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Abstract

The media, espeially thevideo delivery over mobie channels may
be affected by link outagesandtransrrissionbit rate variations de
to the actua channé condtion andthe usedwirelessinterfece. In
this pape we present the use of Priority-based Transmission
Scheduhg of SVC media data to overcome link outages and
reductionin channebit rate in mobile neworks The Priority-based
Transnission Scheduling framework aims to use the same
transmission bit rate and the sane ovemll buffer size as a
traditiondly streaming appioach would require. In order to
overcome outagges and phase with reducel bt rate, a priority
schaluling is usedto pre-buffer larger amountsof more important
dat for longer playout than dat@ with lessimportane for the
resulting video playout quality. We compareghe useof SVC with
Priority-basel Transnission Scheduing against H.264AV C using
tempord salahlity with Priority-basd Transnission Scheduing
and H.264/AV C without Priority-basd Transnission Scheduhg.
We show the bendits of using SVC in terms of received qudity
during outege and re-buffering time. We present a quality
optimization approah for the Priority-based Transmissn
Scheduihg andshowresults fordifferent outagetimes.

Keywords
H.264AVC, SVC, Scabbe Video Coding, Priority based
schaluling, Mobil e chanrels, outages, transnssion atevariation.

1. Introduction

The video delivery over cellular mobile chanrels may be affeded
by link outages andbit rate variations dueto the changing chanrel
condtion. These effects mainly depend on the used wireless
interface

In this pape we present the use of H.264/AVC Priority-basel
Transnission Scheduing (PBTS for SVC media da@a to overcome
link outages and reducton in channé bit rate in mobile networls.
This appoach has been dready dscussedand evaluaed for
H.264/AV C over 3GFP Packeized Streaming Savice (PSS) in [1]
and[2].

The Priority-based Transnission Scheduhg frameworkaims to use
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the sane transmrissionbit rate ard the sane overll buffer sizeasa
traditiondly streaming appioachwould reguire. To a traditionally
streaming appoad, we refer to as ealiest deadiine first (EDF)
transmission scheluling, where each NAL unit is transnitted
dependingonthe decoding time of the vide accessunit. In order to
overcome outages and phass with reducal ht rate, a priority
schaluling algorithm is usedto pre-buffer larger amountsof more
importantdata br longerplayout than datawith lessimportancefor
the resulting video playut quality. In [1], this was achievedusing
thetempord scdability feaure of H.264/AV C. The appioachin [1]
aimed to reducethe video frame rate down to a slide showduring
outege and re-buffering phaseafter the outge. The priority based
transmission requires some means of client buffer ocaupation as
discussedn [1], [2] which is only possble over a point-to-point
connetion with feedbackabou the buffer filling level. In the 3GPP
PSS standad [4], thee are means for a feedbackbasel
transmission rate cortrol [3] which may neal to be extendé to
perform the prority basel screduling.

In this pager, we focus on the useof the newscdability feaures of
H.264 ScabHe VideoCoding(SVC) [6][7]. Since thereis curently
an ongoingactivity in 3GFP on improvedvideo supportincluding
SVC [5], we showthe berefits of usingSVC instead of H.264AV C
tempord salahlity for PBTS to overcomelink outagesandphases
with reducedbit rate. SVC has thenand/ advantageto allow bit rate
reduction usingSNR fidelity or spatal scalability instead of relying
on puretempord scdability asshown n [1].

We comparehe useof SVC with PBTS aganst H.264AV C using
tempord salablity with PBTS as shown in [1] and H.264AVC
without PBTS. We show the bendits of using SVC in terms of
received quality duringoutage ard re-buffering time, wherewe take
PS\R asa measurefor perceived quaity. Here, we assumehat the
video in both cass for singlelayer andmulti layer, is transmitted
at maximum rate equal to the video rate for the SVC case during
pre-buffering and transmission phass. We present a qudity
optimization approach for the PBTS and showresuls for different
outggetimesfor thethree differentmethods.

The remainder of the pape is organizedas follows. In the next
sedion we present the PBTS appoach. In sedion 3, we present the
model for the PBTS appoad using SVC and present the
optimization for different buffer outagescenaiios. We presentthe
results for our expaiments in sedion 4 ard we condude in
sedion 5.

The work of Fraurnofer HHI has been funded by the Eurgpean
Commisson under contract number FP7-ICT-214063 project SEA



2. H.264/AVC Priority-based Transmission

Scheduling (PBTS)

The idea of Priority-basel TransmissionScheduhg (PBTS for
H.264 in streaming scenatios is to pre-buffer a larger amountof
more importantNAL units and pre-buffer smaller amountsof less
important NAL units in the streaming receiver’s buffer. This allows
for graceful qudity degmaddion during outageor bit rate variation
phass. In suchcases,the pre-buffering level camot be kept due to
the fact that more dat is consumedhan new dat arrives in the
buffer per time interval. In caseof having a buffer filled with a
priority scheduling algorithm, the high quality dat& in the buffer
runs out ealier than lower quaities (most important data).
Conpatred to the useof ealiestdealline first (EDF) transmission
scheluling, the highest quéity runsout evenfager with the PBTS
appoad. Neveathdess,the priority base scheduing alows for

keeping the playout alive during longer outagesthan in the EDF

case.In Figure 1, we show a streaming receiver’s priority buffers

for three differentqualties as also usedin [1]. The priority basel

transmission scheluling achieves, tha a first buffer of the lowest
quaity Q1 (e.g.intraframes)is built upto a dda amountequivalert

with a playout time of t;+t,+t;. The quality Q1 comespondsto a
constat bit rate r;. After that a seond buffer for Q2 is built up
which pre-buffers a playout time of t,+t3, wherethe consantrate of

Q2 comesponddo r,+r,. The sane procedue is appledto Q3 NAL

units, wherethe constant rate of Q3 comresponddo r+r,+r; andthe
buffer is filled up to a playout time amount of t;. In other words r;

would be the media rate for each of the buffered quaities Q;, t; the
buffered datafor Q3 andt; andt, the addtional time buffered from

Q2 to Q1 andQ3 to Q2 respetively.

| “ |
tit

Figure 1 — Streaming receiver buffer for three qualities within
the same media using Priority-based Transmission Scheduling
(PBTS)

After reaching the playut time valuesfor the qualty Qi in the
priority re-buffering phase the transmission scheduing algorithm
switches to the buffering phase whereeach qudity Qi is filled up
with its playout rate r;. This behavior isshown in Figure2.

Buffering ‘ ’ Buffering P@ﬁ‘ Prio/Reb
time

Figure 2 —Priority-based Transmission Scheduling (PBTS) with
priority re-buffering (Prio/Reb) and buffering phases

After the occurrene of an outage,the PBTS schedulng algorithm
refills the buffer oncethe connedion is badk. Note that we assume a
mobile servie with a maximum transmission bit rate equéto the
constat bit rate of the video for SVC. Hence, during a re-buffering
phasethe quality still needsto be degmaded. In the case of using
EDF scheluling, during re-buffering the playout hasto be stoppel.
This phaseis only startedif the buffer is completly empy.
Howeve, dueto the coding efficiency penaly for SVC, both for
H.264/AVC with the PBTS approach and H.264/AVC with the
EDF appioad the transmissionrate is a 10% higherthan the video
rate, i.e. having this addiiond 10% rate availaole for refilling the

Prio/Reb

Buffering ‘
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buffer. Additionally, in the case of using EDF scheluling after an
outageeven if the re-buffering phasewere not stared the aailable
10% of the transmissionrate could be usedto refill the consumed
data from the bufer.

For PBTS, it is required to send daa in an interleaved fashbn,
whichis supportedby bah the RTP payload format for H.264AV C
as well athe RTP payoadformatfor SVC [8].

3. Optimized SVC Priority-based

Transmission Scheduling

In this sedion, we discuss themodel for PBTS using SVC with
SNR fidelity scalahility, H.264AV C with tempord scalahlity as
well asH.264/AVC EDF.

First we will discuss thee-buffering scenaiios on which we focus
in this pape. Therdore in our model we assumeaha ead quality
of the media is enmded at a constat bit rate as denotedin
Secton 2. We furtha assumehat the hit rate for transmissionR; is
limited to the bit rate of the video R=r+r,+r5 for the SVC case
Furthermore the outagetime, which is the time interval without
transmission rate, is always less than the maximum outagetime
toutagemex = t+to+t3, which allows for coninuousplayout at lesst at
lowest qualty for the PBTS cass. For comparson of EDF and
PBTS, we usethe sane to#l buffer size.

We assume aPBTS with three qualty buffers, which arefilled to
the comrespondig playout time valuesfor Q1, Q2 and Q3: t;+t,+ts,
t+t3, andts. Using PBTS for the receiver buffer two casescan be
distinguished:
A. During re-buffering, the qudity is degadel to the lowed
qualty Q1
B. During the re-buffering, the qualty is degadel to a
medium qualty Q2

This is due to the assunption, that availade trangnission rate for
re-buffering and playout after the outage is at maximum the video
rate R. Therefore, at least one qualty hasto be droppel in orde to
obtan addtional rate to re-buffer the lower qualities, while
coninuousy playing outthelower qudities at the sarre time.

and Figure4 show thetwo posshiliti es AandB. Thelengh of the
outege deternines whethe during the re-buffering phaset,e,s the
qualty is degradedto the medium quaity or thelowestqudity.

A

trebuf toutage

Q1 Q1

-

toutagemax=t1+t2+t3

Q2

o+t

Q3

-
ts

Figure 3 — Impact of outage which requires graceful quality
degradation to the lowest quality — case A

Notetha the re-buffering processin our modelis caried ou in the
fastestpossble way. Although t would be possble to increasethe
qualty aready during the refill phaseof the buffer to a medium
quaity, sucha re-buffering phasewould take more time andwould
therefore reduce theverdl quality.



In, caseA is depicted. The heredark grey bars on the right for Q1,

Q2 and Q3 represent the state of the buffer when no outage
happas. If an outage occurs (grey shade box), the data of the
buffer is played and thereafter the re-buffering processis started
tenr- PBTS dmsto ensurehat at least datafor a video qudity Q1 is
avdlable. The light grey box representsaddtional daa, necessary

to keeponplaying at Q1 untl the buffer is fully re-buffered.
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Figure 4 — Impact of outage which requires graceful quality
degradation to the medium quality only — case B.

If the outage lergth is shortenaugh, that the re-buffering could be
finishedbefore the Q2 buffer runs out, case B occurs asdepicted in

Figure 4. The dashel boxesfor Q1 and Q2 in Figure 4 showthe
initial state of the buffer. It can be noticedthat in ceseB lessdata
hasto be sentduring the re-buffering phase In orde to find the
buffer strudure, which maximizes the quality for a given outage
length the two possble cases AandB arestudedin the remainder
of this setion.

Therefore, we first discuss thdoundsfor t,ge Which differentates
betwveen thetwo casesA andB, with thefollowing definitions. The
time T = toyage + trenur IS the time it takes to get badk to the highes
quaity after begin of the outege. The condtion for case B is
fulfilled, if eq (1) is true.

T=t g St,+t;  icase B

outage

@)

Tha meansduring the outage ard the re-buffering phasein caseB,
still the medium qualty Q2 can beplayed out. Taking further into
accourt the video rate beng R = ry+r,+r3, the transnissionrate R
and the amount  of re-buffered dat being
trepur ¥ R = r3* ta+ (r41) * (toagettienr), the amount  of re-
buffered data can be calaulated. Then the amountof re-buffered
data is equalto the sum of dataplayed out at quality Q1 + Q2
duringt«f , thedaiato bere-buffered for Q1 andQ2 playedduring
totage and the data to completey re-buffer Q3. With the
aforemenioned condiions eq (1) can be transpo®d to eq (2),
whichis the ondition for keingin caseB.

> Rt * toutageJr (I’1+ fo+13— Rt)* t3

R-r,1 case B (2

t,

The fixed buffer size B is cdculatal
toutagemax = 1+t +t3 (CompareFigure 4).

in eqg. (3), with

B(tzvts) :toutagemx I+ (t2+t3)* ry+t%r, (3)
Sincethe quality of the video typically depend on a single rate-
distorion function, Q1, Q2 andQ3 arederivedas q(r;), q(ry+r,) and
g(ry+ro+rg) respedively in the fdlowing. Besides
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In eq.(4) andeq (5), the time for re-buffering t,«, respedively the
time of quality degradationT arecdculated.

toutage* rl +B 7t0utagerax * rl i tz < Rt * toulage+ (rl + r2 + r3 - Rl )* t3 (4)
b (t20ts) = R-n Ror-h
tou(age* (rz + r1)+t3 * r3 > R! * toulageJr (rl + r2 + r3 - Rt )* t3
R1"’1’r2 o Rt’r2’r1

For case A (upper pat) in eqg (4), we summed firstthe amountof
dat played at lowestquality during the outage (which needsto be
re-bufferedto to tagema) @ndseondthe amountof dat, which needs
to be re-buffered for the two other qualitiesto fil | up the priority
buffer, divided by the hit rate avalable for re-buffering (while
playing quality ¢(ry)).

For case B (lower pat) in eq (4), we summed first the amountof
dat played at lowest+mediumqualty during the outge (which
neeals to be re-buffered to toyagemax @nd ty+ts respedively) and
se®nd the amountof dat, which neals to be re-buffered for the
highest qudity g(r;+r+r3) to fill up the priority buffer, divided by
the bit rate avdlable for re-buffering (while playing qudity q(ry)
andq(ri+rp)).Fromeq.(1) and(4), eq (5) is corcludedasfoll ows:

* *
tomage Rl + Bitoutagamx 51

< Rl * tomage+ (rl+ fo+r3— Rt )* t3 (5)

ot

T(t t)— Rt7r1 Rt7r27r1
2113/ =
tou(age* RI +t3* I3 > Rx *tou[age+(rl+r2+r3_ R)* t3
22
I:")17"27"1 |%77‘27"1

Theaim is to ersurecontinuous myout duringand afterthe outage,
atleastat minimum qualty q(ry). Therefore, we t (t;+t,+t3) equal
to a fixed toyagemax- The lengths ty+t; and t; of the buffers for
q(ry+ry) and q(ritro+rg) are the varables for which the optimal
solution is searched,since q(r;) neals to be played coninuowsly
duringT.

For case B, wherethe length of the outage ismall enoughto meet
the condtion in eq.(2), thetime T after which the playout is bad at
highest quality depends on t, and t; compareeqg. (5). For the
optimizations,we use thdargestpossble value of T(t,,t3) in caseB,
which correspondgo the snmalleg vaue t,, Of t, andto the higheg
value tama Of t3 respedively, which fulfill equaton 2with equaity.
For highervaluesof t,, T is smaller, thus for the addiional time
T(tomin) — T the highest quiity q(ri+ro+r3) could be playout, incase
B. Thus,the playuttime with highest qulity ists + ( T(tzmin) - T)
compareeq. ©).

For aseA, sinceT doesnotdependont, and t3, theavaragequdity
cdculation is straght forward following . All qualities need to be
re-buffered, but only quality q(r;) needsto be continuousy played
out.

Theaveage qualityfor bothcases A and B is shawvn in eq (6).

% {Tftzft:) )+t olrr) ¥ Q(r1+r2+r3)]
< Rl * toutage+(r1+ fp+13— Rt )* t3
Rt —-n
Tt )* [(T —t3)* q(r,+r1,) + (T(thin) -T +t3)* qry+r,+ r3)]
2min
for tz > Rt * toulage+ (r1+ fo 40— Rt)* t3
R —r-n
In orde to cdculate the maximum qualty for eachof the twocases,

eqg. (6) hasto be optimized with respet to t, andt; respedively as
shownin eq (7).

(6)

for t,




agmax(Q(t,,t5)) (7)

tats

4. Results

For the simulationsa buffer of 5 semndsat rate equal to the video
rate for SVC was used,which is equivalentto B = 250 KB of the
used H.264/AVC and SVC streans as shown in , which are a
conatenaion of theITU-T test seuences @y, Crew, Forenanand
Socce. The streamshavea Groupof Picture (GOP) sizeof 16 dus
apreceding IDR picture for eatt GOP, ie.the strean hasarandam
acessinterva of 0.57s.The reolution is QVGA at 30 frames per
seond. A rate contol hasbeenusedto keep the bit rate in a +/-
2.5%window of the average value per IDR+GOP 16 picture chunk.
The stream length is about 40 seonds The bit rate for the
H.264/AV C strean is 370 kbys andthe bit rate for the SVC strean
is 410kbps The SVC strean uses MGSidelity scdability with one
enhanement lagr, where the baselayer hasabout 160 kbps. The
hierarchical prediction strudure with GOP 16 + a preceding IDR
perchunkallows a tempord scdability with up to six levels for the
H.264/AV C stream.

The distiibution function for the ouages consideed for the
evduations is a uniform distribution for outages beween 0 and10
se®nds.In all evaluaions, thehree methods

I SVC-PBTS - SVC with three quality levels and
PBTS, where after an outage the priority buffer is
always re-buffered.

AVC-PBTS — H.264/AVC with three quality levels
and PBTS, where afteran outage the priority buffer
is always re-buffered.

AVC-EDF - H.264AVC with EDF, where re-
buffering is gplied only in caseof an empy buffer.

havebeen used.

In , we showasanexample theresuling videoquality overtime for
two different ouagesof 3 and 8 seonds usinglie three different
methods.Note thatat the begnning of the first outage the buffer is
full.

showsthe three qualty levels for the H.264/AV C and the SVC
streans usedfor PBTS, wherethe SVC rate-distortion points are
derived droppirg MGS NAL units in the enhanceent layer only
and the H.264AVC rate-distation points are acieved using
tempord scdability. Solving eq (7) resultsin t,=0 for the selected
quaities and ratesof the test sequence.This means tha for the
selected rate points the useof only two quality buffers doesmake
sense.

In and, the pefformane of the proposedSVC PBTS is andyzed
for different outage fractions and compare with the two other
methods. showvs the avweragge PINR qualty over the whde
sequace aging different outage fractions The outage fraction
value is detiled in the following. shows the avaage playabe
frame rate in framesperseondaganstthe ouagefractions.

The sekded distribuion for the intervds for which no outage
ocaurs isalso a uniform distribution that fulfill s that the relation

betwveen the averagetime in outageandthe whoe simulation time

is equa to the given outeage fraction. The resultsin Figure 7 shav

tha SVC outpeforms the two H.264AVC basel methods

Although SVC imposesa penéty of abouta 10% highervideo rate
to achievethe sane video qualty for thetest seqeenc, this peralty

may be furtherreducedusingencode optimizationsasproposedn

[9], which hawe notbeenusedfor the eststreamgeneation.
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Figure 5 - Two outage examples over time with the resulting
quality asPSNR
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Figure 6 — Thetest stream qualities- SVC using MGS
scalability and H.264/AVC using tempor al scalability.

The resuls in  show even beter the pdentiality of SVC to
overcome link outageswith the full video frame rate. Both AVC
appoadesintroducethe reduction of frame rate, wherethe AV C-
EDF appoad resuls in complee playout interruptions depending
on the outage lengh, which seens to be not acepibe from a
servie point ofview.

SVC using the PBTS algorithm adhieves much beter results in
terms of receved video qualty and playale frame rate than with
the two other methodsover a wide range of opaation pants. The
higherthe probaility for outages is, the more benefits areachieved
by usingSVC with PBTS. In theendit is aquestion obeing able to
guaranteeservice coninuity under all channé condtions or not
being abe.

The PBTS appoadc coudd be also appied to bit rate varation
scenaios as well as to Internet streaming scenaios with
transnissionrateshigherthan the vide rate. We ke evaludion of
suchscenaios for future work.

The proposedapproachcan be also appied in scenaiios, where
playoutis stared with a minimum buffer that allowsfor playing the
minimum qudity. That would resultin a streaming appoacd with
nealy immediate playout while increasingthe pre-buffer aswell as



the quality during playout. Thusthe appioach would aso allow for
reduceal stat-uptimes.
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Figure 7 — Average PSNR quality for different occurrences of
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5. Conclusion

We presentel an optimization of Priority-based Transmnission
Scheduhg (PBTS for SVC and H.264/AVC scdability. We
showed the benefits of using SVC in pointto-point streaming
scenalios with ocaurrence of link outages as possble in cellular
mobile netvorks Although SVC imposs a pendty in maximum
video qudity, the results showthat SVC allows overcoming much
higher outages tha the actud pre-buffer time, which makes it
suitablefor scenarios with constainedbit rate and a potentiality of
link outages aswell astransnission atevarations.
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