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Abstract

Ree@n standadization activities for the transport of Scdable
Video Coding over multimedia netvorking chanrels have
introdueed meansto differentiate layers of a scdable media in
transport. Therefore in RTP, those layers are transpored in
different RTP flows respedtively RTP sesfons. To decodesud
layers traasportel ondifferent IP nework flows, a decoding order
recovay mechanismis required tha reordes the media dda of the
layersto decodingorde at the recaver or at anintdligent netvork
element. Since today’s multimedia networking channels typically
provide preserdtion timestamps on the transport layer, it was
obviousto rely on thosedatafor demding order recovey. Dueto
the fact that presentaion timesampsdo not apper in the media
strean in incressing orde, an algorithm purdy basel on
presentaion timestanps may fail in sone scenaios where
tempord scdahility is used. Another appioach to solve the
problem is to use anumbeling mechansmin the bit stream giving
thedecoding order. In this pape, we highlight both mechansns as
defined in the RTP payload format for SVC video and compae
them in loss scenaiios typicaly presert in mobile broadcag
channels.We showthat the preenition timesamp basel solution
gives over a wide range of loss scanaiios almost the sane results
in terms of decode video quality as the numbeling basel
appoad.
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1. Introduction

Reert media transport standardizabn activities as the
spedfication of the RTP payload format for SVC video [1] [2]
include means for differentiated media transpot. For a layered
media codecas SVC, layers or set of layers are transfered in
different network flows, which may get differenttransportlayer
protection. Such a differentiated handing of layered meda
transport is already know from Layered Multicast [3], where
aacording to the connestion condtion a Multi cast recever joins or
leaves Multi cast ses®ons carying layers of a salabe bit stream.
Otherappoachesextendel Layered Multicast to today’s IP-basel
mobile multicastbroadcastchannels as 3GPP’s MBMS as well as
DVB’s H, NH and SH senvices. Differentiation in transportmay
also make seng in combination with IP Differentiated Service
(DiffServ — IETF RFC 2475)
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In orde to receive data from multiple netwvork flows a mechansm
is reguired to reconstructthe demding order of media daga
received from different network flows. This is due to the fact that
IP flowsandpadets in paticular may takedifferent paths ove the
Internet andtherefore may arrive at the receive in different orde.
RTP[4] itself providea mechanismto re-orde recaeved packetsto
transmissionrespedively decodng orde within a sinde flow
using RTP sequecenunbers. But RTP is lacking ary meansto re-
orde datafrom different flows. In RTP, different flows may be a
result of different multiplexing techniques suchas RTP sesfon
multiplexing which relies on the use of different transport
addesses(such as network address andbr por) as wel as
Synchmnization $urce (SSRC) Multiplexing [4] whichrelies ona
field in theRTP healerindicating the source of thRTP steam.

In orde to addessthe issueof re-ordaing daa of differentflows
to demding order, two different means havebeen standadized in
the RTP payload format for SVC [1]. One method relies on RTP
presentationtimestanps andothe already existing RTP healer
information amd is therefore cdled the timestanp-basel
(TSbased) demding orde remvery (DOR), in [1] NI-T mode The
othe method is basel on an additional nunmbering as similary
introducedin [5] andis therefore cdled the crossses#on demding
orde numberbased(CS-DON-based) DOR, in [1] NI-C mode

Different corcerns havebeen raisedin the standardiation process
of [1] tha the CS-DON-basé method outpeforms the TS-basel
method for the following reasms: Sincethe RTP timestanps are
presentdion timestampsand do not linearly increase with the
dewmding orde, TS-basel DOR may not be able to comectly
recove the deaoding orde in all padket losscases

Therefore, we ewaluae bothdecaling orde recovery methods ove
a simulated IP-basé mobile broadcast channel with burst loss
chaacteristics and provide detaled results in terms of received
video qudity for randomaswell asburstlosses ausualfor mobile
broadcastmulticast channés as DVB-H, DVB-SH or 3GPP
MBMS.

In the next section we explain the two demding orde recovery
mechansns anddetil the problem. In sedion 2.1,we presentthe
used simlation tegbed andwe presentthe resultsin sedion 4 and
condudein sedion 5.

2. Decoding Order Recovery (DOR)

2.1 Timestamp (TS)-based DOR

The RTP payload format for SVC defines an algorithm to reorde
the SVC NAL units (video padets) recaved from multiple flows
using only information already presentin the RTP, i.e. the RTP
timestanps to align daa beween flows, the RTP sequace
nunbers to re-orde daa within one flows as well as the



knowledgeabou the depandencies of the media in the different
RTP flows to place the media data from the flows in demding
orde into the receved bit stream.

higher RTP process timestamps in higher RTP flow
(enhancement) & collect corresponding lower flow data
flow E QCaCGEIEECInans -
I | | W |

E Received packets
with timestamp ts

Figure 1 - Timestamp-based decoding order recovery

Furthermore,this mode relies on the knowledge tha in ead
depanding higher RTP flow dafa for a paticular timestanp is
presentif suchtimestamps$ dso presentin the flow the depanding
flow depends on (the lower RTP flow) [1]. Figure 1 shows the
prindple of the algorithm. Two RTP flows are shown conining
two layersof a SVC bit strean, wherethe baselayer hasa lower
tempord resoluton than the entancamentlayer.

The algorithm proceals as follows with the asaimption that daa
within eath RTP flows is already re-orderad to RTP sequece
nurberorde (i.e. decodng order):

a. ldentify first timestamp avalable in all RTP flows and
cdl it target timestamp and proceal to target timestanp
in the highest RTP flow (the flow in the hierarchical
SVC layer dependency which no othe flow dependson;
the lowest RTP flow is the flow contining the base
layer)

b. Collect dl media datan the different RTP flows with
thesane target imestamp.

c. Reorde mediadata accordngto (RTP sequa&ce nunber

and dependency orde of flows to acessunit orde of

target timestamp.

Plae accessunit into outgoing bit stream.

e. Procedto nex timestanp in highest flow, call it target
timestanp andcontinueat b)

o

This algorithm is appled straght forward, if there arenolossesn
theflows.

If there are los®es in the RTP flows, the situationis different Since
the algorithmrelies on the apeaane of timesamps in the highes
RTP flow to recover the decoding orde of the media data sorre
padet lossconsellations nay na allow for correct decodingorder
recovay. For thisreason,it is proposedn [1] to stay in the lowest
RTP flow for which a recever can sakly recoverthe demding
orde. In atwo sessionscanaiio asshown in Figurel the deoding
orda can be always sdely rewmveted in the lowest sesgn
respedively the baselayer assiming tha one layer is sent per
flow.

Svnc group / of lost packets iin higher flow group l+2 Sync
——— point
frer EE-EEEEEEEEE
11 BT

recelved
media frame media frame
(time stamp) r (timestamp) r+1 decoding order #
in lower flow lost packet

Figure 2 — L oss example within an out-of-sync interval
The example in Figure 2 showsloss cases,which may lead to

uncetainty abait the deooding orde of the transmitted media
padkets. Synchonization between the higher and the lower RTP

EI received packet w.
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flow can belost if comesponding padets in the two flows arelost
for a given timestampeg. in Figure 2 it is not clear if packet #7
(and #11,#15) appearsin demding orde before paket #10 o
even diredly before padet #18. The interval of padets betwveen
two comectly recaved synchronization points in lower and higher
RTP flow is called an out-of-sync interval.

For simplification, we evaluae only the case of two flows in the
following, since the prodem statementof using more than two
RTP flows can be always reducedto two RTP flows, wherethe
lower RTP flow is thehighest RTPflow up to which thee is no
uncetainty in dewding orde. For formulating the problem
staement we define the following terms for an outof-sync
interval:

fo: identifies the RTP flow, wheref, indicatesthe RTP flow
congining the baselayer and f,.; indicates the RTP
flow, which is the next highe RTP flow to f, in the
coding cependercy hierachy

n(f,):  the number of media frames r or parts thereof with
different timestanpsrecevedin RTP flowf,.

n(f1): thenumberof groups | of conseutive lost packets in the

RTP flow fi. 1.

ni(fre1): number of padkets i within group | of conseutive lost
paketsin RTP fow f,;.

If thefollowing condtionis true, there is no uncertanty in the TS
base DOR processwithin an ou-of-syncintervd:

(M () <2vn )= 2an, ()=S0, () @)

Assuming that in an outof-sync interval, whereeachlower RTP
flow media timestamp misses its counerpart in the higher RTP
flow, the equation above gives the condtion for sucessful
demdingorder recovely. Thereis no problem, if there is not more
than one group of conseutive los®s n, in the higher RTP flow
foe1, 1.6 thelower RTPflow media frames n, for which theeis an
uncetainty congquently must have the sane timestanps as the
group of lost padets in the higher RTP flow f,.;. This case
corresponddgo the firstcondition (ny(fh+1)<2). Additionally, if there
are more the one group of congautive lossesn;, the lower RTP
flow media frame for which there is anuncertainty coud hawe the
sarre timestanp asary of the groups oflost packets in the higher
RTP flow. There would be a unique possble solution for DOR, if
the number of padet lossesin the higher RTP flow f..; and
padkets n, with different timestanpsin the lower RTP flow f,, for
which theeis an uncetainty would be the sare, sinceeach group
of padets in flow f, with different timestamp mustmatch at least
with a single packet in the higher RTP flow f.,. This corespond
to the second candition of equation (1).

If there is anuncertainty, the cancellmentis to go ondeding in
the lower RTP flow up to the next synchionization point, where
demding can be coninued in the higher RTPflow. The condition
in (1) can be extende to morethan two RTP flows if applying the
following stepsfor each twoRTP flows f, andf,., (corresponding
RTP flows), starting from the lowest RTP flow

Identify the out-of-sync interval for eachtwo correspondingRTP
flows f, andf,.; and check for uncetainty in deading orde. If
there is already an uncetainty, this will also affed all the higher
flows. If ther is no uncetainty, the processcan coninue in the
nextpar of higher RTPflows f,.; andf,.,. The codingstrucure of
the SVC layers in the transportillustrationin Figure 1 shows the



presene of different frame ratesin baseand enhanementlayer.
Sincetherulesin [1] for TS-basd DOR require the presene of a
mediatime stampin ary highe RTP flow f, with h>n, if presentin
RTP flow f,,, the lower RTP flow (base layer) may containless
media frames than the higher flow. This fact may increase the
vulnerability of suchstreans in terms of potential uncertainty in
demdingorde recvely.

A possble increasein robustnessnay be achieved extendng the
aforemenioned rule to also requre the presence of timestanpsin
lower RTP flows, if a media sampling instanceis presentin any
higherflow. [1] defines the Empty NAL unit packet which canact
ascarrier for thosemedia timestanps.

2.2 CS-DON-based DOR

The decoding ade recovey baseal on a cross sesfon sequece
numberDON as proposedin [5] is different from the TS-basel
method descibed in sedion 2.1 almost straght forward. The
receive canre-order thereceived media padets only acmrding to
the crossses®n sequacenunber. The only dravbad is the need
of adding addiiond data fields respedively additional padets
carrying thosenumbers according to theprotol.

3. Simulation Testbed

In orde to simulate and evalude the TS-basel andthe CS-DON-
basel DOR methods we useda simulator which appliesthe NAL
unit padetization as defined in [1] using the norrintedeaved
padetizaion mode andhe NI-TC—the non-irterleaved TS-basd
and CS-DON-basel mode for demding orde recovey, i.e. bah
information for the TS-basel as well asfor the CS DON-base
method are presentin the RTP flows. For the TS-basd DOR, we
assumetha the RTP flows provide timesamp synchronization
information at ead random acesspoint in the flows using RTP
healer extensims as introdued in [6]. The simulator appliesa
fragmentation on RTP level, uing Fragmenttion Unit (FU)
padets, if required by the maximum transfer unit (MTU) size
setings.

All RTP padetsare mappel to IP padets and then into MPE—
multi protoml encgsuldion—padkets as eg. usedby DVB-H.
Then the MPE padets are distribuied into MPEG-2 Transport
Strean blocks (TBs) having a payload of 184 bytesead. In order
to simulate a DVB-H chanel, we rdy on a Gilbeit-Elliot (GE)
modelfor modeing burstlossesaseg. usedin [7] for modeing a
DVB-H channel The SVC demder receiving erroneousstreans is
applyng in the base layer freezeframe error concealnent if
reference framesare missing Furthermoreeat media frame is
demded up to the highest available layer. Therefore we rely on
SVC medium grain scdability (MGS), which allows switching
betveen layers at ead frame,for more detailswe refe to [8]. In
case of loses, the simulator determines following equdion (1),
whethe there is a decoding order probleam or not. If there is a
demding order problem, the decodecan orly rely on datain the
lower RTP sadon,i.e. the baelayer.

4. Results

For the simulations we usedexemplay the following SVC strean
distributed overtwo RTP flows having a Groupof Picture (GOP)
sizeof 16 plus a preceding IDR (intra) picture for each GOP, i.e.
the stream hasarandomacessinterval of 0.57s The baselayer in
Flow 1 is anAVC bit strean at QVGA resolution with 15fps.In
Flow 2, thereis atemporalenhancementof the baselayerto 30 fps
aswell asaMGS qualty enhaacementof the QVGA baselayer. A
rate cortrol has keen usedto keep hebit rate in a +/-2.5%-window
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of the averagevalue per IDR+GOPL6 picture chunk. The stream
length is about 40 seonds consisthg of a conatendion of the
ITU-T testseqeences City, Crew, Foreran andSocce:

const. bt ratgkbpd avy. PSNHdB] frame ratdfps]
Flow1 | 12375 3200 (at 15ps) 15.0
Flow 2 | 27344 36.08 30.0

In the following figures, we show the nurmber of addtiond lost
NAL unit padets in casethe decoding orde cannot berecoveed
within an ou-of-sync interva using the TS-basel method
compare to DOR usingthe CS-DON-basé method We showthe
results over diff erent TB loss rates(0.5%, 1%, 25%, 5%, 10%,
15%) aswell asfor different MTU sizes (350, 700, 1400 kg per
IP padet) and burstlength sizes (25TB, 50TBs). We addiionadly
appied a randam TB (TB payloadsize = 184 bye) loss scenario
(burst length=1TB), as a lower boundin Figure 5. The averege
video codng layer NAL unit size is 843 bytes. We appled 500
simulations runs on the SVC strean for each of the
aforemenioned estcases.

Average Burst Loss Length=50TBs
18
16
14
1.2

—m MTU=1400

08
06
04
02

—m MTU=700

— MTU=350

Additional Lost Video-Packets [%]

05 1 2,5 5 10 15

TBLossRate [%]

Fi

gure 3— Add. lost packets, avg. bur st loss length=50TBs

Average Burst Loss Length=25TBs

1,8
16
14
1,2

B MTU=1400

| mMTU=700
08

06
04
02

MTU=350

Additional Lost Video-Packets [ %]
.

05 1 25 5 10 15

TBLossRate [%]

Figure4 — Add. lost packets, avg. burst loss length=25TBs

TB Random Losses

-
o

I
@

I
=

"
~

—E MTU=1400

"
15}

—= MTU=700
—8 MTU=350

Additional Lost Video-Packets [%]

oN A @O ®

05 1 2,5 5 10 15

TBLossRate [%]

Figure5— Add. lost packets, random TB losses

It can be naticed in Figure 3 to Figure 5, that the percentage of
addiionally lost padets due to the timestanp-basel method is
only naicedle for random TB losses, whichare unredlistic for




real mobile broadcast chanrels, as well with TB burstlossesabove
5%. Furthermoe, it can be seen tha higher MTU sizes are more
sensitve (due to the less frguent appearace of timestampsn the
flows), onthe otherhandhigher average burstlosslengthsareless
sensitve to the potential problems inroducedby TS-basel DOR.

Figure6 to Figure8 showthe delta PSNR for the abovemenioned
test cases, which can be seen as degadationwhenusingthe TS
basel DOR in losssceanaiios (Notice: There is no degacation in
the loss free ca®). As reference, the recaved absolg PR is
shown in Figure 9 for TB random loss for avg. TB burst loss
length=25TBs as well asfor avg. TB burstlosslength=50TBs for
MTU size 1400byes. In the unredistic randomloss scenaiio, the
detta PSNR is relatively high for TB lossrates above2.53%, butthe
aveage PINR as shown in Figure 9 is already uraccedtable in
thosescearios. The ddta PS\R for the TB burg losscasesis for
realistic loss rates equa and bdow 5% clearly below 0.01 dB,
which can be rated as nat noticeable in the aread/ erroneows
scenalios.
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Figure 8 — PSNR degradation, random TB losses

The resuls above show that the orde problens introduced by
using TSbasel DOR do not impos ary noticedle qudity
degradation for SVC streans including temporal scdability in
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realistic loss casesfor mobile broadcast channés. Only in the TB
randomlossscenaiio, a noticeeble PAINR degiaddion can besea,
but these lossesare irrelevant compared to the aveage received
PR for the different losscases at MTU=1400bytes asshown in
Figure 9. For burst errors of 25 and50 TBs, it is not possble to
distinguish tke difference béween both methods
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Figure 9 — Avg. PSNR, TB random/bur st losses, M TU=1400

It can befurther assimed,tha streams withouttermpord scdability
between network flows aswell aswith smaller GOP sizes will be
less sensitve to the lossesdue to the higher appearace of
synchonization points. Furthermore more flows may also allow
for enhancing the TS-basel DOR dueto addtional possbiliti esfor
identifying synchronization points betveen multiple flows. It can
be furthe summarized that higher transport block burst loss
lengths and sneller MTU sizes show lower impact on the
demdingorde remvely.

5. Conclusion

We detiled the twomethodsfor demding orde recoveay (DOR)
for transmissionof SVC over multiple RTP flows asdefinedin the
recently finished RTP payload format for SVC video. We
discussedpotential problems with the timestamp-bask DOR
method and showed that suchdiscussedproblens do not lead to
noticedle qualty degmaddion in realistic loss scenaiios over an
exemplary mobile broadcastmulticastchannel as DVB-H.
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