)j (0) = i]. Then under Al.i we have,

a=(+R(CMHA ) (5.6)

Under Al.ii we have,
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a=R(@0HA ) (5.7)

5.3.2 Windo w size at random time

For the completenessof the study, we compute in this section the expectation in the
stationary regimeof the processW (t) of the window size. The time averagewindow sizeis
equivalent to the averagenumber of padkets in the network at random time. Using Palm
calculus,this is given by

Z .,

ESd here S, = W (s)ds:

SO g,y :

To sum the window sizebetweenT; and T, (beginning and end of round-trip time
R1), we make the following assumption:
A2: The window sizegrows linearly during the interval [T,; T,+1) with rate =R,, and
only at the end of the interval, the window sizewill decreasef there hasbeena lossduring
the interval.

Under A2 we have,

81: R AOW0+ E

5.3.2.1 The i:i:d: case

We considerthe casewherefR,g arei.i.d. and is constart. Although there is a de-
pendencebetweenW, and R, 1, R, 2, :::, thereis no dependencebetweenW, and R,
Rn+1, 115 Thus,

EIW()] = 5 + E[AEW,];

where E [W, ] is given by (5.4), and

+R ()X ); under Al.i:

ElA=  ricw ) 7 underALii:

5.3.2.2 The correlated case

We considerthe samemaodel for R, asthat in Section5.3.1.2. Our problemis to compute
E [R1AoWy]. We condition on the state of the Markov chain at Ty. This gives,
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E[R1A W] = | W, g; Py E[R4 (1) =1]]:

The w; can be obtained by solving the systemof N linear equationsin Section5.3.1.2.
The & are givenin (5.6) and (5.7) for casesAl.i and Al.ii. We put ewerything together,
which gives

1 X X P;. E[R: (1 i
W, & ii = .
ER 3 | i E[Ry (1) =1]]

EW(] = 5 +

5.4 Throughput and square-root formula

We compute in this sectionthe throughput of the AIMD medanism. Considerin what
followsthe caseof i.i.d. round-trip timesand , constart equalto . This will allow a nice
closed-formrelating the throughput of an AIMD medanism like TCP to the padet loss
ratio p, and that accourts for the variability of the delay, not simply its averagevalue asin
previous models. In the caseof correlated round-trip times, we compute the throughput
numerically.

A window-based o w cortrol medanismtransmits a window sizeof padetsin every
round-trip time. If we look at our model, W, padets are transmitted in the interval
[Th; Th+1). The connection'sthroughput (in fact it is the sendingrate) is simply equalto
the averagewindow sizeE [W,] computedin Section5.3.1divided by the averageround-
trip time E[Rg]. Denoteby X the throughput of the connection(in padets per second).
Therefore, X = E[W,]=E[Ro].

Considerin what followsthe i.i.d. case which will allow a nice closed-formexpression
of the throughput. The Markov correlated caseis more complex and requires numerical
analysis. We have in the i.i.d. case:

_ EMWo] _

= ERo - ERJ@ EfA -8)

It is clear from (5.8) that the throughput of an AIMD medanism changeswith the vari-
ability of the round-trip time. This changeis causedby the term E [A¢] in the denominator
of X . In the next section,we will study the relation betweenthis term and the variability
of the delay, and in consequencéhe relation betweenthe variability of the delay and the
throughput.
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The following analysisholds for Al.i, which is the casewhenthe AIMD medanism
divides its window independerly of the number of padkets lost in the round-trip time.
Under Al.i, we have

1
1 E[Ro](1 R (1))

Let us establishthe relation betweenthe throughput and the padet lossratio. Sut
relation is usually usedwhile modeling the TCP protocol. It is well known in the network-
ing comnmunity that the throughput of a long-lived TCP connection(at leastin the steady
phasewherethere are no timeouts, no slow-start phases,and no limitation causedby the
receiver window) is inversely proportional to the square-rat of the padket lossratio, and
to the averageround-trip time [2,69]. We shonv here what this relation becomeswhen
delay is variable.

Let p denote the padket lossratio. As before, denotesthe averagerate of loss
ewverts. The expression®f TCP throughput in the literature are derived in the casewhen
a padet lossresultsin a division of the window size. p is not the padet lossprobability,
but rather the probability that a padket lossresultsin a division of the window size. Recall
that we are working under Al.i. This requiresto compute the averagerate of lossewerts
that result in a division of the window size. Denote this averagerate by ©° . This
averagerate is equalto,

X =

(5.9)

o_ P(Zo=1) _1 R(),
E[Ro] E[Ro]

Another expressionof %is %= pX. By equating thesetwo expressionsyve obtain

1 R ()= E[Ro]pX:
We substitute this expressionin (5.9), which yields

S
1

TERJ] T )p

This relation is very interesting sinceit tells usthat in an environment wherethe delay is
variable, the throughput is always inversely proportional to the averageround-trip time
and to the squareroot of p. The impact of delay variability on the throughput gures
in p. This probability represeits how many times the window of the AIMD medanism
is divided. The averagelossrate represets how many padets are lost. The mapping
betweenpadket lossesand window divisionsis depender, not only on the averageround-
trip time, but also on its variability. This issue has been addressedin [24], and the

X
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probability p hasbeencomputedempirically. An interesting result of our model is that it
providesa closed-formexpressiorfor computing p, without doingmeasuremets. Indeed,if
we know the rate of losseverts and the distribution of round-trip times, and if round-trip
times arei.i.d., we can computep as

0 1 )
=—="—(@1 R ;
p= 1 R()

This expressiorof p only holdsfor Al.i, which modelsnewversionsof TCP (Newreno,
SACK) that do not divide their windows more than onceper round-trip time, regardless
of the number of padketslost. It doesnot hold for Al.ii. Indeed,under Al.ii, every padet
lost results in a division of the congestionwindow, and sop = =X . By substituting in
(5.8), we get

*TERIC ROXA )

This is an implicit equationin X. The squareroot relation betweenX and p does
not hold in this cortext.

The squareroot formula for TCP throughput we presen in this section suggests
one more thing. If the probability p with which a TCP padet causesa division of the
congestionwindow is constart independer of the round-trip time, the throughput of new
TCP versionsas Newrenoand SACK will depend on the round-trip time only through
its average,and so the existing models in the literature hold in this case. The existing
models do not hold in the other casessincethe distribution of round-trip times is to be
considered.

5.5 Dependence of throughput on delay variabilit y

The analysiswe presen in this sectionis doneunder Al.i for i.i.d. round-trip times and

n = . It alsoholds under Al.ii for i.i.d. round-trip times. At the end of the section,
we commen on the validity of the result for any stationary ergadic processof round-trip
times.

We study herethe impact of variability of delay on the expectedwindow sizeand on
the throughput. We considerthe expectation of the window sizejust beforetimes T,,. As
we saw above, the throughput of the AIMD medanism, X, is proportional to the expected
window size,so studying one of the two quartities is equivalert to studying the other.

Using our above results, we concludethe following:
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Theorem 5. Consider two AIMD systemshaving the same loss process and the same
averagedelay. Both systemsare identical. Let R, and R, be their round-trip times and
supmsethemto beii.d. DenoteR () = E[exp( R,)]andR ( )=E exp( R;) .
Assumethat

R() R(): (5.10)

Let W, (resp. W,) bethe windowprocesscorrespndingto R,, (resp.R,). The throughputs
of the two systemsare X and X . We havethe following,

h i
EW,] E W, ; X X

Pro of: The proof easily follows from (5.4) and (5.9).

We explain now the relation between(5.10) and the variability of round-trip times. A
popular measureof variability of randomvariablesis the convexincreasingstochastic order.
We sa that the variable R, is larger than the variable R,, in the corvex increasingorder
(or more variable) if for any corvex increasingfunction h, we have E[h(R,)] E h(R,) .

We denotethis by R, ¢ Rn. Ry is greaterthan R, in the increasingcorvex order if
and only if there exists a joint probability spacesud that R, E R,jR, . For more
details see[10, Chp.4 (2.3.2)].

Sincethe function g(R) := exp( R ) is corvexin R, we then obviously have

Remark 6. Either one of the following is a su cient condition for (5.10):
() Rn conv Rn, OF
(i) LetR beaconstantandletR=R,, E[R,].

The rst property ensuresthat the variability of R, is larger than that of R,,. If it
is the case,the condition (5.10) is satis ed and the throughput of the AIMD medanism
in presenceof R, is larger than the onein presenceof R,,. The secondproperty, combined
with Theorem5, implies that if we replacedelays by their expectations, the throughput of
an AIMD medanism decreasesOur main result is then: the larger the variability of the
delay, the better the throughputof AIMD mechanismsin geneal, and of TCP in particular.
A related result has beenfound in [3], but in another cortext. [3] shaws that the larger
the variability of times betweenlossewens, the better is the throughput of TCP.

Consideryet the caseof i.i.d. round-trip times. When the averagetime between
padet losseds large comparedto the averageround-trip time, the i.i.d. casecorvergesto
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the constart round-trip time case.Indeed,in (5.9), the term R ( ) canthen be approxi-
mated by the rst two terms of the Taylor expansion,i.e. by 1  E[Ry]. This leadsto a
throughput X = =((1 ) E?[Ry]), which equalswhat we obtain in the constart round-
trip time case.The variability of the round-trip time in this casehasalmost no impact on
the throughput, and the round-trip time can be safely substituted by its average. Thus,
modelsassumingconstart round-trip times hold in the caseof i.i.d. round-trip times that
are on averagesmall comparedto times betweenlossewens. In all other caseswherethe
delay varieson time scalesof the order of the averagetime betweenpadket lossesa model
asthe onewe proposeis required.

5.6 Numerical results

5.6.1 Simulated scenario

Instead of creating an arti cial model for a variable delay, we preferred to simulate a
realistic scenariothat inducesa largevariability in the delay. We usethe ns-2simulator [67]
to study the scenariodepictedin Figure 5.1. Each simulation is run for 2000simulation
seconds. The TCP sourcestarts at time t = 0 and the ON-OFF sourcestarts at time
t = 3 secs.A PoissonON-OFF sourceis attached to node n;, and a NewrenoTCP source
is attached to node n,. The lengthsof ON and OFF periods are exponertially distributed
and are set to the sameaveragevalue. During ON periods, padets are sert accordingto
a Poissonprocess.

The link betweennodesn, and R,, which is calledlossylink, drops padets according
to a Poissonprocess. The padet lossrate in the lossylink is assumedto be xed and
equalto padet-losses/second.The SimplelntServ queueat the input of node R; is a
2-lewel priority queue,where padkets from the ON-OFF sourceget higher priority. The
scenariois con gured in a way sud that there are no congestionlossesin the network
(this is done by setting a large bu er at the input to the bottlened link). Our objective
is to validate the model in presenceof a lossprocessindependert of the window size.

5.6.2 Results

The results we presen in what follows consideronly the casewhere , = . Figure 5.3
comparesthe performanceof the simulations for three analytic modelsthat correspnd to
three di erent assumptionson the round-trip time (RTT) process:

Only the mean RTT valueis consideredwhen computing TCP throughput. This
meansin particular that we ignorethe variability and correlation of round-trip time
samples. Since our simulations are run with the Newreno version of TCP, this
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Figure 5.1: The simulated topology.

correspnds to caseAl AZ2i. So, throughput is computed using the following
expression:

1
1 E[Ro](1 e ElRodl)’

X =

with = 0:5 (sincethe delayed ACK featureis used)and = %

The whole RTT distribution is consideredwhen computing TCP's throughput,
but the correlation is ignored. RTTs are thus consideredto bei.i.d. Equation (5.9)
is used for computing the throughput and the Laplace-Stieltjestransform in this
equation is ewvaluated using all RTT measuremets instead of just using the mean
RTT.

The correlated case or Markov case.The throughput is computedin the following
way.

We rst usea simple empirical approat to model RTT asbeing modulated by
a two state (ON-OFF) Markov chain. This is done by assiating large RTT
valuesto an ON state and small valuesto an OFF state, and then computing



Sec.5.6 Numericalresults 91

the empirical transition rates betweenthe statesof the modulating chain. More

precisely we sort in ascendingorder the RTT values, then choosea sample
subsetto be the OFF state (the lowest RTT values)and the rest of the samples
are consideredthe ON state. The ON state is chosenfrom the point wherethe

orderedRTT processncreases/ery fast (generally the ON state is taken above
the rst 85% samplesof the orderedRTT process).Figure 5.2 shavs a typical

RTT trace and the correspnding orderedRTT procesqright). So,in this case,
the RTT processis consideredto be in the ON state starting from about the

samplenumber 96000n the orderedRTT process.

| =1/10 On = Off = 15, mean__. = 0.17747 | =1/10 On = Off = 15, mean_.. = 0.17747

05 b 051

\ | \ \ | \ \ \ \ \
0 2000 4000 6000 8000 10000 12000 0 2000 4000 6000 8000 10000 12000
RTT sample number Ordered RTT sample number

Figure 5.2: A typical RTT processand the ordered RTT processfor deciding ON and
OFF states.

By analyzing the original RTT processwe obtain the vector R;, wherei 2
fon, o grepresets the state of the Markov chain underlying the RTT process.

We get the transition probabilities of the Markov chain modulating the RTT
processas follows:

N
Pi = NP and pi =1 pj;

wheref(i;j);i 6 jg 2 fon,o0 g, Nj is the number of transitions betweenon-

0 (resp. o-on) states,and N; is the total number of RTT samplesoccurred
during state .

The steady-stateprobabilities are computed as:

N

NRrrr
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Table 5.1: Con dence intervals for the Markov approad when = .
ON-OFF [s] | E[Xon ore] | Con denceinterval |

5 2:3542 1P 0:0237 10¢°
10 24471 10° 0:0201 1C°
15 2:4850 1C° 0:0254 10C°
20 24318 10° 0.0257 10°
25 2:6546 10° 0.0177 10°
30 2:6344 1P 0:0185 1C°
35 2:3678 1P 0:0319 10
40 2:4649 1P 0:0270 1C°
45 2:4993 1P 0:.0266 10C°
50 2:6316 10° 0:.0125 10°

wherei 2 fon, o0 g, N; is the number of samplesof the RTT processduring
state i, and Nyt is the number of samplesof the RTT process.

Finally, we computew asin (5.5), then we calculatethe throughput in [bps]as:

8B P
- Wi
X = ———;
E[Ro]

whereB = 1000bytes is the sizeof TCP padets and, asabove,i 2 fon, o g.

To compute ead point in the following gures, the samesimulation is run M times
with di erent seedsthe throughput is computedfor ead run, and it is nally averaged
over M. We considera value of M = 50 in our simulations. As an example, we show
in Table 5.1 the 95% con dence intervals for the Markov approat for M = 50. Since
con dence intervals are small enough,M = 50 is well justi ed.

Figure 5.3shawvsthe throughput resultsfor = % losses/sand = %) losses/s.Each
point in the plot correspndsto the averagethroughput computed for the correspnding
ON-OFF period lengths. The x-axis represeis the averageduration of ON and OFF
periods. For all casesthe ON and OFF periods are setto the sameaveragedurations. The
plot labelled as Fixed represets the casewhenthe meanRTT valueis only considered
for throughput computation. The plot labelled as Variable represets the casewhen
the whole RTT distribution is consideredbut not the correlation, and the plot labelled
as Markov graphsthe correlated case. For all casesthe Newrenoversionof TCP was
considered.

The rst thing we concludefrom our simulation results is that consideringdelay
variability (Variable and Markov cases)leadsto a higher throughout than in the case
when only the averagedelay is considered(the Fixed case). The secondremark is that
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Figure 5.3: Throughput computedwhen consideringdelay variability.

the real TCP throughput computed from measuremets is closerto the Variable and
Markov casesthan the Fixed case. This indicates that our model is able to provide a
better approximation of TCP throughput than existing models which only considerthe
meandelay. Note how, starting from ON-OFF period lengths of 20 secondsthe Markov
approad is the nearestto the real measuredthroughput.

5.7 Conclusions

We presetted a model for an AIMD medanism that accours for delay variability. The
model is basedon stochastic di erence equations. We solwed this model for the momerts
of the window sizein the stationary regime as well as for the throughput for the caseof
i.i.d. and Markov correlated round-trip times. We then studied the dependenceof the
throughput on delay variability. Our main analytical result was that the throughput of
an AIMD medanism increasesvhen the delay becomeamnore variable.

In our analysis,we coveredtwo AIMD versions.The rst onedivides its window in
a lossyround-trip time by a constart which is independen of the number of losses.This
medanism models the new versionsof TCP as Newrenoand SACK. We also considered
another AIMD medanismthat dividesits window by a constart for ead lossevernt. This
latter medanism modelsthe Renoversionof TCP.

We validated our analytical results with ns-2 simulations. We can summarizeour
conclusionsfrom the numerical validation as follows:

A model that only considersthe meanRTT underestimatesthe total throughput of
TCP.



94

Chap.5 TCP perfamanceundervaiabledelay

A model that accours for the distribution of RTT but not the correlation (i.e.
Equation (5.9)) is more accuratethan the model that replacesRTT by its mean.

The Markov model that takesinto accourt alsothe correlation is the most accurate
amongthe classof models we considered. We may expect further accuracyto be
obtained by using a higher order Markov chain (with more than two states).



Chapter 6

Conclusions and perspectives

6.1 Conclusions

This thesiswas organizedin two parts. In the rst part we have investigatedthe factors
impacting the quality of interactive real-time multimedia applications. Though we focus
on audio applications, our results are valid for any kind of real-time applications usingthe
sdhemeswe studied. In the secondpart we have proposeda model for the performance
of AIMD-lik e protocols in presenceof variable delay; the model is basedon stochastic
di erence equations. We obtain a closed-formexpressionfor the throughput illustrating

the impact of delay variability.

In Chapter 2, we have investigatedthe performanceof a simple FEC schemeimple-
merted in audio tools like Freephong[34] and Rat [79]. Redundancy which is compressed
with a higher compressiorratio than the original information, is carried padets apart
from the original padket. We modeledthe path betweensenderand receiver as a single
bottlenedk node in the network, and we supposedthat the bottlened router is dedicated
only to the audio ow. Our assumptionholds when, for example,all owsin the network
implemen the FEC sthemewe studied. We usedan M =M =1=K queueto model the loss
processof audio padets in the bottlenedk router. The Poissonassumptionof interarrival
times is justi ed by the random delay addedto padkets by routers located upstream the
bottleneck. Our main objective wasto nd a simple mathematical expressiongiving us
someinsights on the gain from using this FEC sthemeon audio applications. The expres-
sion we obtained expresseshe audio quality at the receiwer as a function of the amourt

95
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of FEC redundancyand the o set betweenthe redundancyand the original information.
Our main result is that, even for the upper bound of audio quality, ! 1 , adding FEC
with this stheme always leadsto a quality deterioration, which is mainly causedby an
important increasein the network load.

In Chapter 3 we addressedhe questionof whenand how this FEC sdhemecanleadto
a quality improvemert in audio applications. We consideredthe caseof a singleaudio ow
sharing the bottlenedk with an exogenoudra ¢ not implemerting FEC. We alsorelaxed
the linear utilit y function we derived in Chapter 2, and we consideredthree di erent non-
linear utilit y functions. This assumptionis basedon previousobsenations for multimedia
applications [96], whereit is shovn that this kind of applications are typically non-linear,
being convex around zero and concave after a certain rate, with this rate depending on
the type of multimedia application. For example,for the caseof audio applications, the
reconstruction of a padket from a copy with a compressiorratio < 1 may give a quality
closeto that of the original padet. For the caseof multiplexing an audio ow and other
ows not implemerting FEC, we modeled the other ows as a single exogenousow of
constart rate and with an exponertially distributed padet size. The arrival processat the
bottlened of the audio and exogenouso w was modeled as a Poissonprocess. We also
assumedthat audio padets arrive at the bottlenedk accordingto a Poissonprocess.We
modeledour systemasan M =G=1=K queuingsystemwhereservicetimes are independert
and identically distributed. We solved numerically our expressionsof audio quality for
di erent queueloads, and for di erent amourts of FEC. We shawved that it is possible
to get a gain with the FEC sdheme we studied if the intensity of the audio ow is low
comparedto the exogenouso w not implemerting FEC. When the intensity of the ow
implemerting FEC increasesthe gain in quality decreasesand it would dissapear when
most of the ows start implemerting FEC. With this results in mind we also conclude
that a linear utilit y function is not an adequateassumptionfor assessinghe quality of
this kind of applications. We con rmed this result when we studied di erent non-linear
utilit y functions at the end of Chapter 3.

We looked in Chapter 4 at algorithms for playout delay cortrol. Thesemedanisms
reduce the e ects of jitter at the receiver by trading loss for delay. We identied in
algorithms currertly implemerted in audio tools like NevoT [91], the lack of a parameter
allowing to cortrol the lossrate in an audio session.Controlling this parameteris a key
characteristic for any playout adaptation algorithm. Our main objective in this chapter of
the thesiswas to proposean algorithm for playout delay with tunable lossrate. Playout
algorithms estimate the arrival time of future padets for computing their correspnding
playout deadline. We proposeda set of Moving Average (MA) algorithms for playout
delay with tunable lossrate: an oine MA algorithm, an oine MA algorithm with a
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transformation of the optimum playout delay process,and an online hybrid algorithm.
To prove the performanceof our algorithms we usedmeasuremets of padket end-to-end
delay of audio sessionglone with NevVoT. We comparethe performanceof our approadh
with algorithms currertly implemerted in the NeVoT audio tool proposedby Ramjee et
al. in [82]. We comparedthe performanceof our algorithms with those of Ramjee by
using a simulator that readsthe trace les of end-to-enddelay. Our algorithms gave a
better performancethan the Ramjee'salgorithms for most of the casesin the lossrange
of interest for interactive audio applications, with the main strength of our sdhemebeing
the ability to cortrol the losspercerage seenby an audio session.

Finally, in the secondpart of this thesis,we studied in Chapter 5 the performanceof
AIMD-lik e protocols under variable delay. Seeral accurate models exist for this kind of
protocols; however, they ignore delay variability. Moreover, they computethe throughput
by modeling the round-trip time asbeingconstan, andthusreplacingit by its expectation.
We proposed,at the best of our knowledge,the rst analytical model for AIMD protocols
accourting for delay variability while computing the throughput. Our model is basedon
stochastic di erence equations. We obtained closedform expressiondor the throughput
and the window sizein steady state. We validated our model by analysisand simulation
with the NS-2 simulator [67]. To this end, we modeledtwo versionsof the TCP protocol:
Newrenoand SACK, and TCP Reno. We consideredtwo di erent caseswhile modeling
round-trip times (RTT): the casewhen RTT are independert and identically distributed
random variables,and the casewhenRTT are Markov correlated. Our main result is that,
when the padket loss processis constart and when RTT are i.i.d., the throughput of an
AIMD medanism increaseswith delay variability. This is a very important result since
it meansthat current modelsfor AIMD protocols, which only considerthe rst momert
of round-trip delays, underestimatethe performancewhen padket delay is variable. For
the Markov case,we considereda simple two-state (on-o ) Markov chain for modeling
round-trip time. We obsened that, for mean ON-OFF RTT periods from 25 secondshe
Markov model is the most accuratethan the other models we considered.

6.2 Perspectives

The set of MA algorithms we proposedadapt the playout delay at the beginning of eat
talkspurt during an audio session. Recen works on playout delay cortrol algorithms
proposemedanismsfor adapting the playout delay in a padet fashionrather than in a
talkspurt fashion. The advantage of thesemedanismsis that they are more aggressie in
decidingthe playout deadlinefor a padet, reducingin this way the averagetime that pack-
etsstay in the playout bu er. Besides,n arecen paper [100], Sunand Ifeachor proposea
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talkspurt-based adaptation algorithm for playout delay basedon the predicted subjective
quality given by a method similar to PESQ. We think that per-padet adaptation and
bu er adaptation can be usedin a highly dynamic way to adieve a better performance.
So, our future work in this direction will focus on per-padket adaptation playout algo-
rithms. We will evaluate di erent bu er adaptation methods basedon subjective quality
prediction, and we will study the feasibility of their implemertation on audio tools.

Besidesthere existsan increasinginterest on adaptive sdhemesfor audio over padet-
switched networks. In [19], Boutremansand Le Boudecproposea sthemethat allows an
application to cortrol its sendingrate (and inherertly the amourt of redundancyit injects
into the network) basedon the network conditions. The sendingrate is thus a function
of the loss and delay processeof the network. The E-model is usedto nd functions
relating the encaling rate with the R-factor, and the lossrate and the end-to-enddelay
with the utilit y seenby an application. The authors validate their stheme numerically
and by simulation.

The sthemeproposedby Boutremansusestraditional talkspurt-basedplayout algo-
rithms. We think that a per-padet playout algorithm using subjective quality prediction
can be usedtogether with the model of Boutremansto give better performance. We will
focusour future researt on this direction.



Ballot theorem

In this appendix, we cite the Ballot theoremthat we have usedto solwe the problem for
casel K . The readeris referredto [101]for details.

Theorem 7. Supmse that an urn contains n cards marked with nonnegative integers
ki ko oo ky, respctively, whee ky + k;, + + k, = k n. All the n cards are drawn
without repla@mentfrom the urn. Denoteby ,, r = 1;2;:::;n, the numker of the card
drawn at the rth drawing. Then,

; (1)

Pf 1+ + ,<r for r=1:::;ng=1

provided that all possibleresultsare equaly prokable.

99



100 Chap.6 Conclusionsnd persgectives




Part |1

Présentation des Travaux de These

101






Annexe

Intro duction

Depuis sa création, I'Internet est en éwlution permanerne. Ceci est surtout did a la
simplicité de son architecture baséesur IP. Le protocole IP fournit un simple service
best-e ort basésur la transmissionde datagrammes,sansaucunegarartie dans!'ordre
de livraison desdits datagrammes,leur intégrité, ou l'arriv ée de chague datagrammea sa
destination [77]. Cette simplicité permet d'interconnecterune grandediversité de réseaux
et de former ce qu'on connait commel’internet.

Pour palier a la simplicité et aux incorvénierts du protocole IP, le protocole TCP
(TransmissionCortrol Protocol) fournit un service able de transmissiondesdonnéesa la
coude d'application [78]. Les fonctions principales du protocole TCP sort : le cortrole
de ux de bout enbout, le corirle deserreurs, et le cortréle de congestion.Le cortrdle
de ux de bout en bout signi e qu'un émetteur ne peut injecter dans le réseauplus de
donnéegque cequele récepteurpeut accepter. La fonction de cortrdle deserreursconsiste
a récupérer chaqueperte despaquetsdansle réseau; cette tache est possiblegracea une
procédurede retransmissionbaséesur desnumérosde séquencegdesacquittemerns positifs,
et un temporisateurde retransmission.Le cortréle de congestionpermetd'adapter le débit
de transmissiond'une sourceen fonction de la charge du réseau[42]. Le protocole TCP
réalisecesfonctionsde bout enbout et sansaucunemodi cation au réseau; c'est de cette
facon que la transmissiondesdonnéesdans/l'internet est réaliséed'une facon able.

Le conceptd'un réseaua intégration de servicesestd'un grand intérét [46,98]. D'un
cOté, un nouveauréseauvertébrale téléphoniquefournirait plusieursniveauxde qualité de
service(QoS) pour transporter di érents typesdetrac. De l'autre coté, I'Internet actuel
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serait utilisé pour transmettre du tra ¢ multimédia, c'est-a-dire,de la voix, de la vidéo,
et desdonnéesen mémetemps.

L'Internet a été conguinitialement pour transporter du tra ¢ de donnéesen utilisant
le protocole TCP sur IP. La transmissionde tra ¢ temps-réelestun dé bien plus grand
car ceciposedes cortraintes tres strictes de délai et de qualité de service. Utiliser TCP
pour transmettre cetype de tra ¢ n'est pasen généraladéquatpuisque celui-ci intro duit
de la variabilité du délai d0 a la retransmissionet au reordonnancemen De plus, les
mécanismedde cortrble de congestionde TCP ajoutent de la variabilité dansle débit.
Lesapplications temps-réelsort sensiblesau délai et au débit ; en revande, ellespeuvent
tolérer un certain taux de perteset ne nécessiteh pasune abilité a toute épreue.

Plusieursstandardsexistert pour transmettre du tra ¢ multimédia sur desréseauxa
commnutation de paquets. Le standardle plus répandupour le tra ¢ multimédia estH.323.
Celui-ci utilise de I'encapsulationRTP pour l'audio sur UDP/IP [107]. Le protocoleRTP
(Real-time Transport Protocol) fournit desfonctions de transport de bout en bout pour
les applications multimédias temps-réel,et supporte destransmissionsmultip oint et point
a point. [92] Les protocolesRTCP (real-time transport cortrol protocol) et RTP sort
généralemen utilisés ensenble pour fournir des statistiques a la coude d'application,
telles que le taux de pertes, la gigue, etc. Cesstatistiques sort d'utilité aux applications
multimédias pour implemerter desmécanismefquitablesavecd'autres ux partagearn le
mémelien [18,19,52,64]. Ainsi, il estpossiblede construire desapplicationsimplemertant
desmécanismesdaptatifs similairesa ceuxde TCP. Cetype de mécanismeest conru sous
le nomde TCP-amical (TCP friendly enanglais).

De nosjours, l'un desservicestemps-réelqui commencea étre amplemen déployé
est celui de la transmissionde voix sur I'Internet. Ceci est aussiconru sousle nom de
Téléphonie sur Internet, ou tout simplemen VolP (Voice over IP en anglais) [39,102].
Transmettre de la voix sur Internet présere plusieurs avantages. L'un desavantagesle
plus important est le colt de transmission. Le codt d'un appel sur un réseaua com-
mutation de paquetscommel'Internet est bien plus bas que son équivalert sur un réseau
téléphoniquetraditionnel. D'autres avantagesquel'on peut citer sort le partagede c hiers
et de tableaux, la possibilité de passerdesappelscryptés, iderti cation de |I'émetteur, etc.
Utiliser I'Internet pour transporter du tra ¢ de voix présettie aussiplusieursavantagesdu
point de vue du fournisseurde services.Par exemple,l'intégration de di érents typesde
tra ¢ serait bien plus simple qu'avec le réseautéléphoniquetraditionnel, la commutation
serait moins colteuse et les plateformesde gestionseraien plus robustes.

Dans le modéle de basede la téléphonie sur Internet, les utilisateurs ont accésa
un terminal multimédia (notamert un ordinateur) connectéa l'internet. Les utilisateurs
peuwert y étre connectégar desnombreux moyens: une connexionpar modem classique,
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Figure 1: Scénariogénérald'une sessioraudio.

une ligne ADSL, un réseaulocal (LAN), ou mémeun réseausans . Si plus de deux
utilisateurs participernt a une corversation, une connexionmultip oint est souwert établie.

La Figure 1 illustre les opérations généraledors d'une sessiomudio. A I'émetteur,
la voix est édartillonnée et numérisée,pour étre alors transmise a l'autre bout. Alors,
I'application réceptrice stocke les paquetsregusdans un tampon, pour les jouer ensuite
aprés une certaine deadline. Pour réduire le taux de pertes au récepteur, les paquets
transmis sort souwert encalésavec descodescorrecteursd'erreurs (FEC).

La Figure 2 montre le scénariode basede la téléphonie sur IP. Dans ce cas, une
sessioraudio est établie ertre deux terminaux multimédia. Les opérationsquel'on a cité
précédemmensort réaliséespar lesdits terminaux. Ce scénariode basea éwlué en deux
autresscénariosllustrés danslesFigures3 et 4. Dansla Figure 3, un terminal multimédia
est connectéa I'Internet et transmet despaquetsde voix a un téléphonetraditionnel. Le
téléphoneest connectéau comnutateur certrale téléphonique,et celui-ci a son tour est
connectéa l'Internet au moyen d'un gateway de téléphonieIP. Dans la Figure 4, deux
téléphonessort utilisés pour faire un appel sur Internet. Dans ce cas, l'utilisateur qui
place I'appel cortacte le gateway de téléphonielP, puis se connecteau systemeavec un
iderti cateur d'appel, pour pouvoir alors composerle numéro du terminal qu'il souhaite
appeller. Une sessionH.323 est alors initiée avec I'adresselP du gateway du récepteur,
qui est capablede cortacter le téléphonedu récepteur. C'est a ce momert que la session
de voix commenceet que les deux gateways éhangen despaquetsIP. Dans ce cas, les
opérations de paquetisation, encalage,décalage, et de reordonnancemendespaquetsse

Telephone
ﬁﬁeegpone line or
LAN
LAN
segment m] o segment
IP router IP router
Multimedia PC Multimedia PC

Figure 2: Scénariode basede la téléphoniesur IP.
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Figure 3: Architecture terminal multimédia téléphone.

font dansles gateways.
Les architectures que nousvenonsde décrire imposen deux grandsdé s :

1. Lepremierdé estceluidelimplemen tation d'un systemeVolP. Un terminal VolP
demandebeaucoupplus de ressourcesqu'un téléphone traditionnel puisqu'il doit
supporter plusieurscodecs. Un autre problemeassaié a la transmissionnumeérique
de la voix est la annulation de I'écho. Lorsque l'architecture de VolP comporte
au moins un téléphone,la corversion de quatre a deux Is induit de I'écho dans
la communication. Dans ce cas, I'écho est souwvert réduit avec des mécanismesle
Itres adaptatifs. Dans le casou il y a au moins un ordinateur dans une session
audio, l'absenced'écouteurspeut faire que l'un des participants entende sa propre
voix. L'écho dans ce casest facilemern annulé en utilisant des dispositifs adaptés
aux corversationsmultimédias [14].

L'architecture d'un systémeVolP posedeux autres problemes: le support de la

transmission en tones multifréquences (DTMF: Dual Tone Multifrequency), et la
syndronisation deshorloges. DTMF seréalisesouvert par une indication d'entrée

oon ¥ 2N
— /%53 b
Telephone Telephone

N _ N

Centrd office Central office
switch or local hub switch or local hub

/ \ Internet telephony Internet telephony / \

gateway gateway

Figure 4. Architecture téléphone téléphone.
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Figure 5: Syndronisation NTP.

(H.245) avec H.323, ou plus récemmen avec SIP (Sessionlnitiation Protocol) [93].
La syndronisation deshorlogesest une caractéristiquesouhaitabledansla voix sur
IP puisqu'ellepermetd'éliminer la déviation deshorlogesertre I'émetteur et le récep-
teur [41,62,66,70,116]. Le protocoleNTP (Network Time Protocol) estgénéralemen
utilisé pour syndroniserleshorlogesdanslesapplications VolIP, il estsouwvert utilisé
avec GSM (Global Systemfor Mobile communications) pour avoir une plus grande
précision,mais|'utilisation de cedernierrestecolteuse.La Figure 5 mortre la plate-
forme utilisée dans[62] pour syndroniserleshorlogesde deux terminaux en utilisant
NTP. Un seneur de temps GPS comnunique le temps de baseau seneur NTP (au

milieu).
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La syndironisation des horlogesest béné que aussipour les performancesdes al-
gorithmes de cortréle de di usion (playout delay en anglais). Nous étudieronsces
algorithmesen détail dansle Chapitre 4.

. Le secondgrand dé posépar la téléphoniesur Internet, et sansdoute le plus di cile

arésoudre,estdefournir dela qualité de service (QoS) . Puisquel'lnternet estun

réseau best-e ort , transmettre de la voix numériséesur celui-ci est un probléme
tres complexe.Lestrois facteursqui a ectent la qualité de la voix dansune session
VoIP sort :

Bande passante. Un utilisateur qui participe a une sessionVolP doit avoir un
minimum de bande passate pour pouvoir placer un appel avec une qualité
acceptable.Un utilisateur qui seconnectea l'Internet avecun modemde 33kbps
serait plus limité qu'un utilisateur qui s'y connecteavec une liaison ADSL, ou
un réseaulocal (LAN).

Codecs. Puisque la bande passate est une ressourcevariable, il est souhaitable
gue le partage de bande passare soit équitable ertre les applications VoIP et
d'autres applications. Alors, une application VolP doit, de préférence,étre
amicale dansle sensde TCP (TCP friendly). Cecisignie que le débit de
transmission doit étre adaptatif en fonction de la bande passare disponible
dansle réseau. Une application VolP peut varier son débit gracea di érents
codeurs. Si a un instant donné,la bandepassare reduit, une application VolP
change ala volée sondébit de transmissionen changeam satransmission
avec un codeur de plus basdébit [19,61,68].

Délai. Deux typesde délaijouert un réle dansla transmissionde voix sur Internet
. le délai xe et le délai variable. D'abord, la partie constarie du délai est
composéedes opérations de quarti cation, paquetisation, transmission, et de
décalage. Ce type de délai dépend du codeur et de la taille despaquets. Des
implemertations matérielles,telles que lestéléphonedP, permettert de réduire
cette partie constarte du délai. La partie variable du délai est composéedu
délai de bout en bout et du délai de di usion dansle récepteur[82]. Le délai
de bout en bout est une fonction de I'état du réseau. Quand le réseauest
enconbré, la variabilité du délai de bout en bout augmerne. Cette variabilité
est conrue sousle nom de gigue (jitter enanglais). La Figure 6 illustre les
di érents typesde délai dansune sessionvolP.

Pour réduire la gigue, des mécanismedde cortrole du délai de di usion sort
utilisés[1,28,32,54,65,83,97,103]. Le délaidedi usion estletempsd'attente des
paquetsdans le tampon du récepteur. La fonction principale d'un algorithme
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Figure 6: Di érentes composarties du délai dansune sessionVvolP.

de cortréle du délai de di usion est de faire un compromisertre le taux de
pertes tardives et le délai, tout en réduisart la gigue. La Figure 7 montre
la performancedesalgorithmes proposésdans [82]. L'axe desy représete le
temps écouléertre l'arriv ée despaquets, et I'axe desx représete les numéros
de séquenceau coursde la sessioraudio. Lespaguetsavecune giguesuperieure
a la ligne de deadlinesort considéréssommeperduset ne sort pasjoués. Ceci
augmerte le taux de pertes mais améliorel'interactivité de la session.Dansle
Chapitre 4 nous étudions en détail ce type d'algorithmes, et nous proposons
une nouwelle approche permettant de cortréler le taux de pertesmoyen vu par
une application audio.

Pertes. Pour réduire lese ets despertes,desmécanismegproactifs et réactifs sort
souvert utilisés par uneapplication deVolP. Le mécanisméde plus utilisé estune
approche proactif de correctiond'erreurs (FEC Forward Error Correction) [14,
39,72]. Cesmécanismedransmettert d'abord les paquets originaux, et puis
leur redondancedans des paquets séparés. Ainsi, si un paquet est perdu, il
peut toujours étre récupere et joué en attendant saredondance.Un autre type
de mécanismeFEC utilise I'encodagede parité [31]. Dans ce cas, les paquets
sort rassenblésdansde groupesd'une taille donnée,et puis une opération XOR
estréaliséesur chaquegroupe. Le paquetrésultant esttransmis avecle groupe
suivant et il estplacédansle premier paquet. Ce mécanismeproduit un paquet
deuxfois plus grand quela taille desautres paquetsdanssongroupe. Il permet
de récupérer une seuleperte.

Lesdeux typesde mécanismed-EC que nousvenonsde décrire permettert de
réduire le taux moyen de pertesau dépit d'un délai additionnel. Par ailleurs,
an de réduire au maximum le taux de pertes, des mécanismesmplemertés
dansle récepteursort souvent utilisés. Quelquesexemplesde cesmécanismes
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Figure 7: Opération de based'un algorithme de cortrole du délai de di usion.

sort l'insertion de silence l'interp olation, et la régénérationdespaquets[38,72,
88 90].

Dans le Chapitre 2, nous proposonsun modélede les d'attente pour analyser
les performancesd'un mécanismeFEC proactif, qui est implemerté dans des
applications audio telles que Freephone[34] ou Rat [79].

Le délai, lespertes, et la giguesort inévitablesdansl'Internet actuel. Lestechniques
gue nous venonsde décrire doivent étre utiliséesa n de réduire leur e et sur la qualité
desapplications VoIP, ou sur la qualité de n'importe quelle autre application multimédia
utilisant cesmécanismes. Par ailleurs, la variabilité du processusde pertes et celle du
délai rendert encoreplus di cile la tache de fournir une qualité de serviceacceptablepar
cetype d'application.

Au cours des dernieéresannées,plusieurs e orts de recherdhe ont été réaliséssur
chaqueaspectdesapplicationsmultimédias. Onidenti e ensuitequelquesaxesderecherche
danscedomaine:

Pertes et délai de bout en bout. Le processuslie perteset celui du délaisort souvent
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corrélés. Si le paqueti estperdu, il esttrés probable que le paqueti + 1 soit aussi
perdu. Les pertes en rafale a ectent la qualité des applications multimédias. La
dépendanceertre le processusde pertes et celui du délai a été largemen étudiée,
et plusieurs mécanismesont été proposéspour réduire leurs e ets dans cesappli-
cations [11,15,16,37 39,52,63]. Dans [15], les auteurs supposen que lI'impact du
trac Internet surun ux de paquetsémisa desintervallesrégulierspeut étre mod-
élisépar un ux de Bernouilli en batch. lls proposen un mécanismede FEC, pour
I'implementer dans ce qui a été le premier outil audio capabled'adapter son débit
en fonction de I'état du réseau[34]. Plus récemmen Jiang et Schulzrinne montrent
dans[47] que, lorsqueles applications multimédias subisseh despertesen rafale, le
processudgle pertes nal aprésle décalagede la FEC et aprésle cortréle du délai
de di usion esttoujours a ecté par lespertesenrafale. Le mécanisme~EC proposé
dans[15]a été étudié par analyseet simulation, et il fait toujours I'objet d'une ample
recherche.

Algorithmes de délai de diusion. Lesalgorithmesde cortréle du délai de di usion
proposéspar Ramjee et al. dans [82] sort la référencela plus citée dans cet axe
de recherche. lls proposen quatre algorithmespour adapter le délai de di usion au
début de chaque phrased'une sessionaudio. D'ailleurs, ils identi en t despics dans
le processusdu délai de bout en bout, et ils proposen un algorithme particulier
pour réduire les e ets de ce phénomeéne.Depuis, d'autres algorithmesont été pro-
poséspour améliorerles performancesdesmécanismesie Ramjee[49,65,73]. L'idée
généraleest de mettre a jour régulieremen la distribution du délai de bout enbout,
et d'adapter le délai de di usion d'aprésun taux de pertessouhaité. Une classedif-
férerte d'algorithme a été proposéedans[55,57 59,113]. Cesalgorithmessort trés
dynamique car ils mettent a jour le délai de di usion a l'arriv ée de chaque paquet.
Ainsi, lespaquetspeuwert étre jouéspresqueimmeédiatemen aprésleur arrivée. Ceci
est possiblegracea une technique de traitement de signaux appelée modi cation
de I'échelle du temps [99,108,114].

Proto coles. Il existe plusieurs protocolespour transmettre du tra ¢ multimédia sur In-
ternet. Desprotocolesde transmission,desprotocolesde recherche de gateway [85],
des protocolesde signalisation [84], des protocolesqui collectert de statistiques de
Qo0S[92], et desprotocolesde syndironisation. lls sort actuellemen utilisés et large-
mernt déployés. Par exemple,lesprotocolesde recherche de gateway et lesprotocoles
de signalisationsort actuellemen dessujetsde recherdhe tres actifs. Si un terminal
IP est utilisé pour appeler un téléphonetraditionnel, le terminal IP doit connaitre
I'adressed'un gateway approprié. Ceciest réalisépar un protocole de recherche de
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gateway Un mauvais choix du gateway peut ertrainer une mauvaisequalité d'appel.
Donc, cesprotocolessort censédrouver le gateway optimum pour placerdesappels.

L'un desobjectifs lesplusimportants dela la téléphoniesur Internet estl'in teropérabilité
avecle réseauéléphoniquetraditionnel. Pour cefaire, desprotocolesde signalisation

et d'interconnexiontels que H.323 et SIP ont été déployés. H.323 est utilisé depuis
longtemps, mais SIP commencea gagnersaplaceparcequ'il estmoinscomplexeque
H.323, plus facile a apprendre, son temps de latence d'établissemen de connexion
estfaible, et il estplus interopérable que H.323.

Evaluation de la QoS. Comme on a décrit précédemmeny les facteurs qui a ectent
la qualité desapplications multimédias sort les pertes, le délai, et la gigue. Il est
crucial de comprendrele comportemert et I'in terdépendancede cesphénomenegour
construire desmodelespermettant d'o rir la meilleure qualité de servicepossible.

Commern peut-on mesurerla qualité de service(QoS) d'une sessionmultimédia ?

Deux approchesgénéralesxistert. Les applications multimédia essaieh de réduire

au maximum les pertes et la gigue. La premiére approche pour mesurerla qualité

consistealors a mesurerle taux de pertes moyen, ou le délai de di usion maoyen

au cours d'une sessionmultimédia. On dit dans ce cas, que la QoS est mesurée
d'une fagonobjectiv e car une quartité physiquemesurable(le taux de pertes,ou le

délai moyen) est reportée par l'application pour indiquer la qualité percueau cours
d'une session36,65]. La deuxiemeapproche pour mesurerla qualité sefocalisesur

les utilisateurs des applications multimédias. Dans ce cas, la sessionest d'abord

enregistrée.ll y a alors deux signaux: le signal transmis et le signalregu. Le signal
d'origine est conru comme le signal de référence. Alors, un groupe d'utilisateurs

compareles deux signaux d'une facon subjestive en écoutart d'abord le signal de

référenceet puis le signal recu. Le signal recu est noté danslintervalle [1 ...5] en

fonction de saqualité subjective. Une note de 5 estdonnéepour indiquer la meilleure
qualité (pas de di érence ertre le signal de référenceet le signal regu), 4 pour une

haute qualité, 3 pour acceptable,et ainsi de suite. Une note égalea 1 est donnée
quand la qualité est évaluéecommeinacceptable. Cette faconde mesurerla qualité

est conrue sousle nom de Evaluation MoyennedesOpinions (MOS : Mean Opinion

Score,en anglais) [23,60,86,95,115].

Plusieurs e orts ont éteé faits pour standardiser une fagon de mesurerla qualité.
Dansle casdel'évaluation subjective, il faut calculerune moyenneMOS sur un grand
nombre d'utilisateurs ; ceciestunetachedicile. Donc, l'idée généraleestde prédire
la qualité subjective en fonction desparametresde transmission[48]. Par exemple,
dansla téléphoniesur Internet deux standardsont été proposés. le modele E [105],
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et PESQ (Perceptual Evaluation of Voice Quality) [106]. Les suppositions faites
cesdeux standards pour mesurerla qualité sort la di érence principale ertre eux.
Par exemple,le modele E ne considéreque les parametresstatiquesde transmission.
PESQ considerel'adaptation du délai de di usion mais n'inclut pasle délai absolu
danssonéwaluation. PESQ mesurela qualité d'un appel uniquemen en considéran
la qualité de la voix. Néanmoins,on a tendancea comparerla qualité d'un appel de
VolIP avec la qualité d'un appel téléphoniquetraditionnel. Le modéle E prend ceci
encomptea di érence de PESQ. Un autre facteur quele modeleE prend en compte
et que PESQ ignore est quelessourcesexternesnon corréléegqui a ectent la qualité
de la voix, sort considéréeslans une note psydiologique.

Le modéle E a été proposéa l'origine pour éwaluer les appels téléphoniquestradi-
tionnels, maisdese orts de recherche sort en courspour l'utiliser dansla téléphonie
sur IP. Dans[27], Cole et Roserbluth iderti en t lesparamétresde transport les plus
importants dans VoIP et les adaptert dans I'expressiondu facteur R. Le facteur
R représete la qualité d'une sessionaudio dans le modéle E. Celui-ci capture les
e ets du bruit, de I'écho, de la quarti cation, du délai, deséquipemerns spéciaux,
et d'autres facteursconcernan Il'utilisateur nal. Plus récemmen, d'autres travaux
ont été proposéspour simpli er le modéle E pour l'appliquer a desréseauxde com-
mutation de paquets[43,44,109 111].

Tari cation. La recherche danscette direction sefocalisesurtout sur desmécanismesle
tari cation pour de di érents types de qualité de service. Par exemple,dans une
application multimédia, un utilisateur voudrait payer moins pour une sessiond'une
bonne qualité et constarte que pour une sessionde qualité variable. La caractéris-
tique best-e ort de l'Internet rend plus intéressan cet axe de recherche. Dans [22],
Caesaret al. comparen plusieurs stratégiesde tari cation : plat (FL), sensitiwe
a la congestion(CS), sensitiwe a la QoS (QoSS), et un systémehybride sensitive a
la congestionet a la QoS (CSQo0SS).L'analyse se base sur un modéle avec deux
classed'utilisateurs. Les utilisateurs de type | paiert n'importe quel prix pour la
meilleure QoS. Les utilisateurs de type |1 demanden la meilleure QoS et payert un
co(t inférieur a un prix maximum donné. Dans [33], Ganeshet Laewens proposert
un mécanismedanslequelun routeur placeun co(t sccial dans chaquepaquet. Les
utilisateurs changen leurs demandesen fonction de ce prix. Le modéle maximise
une fonction d'utilité du prix qu'un utilisateur donnea la bande passare. Les au-
teurs donnert une dé nition du prix de congestionen fonction desdonnéesarrivant
sur le lien qui leur est alloué. Les auteurs montrent par simulation que le débit de
transmissionet le prix cornvergen.
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Contributions de la these

Cette thése est organiséeen deux parties. Dans la premiere partie nous étudions les
performancesdes applications temps-réelinteractives. Dans la deuxiéme partie, nous
analysonsles performancesdes protocolesde type AIMD avec des conditions de délai
variable.

Premiere partie : Applications temps-réel interactiv es.

Des applications telles que NevoT, Vat, Freephone,ou Rat ont été largemen utilisées
pour faire des audio et desvidéo conférencessur Internet, aussibien pour des sessions
multip oint que pour dessessiongoint a point. Lesdépendancesrire lesperteset le délai
ont été étudiéesau coursdesderniéresannéesget desmécanismegpour réduire leurse ets
dansles applications multimédias ont été proposéset implemertés. L'un desobjectifs de
cette théseest d'évaluer les performancesde cesmécanismesians|les applications temps-
réel interactives. Nous étudions dansle Chapitre 2 la performanced'un mécanismeFEC
implemerté dans Freephoneet Rat. Dans ce mécanisme e paqueti porte l'information
originale, et une versionredondarte encaléegénéralemena plus bas débit, esttransmise

paquetsapres. Par exemple,le paqueti estencalé avecPCM deloi , et saredondance
avec GSM ou LPC. Si le paqueti est perdu dans le réseau, il peut toujours étre joué
au récepteur si sa copie redondarte dansle paqueti + arrive. Le paquet redondart
est espacédu paquet original pour essger de réduire les e ets des pertes en rafale qui
sort typiguesdanslinternet. On supposeque la qualité de la copie redondarie est une
fonction linéaire du taux de compressiorpar rapport au paquet original. Alors, avec une
analysede les d'attente, nous mortrons que la quartité d'information utile au récepteur
diminue pour n'importe quellequartité de redondance et pour n'importe quellevaleur de

[5]. Ceciestun résultat tres important car celasigni e qu'utiliser de la FEC détériore
la qualité d'une application de VolIP.

Dansle Chapitre 3, nousgénéralisonsiotre modélede les d'attente en considéram
deux aspects qui peuvert améliorer la qualité: multiplexage avec d'autres ux, et des
fonctions d'utilité non linéaires. Cette derniére supposition est baséesur I'obsenation
que la qualité desapplications multimédia est souvert mesuréesubjectivemert, et qu'elle
dépendd'un largenombre de parametres. Desfonctionsd'utilité similairesa cellesquenous
proposonsont été utilisées precédemmen dans le cas des applications multimédias [96].
De plus, nousgénéralisonsiotre modele en utilisant une le d'attente M=G=1=K avecun
ux audioet un ux exogéne.Noustrouvonsdesconditions pour lesquelled'utilisation de
FEC estbéné que pour la qualité [4,6]. A noter que, bien que nousnousfocalisonssur des
applications de VolP, nos modelessornt valablespour n'importe quelle autre application
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utilisant cetype de mécanisme.

Dans le Chapitre 4 nous abordons le probleme du cortr6le du délai de di usion.
Dans les applications temps-réel,les paquetssort encaléspour alors étre transmis péri-
odiguemen. Cette périodicité estperduea causede la gigueintroduite lorsquelespaquets
traversern les les d'attente danslesrouteurs dansle chemin ertre I'émetteur et le récep-
teur. Les algorithmes de cortrdle du délai de di usion permettert de réduire la gigue
en faisart un compromiserre les pertestardiveset le délai. La plupart desalgorithmes
actuelsne permettert pasde cortréler le taux de pertespercu par une application audio.
Nous identi ons ce probléeme et nous proposonsun ensenble d'algorithmes de moyenne
mobile pour le délai de di usion permettant de cortrbler le taux de pertes lors d'une
sessionaudio [81]. Pour ce faire, nous éwaluons et comparonsnos algorithmes grace a
destracesréelles. Nous comparonsnos algorithmes avec ceux actuellemen implemertés
dans I'application NevoT. Nous montrons que les performancesde nos algorithmes sort
meilleuresque cellesde NeVoT pour un grand nombre de scénarios.

Deuxieme partie: Un modeéle pour les proto coles AIMD avec des
conditions de délai variable

Dans la deuxiemepartie de cette thésenous proposonsun modele pour analyserles pro-
tocolesde type AIMD avec des conditions de délai variable. Le meilleur exemplede ce
type d'algorithmes est le protocole TCP. Les applications multimédias non interactives
utilisent souwvert TCP car leurs cortraintes de délai ne sort pas aussistrictes que celles
desapplications interactives. Les modelestraditionnels pour les protocolesAIMD calcu-
lent le débit en modélisart le délai d'aller-retour commeétant une constarte, pour alorsle
remplacerpar samoyenne. Néanmoins,on a obsené recemmen dans[24]quela variabilité
du délai a ecte le débit desprotocolesAIMD. La variabilité du délai est un phénomene
courart dans les réseauxde commnunication. Dailleurs, avec l'utilisation croissare des
réseauxsans |, il esttres important d'étudier les e ets de la variabilité du délai sur les
performancesdesprotocolesde type AIMD.

Notre cortribution dans cette partie de la thése est le premier modele analytique
(a notre connaissanceprenart en compte la variabilité du délai pour calculer le débit
desprotocolesAIMD. Le modéle est baséesur deséquationsdi érentielles stochastiques.
Il fournit une expressionclose pour le débit et pour la taille de la fenétre dans I'état
d'équilibre. Nous considéronsdeux caspour modéliser le temps d'aller-retour : desvari-
ablesaléatoiresindépendartes et identiquemert distribuées(i.i.d.), et desvariables cor-
réléesMarkov. Pour valider notre modele, nous utilisons deux versionsdu protocole TCP
: SACK et/ou Newreno,et Reno.

Nous mortrons par analyseet par simulation, avec le simulateur NS [67], qu'une
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augmertation de la variabilité du délai amélioreles performancesde cetype de protocole.
Le résultat le plus important, es que lorsque le processusde pertes est constarnt et les
RTT sort i.i.d., le débit d'un mécanismeAIMD augmerte avec la variabilité du délai.
Cecisigni e que les modélesactuels pour cetype de protocole, qui ne consideren que le
premier momen des délais d'aller-retour, sous-estimen les performancesquand le délai
despaquetsest variable [7]. Nous décrivons en détail notre modéle dansle Chapitre 5.

Finalemert, nous concluonscette thésedansle Chapitre 6, et nous discutons aussi
quelquesperspectives pour notre travail futur.



Annexe

Conclusions et perspectives

Conclusions

Cette théseestorganiséeen deux parties. Dansla premiérepartie, on a étudié lesfacteurs
qui a ectent la qualité desapplications multimédias interactives. Bien qu'on se focalise
sur des applications audio, nos résultats sort applicablesa n'importe quelle application
multimédia temps réel qui utilise les mécanismesa étudiés. Dans la deuxiemepartie de
la thése, nous avons proposé un modeéle pour analyser les performancesdes protocoles
de type AIMD avec des conditions de délai variable. Notre modéle est construit avec
des équationsdi érentielles stochastiques. Il fournit une expressionclose pour le débit
et montre l'impact de la variabilité du délai sur ce type de protocoles,dont TCP estle
meilleur exemple.

Dansle Chapitre 2 nousavonsétudié lesperformancesd'un mécanismede correction
d'erreurs (FEC) qui estimplemerté dansdesapplications audio telles que Freephoneg[34]
ou Rat [79]. La redondance,qui est généralemeh encalée avec un débit plus bas que
I'information originale, esttransmise paquetsaprésla transmissiondu paquet original.
Le chemin entre I'émetteur et le récepteura été modélisécommeun goulot d'étranglemen
dansle réseau,et on a supposéque celui-ci était dédié uniquemern au ux audio. Cette
supposition estvalide, par exemple,quandtous les ux dansle réseaumplemertent le mé-
canismeFEC étudié. On a utilisé une le d'attente M =M =1=K pour modéliserle processus
de pertes des paquetsaudio dans le goulot d'étranglemen. La supposition du processus
de Poissonest justi ée par le délai aléatoire introduit par les routeurs setrouvant avant
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le goulot d'étranglemern. Notre but était de trouver une expressionrmathématiquesimple
permettant d'explorer lI'impact de l'utilisation desmécanismed-EC sur les applications
audio. L'expressionqu’'on a obtenue donnela qualité de I'audio dansle récepteuren fonc-
tion de la quartité de redondanceintroduite par la FEC, en fonction de la distanceerre
la redondanceet l'information originale. Le résultat le plus important que nousen avons
tiré estque, mémepour la limite supérieurede la qualité de l'audio, ! 1 , l'utilisation

de FEC a toujours un impact négatif sur la qualité de l'audio. Ceciest principalemern da
a une augmertation importante de la charge du réseau.

Dans le Chapitre 3, nous avons étudié les conditions souslesquellesce mécanisme
FEC améliorela qualité de l'audio. On a considéréle casd'un ux audio partageart le
goulot d'étranglemen avecun ux exogeénen'implemertant pasde FEC. On a aussicon-
sidérédesfonctions d'utilité non linéaires. Destravaux précéders [96], ont montré quela
qualité danslesapplications multimédias a souvent une forme non-linéaire. Typiquemen,
la fonction d'utilité de cetype d'application est corvexe présde zéroet concave apresun
certain débit, ou le débit dépend du type d'application multimédia. Pour le casdesappli-
cationsaudio, le fait dereconstruireun paqueta partir d'une copiedort le taux d'encadage
est < 1, pourrait donner une qualité tres proche a celle du paquet d'origine. Pour le
casdu multiplexage d'un ux audio et de ux audio n'implemertant pasde FEC, on a
modéliséces ux (a l'exceptiondu ux audio) commeétant un seul ux exogenede débit
constart et dort la taille despaquetssuivait une loi exponertielle. Le processugd'arrivée
du ux audio et du ux exogénedans le goulot d'étranglemen, a été modélisé par un
processugle Poisson.On a utilisé une le d'attente M=G=1=K pour modéliserle réseau,
et on a supposéque lestemps de serviceétaiert indépendarts et idertiquemert distribués.
On a fourni dessolutions numériquespour la qualité de l'audio avecde di érentes charges
dansla le d'attente, et pour di érents taux deredondancede FEC. On a mortré qu'il est
possibled'obtenir un gain en qualité avec ce mécanismeFEC si l'intensité du ux audio
est plus petite que celledu ux exogéne.Quand l'intensité du ux implemertant de la
FEC augmerte, le gain en qualité diminue. Si la plupart des ux implemertaient de la
FEC, alors le gain en qualité pourrait devenir nul. D'aprées cesrésultats, nous conclu-
ons aussi qu'une fonction d'utilité non-linéaire n'est pas une supposition adéquatepour
mesurerla qualité de ce type d'application. Nous avons con rmé ce résultat quand on a
étudié d'autres fonctions d'utilité non-linéairesa la n du Chapitre 3.

Dansle Chapitre 4 nousavons abordé le problémedu cortrdle du délai de di usion
(playout delay en anglais). Les mécanismegie cortréle du délai de di usion réduisen la
gigue dans le récepteuren faisart un compromiserire les pertes tardives et le délai de
di usion. On aobsené quelesalgorithmesimplemenésactuellemen dansdesapplications
audio telles que NevoT [91], ne permettert pasde cortrbler le taux de pertes percu par
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une application audio. Ceci est une caractéristique essetielle dans un algorithme de
contrle du délai de di usion. Dans ce chapitre de la thése, notre objectif principal a été
de proposerun algorithme de délai de di usion capablede cortréler le taux de pertesvu
par une application. Pour ce faire, on a proposéun ensenble d'algorithmes de moyenne
mobile (MM) capablesd'acceptercommeertrée un taux de pertessouhaitépar l'utilisateur
d'une application audio. Cet ensenble d'algorithmes est composéd'abord par : (a) un
algorithme MM  oine , (b) un algorithme MM oine qui transforme le processus
du délai optimum an de réduire les déviations d'estimation obsenéespour les cas ou
le taux de pertes souhaité était trés petit, et (c) un algorithme hybride MM  online

Les performancesde nos algorithmes ont été évaluéesgrace a destraces audio réelles
obtenuesavecl'outil NeVoT. Nousavonscomparélesperformancesie nosalgorithmesavec
cellesdesalgorithmesproposéspar Ramjee[82], et qui sort implemértés dansNevoT. En
utilisant destracesréelles,on a évalué nos algorithmes avec desconditions identiques du
réseau. Pour la plupart descas, nos algorithmesont montré de meilleuresperformances
sur une grandevariété de scénarios.Surtout, la caractéristiquela plus intéressate de nos
algorithmes étant de permettre de cortréler le taux de pertes souhaité dans une session
audio.

Finalemert, dansla deuxiéemepartie de cette thése,nous avons présené un modele
pour lesprotocolesde type AIMD avecdesconditions de délai variable. Plusieursmodeéles
pour cetype de protocolesont déja été proposés; pourtant, ils ignorert la variabilité du
délai. De plus, ils modélisent le délai d'aller-retour commeétant une constare, et ils le
remplacen par sonespérancelors du calcul du débit d'une connexion. Dans cette partie
de la these,nous avons proposéle premier modéle analytique pour les protocolesde type
AIMD prenart en compte la variabilité du délai lors du calcul du débit. Notre modéle
est basésur deséquationsde di érences stochastiques. On obtient desexpressionsloses
pour le débit et pour la taille de la fenétre dans I'état d'équilibre. On a validé notre
modele par analyseet par simulation avec le simulateur NS-2 [67]. Pour ce faire, on a
modélisé deux versionsdu protocole TCP : Newreno (ou SACK) et TCP Reno. On a
considérédeux casdi érents pour modéliserle temps d'aller-retour (RTT) : le casou les
RTT despaquetssort desvariablesaléatoiresindépendartes et identiquemert distribuées
(i.i.d.), et le casou les RTT sort correlées-Markv. Le résultat le plus important que
nous avons obtenu est que, lorsquele taux de pertes despaquetsest constart et lorsque
lesRTT sort i.i.d., le débit d'un mécanismeAIMD augmerte avec la variabilité du délai.
Ceci est un résultat trés important, puisquecelasigni e que les modelesactuels pour ce
type de protocoles, qui ne considéreh que le premier momert des RTT, sous-estimen
les performancesdu protocole quand le délai est variable. Pour le cas Markovien, on a
considéréune simple chainede Markov a deux états (on-o ) pour modéliserlesRTT. On
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a obsené qu'en général, l'estimation du débit avec le modele Markovien est plus précise
gue dansles autres cas.

Perspectiv es et travaux futurs

L'ensenble d'algorithmes MM que nous avons proposésadapte le délai de di usion au
début de chaquephrasedansune sessioraudio. Destravaux récens sur cesujet proposert
des mécanismespour mettre a jour le délai de diusion a l'arrivée de chaque paquet
plutét qu'au début de chaque phrase. L'avantage de cesmécanismesest qu'ils sort plus
dynamiquesau momern de déciderla deadline pour jouer un paquet, et de cette fagon,
ils réduisert le temps moyen de séjour des paquets dans le tampon du récepteur. Par
ailleurs, dansun article récen [100],Sunet Ifeachor proposen un algorithme basésur une
estimation subjective dela qualité qui utilise une méthode similaire a PESQ. Nouspensons
gu'une meéthode qui adapte le délai paquet par paquet, et qui estimela qualité subjective
au coursd'une sessiomudio, peut avoir de meilleuresperformancesque n'imp orte quelle
autre méthode existarte actuellemen. Alors, notre travail futur se focaliserasur cette
idéetout en étudiant la possibilité de I'implementer dansun outil audio réel.

Par ailleurs, il y a actuellemen dans ce domaineun grand intérét a construire des
mécanismesadaptatifs pour l'audio. Dans [19], Boutremans et Le Boudecproposern un
mécanismepermettant de cortrdler le débit d'émissiond'une application audio (et encon-
séquencela quartité deredondancenjectéedansle réseau)ensebasart surlesconditions
du réseau. Le débit d'émissionest alors une fonction du taux de perteset du processus
de délai dansle réseau.lls utilisent le E-model, et proposent desfonctions qui exprimert
le débit en fonction du facteur R, et I'utilité d'une application audio en fonction du taux
de perteset du délai de bout-en-bout. Les performancesde leur mécanismesort évaluées
numeériquemen et par simulation.

Les algorithmes proposéspar Boutremans et Le Boudec utilisent des algorithmes
traditionnels de cortr6le du délai de di usion. Nouspensonsqu'un algorithme qui adapte
le délai de di usion paquet par paquet, avec une estimation de la qualité subjective peut
étre utilisé avecle modelede Boutremanset Le Boudecpour obtenir de meilleuresperfor-
mances.Une partie de notre travail futur sefocaliserasur cette idée.
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Résumé

Dans cette thése, nous proposonsdes modéles pour évaluer les performancesdes applications
multimédias temps-réel. De plus, nous proposonsun modéle pour les protocolesde type AIMD.
Le premier sujet étudié est un mécanismede correction d'erreurs (FEC). Premiéremen, nous
utilisons une le d'attente M =M =1=K pour modéliserle réseau. Nous considéronsque la qualité
de la voix varie linéairemert par rapport au taux de redondancede la FEC. La redondance
du i-éme paquet est portée dansle paqueti + . Notre analysemontre que, méme pour le cas
— 00, cemécanismen‘'améliore pasla qualité de I'audio. Deuxiememenm, nousmodélisonsnotre
systemepar une le d'attente M =G=1=K. Nousconsidéronsdeux aspectsque peuwert cortribuer
aaméliorerla qualité del'audio : (a) multiplexer l'audio avecun ux exogénegt (b) desfonctions
d'utilité non-linéaires. Souscescortraintes, on montre qu'il est possibled'améliorer la qualité
de l'audio avec la méthode FEC étudiée. Le deuxiemesuijet traité concerneles mécanismesde
cortréle du délai de diusion. Nous proposonsun ensenble d'algorithmes de moyenne mobile
permettant de cortréler le taux de pertes dans une sessionaudio. Les performancesde nos
algorithmes ont été évaluéeset comparéesgrace a destraces réelles. Le troisiéme sujet abordé
concerneles protocolesde type AIMD. Nous proposonsun modéle analytique prenart en compte
la variabilité du délai. Notre modéle utilise deséquationsdi érentielles stochastiques. Il fournit
une expressionclose pour le débit et pour la taille de la fenétre. Nous montrons, par analyse
et par simulation, qu'une augmenation de la variabilité du délai améliore les performancesd'un
protocole AIMD.
Mots clés: Correction d'erreurs (FEC), fonction d'utilité, théorémede ballot, cortrble du délai
de di usion, estimateur de moyenne mobile, TCP, variabilit¢ du délai, équations di érentielles
stochastiques.

Abstract

In this thesis, we proposemodels to evaluate the performanceof real-time multimedia applica-
tions. Besides,we proposea model for AIMD protocols. The rst subject we study is a simple
error correction (FEC) medanism. We rst model the network asan M =M =1=K queuingsystem.
We assumea linear utilit y function relating the audio quality and the amourt of redundancy The
redundancy of padet i is carried by padket i + . Our analysis shavs that, ewven for the case
— 00, this simple FEC schemealways leadsto a quality deterioration. Next, we model the bot-
tlened router asan M =G=1=K queuingsystem. We considertwo caseshat may cortribute to a
quality improvemernt: (a) multiplexing the audio ow with an exogenouso w, and (b) considering
non-linear utilit y functions. Under theseassumptions,we show that this FEC schemecanleadto
a quality improvemern. The secondsubject investigated is about playout delay algorithms. We
proposea set of moving averagealgorithms allowing to control the averagelossrate in an audio
session.We study and comparethe performanceof our algorithms by simulation with real packet
traces. The third subject we study is about the performanceof AIMD protocols. We propose,
at the best of our knowledge,the rst analytical model for this kind of protocols accourting for
delay variability. The model is basedon stochastic di erence equations. It providesa closed-form
expressionfor the throughput and for the window sizein steady state. We show by analysisand
simulation that an increasein delay variability improvesthe performanceof AIMD protocols.

Keywords: Forward Error Correction (FEC), utilit y function, ballot theorem, playout delay
cortrol, moving averageestimation, TCP, delay variability, stochastic recursive equations.



