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SmoothControl ofAdaptive Media Playoubor
Video Streaming

Ya-Fan SuyYi-Hsuan YangMengTing

Abstract Client-sidedata buffering is a commontechniqueto
deal with media playout interruption s of streaming videocaused
by network jitters and packet lossesof besteffort networks.
However, stronger playout interruption protection inevitably
amounts tolarger data buffering and results in more memory
requirements and longer playout delay. Adaptive media playout
(AMP), also a client-side technique can reduce the buffer
requirement and avoid buffer outagebut at the expense ofisual
quality degradation becauseof the fluctuation of playout speed
In this paper, we propose a novel AMPschemeto keep the video
playout as smooth as possiblewhile adapting to the channel
condition. The triggering of the playout controlis based orbuffer
variation rather than buffer fullness. Experimental results show
that our AMP scheme surpasses conventional schemesin
unfriendly network conditions. Unlike previous schemes that are
tuned for a specific range ofpacket lossand network instability,
the proposed AMP schememaintains consistent performance
across a wide range ofietwork conditions.

Index Term® Adaptive media playout, error -prone channels,
mediabuffering, video streaming.

. INTRODUCTION

HE popularity of applicationsuch as video conference

and video on demands growing rapidly due to the
advance ofmediastreaming techwlogy. By streaming, aideo
sequence is sent in tlierm of continal streamthat can be
played as it arrivesothe viewercan watclthe video content
instantly without downloadng the mediafirst. However,
network delays and packet losses due to the inconsistency
network qualityseverelyaffect the Q& of media streaming
Client-side data buffering technique is a technique commonl
adopted® address the issudlt houghthis techniqués able to
combat the impact of network jittandplayout interruptios,
it introducesadditionalmemoryrequiremerg[15] and playout
delay[13]-[14]. Therefore,significant research efforts have
beendevotedto issues aboubuffering lessdata[26], [28] or
introdudng lessplayout delay28]-[30] without sacrificing the
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Adaptive media playout (AMH3} atechniqueapplied at the
client sidefor reduéng data bufferingvhile prevening buffer
outage It adjusts the playout interval wompensatdor the
fluctuation of network conditios. This is accomplished by
increagng the playout interval when theuffer level is low,
and vice versa The premise of AMP is thathe playout
interval variationis moretolerableand less annoying to human
perceptiorthan playout interruptioandlong delay{1], [9].

We are primarily concerned with AMP for video streaming.
Issues elated to AMP for audio streaminghave been
addressecelsewhere[2]-[3], [7]-[8], [16], [32] and are not
considered here

The AMP processmust be as smooth as possibl®
minimize the degradation of visual qualibaused bythe
variationof playout inteval. Most previous AMRmnechanisrs
however triggerthe adjustment oplayoutinterval according
to thebuffer fullnesq4]-[6], [10], [19]-[20], [27], [30], [32].
As a result,the trigger can be easilypulled if the buffer
fullness thresholds set too high, resulting in unnecessary
playout interval adjustmergvenwhenthe buffer is far from
outage This can easilyegrae the visual quality andau®
buffer fluctuation. Conversely, Wwen the threshold is set too
low, the playout controhas a shorter reetion timeand hence
buffer outage is more likely to occur before the playout control
is able to compensate for the estimation esfoeceiving rate.
Normally, the thresholds dynamically determined according
to the prediced channel quality[4], [5], [10], [19], high
threshold for poor network conditiom and vice versa

nfortunately, it is difficult to reliably predicthe channel
quality[24], especiallyfor wireless communicationetworks.

y Unlike the conventional buffdievelbased approagtthe
quality-oriented AMP schemeroposedy Park and Kim [23]
predicts the buffer occupancy and triggers the playout
adjustmentwhenthe playout pause or skip &boutto occur.
Althoughit reducsthe temporal distortiodue topacket delay
and jitter, the playut speed fluctuation caused by playout
adjustment itselfs not consideredLi et al. [31] proposed a
schemdor contentaware AMPacrosghe MAC layerandthe
video application layerlt reducesthe perceptible effect of
playout speed Vvariationby consdering the scene
chamcteristics of avideo sequenceHowever, the high
computational complexitgf this schemenakes it unsuitable
for reattime implementation.

In this paper, we propose a novAMP schemeto
circumvent the difficuies described abovend make the
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Figure 1. System Model. The server sends out video paRKetmessec,
the packets are transmitted thrbuan errofprone channeinodeledby a
Markov model, andhe client uses AMP to control video playout.

streaming videglayoutas smooth as possibiMhile avoiding
buffer outage The schemenonitors the receiving buffeand
triggersthe playout control whethere islarge variation in
buffer fullness We take thebuffer variation rather than the
buffer fullnesdevel asthe criterion fortriggeting the playout
control becausét is the buffer variation that reflects the
deviation ofthe playout ratdrom theexpectedeceiving rate.
Although the buffer level reflectsthe potentialikelihood of
buffer outage, itis by no means an indication dhe
appropriateness gflayout rate We only use it tawontrol the
adjustment speed.

The rest of thepaper is organized as follows. Sectibn
describeghe channel model arttle overallstreaming system.

Section Il describes the proposed AMP control in details.

SectionlV presents the experimentasults and performance
comparison, and Sectidhconcludes the paper.

Il. SYsSTEM MODEL

As shown inFig. 1, our system model consists of a
streanmg server, an erreprone channel, and a streaming
client. We assumehatthe videodataarealways availablet
the serveand the sending buffer is never empty

The server sends out video packets at a firmoherate R
(30 frame/sedn our systemto the client througta channel
with packet loss rate(S), which is afunction of thechannel
conditionrepresented bthe network state§ and its value is
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Figure 2. Flow chart of thproposedAMP controlscheme.

simplification, the packet retransmissiorfailure caused by
retransmissiorrequest loss or retransmitted packet loss
considered equivalent tpacket loss andnodeled as an
incrementof packet loss rateThe resultingtotal packet loss
rate which also ranges from 0 todan beapproximatedy

9@ &) H +(H (8 (R @)

The derivation of (1) is provided in AppendixThe effect of
packet retransmission due to erpvone channel is also
considered by Kalmaet al. [6], wherea simplification similar
to ours is made by modelirge retransission of log packets
as a reductioof throughput.

We adopt a Markov mod€]l18] for the systemdescribed
above with each state5 representinga specific channel
condition More detailsof the Markov modelare given in
sectionlV.

lll. PROPCSEDADAPTIVE MEDIA PLAYOUT
Fig. 2 showsthe flow chart ofour AMP scheme Before

between 0 and Trhe client stores the received packets in thestarting to play the videohe client prebuffers the video data

buffer and uses AMP to adjust the playout raf€he playout

rate and the playout interval are used interchangeably

throughout this paperYvhenapackets lost, the client checks

the identifier of the lost packet, such as the sequence numbe 1
Then the cliehsendsaretransmission request to the server if

the playout time of the lost packet is moerand notoo close
to the current timéthat is,t+RTT<t,, wheret, is the time the
client detects the packet loggis the playout time of the lost
packet and RTTis the round trip time The retransmission
requestsuffersa loss rateof b(S). In our model.the server
would not retransmit a packet unless it receiveshe
retransmission requebm the client.

A complete network model should also consitherstate of
the onrthefly packets in addition to channebndition But
including the packet retransmissiorschemein the system
inevitably complicats the network modehg. For
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Figure 3.The reference buffer level is updated each time whena PA o
is issued.
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until the buffer is halfull to minimize the playounterruption
The system keepsonitoringthe fullnessand variatiorof the
receiving buffer Wheneverthere is a need tadjust the
playout ratethe systenssues @layoutadjustmen{PA) order
Then the playout interval is adjusted accordingly.

Specifically, if the receivingrate andthe playout rateof a
video sequencare roughly thesameso thatthe receiving
buffer stays within a predefinedhresholdUwith respect to the
reference buffer leveho PA orderis issued In this case, the
system keepthe playout rate unchangedn theother handfi
thereceiving buffedeviates fronthe reference buffer levbly
amargin greatethanor equal to(J a PA orderis issuedto
triggerthe playoutadjustment

As mentioned earliequr AMP scheme triggers the playout
adjustment based on the buffer variatiofhis iseffected by

the use of dynamic reference buffer level in the decision

Played frame Received frame
Previous PA III
order lII
:
1
s ) (te-NE@ ; (Erer DG
Current PA ' v
order arz
b(z+e+])

time

Figure 4.lllustration of the played frames andetved frames between twc
successive PA orders. Tiemes playedduring this period of time are
denoted bya + 1,a+ 2,é , anda + z, and the frames received during tk
sameperiod are denoted Hy+1,b+2,é , andb+z+c.

network conditios occur.
In the following we discuss the details of oschemewith

process and the difference between the buffer level and therespect tahe estimaton of receiving ratethe buffer outage

reference buffer level is defined as the buffer variatidre
reference buffer levas initialized to halfof the buffer sizeat
the momentwhen the client starts to play the vidés a PA
order is issuedhereference buffer levas updated and séb
the currentbuffer level Fig. 3illustratesthe decision ofthe
dynamicreference buffer leveat t;, t,, andts. Note thata
playout adjustmenis triggeredat t; even thoughthere is no
buffer outag concernat that timeinstant This is the main
distinction between our scheme and other$he buffer
variation can be eitir positive (e.gthe onemeasureatts) or
negative (e.g.the oneat t;). Without loss of generalitywe
only discusghenegativecase in the rest of this paper.

Whena PA ordeiis issuedtwo valuesmust be determined
beforethe AMP £hemestarts to adjust the playout interval.
The first one isthetargetplayoutrate andthe secondoneis
the speed of the playout adjustment (thahdsy aggressively
the playout ratds to beadjustedo the newratd. Thetarget
playout rate is determined by theceiving rate reestimaton
(RRR) compoent of the systemand playout adjustment
speed isdeterminedby the expected changdetermination
(ECD) component through controlparametecalledexpected
change

Basedon the information coming frolRRR andECD, the
AMP scheme computes thetransition period and starts
adjusting the playout intervaht the end of this periodhe
playout intervateachests target valugandthe systemeturns
to normal video plagut mode

During the transition periodof a playout adjustment
another playout adjustmet order may be issuedbefore the
currenttransitionperiodis overif the receiving rate estimated
by RRRdoesnct matchwith the actual valuer if thechannel
condition change In eithercase the AMPschemderminates
the currentplayout adjustmenand starts executinghe new
oneimmediately It follows the same procedute determine
the newtransition period and adjust the playout interval
accordingly

Our schemaleals withunexpectedhetwork conditios this
way without introducing any additional mechanism In
contrast those AMP schemeBased on theeferencebuffer
level can easily suffer a buffer outage whenexpected

avoidanceandthesmootmess oplayout adjustment.

A. ReceivingRate ReEstimaton

Without packet losghe mean receiving interval égual to
the sending interval.. It becomes greater than tkending
interval when packet lossoccurs For simplicity, we assume
each packet carries one video framet k denotethe number
of consecutivdost packetsbefore asuccessfuy transmited
packetand p(k) the corresponding probabilityDenote the
receiving interval by. Thenthe mean receivig intervalcan
becomputedoy

E{} =&, B Ik pX

=8,k D) FES)1 68)
|

S

1- 9(8)’ @)

whereE{ } istheexpectatioroperabr andx(S) the packet loss
rate described by (1)The derivation of (2) is provided in
AppendixIl .

In practice however,we canot determineE{l} from (2)
because(S) is notknown Fortunatelywe candeterminets
upper and lower boundmd come up with aapproximation
for it.

Denote the current buffer variation by|c | O and the
time interval between the last PA ordend the current PA
order bys. Suppose the client has playeétamesduring the
time intervals. Then thenumber of received framekiringthe
intervalis z+ c. As shownin Fig. 4, therelation betweetthe
time intervals and the meanreceiving interal E{I} must
satisfy

(z+c HEL} s(z cH &l. 3)

Givens, z, andc, we calculatetheapproximation &} of the
mean receiving intervddy

4
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Figure5. Determination of the expected change by the current buffer level. (a) The maghithelexpectedhange is set to at qu@tﬁNhen te buffer level is
equal to or highethanM + U (b) The magnitude of the expected change is dawten the buffer level isqual b orlower tharM i U (c) The magnitude of the
expected change is set20whenthe buffer level is athe middle buffer level

Note thatwe do not us¢he accumulativenumber of packets
and the total elapse time to estimate the receiving interval When the buffer level is below the middle buffer level by a
becauset is time varant. An estimation based on the most margin greater than or equal @igFig. 5.b),therisk of buffer

recent behavior of the network is preferred.
Thetargetplayout intervall ' is obtained by

| =g} .

B. ExpectedChangeDetermination
To avoid &ruptly changinghe playout interval to the target

playout interval a smooth playout adjustmeris desired
However, slowing dowrthe adjustment speed increagiee
time it takes forcompleting theplayout adjustment angence
createghe chance dbuffer outageas well Therefore there is
a need to maintain a goottadeoff between the playout

quality and theisk of buffer outage.
In this work, anexpected changparameter is usetb

control the adjustment speedlt representsthe expected
amount of buffer to bechange, which is the difference

between the expected buffer lewatlthe end of the transition
period and the currentulfer level. Whenthe currentbuffer

levelis far from outage, the system increstbee magnitude of

theexpected changeesulting ina lower adjustment speddn

the contrary when thee is a risk obuffer outage the system
decreasgthe magnitude aheexpected chang@he expected
changeC is determined by

eM-1) L,
C=i (L) L
fM-2) L

whereL denotes the current buffer level aMithe middle

buffer level. Thevaluewithin each pair oparenthesem (6) is
the expected buffeelel at tle end of the transition period.

We illustrate the three conditiomns (6) with Fig. 5. When

the bufferlevel is above the middle buffer level by a margin
greater than or equal td(Fig. 5.a)therisk of buffer outages

low. Therefore, thexpected buffer level is set tdl T ( which
ensureghat| C | is at leasUandimplies that the buffer level
would not deviateoo much fromM at the end ofhe playout

adjustmentWe preferthe buffer levektaying around, sinee

it is the levelhavingthe leastisk of buffer outage.

outageis higher Note thathe expectedhangdC| must bdess
thanUin such caser another PAorder would be issuedliring
the current playout adjustment intervahd cause the
expected changéo be re-determined In other words, he
expectedbuffer level wouldcontinually decreass until the
buffer underflow occur§f the expected buffer levessetto a
value less tharL i U Therefore,we setthe expected buffer
level to L i (J which corresponds to a maxim@| thatcan
preventthe continualdecrementn the expected buffer level
When the buffer level is equal to the middle buffer level

(Fig. 5.¢), the expected changeeuristicallyset toi 2U

C. TransitionPeriod Determination

In this step the target playout interval ' andthe expected
changeC are used to determine the transition period of the
playout adjustment.

Assume for now thathe transtion periodis given the
playout interval is adjusted frothe valuel, to | ' according

to thetransition function

I =1, +'T—'° € t,), t, ¢t ¢ B (7)

wheret denotesthe time variable t, the current timej; the
playout interval at tim¢, and T the duration of the transition
period.The playout interval, atty is determined by

gl + D C 0

L= poc o ®)

where | is the playout interval just before and DI (1

millisecond in our systemy fixedtime interval. The playout
interval startsfrom |y at t; and endsat 16 at the end of the
transition periogdt, + T. The playout intervalis adjusted
linearly, as it minimizes thenaximum ofplayout interval
variationduring a given transition period

Supposehe receiving intervak equal to the target playout

interval 1' in (5), the buffer level changeC during the
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Figure6. Performance (in terms of the smoothness of playout intervaljhefproposedAMP schemeunder various maximum packet loss rates (a) and

network stabilities (b).

playout adjustmerghouldbe

+T%dt -:"ﬁli dt.
ol

c=q ©)

Thefirst integral gives rise tahe number of received frames

and thesecondintegral the number of played framegVe
chooseT such thatC is equivalentto the expectecchangeC
determinedby (6). Then the duration of the transition period
can be determindoly substituting[6) and (7) into (9):

1

.
-1,

T= C(% In(ll—‘))'l. (20)

IV. EXPERIMENTS

In this sectionwefirst describethe networkchannelmodel
used tosimulate thenetwork conditionsandthe metricsused
for visual quality measuremertdf video playout Then an
experimenis conductedn Section I\MC to test the sensitivity
of the parametedrequired in our proposed AMP scherhe
Section IMD we discuss howthe parameterJ can be
determind for differentbuffer sizes. Finally, two experiments
areconductedn Section IME to comparedifferent triggeiing
criteria forplayoutcontrol.

A. Markov Network Model

Our AMP scheme aims at proimg smooth playouin
errorprone network environmerst such asthe wireless
channed. Typically, the Gilbert-Elliot model which is a
two-state (good, bad) discrete Markov modéelisedto model
the burst errors of a wireless channe]l7], [22]. With this
model,one can generatihe traceof a network and usé to
simulate differentnetwork conditions However, nstead of
applying the Gilbert-Elliot model, we adopta more general
modelcalledthemulti-stateMarkov model[21] because itan
model more pecisely the distribution of packet losses.
Besides, like the GilbeiElliot model, it has the abilityto
simulate burst errordNVe use itto imposethe transition of
channekonditiors in the experiments

EachstateS of the multi-stateMarkov modelstards for a

channel conditionand has apacket lossrate o(S). For
simplicity, welabelthe states by the corresponding packet loss
ratesas follows:

9(8)< 68), ijilL2. .. ,Nlandi g,

whereN is thetotal number of statedlote that he multi-state
Markov model is equialent to a GilberElliot modelwhenN
equalstwo.

It has been reported that playout speed variation up to 25%
is unnoticeable [6]. According to (2), this corresponds(&)
= 0.2. Therefore, we limit the maximum packet loss 53¢
to 0.2 in our experiments.

The trangion probability distribution of the multistate
Markov models describedy atransition matrixB, with each
entry b ; of the matrixbeingthe probabilityof transfering

fromstate§ to stateS. Also § h; =1 for each ow of B.
j

11)

The transifon matrix B representsthe stability of the
network We model the network byetting the transition
matrix as

i=j ,
otherwise

_e/,

- (12)
i -/)I(N-1),

b

whereadis a network stabilitparametgroO a01. Whenb;; =

1, the network state does not transfer from one to another,
meaning the network is absolutely stab@n the contrary,
whenb;; = 0, the network iompletelyunstable.

B. PlayoutQuality Metrics

The standard deviation of the playout interval within one
seconddenoted as the sherm standard deviatiolk [4], is
adopted as the metrio evaluate the playout smoothneas
smallerds represents amootherplayout adjustment In our
experimens, we take themean valuel of (s over a video
sequenceas the measurement ofplayout quality of the
sequence

Since unsmooth playout usuatigcurs as a result blffer
outage(i canalsobe consideredn indication othe ability of
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Figure 7. Performance (in terms of the smoothness of playout intervaljtefproposedAMP schemeunder various network conditions and buffer sizes. F
each buffer size, fivperformance curvesfrom top to bottom,correspondingo 9(Sy) = 0.20, 0.16, 0.12, 0.0&nd0.04 are shown.

an AMP systento avoid bufér outage Thereforethere is no
need touseany additionalmetric such as gan time between
buffer underflows (MTBBU) [6].

C. Sensitiity of ParametetU

In this section w show by experiment that the paraméier
required in our scheme has little relevanoethe network
condition and is easy to determinEor nost previous AMP
mecharsms that trigger theplayout control when the buffer
level is below a thresholdt is difficult to determine the
thresholdasit varies withthe network condition Our AMP
schemedoes nothave thegproblembecausdét doesnot takethe
buffer level aghetriggercriterion

Sincethe packetloss rate and the network stability govern
thenetworkcondition we divide the experiment intavo parts.
In the firstpart the networkstability is fixed andhe AMP
scheme is testedlith different packet loss rates. In the second
part, the packet loss rate is fixed afé AMP scheme is tested
with differentdegrees ofetwork stabiliy.

In the first part of the experimerthe network g&bility is
fixed by settinga-to 0.5and leting the Markov state transfer
every 30 seconddNe adjustthe maximumpacket loss rate
A(Sy) from 0.04 to 0.2n 5 uniform stepsand without loss of
generalityassume(S) is proportional ta. Also, wesetNto5
andthe buffer capaty to 64 framesThetestvideo sequence
is ten minutesong Theexperiments repeated 300 timeand
theaverageof Us s recorded

The results are shown in Fig(ay where ach curve
corresponds ta different o(S) value As we can seethe
highera(S) is, the worséhighert) the AMP scheme performs.
The curves are concavewgrd therefore,neither large nor
smallUshould be choseiThis makes sense asmallUcause
the AMP scheme térequentlytrigger the playout contrand
resuls in unnecesary playout adjustment, wheasa largeU
causs slow reacton to the channel qualityariation and
resulsin buffer outage.

We can also see thidte middle section of each curve (wiih
rangng roughlyfrom 5 to 8) in Fig. 6(a) is pretty flathat is,
the playout quality is insensitive t0 Thus ay point in this

minimum point of each curveFor simplicity, thereforewe
may consider that the minimum points tfesecurvesall
correspondd the saméJ

In the second part of the experimemé fix o(Sy) at0.15 and
N at 2 andadjusta-from O to 0.8in an increment of 0.20
simulate differentdegrees ofetwork stabity. We let the
Markov statetransfer every 5 secondSther setting remain
the same as the first part of the experimdiie results are
shown in Fig. @), where ach curve corresponds ta
different a-value. Similar tothe resuls shownin Fig. §a), G
maintainsapproximately constant betwe8s 7 andU= 9.

Considemng these two parts of the experimaogether we
concludethatthe proposedMP scheme is insensitive the
pacletloss rate and the network stabilityve choosdJ= 7 or
8. The significance of this conclusion is that we can determine
afixedUbeforehandind thatas opposed to previous methods,
there isnoneed taestimatehenetworkconditiors andadjustU
duringvideoplayout

D. Determinationof Ufor differentbuffer size

We show in Sectiotv-C how to makehe proposed AMP
scheme insensitive to thetm®rk conditionby choosing a
properbuffer variation thresholth There, we consider a fixed
buffer size Thebuffer variation thresholtfor different buffer
sizes can be determinegimpiricallyin the same way

Fig. 7 shows the results generatedthy proposed AMP
with different buffer sizes=xceptfor the buffer size, the other
settings of the experimemémainthe same ashose ofthe
experiment described iBection M-C. As we can seethe
optimal Uincreases with the buffer siza good choice ofJ
would beabout 4 for buffer size = 32amesand 2 for buffer
size = 128frames More buffer sizes have been tested,
although only three are shown in Fig. 7. Based on the
experimental results, efind a linear relationship in the log
domain betweethe optimal buffer sizand the optimal buffer
variation thresholdd,:

é 4, buffer sizec 32,
opt = | 22 08log (buffer i) 32 ¢buffer size ¢12i (13)
1 12, buffer size>128.

middlesection can be considered a good approximation of the






