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Executive Summary

This document describes the final results from Ta8kof the OPTIMIX project. This is the third afidal deliverable

in the D3.3x deliverable series and a follow-uphe earlier D3.3a and D3.3b documents. In this o, we present
the final specification of the OPTIMIX data linkyler functionalities and the results from the redaperformance
studies conducted in Task 3.3 during the last waylperiod. Many of the results presented here galyhe previous
work discussed in the earlier D3.3x deliverables.

In the previous deliverable D3.3b, we presentedrnitermediate design and performance analysiseotitia link layer
functionalities. It presented the advances in theigh and implementation of the essential datalégkr features into
the common OMNeT++ simulation chain in respecthef work presented in the earlier deliverable D3l8d3.3b, a

more detailed investigation and OMNeT++ simulatiesults regarding the proposed enhancements wesemied for
selected topics, including the partial checksumhmatsm for WLAN, the multi-user scheduling/allocatialgorithms

for (MIMO) OFDMA links as well as RoHC. Moreoverleances in the enhanced WiFi multicast solutioretiyment

were discussed. The deliverable D3.3b touchedlaisgfly a new topic regarding the recent developtsém the state
of the art and standardization activities in extegdvireless Quality of Service (QoS) architectusesh as the IEEE
802.11e to enforce packet-based QoS to better sufgoalable) video streams over wireless links.

In this document, we present the final improvemeatshe data link layer mechanisms developed inQRI IMIX

project. Here we discuss three main topics, nameata link layer multicast, scheduling, and Robbigtader
Compression (RoHC) mechanisms. The basic datddydr features supported in the OPTIMIX system.(sadected
technologies and the partial checksum mechaniswg baen covered already in the earlier deliverali’&s3a and
D3.3b, and in this document we focus on discussinly the more advanced mechanisms specificallygtesi for
optimizing video transmissions over wireless links.

As described in the previous D3.3x deliverables, @PTIMIX project has been developing better meismas for
supporting multimedia transmission over data liaiker multicast in WLANSs. In this document, we presthe final
design and experimental results of the OPTIMIX datk layer multicast solution. We discuss applyingnsmission
strategies in the WiFi multicast context to optienimultimedia transmission. The work is a contimuatto that
presented in the earlier D3.3x deliverables. Is ticument, we present the best multicast trangmistrategy defined
for the OPTIMIX system as well as results colleciéth the common OMNeT++ simulation chain to téstdperation.

The second major topic addressed in this deliver&IMAC layer scheduling and related solutiong tieve been
developed and tested in the project. In OPTIMIX,hage explored different MAC layer solutions fottiogzing video
transmission in the context of both traditionaleléss MACs (e.g. IEEE 802.11) and more advanced®)IOFDMA
solutions. For the so-called traditional wirelesA@4, we have evaluated three different approaabrescheduling and
prioritizing video traffic. Although different fronane another, the solutions can be seen to compleeaeh other as
each of them addresses the requirements of differemvorking scenarios. In this document, we presies different
scheduling solutions with related simulation resukccording to the results, we can conclude tliééos streaming
performance can be improved with the proposed ndsthim addition, we present selected results obtaimith our
prioritized multi-user queue system and the schedlallocation algorithms developed for (MIMO) OF\systems.
The actual solution is presented in more detaih& context of the Base Station Controller in D2aBidl D2.3c. Here
we present selected results of a simulation studgrevwe have particularly considered the presehtemtypes of
users: OPTIMIX users and non-OPTIMIX users. Theiltesclearly show the improvements that can beinbthwith
OFDMA-based scheduling and allocation techniquespared to more traditional transmission mechanisms.

Finally, this document presents the advances irdévelopment of header compression mechanism&go®©PTIMIX
system. First of all, we present our proposed gmiub address the RoHC decompression problemsagiizdar under
bad channel conditions as well as for multicasbgnaissions as discussed in D3.3b. In addition, e pere the
complete compression scheme for DCCP packet he#lagrsve have defined during the project. Both pheposed
Reactive Robust Header Compression scheme (R-RaH€}Yhe complete compression scheme for DCCP hese b
implemented into the common OPTIMIX OMNeT++ simigat chain. In this document, we present also setkect
simulation results to verify their operation. TheHC improvements discussed in this document comptlhet studies
presented in the earlier D3.3x documents.
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1 Introduction

This document presents the final design and thetifumal or performance analysis of the data linkela(DLL)
elements studied in the OPTIMIX project. This detable is a continuation to the previous two detittes produced
in Task 3.3, namely D3.3a and D3.3b. In this doaumee present the final improvements to the datk layer
mechanisms developed in the OPTIMIX project. Theidbdata link layer features were covered alreadihé earlier
deliverables and thus this document focuses ombee advanced mechanisms that were specificalligaed for
optimizing video transmissions over wireless linkbese include the data link layer multicast, sciiad, and Robust
Header Compression (RoHC) mechanisms.

Chapter 2 discusses the data link layer multicestds. One aim of the OPTIMIX project was to predac improved
link layer multicast solution for WiFi networks thevould better support multimedia applications.Ghapter 2, we
present the best transmission strategy for the ®IPTkystem to enhance multimedia transmissiondh@dase of data
link layer multicast. The transmission strategglso evaluated with a simulation study conductadguthe common
OMNeT++ chain.

In Chapter 3, we continue the analysis of the takalayer mechanisms for adapting video streamshenbasis of the
work presented in the earlier Task 3.3 deliverablés discuss four different solutions which canbalused to improve
video transmission over wireless links but eacthefn applies to a distinct networking scenario. Thapter is divided
into two parts. The first part discusses schedutiolyitions targeted to “traditional” wireless MAGsch as the IEEE
802.11 WLAN. Here we present three solutions: aegerone that can be utilized for prioritizing sdale video packets
in wireless systems that do not necessarily haverant support for QoS; an IEEE 802.11e basedisolidr 3D video

packet differentiation utilizing a cross-layer patkmapping algorithm; and a hierarchical schedubogution that

enhances the standard IEEE 802.11e MAC with sugpoiscalable) video packet prioritization withaffecting the

QoS experienced by other types of traffic. For esglution we also present simulation results to alestrate their
operation and benefits.

In the second part of Chapter 3, we briefly revighe main results obtained with our prioritized riruer queue
system and the scheduling/allocation algorithmsetiged for (MIMO) OFDMA systems. The actual solatiwith
more detailed analysis on the results is preseintedore detail in the context of the Base Statiamitbller in D2.3b
and D2.3c. In the simulation study presented is tlicument, the presence of two types of userselya@PTIMIX
users (i.e. real-time) and non-OPTIMIX users (nen-real-time), is particularly considered when leating the
performance of the scheduling solution. This is iamportant issue, since in the OPTIMIX system, thashkér
Application Controller takes into account only first class of users, while the Base Station Cdietrdvas to consider
both of them during its optimization process.

In Chapter 4, the final improvements to the OPTIMRSbust Header Compression (RoHC) solution areeptes.
These include a proposed solution, named Reactolmu® Header Compression scheme (R-RoHC), to asldnes
RoHC decompression problems under bad channel ttmmslias well as for multicast transmissions asudised in
D3.3b. The basic operation of R-RoHC is to triggending of few extra uncompressed packets whertaeestatic
context is missing at the receiver side to allow threcompressor to recover the compression corifée.solution
requires no modifications to the RoHC state machimeits timeouts. In addition, we present the detepcompression
scheme defined for DCCP packet headers. Both R-RantCthe complete compression scheme for DCCP &lave
been implemented into the common OPTIMIX OMNeT+nuwliation chain. In this document, we present adecsed
simulation results to verify their operation.

Finally, the conclusions are given in Chapter 5.
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2 Data Link Layer Multicast

This section presents the latest advances to ti@MIR data link layer multicast solution. In thegarious deliverables
D3.3a [29] and D3.3b [28], we have already reporteshsurements, where we measured WiFi transmissiosesven
different configurations. Using the measuremenultsswe have shown that if the WiFi channel allamatis not
critical, then repeating the transmitted framesdase the delivery probability. In those documentshave worked out
a scheme, where the Access Point could use a tissisem strategy, which determines how many times @m what
rate should the frames be sent out. We concludetlttie transmission strategy depends not only enctiannel
conditions, but also on the WiFi radios both in fexess Point and the receivers. For this reaserpnoposed to use
measurements to create the actual transmissiotegyraand continue the measurements during the miiaa®n to
refresh the strategy whenever it is necessary fgueat no WiFi radio changes, however, we consith@anges due to
movement or other impact on the WiFi channel). $bleition and simulation study presented in thigsiseccompletes
the work in terms of defining an appropriate WiRiltitast transmission strategy for the OPTIMIX syst

2.1.1 Measurements to create transmission strategy

Current commercial Access Points also have “trassiom strategies” for unicast transmission. Thanslgorithm that
adjusts the rate to the transmission towards aifspetient. When there is no ACK received for artsmitted frame,
the algorithm may reduce the rate to send out &x¢ fnrame. Several algorithms exist, however wedreeaew one. The
reason is that we need it for a multicast confiiareand it is so different.

In order to create an up to date transmissionegiyatwe need a periodic measurement during theeath@hsmission. It
could be active or passive (in this latter caserahis no need for extra bandwidth for the measergs). In the
measurements, we measure not only the successlwoe faf the actual transmission but also the biberate of a
delivered frame. Measuring the bit error rate isaasy for a frame that is unknown for the receasit does not know
the correct frame. In D3.1c [33], we have preseatedlgorithm that estimates the number of bitrerio a frame. The
reason why we do not use that algorithm for thigopse is that here we would like to have a corvatie for the bit
errors and not estimation. Thus, we choose actigasarement and set up a measurement flow, whiphriedically
transmitted towards the receivers, and the receir@ke a report on the flow. The content of thevfls well known
for the receivers (known length, known pattern}hsgy can easily calculate the number of bit erréfternatively, we
could use the WiFi Beacons for our measuremenisgghis is a periodic transmission with a knowae sind content.
We could even enlarge the size and put extra coiniemthe Beacons. However, we had bad experiengtbissome
Intel WiFi chipsets, as they did not recognise ¢hBsacons. It is true, that the Beacons we used m@rstandard ones,
as we altered the transmission rate as well, soont not expect that they would be recognised.

Our measurement flow is a 1000 byte long, “0101@101filled, single frame, which is repeated duritige
transmission in every 1/10 seconds. The transnmssite is changing from 1 Mbps to 54 Mbps (1-2-6148-54),
which makes one round. The clients make reportr &ttransmission rounds. They are aware of thesareaent
signal and if it is expected, but there is no traission in a certain time, then it means that mesamsant signal has
been lost in the air. In order to make the repalust, the clients repeat the report frame as rtiemgs as it is required
according to their own calculations. This means there is a report and possible update in evesgcdnds. The report
tells the average bit error rate on each of thieidint transmission rates. From these reportsiticess Point calculates
the transmission strategy and uses it to send tmitnulticast transmission. The best transmissioategty was
described in D3.3b. It shows the number of repetitiand the associated transfer rate that is emjtiir send out a
frame with a given delivery probability as fastpassible.

2.1.2 Transmission strategy in OPTIMIX

Transmission strategy in OPTIMIX is simpler thare tbne described above. The reason for this isttetabove
mentioned method is WiFi specific only, while in TMIX we consider other radio technologies as wells, the goal
of the optimization is very different. In the geae©OPTIMIX scenario, we assume that the radio cbkhms an

expensive resource and we do not have too mudheaf.tin contrast, in today’s WiFi environment, wavé plenty of
bandwidth, but we have dumb, CPU limited Acces®iBoin OPTIMIX, it is the base station controleno decides on
the transmission rate of a frame. In the above imeed scenario, it would be the MAC layer, who kisotliat the
frame that is to be sent out is the repeated framdeit should adjust the transmission rate accgrtiirthe strategy. At
the end, we end up with a simple multicast transimis strategy, which tells the number of timesanfe has to be
repeated. In the simulation study described indhigtion, we investigated whether all the other uheglcan cope with
the duplicated frames and tried also to measurpéhiermance impacts.

2.1.3 Simulations with transmission strategy

We used the common OMNeT++ simulator developedhasn ®PTIMIX project to test WiFi multicast using the
simplified transmission strategy. The simulator the general scenario, illustrated in Figure 1. $8eup the radios
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with 802.11g parameters. The source was an SV@rstwdth one base and two enhanced layers. All tatwiwere set
to request for all the 3 streams. There was notatlap and the streams were played out from a poeded file.

(OPTIMIX) scenariol

& | = g | o) [ B 2 1

_J [OFTIMIX] scenariol (id=1] (prO1BDEEDE]

scenariol

o

t7na[‘l ]

terminal[2;\~3 o
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g terminall]
:* optidk bl
terminal3]
~ —
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-

terminal[7] h*

Sy

terminal(5]

£l
4 i

Figure 1 — Simulation with WiFi multicast.

Terminal[0] was the terminal experiencing bad WiRannel conditions (set to 10dB) and we evaludiedésults here.
All the other terminals had very good channel ctiods and they were the reference terminals. Weentadee
simulations and the evaluated transmission stragagere: 1. No retransmission, 2. Retransmit omce,3. Retransmit
three times. In the first run, we obtained thedaiing results.

" I# $" #
# #
" %o '$ #

Table 1 — WiFi multicast simulation results [No retansmission].

Table 1 shows the results, when there were no \Wiffansmissions. As it can be seen from the tabdeminal[0]
which had a very bad channel suffered a tremendoasty drop: 72 percent of the packets were lost.
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Figure 2 — Simulation with WiFi multicast [No retransmission].

In Figure 2, we have presented the transmissioagiof the packets. The blue marks show the padketasnd time
when the packets were sent out by the server. Teengmark is for Terminal[4], who had a very goddhmmnel

condition. The red mark is for Terminal[0] with i&d channel. The RTP layer creates small churd@4(bytes) from
longer video packets arriving from upper layers.ti#d receiver side, these chunks are placed tdfartand reunited
when all the corresponding chunks have arrived.dhunk is lost during the transmission, the RTy@d@&annot reunite
the chunks and the whole video packet gets los.tibhe values, presented in the figure, are medsuéore and after
the packetization method in the RTP module. Thiedihce of the sending and receiving times of ideo packets is
the delay on the RTP layer. This delay also inciuthe buffering time.

It can be observed that Terminal[0] receives onfewa video packets. It cannot receive big videokets due to the
high probability of losing any of the chunks duritige transmission of longer video packets. Theyjeteeasured on
the RTP layer (includes buffering), is mostly tlaene as in case of the other terminal. This careba §om the figure
as the red and green marks have the same posit@ne are also situations, where the delay, medsumethe RTP
layer, is longer for Terminal[0]. The reason foistls that in the current implementation, the buféthe RTP module
can give out a video packet, only when a new pagkes into the module. When the Terminal[0] cameckive a
transmitted RTP packet, it cannot call the RTP nieda give out a buffered packet. In this case,ithfered packet
will be received by higher layers only at the nextcessful transmission. This is an additionalyatéhe RTP layer.

$ n
%"% # % $! I#
# #
" %o '$ #

Table 2 — WiFi multicast simulation results [Retrarsmit once].

In the second simulation run, presented in Tablee2obtain better results. First of all, we can thee the retransmitted
multicast frames caused no problems during the lsition run. All the modules affected by the dupiéthframes can
handle the situation without errors. Second, tiesn improvement in the stream quality received byminal[0]. The
packet loss degraded to 44 percent.
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Figure 3 — Simulation with WiFi multicast [Retransmit once].

Figure 3 presents the transmission of the packetise stream. The blue marks show the time anddfitlkee packets
sent by the Server, while the red marks show tie tand size of the packets as Terminal[0] receivesn. We have
not presented Terminal[4] here as the results Weresame as in the previous figure.

If we analyze the packet drops, we can see thgisdvocur mostly for big packets. However, theresarae big packets
(1.66s and 8.06s) that manage to get through obatieehannel.

In the third simulation, we retransmitted all thaltitast frames 3 times. The results are almositidal to the previous
case, where we had only 1 retransmission. We eagdastter results, so we will further analyze tsise. However it is
also possible, that this is a limitation of the giation modules. We will use real measurementsntb @mpare the
results back to these cases.

3 Data Link Layer Scheduling

In this section, we present different approachesofttimizing video streaming over wireless links thye means of
MAC layer packet prioritization and scheduling. Tdrealysis is done in the context of both traditionmeless MACs
(e.g. IEEE 802.11) and modern (MIMO) OFDMA solusorior the traditional wireless MACs, we have eztdd

three different approaches for scheduling and fpidorg video traffic. Although different from onanother, the
solutions can be seen to complement one anotheaasof them can be seen to address the requirgmokdifferent
networking scenarios (i.e. small-scale deploymevite no strict QoS policies vs. large-scale netvgowkith specific
resource allocations between different types dfitda For (MIMO) OFDMA systems, we present selet@mulation

results obtained with our prioritized multi-useregee system and the scheduling/allocation algorithhkmsore detailed
presentation of the (MIMO) OFDMA -specific solutiegiven in [31] and [32].

3.1 Optimizing video delivery in traditional wireds MACs

In this section, we present three different MACelagcheduling solutions, targeted to “traditionaifeless MACs such
as the IEEE 802.11 WLAN, that have been investijatethe OPTIMIX project. These include a generacket
prioritization and scheduling solution which canused for optimizing scalable video transmissiowireless systems
that do not necessarily have inherent support foiS;Qan IEEE 802.11e based solution for 3D videokeac
differentiation utilizing a cross-layer packet mapgpalgorithm; and a hierarchical scheduling solatthat enhances
the standard IEEE 802.11e MAC with support for kslole) video packet prioritization without affedjirthe QoS
experienced by other types of traffic. For eaclutsoh we also present simulation results to dematestheir operation
and benefits.
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3.1.1 Generic MAC-level packet prioritization argheduling solution for SVC

Practically, there are two places to adapt SVCwiskeeam according to the end-user’s network candif already in

the video source or in the base station the endiassonnected to. Today, the last hop in a vidaagmission path
between video server and the receiver is often hase wireless access. Also, this often is the éotitk in the

transmission path. The traffic adaptation is theevedficient and more timely the closer the adaptaprocess is to the
bottleneck. Thus, a MAC-level video adaptationhat $erving base station has potential to adagictfedws it handles

efficiently. In this section, a generic MAC-levehlffic adaptation algorithm for scalable video samssion [5] is

introduced. The adaptation mechanism is accessaéay-independent, but it is evaluated with th&H=802.11g

MAC-layer and physical layer using Omnet++ simwaatframework. The results attained with the MACatdtion are

compared to the cases without adaptation and gistiegly, also with a source-level adaptation.

3.1.1.1 Overview

Efficient and proactive MAC-level packet priorittkan and scheduling mechanism requires dynamic tamely

information about the condition of the current wass link/s and constant monitoring of the trendhaf link state.
Thus, an extensive signalling framework deliveriragious parameters of the current link and netwawkditions to
traffic adaptation algorithms plays an essenti& io traffic prioritization and scheduling. Forample, in addition to
local link monitoring, base stations need feedifaai the mobile stations affiliated with them reldtto their view of
the link condition. A signalling framework combigitEEE 802.21 and Triggering Framework [6] is usegrovide all
required feedback information from mobile statiomshe adaptation algorithm residing in the bas#¢icts. However,
with the MAC adaptation only IEEE 802.21 signallipart is required and employed. Although the MA@gtdtion is
introduced in the context of downlink, it is suikalalso for the uplink without modifications to namisms as well.

Video adaptation at the MAC layer is performed tlylo the packet prioritization and scheduling. Pagkritization

is triggered on upon a link capacity starts detating. In order to save processing resources s¢ Istations, the
prioritization is enabled only when link conditiod® not allow all connections (mobile stations)fady use their

current services. Thresholds for triggering thepaakion on are selected not to start the priotitiratoo sensitively.
Wireless networking easily faces occasional andtghom signal strength variation (fading) caussppradic packet
losses or retransmissions even though the shont4tgzan signal strength is strong, especially, whewning.

Both mobile station and base station monitor thed@@n of the link between them. The parametersebstations
monitor are rate of dropped packets, which are gedpdue to exceeding of retransmission limit ongraission queue
overflow, and transmission queue size. Mobile stetimonitor the number of erroneously received gtckn other
words packet error rate (PER), and signal strerigtie to Automatic Repeat-reQuest (ARQ) proceduER B not the
same as the rate of lost packets.

Link condition is monitored using equation:

4
E.~M.,M.1 {045 030101003,
k=0
whereE denotes failed transmissions, queue size, PERyoalsstrength andi is a coefficient to accentuate the most
recent values. Weighted coefficients for the presiwgalues better allow perceiving the trend ofgheameter value.

Mobile stations periodically (every 0.5s) send MRarameters_Report events to the base station theyoanected to.
The parameters included in the MIH_Parameters_Rep@nts are PER, current throughput, nominal datts signal

strength in percents, and Signal to Interferencs-ploise Ratio (SINR). In addition to periodicaleats, mobile

stations also send an additional parameters evieah they notify that their link condition is getlimvorse. Thresholds
for this action are: PER has exceeded 4% or theabkigtrength has dropped below 70%. Based on thenymers

included in the events, the base station contradiggers prioritization on by sending a MIH_Linkc#tons command
to the MAC layer. The base station triggers pripaition on based on its own link monitoring whea tiropped frame
rate exceeds 1% or a weighted queue size reachasth queue_size 2. If prioritization is being triggered on arget

dropped frame rate decreases below 0.5%, baserstaturns to the state without prioritization.

MAC classifies the received IP packets into thrategories; high priority, medium priority, and Iqwiority. Base
layer frames are inserted into the high priorityege. First quality enhancement layers and all othan packets
carrying video data are stamped as medium pridfityally, second and all other quality enhancenteydrs are put to
the low importance queue. For the video packeesMAC scheduling algorithm uses tolerated queuigigys. In other
words, if the video packets scheduled to be sert can still wait for transmission, the front patkeom lower
importance queue is sent first, if exists and @eol The tolerated delays are 4 ms, 6ms, and ®ntkd base layer, first
quality enhancement layers, and second quality resémaent layers, respectively. Non-video packetssarg without
tolerated queuing delay definitions, and are sentttee turn of medium priority queue using the firstfirst-out
scheduling scheme. Thus, the scheduling algorithfiair to non-video packets. Figure 4 illustraties basic logic of
the scheduling algorithm.
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Figure 4 — Simplified logic of the scheduling algathm

3.1.1.2 Simulation analysis

In the simulations evaluating the MAC-level adaiptat the physical layer simulates a log-normal siveet

uncorrelated Rayleigh fading channel with additivisite Gaussian noise (AWGN). Table 3, Table 4, &able 5 list

the most important simulation parameters usedeérstimulations. In the simulations, one mobile stats connected to
an IEEE 802.11g base station. An IPv6 wired netwowknects the base station and the video server.\ited

network part does not introduce any packet lossagestion. The video server and the mobile stasiopport

RTP/UDP/IPv6 protocol stack.

Parameter Value

TX queue number 3

TX queue size 15 frames in total
Retransmission limit 7

Table 3 — MAC parameters.

Parameter Value

Modulation QPSK (FEC: %)

Coherence time 0.1s

Log-normal shadowing time 3s

Shadowing standard deviation 4-5 dB depending erstienario
Es/NO from 1 m from BS 60 dB

Bandwidth 20 MHz

Table 4 — PHY parameters.

Parameter Value

Video encoding H.264/SVC, base layer + 2 quality layers

GOP length and structure 8 and IPPPP ...

Encoder/decoder JSVM 9.15

Bitrate With the best quality and highest frame rate (30Hz)
approximately 2Mb/s

Table 5 — Video parameters.

The measurements were conducted in two scenarfesevone related to congestion in the wirelessdimi another to
varying signal strength conditions. The resultsMAC-level adaptation are compared to results aadewithout
adaptation and also to results where the SVC atlapta performed already in the source. The soleeel adaptation
is better detailed in Deliverable D2.3c [7].

The source-level adaptation utilizes a TCP-Frienidbte Control (TFRC) algorithm [8][9] to assess thailable
bandwidth in the network and that way the bitraie the video transmission. The parameters the TER©Grithm
factors in the bitrate evaluation are packet lass,restimation of round-trip time, and packet .sizee video bitstream
adaptation process simply compares the targetgia¢am by the TFRC algorithm to the layer bitratel dhe drops an
enhancement layer if the target data rate is |dhen the target one. The bitrates for each layef@urnd through the
extraction of the Network Abstraction Layer UnitANU) units from the stream. Packet loss rate iculalted at the
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video decoder of the mobile station receiving tides. The packet loss rate parameter is subsctibéxy the video
server and is delivered to the server by the Trigge-ramework part of the signalling solution.

3.1.1.2.1 Congested wireless link

In this scenario, the link is progressively congdsty injecting UDP background traffic (packet sidé500 bytes) into
the network. The sending of the background tratarts at the point of 2 s of the simulation rurithwhe throughput
level of 3 Mb/s. The throughput is increased by kb every 2 s until the throughput of 3.6 Mb/sdached. Since
that, the throughput periodically decreases by K8 every 2 s by the point of 16 s. Signal strergjys on good
level during the simulation runs and only congesticcurs packet losses.

Figure 5 illustrates the lost video packets cagybase layer data. With MAC adaptation, only tHrvase layer packets
are lost although the link got congested. The packe lost before the MAC scheduling algorithm wagered on. In
the simulations, the base station checked thedondition every 0.1 s. Without adaptation, the namaf lost base
layer packets soars to 108 in total. The MAC adapteoutperforms the source adaptation scheme bgping 90%
less base layer packets.
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Figure 5 — Base layer packets dropped by base stati MAC

In order to keep the rate of lost base layer packegligible, the number of enhancement layer pgaakeeds to be cut
radically by the adaptation scheme. Table 6 listsdistribution of the lost packets with each & #uaptation schemes.
With the MAC adaptation scheme 99% of all lost maskare enhancement layer packets whereas witkaptation
the number of base layer packets and enhancemantdackets are quite evenly divided. The souregtadion drops
a large amount of enhancement layers already isdhece, and thus the number dropped enhancenyems lat MAC
is significantly smaller compared to the MAC adgipta The TFRC source adaptation algorithm is rgitroal for the
adaptation as it rapidly increases the estimatiothe channel capacity when negligible video padkss rate, and
optimal estimation of the capacity, is faced. Thhe,number of dropped enhancement layers at th€ MAarger than
expected.

Due to the fairness of the MAC scheduling algorittinother than video packets, only three backgrduaffic packets
were lost despite the congestion. With other admptachemes, all packets are treated equally byCMAd, thus, the
rate of lost background traffic packets is sigmifitly larger than with the MAC adaptation. Althoutjte adaptation
algorithm factors in tolerated delays for the vigmxkets to add fairness, the average transfey deler the wireless
link is 5 ms, which is 1 ms lower than in the cashout adaptation.

Adaptation scheme

Base layers droppe
at MAC

i Enhancement layers
dropped at MAC

Background traffic
dropped at MAC

Enhancement
layers dropped in
source

MAC adaptation 3 715 3 -
No adaptation 108 87 263 -
Source adaptation 32 42 90 515

Table 6 — Comparison of lost packets.

Figure 6 illustrates the Peak Signal-to-Noise Ra{iBSNR) for the received video transmission wiiche of the
adaptation schemes. As a reference, also the afiBBNR from the video is shown. The MAC adaptatjimes clearly
the best results from the adaptation schemes. HammSNR is 38 dB, which is only 3.5 dB lower tiathe original

and 14 dB higher than in the case without adaptafldie source adaptation scheme results in an geveP&NR of
32dB. The main reason for this big difference wiib MAC adaptation is that the source adaptatissiaser in the
adaptation decisions and the estimation of the deapacity is more inaccurate. Thus, the slump&énRSNR with the
source adaptation are caused by the misestimatithve metwork capacity. The feedback informatiopiisvided to the
source much more infrequently (two times a secdhdph the base station MAC is capable of monitortimg link
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condition. Feedback information from end to endddtices overhead to the overall network trafficiolhis the main
reason to limit the amount of feedback informatent to the video server.
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Figure 6 — PSNR of the received video.

3.1.1.2.2 Varying signal strength

Rapid signal condition changes are typical of weissl networking. In this scenario, the signal caowlitheavily
deteriorates between 3-6 s. There, the log-norimad@wing gain jumps to the level causing an uncteide number
of bit errors to many of the packets propagated thewireless link.

Figure 7 depicts the lost base layer packets inwtineless link. The MAC adaptation mitigates thepant of weak
signal by 36 % and 30 % compared to the cases wtiddaptation and with the source adaptation, msedy. This is
in great measure a result of the MAC schedulingritlym’s feature, which increases the ARQ retraission limit by
three (to ten), when the adaptation is triggeredTdve addition to the transfer delay is observegligible with this

small increase.

Overall, the transmission performance is not impobvnuch with the source and MAC adaptations whenasi

strength strongly deteriorates. Practically, inshe@ the retransmission limit even more is the owlgy to reap

significant advantages here, but it may lead toessiwe transfer delays. However, by increasing rabshe packet
transfer capability to the most important packetkich are the base layer packets, the MAC and soadaptations
bring advantages also during weak signal. It iewotthy that although one video base layer is dliwemultiple IP

packets, the whole layer is not useless even theogte of the slices are lost. Thus, even a smalkedse in the loss
rate of base layer packets increase the end-ussgiped video quality.

25
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Figure 7 — Base layer packets dropped by base stati MAC.

3.1.1.3 Conclusion

The results of the MAC adaptation algorithm forlabée video clearly attest the advantages of pagketitization and

scheduling for real-time video transmission. The MAdaptation clearly outperforms the source adaptand no
adaptation schemes in congestion and bad signalitems with respect to video quality. However, lwihe weak
signal strength scenario the observed gains wemn®mwhen compared to the congestion scenario winerdVIAC

adaptation scheme lost only three base layer packée presented algorithm classifies importaneeigackets with
high importance, but is still fair to traffic othéhan video. For example, in the congestion scenarily three
background traffic packets were lost whereas with 2ource adaptation and without adaptation thebeusnwere 90
and 263, respectively. Despite the good resulesMAC adaptation is useful only if the network plerbs reside in the
wireless link the MAC layer handles. The sourcepsation scheme handles the network problems noemattere
they reside in the end-to-end path.
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3.1.2 Prioritized 3D Video Distribution over IEEB311e

3D video provides a sense of “being there” andrsffaore natural conditions for viewing and commatian. In the
future, 3D applications will not be limited to flig simulators, IMAX cinemas, and 3D games only, ety will also
be available for the wider consumer market. Theaadement of 3D capture and processing technologies,the
availability of affordable 3D displays will enali® home studios [10]. Moreover, the industry leadecently formed
an alliance to speed the commercialization of 3@ homes [11]. Immersive video content can be dedig within a
home/office/public places using wireless links sashWiFi. However, the distribution of 3D video laame/office
would be affected due to the availability of otld@manding services such as voice, video streamiel, browsing,
etc. Therefore, this section proposes a prioritrascheme for 3D video distribution in the homégef environment
using IEEE 802.11e technology.

The artefacts caused by channel errors and paxsstd will hinder the overall perception of recarnged 3D video at
the user end. Therefore, it is important to pro&tvideo content when transmitted over unreliaddenmunication
channels and error protection and concealment igebs can be utilized to recover the error blockthe transmitted
3D hit-stream. The performance of 3D video transiois over wireless channels — error prone and tiamtbd — can
be further improved with a Joint Source Channel i@gdJSCC) approach [12]. For instance, the eresilience
schemes for 3D video transmission can employ ecosrection codes to protect different 3D video comgts
unequally [13]. However, the introduction of redant data (e.g., Forward Error Correction (FEC) sdde the 3D
video bit-streams demands more system resourcésamustorage and bandwidth. Error concealment iggbs can
also be applied as post-processing at the recsider to compensate for missing video content [Hgwever, the
reliability of these techniques is heavily deperidenthe availability of surrounding informationareghe error position
in the same view or in the corresponding view. €fene, error recovery techniques, which do not isgp@ny
additional overhead to already resource demandihgyi8eo applications, are necessary to transmitvgl2o more
efficiently.

The transmission system parameters (e.g., Modul&@iading Scheme (MCS), transmission power) cantlieed to
prioritize different video components based onrtli@iportance towards improved perceptual qualitytHe case of
prioritized transmission, based on allocated syspamameters, each video component may face ditfereannel
conditions (e.g., packet losses), and the mostiitapbparts of the video stream will be given mpretection than less
important parts. For example, the Unequal Poweodation (UPA) scheme proposed for scalable videzastiing in
[15] allocates different power levels for scalahlieleo layers based on their importance. SimilaB video
components can be prioritized based on their ptmeépmportance. Thus, the proposed prioritizatosheme assigns
different access priorities to the wireless medhased on the importance of each coded 3D component.

This section is organized as follows. Section 311describes the proposed prioritization schem@&irideo in detail.
The prioritization of data streams over IEEE 802.14 also presented in this section. The experiahemork and
results are discussed in Section 3.1.2.2. Se8tib2.4 includes the conclusions.

3.1.2.1 The Proposed Prioritization Scheme for 3Didleo Distribution over WLAN

The monoscopic video plus depth map 3D video remtesion is widely considered in research and statigiation
activities due to its simplicity and adaptability6][17]. The colour image sequence is projectethéo3D space based
on the depth pixel values, and this method is comynénown as Depth Image-Based-Rendering (DIBR)].[16
Moreover, this format can be utilized to providelkaard compatible 3D video services, where conweeati users can
view 2D video content by neglecting the depth miapasn. With this representation, colour video is tmly texture
information that is directly viewed by the usersefefore, the loss of colour video packets willnhere noticeable to
users (i.e., both 2D and 3D viewers) than the tdstepth video packets. Furthermore, the coloueeitdself provides
certain depth cues (e.g., identification of objentthe foreground and background) during 2D vieyihherefore, the
colour video stream should be allocated more ptiotecompared to the depth map packets in general.

Detailed depth maps are required to generate goatity) 3D video using the DIBR technique, espeyialhen the
rendering view is too far from the original viewowever, the quality of the depth map does not nedxd significantly
high to render good quality stereoscopic video eonhtwhich is approximately 6cm apart [18][19][2A]]2 For

example, the effect of depth map compression othdegrception is not significant according to [18]. Furthermore,
the effect of depth map transmission errors ongtieity of reconstructed 3D video is insignificax@mpared to the
quality degradation due to the loss of colour vigeekets [20]. The study in [20] also highlighte timportance of
prioritizing colour video data ahead of depth mafoimation in order to improve the perceived 3Deadquality.

Moreover, the quality evaluation carried out in][2lhows that the effect of packet losses on depthgption is lower
compared to the effect of packet losses on ovarafe quality. The scheme proposed here thereftoeates higher
priority for the colour image stream than the dap#p stream to improve the overall quality of reedi2D/3D video.

The block diagram of the proposed prioritizatiotmesme is shown in Figure 8. The extractor moduleassps the
received 3D video stream into two colour and deptp packet streams. The prioritization module theps the
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colour and depth bit-streams into different mediaccess levels after evaluating prevailing chanoelditions. The
functionality of the Prioritization module is de#erd below.

Colour vitdeh Prioritized
ackets i
Extracto WLAN Tr\;\g;i?ssssior
3D video streal ’ Module fransmiter
o Depth vide.
.. Packets
Prioritization
Module

Figure 8 — The block diagram of the proposed priotization scheme.

3.1.2.1.1 Prioritization of 3D video streams wiHEE 802.11e

IEEE 802.11, developed with the Distributed Cooatitn Function (DCF), is characterised by an easynplement
and robust Medium Access Control (MAC) protocol f@st effort services in the wireless medium [2&}wever, with
DCF, a station might have to wait an arbitrarilpdotime to send a frame, so that real-time apptinatsuch as voice
and video may suffer [23]. The IEEE 802.11 workgrgup has developed a new standard known as IEEE 86 [24]
to provide QoS support for demanding multimedialigppons with stringent requirements. IEEE 802.Hkdines a
single coordination function, called the Hybrid @dioation Function (HCF), which comprises two mediaccess
mechanisms, namely, contention-based channel aecelssontrolled channel access. In particular,cirent-based
channel access is referred to as Enhanced Distdb@hannel Access (EDCA), which is an extensiotegacy DCF
and provides the MAC layer with per-class serviifgetentiation. The QoS support is realized wite thtroduction of
Traffic Classes (TCs) or Access Classes (ACs). Whih approach, frames are delivered through maltgackoff
instances within one station. These multipleckoff instances can be assigned to different traffiegates (i.e.
TCs/ACs). Consequently, these TCs/ACs get pri@ritiaccesses to the wireless medium since theytrgtasmitting at
different time instances [24]. The implementatioh legacy DCF and EDCA with different traffic classand
independent transmission queues are shown in Fiyuree priority levels for each TC/AC can be diffistiated based
on the parameters selected for Contention WindowW)Gize (e.g., CW CWay, Arbitrary Inter Frame Space
(AIFS) number and retransmitting limit [24]. Depamgl on the traffic class being assigned, the paldictraffic will
undergo different packet-dropping probabilities ateday constraints. Therefore, the proposed trasson solution
with IEEE 802.11e assigns higher priority for thesthimportant parts of the video bit-stream wheteas important
components are assigned to a lower priority TC/28].[

In general, all video streams are assigned the sa&eess priority (i.e. to the same TC/AC). For eplemin case of 3D
video transmission, both colour and depth bit-steahould be mapped to the video TC/AC. Howevasteimsed
traffic in one access class will again degradeqhality of all the bit-streams in that particulaaffic class (e.g., 3D
video stream, 2D video streams) as all are tramsthivith the sambackofftime parameters. For instance, the number
of colour video packets lost may be higher compaoeithe number of packets lost from the depth imstgeam. As a
solution, the packet-streams which are initiallgigsed to the same traffic/access class can be datégned into a
different priority traffic class based on their iangance in order to increase the robustness of magsbrtant video
streams. Thus, here the colour image sequence ppeadato a higher priority traffic class whereas tlepth image
sequence is mapped to a relatively lower traffassl Even though the quality of the colour imagpisace is going to
be improved with the proposed method, the depthitguaill be degraded and will have larger delayacdcteristics.
Therefore, the selection of priority levels shoble performed after considering the network loadhef home/office
environment and other contextual information susliger preferences.
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Figure 9 — Virtual backoff of Traffic Categories (TCs) with DCF (left) and EDCA (right) methods.

3.1.2.2 Experimental Setup

The Orbi, Interview BreakdanceandBallet sequences are coded with backward compatibly déalyeonfiguration (i.e.,
colour and depth video are coded at the base amheament layers respectively) of JSVM referendevaoe codec
version 9.8. Thérbi andInterview sequences are in 720x576 pixels resolution, aaccaptured at 25frames/s. The
resolution and frame rate of tiB¥eakdanceandBallet sequences are 1024x768 pixels and 15frames/stra®@s of
these sequences are coded in slices of 200 bytedRRP... sequence format and Content Adaptive BiAsithmetic
Coding (CABAC). The slices are introduced to faatte packet video transmission and robust decodihg.bit-stream
extractor module of JSVM is utilized to extract @and enhancement layer packets at the WLAN Tratenti.e.,
home/office gateway). The lost slices of each fraareeconcealed witframe copjslice copymethod of JSVM at the
decoder.

The proposed scheme has been tested for perfornoamce simulated WLAN environment. A wireless saém with

seven nodes is considered. Four different ACs, haf@ VO, AC VI, AC_BE, and AC_BK, are employed feoice,

video, best-effort and background traffic respedtiv The AC_VO has the highest access priorityhe wireless
channel whereas AC_BK class traffic has the leasess priority. 3D video streaming (i.e., coloud atepth video
streams) is simulated as flowing from the AccesstR@\P) to a node (i.e., Node 2 in the simulatiomkhe wireless
network. When no prioritization is taking place fd video, both colour and depth video streamsa#ioeated to the
video access class (i.e. AC_VI), as shown in T@bln order to check the performance of the proggeoritization

scheme, the depth video stream is mapped firstett-dffort (i.e., AC_BE) and then to backgrouneé.(iAC_BK)

access classes. The services used by each nodeeimalccess classes in the simulation are listéchble 7. Different
prioritization levels for each access class araiobt through changing the CW parameters (i.e. nfaV&Whax and

CW,isep Of each station. A total simulation time of 3@scionsidered. This simulation is run for 20 timesobtain

average results.

Stream Service Access Class (AC)
1 Voice (flows from AP to Node 1) AC_VO
Colour video stream of 3D video with
2  [200bytes MTUs (flows from AP to Node| 2 AC VI
over UDP)

Depth map stream of 3D video with, 20(
3 bytes MTUs (flows from AP to Node 2
over UDP)

2D video streaming with024 bytes MTU

)AC_VI (no prioritization),
AC_BE and AC_BK

4 (flows from AP to Node 3 over UDP) AC_VI

5 FTP stream with 1500 byte MTUs (flowg AC BE
from Node 4 to Node 5 over TCP) -

6 FTP stream with 256 byte MTUs (flows AC BE
from Node 5 to Node 6 over UDP) -

7 FTP stream with 256 byte MTUs (flows AC BK
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| from Node 6 to Node 7 over UDP) | |

Table 7 — Simulated Data streams over WLAN.

3.1.2.3 Results and discussion

Table 8 shows the average packet loss rates aay dbhracteristics with and without prioritizatiofihe average
packet loss rate is reduced for the colour stred@mvithe depth stream is mapped to a lower priatitim access class
(i.,e. AC_BE, AC_BK). However, due to other traffic lower priority access classes, the depth béastr faces
comparably higher average packet loss rates. They adaracteristics are also improved for the coloit-stream,
when the depth bit-stream is mapped to a lowerrigidation class. According to Table 2, the deptleam is subjected
to longer delays, when it is assigned to a low@rjization access class than when it is mappedlGoVI. However,
depth stream delay characteristics are at acceptabtls compared to the delay requirements oftne& multimedia
applications.

Average Packft Delay Characteristics (ms)

o Loss Rate (%
Depth Priority [~ ] Depth| __ Colour Stream Depth Stream

StreamStream Min | Max | Mean| Min Max | Mean

Deph@AC_ VI 5, | 35| 012 5521 39.72 0/30 55/%.04
(no prioritization)

Depth @ AC_BE 0 522 0.1 7.901 091 0.121007%8207
Depth @ AC_BK 0 8.74/ 0.12 795 1.03 0.12249188.87

Table 8 — Average packet loss rate and delay chanaciscts with and without prioritization.

The reconstructed image quality under these camditis shown in Table 9. When both colour and demp streams
are mapped to the same video access class (i.e/IAGhe qualities of both streams are at acceptéblels. However,
the colour image quality is lower or at similarééto that of the corresponding depth map streamast of the cases.
When the depth bit-stream is mapped to a lowerripyi@ccess classes, colour image is reconstruetéd superior
quality and hence can be used to deliver bettelitg2D/3D video services. Figure 10 illustratesrgde frames from
each test sequence with and without the use ofgseap prioritization scheme. This figure also shawsroved colour
image quality, achieved with the proposed methadpmared to the un-prioritized transmission of 3DedidHowever,
due to reduced priority access to the wireless nmedidepth stream has been subjected to higher pdoke
probabilities than the colour image stream. Themefthe depth image quality has been degraded ththproposed
system (see Table 9). Moreover, according to Tabléhe depth quality degradation is significant fegh motion
activity sequences such @sbi andBallet Sample depth frames with the proposed systeraheren in Figure 11. This
also shows that depth image quality is reduced d¢kiengh some depth map characteristics (e.g. fiEation of
different objects) are still remaining intact. Acding to these objective results and subjectivesitiations, it can be
concluded that the proposed method allows the catoage to be reconstructed with better quality parad to the
depth map sequence.

Orbi PSNR (dBJJnterviewPSNR (dB)Breakdancd®SNR (dBBallet PSNR (dB
Colour| Depth| Colour Depth Colour Depth| Colour Depth

31.88| 34.820 35.24 38.60 34.70 34.67 35.61 3380

Depth Priority

Depth @ AC_V
(no prioritization

Depth @ AC_BE 37.95 | 31.320 37.15 35.92 38.14 31.61 39.28 29.68
Depth @ AC_BK 37.95| 29.53 37.15 33.89 38.14 29.52 39.28 2759

Table 9—Image quality with and without prioritization.

Without prioritization With prioritization Without prioritization With prioritation
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Without prioritization With prioritization Without prioritization With prioritizeon

Figure 10— Sample colour frames with and without the proposegbrioritization scheme (both colour and depth
streams @ AC_VI): Orbi (Top left), Interview (Top right), Ballet (Bottom left) and Breakdance (Bottonright).

Depth @ AC_VI Depth @ AC_BE Depth @ /BK_

Figure 11 — Sample Orbi depth frames with and withat the proposed prioritization scheme.

Original D@pth

However, subjective tests are conducted to evathateffect of these impaired depth images on dregption of 3D.
The test sequences are displayed on Philips mel-autostereoscopic display (42”) and Single ShimuQuality
Scale (SSCQS) method is utilized to obtain eachestib feedback. Subjects rate the test sequermessd 3D
perceptual attributes namelgyerall image qualityand depth perceptionThe Mean Opinion Scores (MOS) are
calculated for each test sequence after averapmgpinion scores across all subjects. FigureQrBi{lnterview) and
Figure 13 Break dance/Ball¢tshow MOSs fooverall image qualityanddepth perception The test points A,B,C, and
D in x-axisrefer to the error free condition, depth @ AC_Wépth @ AC_BE, and depth @ AC_BK respectively.
When the depth stream is mapped to the same aclesssas colour stream (i.e. AC_VI), batberall image quality
anddepth perceptioegrades rapidly (see test point B of Figure 1® Eigure 13) compared to the error free case. The
overall perception of image quality has improvedhvthe proposed prioritization scheme (see testtpd and D of
Figure 12 and Figure 13). However, perceived imagality is not as good as that of error free caod# when the
depth stream is mapped to the best-effort (i.e. BE) or background (i.e. AC_BK) access classes. $hggests that
overall image qualityis influenced by highly corrupted depth map segesnFurthermore, the amount of degradation
in perceptual quality is not significant when defitrstream is mapped from best-effort accessitraffass (i.e.
AC_BE) to the background access/traffic class @€. BK). The depth perceptiorattribute of 3D viewing is not
affected by the impaired depth images received thighproposed prioritization scheme. It is eviddat the improved
colour image quality achieved with the proposedhoéthas positively influencedkepth perceptioffthe resultant good
quality colour images have provided additional Heptes to keep thdepth perceptioat acceptable levels).

‘—Q—Orbi Col. — -m—Orbi Dep. - -a- =Inteniew Col. —x— Intenview Dep. ‘

4.25

3.75 A

3.25 A

MOS

2.75 A

2.25 A

1.75 4

1.25

Depth Priority Class

Figure 12 — Orbi and Interview subjective quality Col: Overall image quality and Dep: Overall depth
perception) with and without prioritization.
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‘—Q—Breakd Col. — -~ —Breakd Dep. - -a- -Ballet Col. —x— Ballet Dep. ‘

MOSs

Depth Priority Class

Figure 13 — Breakdance and Ballet subjective qualjt(Col: Overall image quality and Dep: Overall deph
perception) with and without prioritization.

3.1.2.4 Conclusion

A prioritization scheme for colour plus depth 3Qled transmission (backward compatible 3D videoisesy over
WLAN is proposed and analyzed. The colour and depthams have different usage and importance temire
reconstructed content and perceptual quality. Asuwwamage sequences are directly viewed by 2D/38&siand due to
the possibility of rendering good quality steregscovideo even with impaired depth map sequences (iith
acceptable depth image quality), they are pri@itizahead of depth map sequences in the proposedtipation
method. The solution is implemented using the dhffi¢ priority levels defined in IEEE 802.11e MAMpwcol. Results
show that the overall perception of image quaktymproved with the proposed prioritization scheieen though the
depth quality is affected with the proposed schetine,effect on the perceived depth of reconstrustedeoscopic
video is insignificant. Therefore, prioritizationetmods for 3D video as described in this Sectiom loa utilized to
deliver better 2D/3D video services over unreliatiiannels.

3.1.3 IEEE 802.11e -based solution for inter- arichiaccess category QoS

In D3.3b, we discussed a solution for prioritiziecplable video packets in IEEE 802.11e EDCA MACe Eblution
was similar to the one presented above for 3D vitleat is, based on a previous works we could emecthat SVC
transmission can be optimized in WLAN by allocativigeo packets with differing priorities into difent EDCA
gueues. The typical solution reported in literatigeto allocate the SVC base layer (BL) packetERCA AC2
(‘Video’) and the enhancement layer (EL) packetatmwer priority AC1 (‘Best Effort’). However, theew IEEE
802.11aa task group “MAC enhancements for robudibavideo streaming” [26] has introduced the notidrithe intra-
AC QoS (i.e. packet prioritization within the samnaffic type) for WLANs. This means that WLANs shdtnclude
mechanisms for prioritizing traffic inside an AC amder to not to interfere with the inter-AC QoS:(iprioritization
between traffic types) implemented by the currémtdard. Based on this idea, we have studied inlRXTa solution
to support intra-AC QoS for SVC streams in the EDRIAC. The proposed solutidrapplies a new queuing system
with hierarchical scheduling to incoming video daka this section, we present the solution as wasllselected
simulation results to show its operation.

3.1.3.1 The hierarchical scheduling system for videpackets

In standard EDCA operation, incoming packets dikéded into four access categories depending eir @ssigned
priority (indicated e.g. via a DiffServ codepoimd) wait for transmission, as explained in D3.3bnadl as in Section
3.1.2.1. In our hierarchical scheduling approa@sented in Figure 14, we have two AC2 video queadsgh priority
video queue (AC2_HPQ) and a low priority video qei¢dC2_LPQ), instead of just one. No modificati@ne required
to the other EDCA AC queues. We also assume tla#iault EDCA parameters are used in the access jmo
regulate the channel access of the different ACs.

! The solution as well as its implementation andwation in OPNET have been described in a confergraper titled
‘MAC-level Prioritization and Scheduling for EnhattScalable Video Transmission’. The paper has heeepted for
a presentation at the CCNC’11 conference.

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 20/46



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.3c version 1.0

i ———
Arriving IP / _DDD :> ;> -
>-< S — -
| DDpoQ| =
e

Figure 14— EDCA queuing system extended with intra-AC QoS supgrt for video traffic.

Incoming SVC video packets are placed into the A@2 queues by the Classifier based on their pyigi that the
base layer packets go to AC2_HPQ and all enhandetager packets to AC2_LPQ. We also introduce aosdc
scheduler to the EDCA queuing system to selectnthd video packet for transmission from the two ugse This
scheduler is triggered every time AC2 is selectmdtfansmission by EDCA. The proposed hierarchgmddeduling
approach thus allows prioritizing the more impotthase layer packets over the lower importance rezdraent layer
ones without interfering with the inter-AC QoS irapiented by EDCA.

The link buffer management in standard EDCA folla¥ws principle of dropping a newly arrived packétt does not

fit into its intended AC queue. In our improvedwg@n, we apply intelligent packet dropping to the video queues
following the principle of dropping the lower prityr video packets first before starting to drop tigher priority ones.
Thus, under congestion, packets stored in AC2_LRQemoved from the queue in order to fit in baseet packets
into AC2_HPQ. To distinguish between packets balwndo the different enhancement layers, we maekghackets
belonging to the lower-priority second enhancemapér with the Drop Eligibility Indicator (DEI) befe inserting
them into AC2_LPQ as proposed in [26]. The linkfbuimanagement uses DEI to select packets to qgdddfrom

the AC2_LPQ under congestion. The link buffer mamgnt drops always the last arrived packet with BElfrom

AC2_LPQ, if available, before starting to drop atipackets. Moreover, the video scheduler dropsA@g head-of-
line (HOL) packet, if its queuing time exceeds dioveed limit. Naturally, the maximum allowed quegimelay is
application dependent and should be changed dyaélynidout for simplicity, we use a constant limif 600

milliseconds in our experiments.

3.1.3.2 Simulation analysis

In order to experiment the proposed hierarchichledaling solution with intelligent queue managememt have
integrated it into the EDCA model of the OPNET siator (15.0). In the simulations, we compared thgfgrmance of
three modes of operation in terms of video QoS supp IEEE 802.11e MAC: the standard EDCA mode nehall

video packets are mapped to AC2; the modified ED@Ale proposed in literature where video packetsragped to
AC2 and AC1 based on their priority (i.e. base lgyackets are mapped to AC2 and enhancement lagkes to
AC1); and our hierarchical scheduling mode. The pirapis illustrated in Table 10.

SVC QL Standard EDCA Modified EDCA Hierarchical
00 (‘BL") AC2 AC2 AC2 (HPQ)
01 (‘EL1) AC2 AC1 AC2 (LPQ)
10 (‘EL2) AC2 AC1 AC2 (LPQ)

Table 10— Mapping of SVC layers to EDCA ACs in the differentcases.

All the AC queues have the same maximum buffer eizé5 Kbytes (i.e. about 50 packets, which is pidgl for
EDCA deployments). In the hierarchical mode, the tideo queues share the buffering resource adddat AC2.

During a simulation run, the wireless link is costgel with quality-scaled SVC stream (starting as&6onds) as well
as interfering FTP traffic (download of a 1.25 Mk fstarting at 150 seconds). The video used irsthmilations is a
three-layer quality scaled one, that is, it has éwbancement layers in addition to the base |ayer.average bit rate of
the video is 748 Kbps with just the base layer,41Bbps with the first enhancement layer, and 20BpKwith the
second enhancement layer. No emulation is usedhbutideo traffic characteristics (Network Abstian Layer Unit
(NALU) size, send time, priority) are read fromrace file that was generated from the Akiyo cligasted with JISVM
(16 GOP, 30 fps, CIF). The NALUs are also fragmérte maximum size of 1460 bytes at the applicakégmer to fit
into the maximum transfer unit (MTU) of Ethernatks. The fragmentation is done according to theA-scheme
defined in RTP payload format for SVC. Finally,tast the performance of the different WLAN QoS sohe under
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different levels of congestion, we also vary therhte of the WLAN connection in the IEEE 802.1Hnge (i.e. 1, 2,
5.5, and 11 Mbps).

Each simulation case was run 10 times varying &sal €0 make sure that the results converge. Thitsgaesented
here are the averages of the values across theratiff runs. The biggest differences between theethideo QoS
support schemes can be seen in the cases wheriréless link gets congested, that is, when theabé of the WLAN
link is reduced to 1, 2 or 5.5 Mbps. The situai®the clearest in the 1 Mbps case, shown in Fi@&re Figure 17.
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Figure 15 — SVC base layer throughput perceived bthe streaming client over 1 Mbps link.
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Figure 16 — TCP throughput measured in FTP client eer 1 Mbps link.
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Figure 17 — Average packet drop rate in access pdifor different AC queues over 1 Mbps link.
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The results show the differences of the tree coath&oS schemes. The modified EDCA mode performbése in
terms of SVC base layer throughput as only few teger packets are lost in this mode even thoughwiineless link is
heavily congested. This is made possible by dingcthe SVC enhancement layer traffic to AC1 insteddA\C2.
Therefore, more buffering resources are left fosebdayer traffic in AC2 causing a smaller chance dobuffer
overflow. Also no maximum queuing time is appliedhis case so all the packets that fit in the druffere also sent.
However, as can be seen from Figure 16, the FTRctidoes not go through the wireless link at allthe modified
EDCA mode. This is because the enhancement lagifictcauses congestion in AC1 resulting in randmaoket drops
for both video and FTP data in the access catedosyead, the standard EDCA mode and the hieraathaheduling
solution proposed in this section maintain thert®€ QoS during video streaming as they do notvaltbe video
traffic to take over all the available network beundth in case of congestion. Thus, they can be idensd as
applicable QoS solutions also for larger networnks tb their scalability.

The fairness, however, comes at the cost of theovalreaming performance. As seen from Figure dly, about 20%
of the SVC base layer gets through the wireleds ilinthe standard EDCA mode. This is because timgestion in
AC2 causes random packet drops for both the bgee tad the enhancement layers. Moreover, the fatation of
the video packets in the server increases ther&dssperceived by the streaming client. This isalse the loss of just
one fragment will result in the loss of the wholAINU. The hierarchical mode performs better. We saa from Figure
15 that the SVC base layer throughput drops irhteearchical scheduling mode only due to congediisses during
the FTP session but the base layer transmissitoressmmediately after the file transfer stopsdAvhen looking into
the measurement results, all the measured base papket losses in the hierarchical mode are in éacsed by
exceeding the maximum allowed queuing time (500 ams) not from exceeding the buffer as is the cagbe other
schemes. From the results we can see that in ¢énarbhical scheduling mode, the base layer expsggepacket losses
only when the wireless link bit rate is 1 Mbps ahdre is other traffic in the link. The base layeroughputs on
different link rates in the simulation scenario ah@wn in Figure 18.
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Figure 18 — SVC base layer throughput on differentink rates.

The operation of the hierarchical scheduling schearebe seen from the throughput measurement dfabe layer as
well as the two SVC enhancement layers, of whiclasueed throughputs are shown in Figure 19 and &ig0r The

scheduler gradually increases the portion of erdraeat layer traffic as the available bandwidthhia wireless link

increases. Differentiation between the two enhamecerayers is supported and the more important éinfhancement
layer is prioritized over the less important secamthancement layer. The enhancement layers asetfathismitted

without losses only when the wireless link bit ratel1 Mbps. It is to be noted though that at 58pks] packet drops
occur in AC2_LPQ only periodically at the point loify spikes in the enhancement layers’ bit rate. pédormance

could thus be improved by using an SVC encoder hattter rate control.
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Figure 19 — First SVC enhancement layer throughpubn different link rates.
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Figure 20 — Second SVC enhancement layer throughpoh different link rates.

3.1.3.3 Conclusion

The simulation results presented in this sectioovgd the usefulness of the hierarchical schedusiclgeme in
optimizing scalable video delivery in IEEE 802.1thetworks. The solution was verified with a set oPNET

simulations where its performance was comparedapai standard EDCA implementation as well as aifieddone

proposed in the literature. The hierarchical schieduischeme for EDCA was shown to support bothrindéed intra-

traffic class QoS for scalable video transmissiwhich is important for scalability, unlike the othisvo schemes. As
future work, we plan to develop our scheduling ¢ofyirther and to investigate the integration of salution also to
other wireless systems.

3.2 MAC layer scheduling for (MIMO) OFDMA solutions

An important issue considered in the OPTIMIX projecthe possibility for our optimization solutiobs operate in
contexts of heterogeneous traffic. In this kindsoénario several traffic classes coexist, haviffgréint characteristics
and specific requirements. In particular, we haweswtdered the presence of two types of users: OPTIdbers,
interested in real-time audio/video communicatiars] non-OPTIMIX users, typically characterizedrton real-time
data traffic. As described in [31], the Master Apation Controller takes into account only the tfickass of users,
while the Base Station Controller has to consid#h llluring its optimization process. The optimiaattask performed
at the BS is stated as a sum-rate (SR) or a weighten-rate (WSR) maximization problem subject toesal
constraints. As reported in [31] and [32], the abjiinction which is maximized to schedule the $raissions and
assign the radio resources is given by

K

maximize M r.(n, pe(n),
D a1 i,
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whereK is the number of users§ is the set of frequency subchannels assigned tokugeis the set of feasible power
allocation strategieq(n) is the transmission power assigned to tksen frequency subchanne] ri(n,p) is the rate
achievable for usdt on subchannet with transmission powgy andm is a proper weight whose meaning is described
in the following.

Considering a communication scenario with hetereges traffic, the BS needs to schedule the trassoms to the

different users based on some priority rule. Theduction of the weight parametergs allows exactly discriminating
among the different priority classes. In fact, tpimal solution of our WSR problem will tend toiyilege the users
with high weights, scheduling their packets andaiting more power and resources to them. Basdatleoweighted

approach described in [32], the value of the pataraey’'s can be iteratively and periodically updated. fur sake of
simplicity, in the following we identify the OPTIMI users with the real-time (RT) users present emdpstem, whose
main requirements are related to both throughpdtteansmission delay, while the non real-time (NR3$&rs are non-
OPTIMIX users and their requirements concern otilg tichieved throughput. The weightgs are differently

calculated for the two user categories, namely:

Ae”""  for RT users
nl =
A b, for NRT users

where we have used the following notations:
- tcis the time spent in queue by the head-of-line (Hdcket for usek;
- ganda are proper constant values;
- b is a constant value representing the initial figdor each NRT user;
- Acis a parameter iteratively updated in order to gntee a similar level of “throughput satisfactidoi each
user (fairness)

As it can be noted from the expression above, deioto reduce the transmission delay for the RT,ubeir 7i¢'s are
exponentially increasing witly.. Hence the resource allocator tends to favousah®T users whose packets have spent
more time in the buffer. Also the achieved transtiibughput is considered by the algorithm to define priority
values. In particular, the user priority is takemoi account by updating the parameggr based on the currently
achieved throughput. As described in more detai[82], the update of th&,’s is based on a low-complexity iterative
algorithm.

As it will be shown in the following simulation nalés, the benefit of introducing this adaptive weigolicy is twofold:
- it allows to reach a consistent level of perfonceamong the RT users and a good level of fairinessms of
throughput,
- it avoids that RT user priorities grow excessiMgliven the exponential delay dependence), atldaatage of
the NRT users.

3.2.1 The Jain’s Fairness Index

In order to address the fairness issues in scena#ith heterogeneous traffic, we considered seveedlics proposed in
the literature. In particular, the Jain's Fairnésdex (JFI) has been selected to compare the fErperformance of
different scheduling and resource allocation systdmecause it is very common and simple to evaldte classical
definition of the JFl is given by:
L)
JFI=1+—1=L A

K2

K =1

where K is the number of users and is the throughput reached by the i-th user. THe/dRies range from: (worst
K

case) to 1 (best case). The maximum value is rélaetteen all users achieve the same throughput asda a
consequence, the maximum fairness is reached. $inoar scenarios the users can be characterizediffgrent
throughput requirements, we slightly modify thedtt@anal definition, by normalizing the throughpealues, i.e.

- K ~ |2
Ko x7%]
where the throughput reached by the i-th ugefs now normalized to the target valgte Clearly, this JFI reaches its
maximum when the throughput of each user concedeéstie corresponding . Exploiting this version of the JFI, it is

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 25/46



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.3c version 1.0

therefore possible to compare different multi-useleduling and resource allocation solution in ades where the
users are characterized by different throughputirements.

3.2.2 Simulation analysis

In this section, we present an example of restitained with the described prioritized multi-useege system and the
scheduling/allocation algorithms reported in [3@Hd32]. The considered scenario has been depictEdjure 21: the
OPTIMIX server transmits H.264 video sequenceh&’ users connected to the same base station, Withim the
BS, the Ipv6 packets are independently sent t&tRa@ users. Although not directly visible in Figi2g, two additional
NRT users have been considered in our simulatibream a practical point of view, the traffic for ttNRT user is
simulated by periodically generating data packethimnthe BS and scheduling their transmission toge with the
video packets coming from the OPTIMIX server.

Figure 21 — The Optimix downlink network architecture.

In the considered scenario, either the BS or theilmderminals are single-antenna systems. The fatidn is OFDM
based, with 256 data subcarriers divided in 8 feegy subchannels. Each physical radio frame is osag of 72
OFDM symbols, divided in 6 time slots. The granitjaof the allocation process is the resource blgRR), formed by
32 subcarriers (1 frequency subchannel) along 6 @EPmMbols (1 time slot). The radio channels aralefied as
Rayleigh block fading channels, with the same ckhoaherence time of 100 ms. In addition to fadtrfg, log-normal
block fading is taken into account, in order to mloslowly varying shadowing effects{ = 4 dB and block duration
of 2 s). The users are characterized by differeadlien signal-to-noise power rati&/N,, whereE;s is the received
energy per OFDM symbol any, is the one-sided noise power spectral density. dianel coherence bandwidth is
approximately 500 KHz, while the total bandwidthadable for transmission is about 4.0 MHz. At th8,Bhe size of
each buffer in the DLL has been fixed to 100 KBclta&ideo stream is characterized by an averagerdsgaof 465
kbps, which constitutes also the target throughpgtiired by each RT user. The data rates (andeqoestly, the
target throughputs) for the two NRT users are 3fskand 350 kbps, respectively.

We compare the performance obtained applying @iffescheduling and allocation techniques in corijanawith the
AMC scheme described in [31] and [32]. In particwe consider 4 transmission policies:

1. OFDMA (WSR) — The scheduling and resource atlooais stated as a weighted sum-rate maximization
problem. The BS Controller processing is based wal dagrangian optimization and the AMC technique
described in [31] has been applied. Iterative aatapt of the parameter is also applied.

2. TDMA - The multi-user scheduling strategy israfge round-robin policy among the users having saata
in the transmission buffer.

3. OFDMA (SR) — The scheduling and resource allooat stated as a sum-rate maximization problerdual
Lagrangian optimization is performed by the BS Caligr and the AMC technique described in [31] basn
applied. The algorithm apply the same constantityiep= 1.0 to all the users, real-time and non real-time

4., TDMA WF — The multi-user scheduling is the saasein the TDMA case, but the power for each user is
optimally distributed across the subcarriers, basethe Water-Filling (WF) principle.

In Figure 22, we have reported the state of the baffers with the different techniques consideréde blue dotted
line indicates, in each graph, the buffer capadityparticular we note that the weighted sum-r&tSR) maximization
criterion is capable to serve all the users withamupletely filling any buffer. On the contrarygtbther techniques are
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not capable to reach a sufficient throughput ireaaslow-SNR users. In both cases, with and withdii, the TDMA
schemes achieve the worst results while the OFDNRAehnique is able to guarantee a sufficient thinpuit only for
the users with the best SNR values. More detaidsiathe throughput performance are given in [32].

Figure 22 — State of the buffers for the differenusers with different multiple access techniques
and BS controller algorithms.

In Figure 23, we report the average delay affectirgtransmitted packets in the described situatidgain, we note
the improvements that OFDMA-based scheduling atacation techniques entail with respect to moralitianal

transmission mechanisms. Clearly a WSR criteriorddeto favour the RT users, at cost of a higheaydér NRT

users. On the contrary, with a SR strategy, thereidistinction among the various users and tloggta for the NRT
users spend less time in the buffers.

A further demonstration of the advantages of th©®MR WSR strategy is depicted in Figure 24, wheog,dach user,
the number of packets received at the BS and thebau of discarded packets are reported. In the idered
simulations, the WSR solution is the only capablerisure no packet drops.

Figure 23 — Average delivery delay obtained with té different techniques.
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Figure 24 — Comparison between the number of geneied and discarded packets,
obtained with the different techniques.

With a second round of simulations we have comp#regerformance reached with and without a dynadaptation
of the weights. In practice, we have applied thes®FDMA WSR technique, either updating the paranséi based
on the achieved throughput and maintaining thee/Alu= 1. In the latter case, the RT weights depeng onlthe time
spent in queue by the HOL packets, = e+, while the NRT priority is kept fixed to a smathrestant value. A first

comparison is illustrated in Figure 25, where therage delivery delay has been reported for eagh UWéithout weight
adaptation, the BS controller tends to primarilgigs the radio resources to the RT users and ohbnwheir traffic
has been disposed, the NRT packets are scheduteil.c&n be noted from Figure 25, the first effetthe weight
adaptation algorithm is that the average deliveaylfor the NRT users are made more uniform. Tireans that both
the NRT users are allocated more frequently anil theoughputs increase significantly, as showrp ats[32]. As a
consequence, an increment in the delay experielmgade RT users is somehow expected and tolerSmue details
about the throughput achievements and more commearttse WSR solution are reported in [32].
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Figure 25 — Average delivery delay obtained applyimthe OFDMA (WSR) technique,
either with or without dynamic weight adaptation.

Finally we compare the Jain’s Fairness Index (aEhjieved in the two cases and computed on suceetssig intervals
of 1 s. As illustrated in Figure 26 the fairnesgidator is closer to the maximum when the weiglapaaltion is enabled.
More specifically, the JFI's with weight adaptati@ne always greater than the JFI's without weigihpdation.

Computing the JFI on the entire simulation (10tlsg, weight adaptation permits to reach an indexesaf JFI = 9.8

against a value of JFI = 8.4, obtained in caseocddaptation.

Figure 26 — Comparison between the JFI achieved witthe OFDMA (WSR) solution,
with and without dynamic weight adaptation.
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4 ROHC: reactive behaviour and DCCP extension

This chapter presents the improvements yieldethédRobust Header Compression (RoHC) [27] schemegoragose
first a mechanism to solve decompression problentsgd channel conditions or multicast transmissam second, a
complete compression scheme for headers of DCClietsad hese two works complete the studies predent®3.3b
[28] and D3.3a [29] respectively.

4.1 R-RoHC: a reactive compression scheme

Results presented in D3.3b showed how the charomlitions could negatively affect ROHC performaniceteed,
with header compression, the received average ghput could decrease compared to the throughpigzexh without
RoHC. This phenomenon, which can be more frequeidbntified when long bursts of errors affect the
communication, is related to the loss or the diicar of corrupted IR (i.e., uncompressed) packetbeareceiver side,
which are necessary for the static context creatimhthe following decompression. We observedween all the first
uncompressed packets are lost and the static doistarissing, ROHC decompressor is not able to megge the
compressed header of received compressed packearéh) as a consequence, discarded. Only successdption of
the IR packets, transmitted every IR_TIMEOUTS, douiitiate a successful decompression phase: sincemmon
value of the IR_ TIMEOUT is 1000 packets, seveeglomnds of the multimedia stream can be lost inviaig.

D3.3b showed that fine tuning of RoOHC compressianameters (i.e., L, IR_TIMEOUT and FO_TIMEOUT) can
reduce the decompression problems at the receiglerad thus allow RoHC use without losing in parfance.
However, a reduction of the IR_TIMEOUT would incseathe frequency of IR packet transmission by eirey the
time spent in IR and FO RoHC states and thus taléeément of the average header size. Furtherntioeebest-suited
values of ROHC parameters dramatically change fotvannel to channel: it follows that, in order tondgnically
identify the appropriate values, accurate chanstination is required.

The goal of this work is to obtain a solution wargiwell and independently of the accuracy of thenciel estimation.
We therefore go beyond parameter tuning by introdpuea novel but standard-compliant approach: a Rea&obust
Header Compression scheme (R-RoHC). As explainedeglilecompression problems are due to missingrougted

reception of IR packets. The idea is thus to sevd IR packets only when needed, i.e., when thécstaintext is

missing at the receiver side, without modifying Rbktate machine and its timeouts. We introducerdes recovery
event that triggers the transmission of IR packets1 any compression state (i.e., IR, FO or SQerathe generation
of these IR packets, the compressor returns tgeheration of header types corresponding to itsshstate.

Two different schemes are considered for the IRstr@Eission and evaluated by simulation:

- The transmission of a fixed number of IR packets

- The transmission of a varying number of IR pack#ts: number of uncompressed packets is increastdthe
number of static context recovery attempts. Indeedpropose to send one IR packet the first time, IR packets
the second time, and so on in order to increasetblability to receive a correct IR packet whilaiting the
overhead.

This mechanism, difficult to implement without knledge of the decompressor status, can be easibydinted in the
OPTIMIX system architecture by exploiting the OPTKMtriggering engine [30], which allows the exchangf
information (i.e., triggers) between a trigger s®uand a trigger consumer. We selected as theetrighjthe static
context recovery the number of packets transmittethe RoHC module to the upper layer. If this nemis equal to
zero, all the packets are discarded between thes@und the destination. Besides link failure, asjiule reason is the
unavailability of the static context at the RoHCcdmpression module, with the consequent discardingll the
received packets. We moreover select as triggerceahhe RoHC module at the client side and as coesihe BS
Controller at the Base Station (i.e., at ROHC caapion side). It has to be noted that the triggeeingine allows the
subscription to specific trigger values via the abélters: the BS Controller can thus subscribetvalue equal to zero
for the selected metric. The aim of this subsaiptis twofold: first, a minimum overhead introdudedthe network;
second, a fast reaction of the compressor to pmublan the static context creation. Indeed, sinae ttigger is
transmitted to the Base Station only when no paekis from the RoHC decompressor, the evaluatiothie metric
can be frequently done: we decided to computedtyet00ms.

To resume, the method proposed here allows regttwader decompression with a very low reactiom timcase of
degraded channel conditions. It has to be pointgdtitat the same scheme can be successfully entplaysolve
RoHC issues in multicast streaming, as explaingtérfollowing.

In multicast transmissions, the compressor (ite,RoHC module at the Base Station) enters inRhstdte as the first
video packet is transmitted in that cell, thatvtien the streaming starts after the reception effilst RTSP request.
When a new user in the same cell requests the sae@n, the compressor may be in the First or SeCrder state.
In that case, the new joiner won't be able to retmtt the whole header until the full contextaseived (i.e., when the
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compressor goes back to the IR state). The neverjainll thus lose packets for a time period uniftrrdistributed
between0 andIR_TIMEOUT- L(i.e., the maximum time without static contex8)y introducing the trigger described
above and the R-RoHC protocol, after a short tirfl00ms) the RoOHC module at the second client sentise Base
Station a trigger indicating that zero packetsteansferred to the upper layers, thus signalingctivnection of a new
user after the transmission of uncompressed pabketise Base Station. At the reception of thisgelg the BS sends
the IR packets, enabling in this way the video péioa by all the users.

4.1.1 R-RoHC in unicast streaming: simulation ressul

In this section, we present the simulation resalttained with the OMNeT++ simulator developed bg tiroject
partners. We consider the streaming of a singleorifthe Foreman reference sequence with a bitafat2l0 kb/s)
toward a single user and we study RoHC performanca NLOS scenario, with a mobile client movinghe speed of
2 or 3 Km/h.

The results presented in the following are obtaimgdetting the standard deviation of the log-ndrshadowing of the
Rayleigh block fading channel to 0 and the cohezetime to 0.2 s. At the physical layer we perfornQRSK
modulation but we do not apply any channel codimgrder to have a sufficient amount of errors anplcket header
to verify ROHC performance. No losses are introduoe the wired network. We finally set ROHC paraangtas
follows: IR_TIMEOUT=1000, FO_TIMEOUT=100, L=2 padke

In Figure 27, we compare the average throughpw@indd at the transport layer (i.e., after ROHC dgme@ssion) as a
function of the signal-to-noise ratio in the follmg cases: i) no header compression; ii) standaid@® iii) R-RoHC
with the transmission of three IR packets; iv) dd@R-RoHC and v) adaptive R-RoHC compressionathldata and
triggers. The figure shows that, for medium anchhsgynal-to-noise ratio values, performance obthinben RoHC is
used supersedes performance without RoHC. Indéezt §/DPLite or DCCP protocols are used at thespart layer,
a checksum on the packet header only is computddilows that the shorter the header the lower ribenber of
discarded packets and the higher the throughputieider, as the signal-to-noise ratio decreases, VRoHiC is used
the achieved throughput is lower than the througluduained without compression for the reasonsampt in the
previous paragraphs. R-RoHC with a transmissiorthofe IR packets brings a significant gain in tlehieved
performance by offering performance identical te tase without compression even in poor channetlitons.
Performance further increases when the adaptive@ReRscheme is used. We finally evaluate how heedepression
on triggers in the reverse direction affects theeinged throughput: we can observe that performaacgins very good
even if few decompression errors may affect triggard thus feedbacks received by the Base Station.

500

Throughput (kb/s)

R-RoHC - fixed ---
R-RoHC - adaptive ---4---
R-RoHC - adaptive, trigger compression ---w---

0 | | | | | |
26 28 30 32 34 36

Es/No

Figure 27 — Average throughput for RoHC and R-RoHCprotocols.

To conclude, the adaptive R-RoHC mode is thus smledndeed, it generates higher throughput witininimum
number of transmitted uncompressed packets (thegedeader size at/N,=25dB is 7.39 bytes in the adaptive case
versus 7.55 bytes of the fixed case).

4.1.2 R-RoHC in multicast streaming: simulatiorutes

This section presents the results obtained withatteptive R-RoHC algorithm in a multicast scenanibere two users
ask for the same video stream via a RTSP requmsfirst user requests the stream at the firstrabod the simulation
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while the time of the second user request is vagrylihe same channel model of the previous seatith,a signal-to-
noise ratio §Ny=30dB, is used in the simulations.

Consider first the second user sending the RTSBestcat time t=5 seconds. When standard RoHC id, uke
compressor is already in the Second Order staten e second RTSP request is received and doemmd any
uncompressed packets until time 15.7 seconds. Weobserve in Figure 28 that all the packets recklvefore the
reception of the IR packets (i.e., between 5 sHnd s) are discarded by the decompressor: vigenefs arrives at the
decoder only starting from 15.7 s. Thanks to thap#de R-RoHC solution this “idle” time can be drtioally
reduced: indeed, the BS sends an additional IRgtatkhe reception of a zero throughput triggenegated every 100
ms, thus allowing a correct decompression and itteowvdisplay with a negligible delay.

The reduction of the average loss period can berobd in Figure 29: we plot in the figure the lpssiod as a function
of the second versus the first client connectiometiWhen the two clients start the streaming atstmee time (i.e.,
D=0) there is no loss of packets: indeed, both tdi@me connected to the BS when the compressartieei IR state.
When standard RoHC is used and the second clieqiests the streaming immediately after the IR packe
transmission (e.gD=500ms), the loss period is the maximum one, +#5s. By further delaying the start time of the
video streaming toward the second client, the lpsgod decreases since the waiting time for théofiohg IR
transmission is reduced. The loss period is idsteaited by the trigger frequency (i.e., 100ms)tie R-RoHC case.
The same behavior can be observed for any IR_TIME@é&riod.

We finally report in Figure 30 the average througthpver 15 seconds of video streaming, as a fumdtie second
versus first client connection time: throughput clees the maximum value independently of the seodrht

connection time with R-RoHC, while strong performardegradation can be observed with the classigpEssion
mechanism.
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R-ROHC -+
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Figure 28 — Instantaneous throughput of the secondient.
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Figure 29 — Initial period of discarded packets forinability to decompress (in seconds) for differentonnection
times of the second client.
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Figure 30 — Average throughput for different connetion times of the second client.

4.2 RoHC for DCCP

The compression of DDCP data packets has alreagly peesented in D3.3a [29]. However, DCCP usedgliféerent
packet types, corresponding to different headeedygnd thus compression behavior. All the headers@mposed as
depicted in Figure 31: they have a common parteddbeneric Header (16 bytes long), followed byitical fields
changing accordingly to the packet type and fin@ltions.

Generic Header

Additional Fields (according to packet type)

Options

Figure 31 — DCCP header, general structure.

Fields of the generic header may be defined ai gtahich do not change during the connection) ymainic (which
change during the connection). DCCP static fielwtsnfng the static chain of the compressor and decessor are:
Source and destination ports. The static compresdiain will include also static fields of the IBdder (presented in
D3.3a) and depicted in Figure 32.

DCCP fields considered dynamic and so added téRhdgynamic ones in the dynamic chain, shown in @28, are:
Data Offset, CCVal, CsCov, Checksum, Res & ReservVgde, DX Sequence Number (see D3.3a for a definition of
these fields). Moreover, the DCCP-Data type packatsy RTP packets. In this case, RTP fields wéllaalded to the
static and dynamic chains as it has been mad&éRTP_UDP_IP and RTP_UDPLITE_IP profile. Finalgditional
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fields need to be included in the dynamic chairt ties been described for the generic header cdmseTwill be
highlighted in the following section, where the sifie DCCP packet type formats will be treated.

Version Flow Label Next Header

Source Address

Destination Address

Source Port | Destination Port

Figure 32 — Static chain for DCCP/IP generic headef40 bytes).

Traffic Class (Ipv6) Hop Limit (Ipv6) Generic I(Eg;?ir;iiglr)\ header Offset data
CcVal CsCov Checksum Type Mode )E() 0
Sequence Number Sequence Number (optioné])
Sequence Number (optional)

Figure 33 — Dynamic chain for DCCP/IP generic headg40 bytes).

Optionfield will not be compressed by RoHC since it ifficlilt to identify a behavior to compress thisnlli of data
and they are not often used.

4.2.1 Overview of ROHC parameter for DCCP headers

The DCCP connection is opened with a DCCP-Requesst Isy the terminal, to which the server responith &

DCCP-Response packet. The connection is finallsbdished by the terminal DCCP-Ack packet. From thisment
on, until the end of the connection, only DCCP-Datel DCCP-Ack are exchanged between client ancdesewhile

the terminal sends only DCCP-Acks packets, the kts@on sends both DCCP-Data and DCCP-Ack packetih

are the acknowledgments to the terminal DCCP-AdashnThe connection is then closed by a DCCP-Clegefnt by
the terminal followed by the base station DCCP-€Elasd by DCCP-Reset packet coming from the terminal

From a RoHC point of view, what is interesting e tDCCP case as opposed to the UDP and UDPLite,ciasthat
there is a bidirectional flow of information, soghets are sent from the terminal too. In the UD&(Lcase, the base-
station behaves like a compressor while the tern@inaa decompressor; with DCCP there are thera a@mpressor
and a decompressor at both sides. In other wandsgldta compressed at the base station will bengj@essed at the
terminal and vice versa.

4.2.2 Type 0 — REQUEST

The DCCP-Request packet is the first packet thateist to open the connection, specifically by thentnal. The
DCCP-Reset packet is used only to open the cormmeoithen the RoHC context is not yet created. bets recall

that, to create the context at the receiver shiee RoHC transmission starts with a fixed numberigtviis called L) of
IR (Initialization and Refresh) packets. These g#&elcontain the information to set the contextsphe static and
dynamic chains. IR_DYN packets immediately folldtvey contain again the context identification pagtars and the
dynamic chain. This means that the DCCP-Requedtepadll be the first packet sent by the compressiathe client
side: it thus will generate an IR packet. So we'tdoreed to define the RoHC packet formats for thether

compressing states. Figure 34 presents the IR paeke by RoHC: we can notice that the informati@tessary to
create the context is sent, together with thecstatid the dynamic fields. THeervice Coddield is included in the
dynamic chain.
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4.2.3 Type 1 - RESPONSE

The DCCP-Response is the first packet sent byghesin response to a DCCP-request. It will badusethe terminal
to create the connection context. The DCCP-Resppasket is thus used only to open the DCCP cororeethd no
longer once the connection is established: it Wdldhat it is always the first packet sent by thepressor at the base-
station. The DCCP-Response information will thugagls be sent in an IR packet like the DCCP-reqaieite terminal
side.

As Figure 36 shows, this packet type includes thk B8ubheader and ttgervice Coddield in addition to the Generic
Header. The compressed (IR) header is very sindathe one depicted in Figure 35, with the additmithe
Acknowledgement Numbg bytes) to the dynamic part.

Generic Header with X = 1 (16 bytes)
Type = 0 (DCCP-Request)

Service Code
Options & Padding
Application data

Figure 34 — DCCP-Request packet type.

0 7 15 23 3
Add-CID [1]1f1]2]2[1]0]D] CID info (optional) for large CIDs
Profile | CRC | Static part
Static part

Dynamic part (if D=1)

Service Code

Payload

Figure 35 — IR packet for DCCP-Request packet typ€s5 bytes).

Generic Header with X = 1 (16 bytes)
Type =1 (DCCP-Response)

Acknowledgment Subheader (8 bytes)
Service Code
Options & Padding
Application data

Figure 36 — DCCP-Response packet type.

424 Type 2—DATA

Data packets are sent from the base station dthimgvhole connection, thus they go through eveagesof the header
compression state machine. Every RoHC packet tgpdsito be defined.

In the DCCP-Data packet case there is no informaiiided to the DCCP Generic but DCCP-Data packeispsulate
RTP packets. It follows that, as for the RTP_UDPatRl RTP_UDPLITE_IP profiles, the SSRC (Synchraiira
Source) field needs to be present in the statilmchdoreover, in addition to the Generic Header awit fields, the
RTP fields are also part of the dynamic chain.
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Please notice that the DCCP-Data are sent by the $tation starting from the second packet, giliahthe first one is
a DCCP-Response type one. This means that the RT&gbressor context fields at the terminal sidé mot be

completely initialized before that the second padékeeceived. For this reason, the parameterd. {he number of
packets sent in a compression state before mowiriget further compressed one) cannot be less thanThus, the
first transmitted data packet will be a packet veithtic and dynamic information, i.e., an IR padkepicted Figure 37.
A number L of IR-DYN packets will follow after L IRackets: these packets are similar to the IR teslo not

include the static information.

The compression process continues with the UOR cRgbdormat. The UOR-2 packet, showed in Figurecgtains
the following information:

RTP Timestamp

Marker Bit

RTP Sequence Number

DCCP Sequence Number

DCCP Checksum

The UO_1 (7 bytes) and UO_0 (6 bytes) packet fasmatesented in Figure 39, are still used in theoB8@ Order sate
of the compressor state machine. Compared to thB 2Cformat, they further compress the informatibor the

RTP_DCCP_IP profile they have been redefined: coagto the UO_1 and UO_0 packets for the RTP_UDRNdP
RTP_UDPIite_IP profiles, the DCCP Sequence Numbdrthe DCCP Checksum has been added.

0 7 15 23 3L
Add-CID [1]1f1]2]{2[1]0]D] CID info (optional) for large CIDs
Profile | CRC | Static part
Static part
SSRC

Dynamic part (if D=1)

RTP dynamic part

Payload

Figure 37 — IR packet for DCCP-Data packet type (7bytes).

Extension X X =0 0:

TS RTP SN TS
1 I 1 I 0 I TS DCCP SN Type
Info CID )
Extension X X =0 1:
Ts|m RTP SN RTP SN _| TS
X | X DCCP SN TS
CRC DCCPSN | Type

Extension X X =1 0;
RTPSN |  Ts
TS
TS
DCCPSN [ Type

DCCP Checksum

Payload

Figure 38 — UOR_2 packet and extensions for DCCP-Reapacket type (8 bytes including Checksum).
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1 I OI TS 0 I CRC
Info CID RTPSN_| DCCP SN
Info CID
M | CRC
RTP SN | DCCP SN DCCP Checksum

DCCP Checksum

Payload
Payload

Figure 39 — UO_1 (left) and UO_0 (right) packetdor DCCP-Data packet type.

4.2.5 Type 3-ACK

DCCP-Ack type headers are made of the Generic Hettte Ack Subheader 8 bytes long, and of@ion field of
variable length. The Acknowledgement header is gltbim Figure 40. It includes two fields, always siolered
dynamic:

Reserved3 bytes. Set to zero on generated packets andeidry the receiver.

Acknowledgement Number:6 bytes. It contains the greatest sequence numbeeived on any
acknowledgeable packet so far. A packet is ackedgéable if and only if its header was successfully
processed by the receiver.

2 I . 2 A I A A

Reserved | Ack Number (high bits)
Acknowledgement Number (low bits)

=

Figure 40 — Acknowledgement subheader (16 bytes).

DCCP-Ack packets have both a Sequence Number akalaiNumber. Finally, they do not encapsulate REEkets,
so there are no RTP fields to consider for comjwas$-or the DCCP-Ack types we need to store thk #ember in
the dynamic chain, thus resulting in the IR packéiswed in Figure 41. IR-DYN packets are similar Without static
information.

The compression process continues with the UOR cRgbdormat, the first RoHC packet format that éntsin the
most compressed state. The standard UOR_2 forrfimedeor the UDP and UDPLite is modified to inclu®CCP
Sequence Number and Ack number. The UO_1 and UQ@cRep types further compress the information. Far t
RTP_DCCP_IP profile they have been redefined. Coeatpto the UO_1 and UO_0 packets for the RTP_UDRnNIP
RTP_UDPIite_IP profiles, the DCCP Sequence Numiedd find the Ack Number have been added.

Sequence Number and the Ack Number are sent witireint frequencies and so incremented accordindjfferent
rules: we need to transmit both of them. The DCQ@R Number will be part of every RoOHC packet formathout
being compressed because of the loss impact on GAgRestion control.

As previously said, with DCCP-Acks packets RTPas present in the payload. Nevertheless, the cosspreprofile is
generally set to RTP_DCCP_IP even though DCCP_li#dvoe enough. This is just a practical choiceutmmatically
set the same profile to every base station andyeeeminal. It does not involve any lack of compiaa efficiency
because in the RoHC library there are filters #ia@p the code regarding the RTP header part acupitdi the DCCP
packet type.

4.2.6 Type5- CLOSE REQ and Type 6 — CLOSE

Both DCCP-CloseReq and DCCP-Close packet typesnade of the Generic Header, the Ack Subheader ttand
Option Field as the ACK packet: only the Type of the maakifferentiate them. The IR and IR_DYN packetd thius

be equal to the ACK ones. Moreover, the Data Offdwt stores the DCCP header length, is one ofctmext
dynamic fields. The RoHC packet formats of the mmmhpressed state (namely UOR_2, UO_1 and UO_Oepack
formats) do not provide a field to transmit thisoimation. When th®ata Offsetvalue changes, an IR_DYN packet
has to be generated to let the decompressor kndw itesume, when the DCCP packet type changesemttieData

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 37/46



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.3c version 1.0

Offsetfield and the compressor has to generate an IR_padket. It follows that since only one Close ands€Req
packet is sent, no other ROHC packet formats nebe specified.

0 7 15 23 3L
Add-CID [1]1]2]{2[2[2]0]D] CID info (optional) for large CIDs
Profile | CRC | Static part
Static part

Dynamic part (if D=1)

Acknowledgment Number

Payload

Figure 41 — IR packet for DCCP-Ack packet type (6 bytes).

Add-CID Add-CID Add-CID
1 [1]0] TS 1]o} TS 0| CRC
Info CID Info CID RTP SN | DCCP SN

Info CID

s | w RTP SN M | CRC

x | x DCCP SN RTP SN | DCCP SN

Ack Number
CRC
Ack Number AckNumber

DCCP Checksum

Extension DCCP Checksum
DCCP Checksum

Payload

Payload

Payload

Figure 42 — UOR_2 (left), UO_1 (middle) and UO_C(right) packets for DCCP- Data packet type (14 byts).

42.7 TYPE7-RESET

The DCCP-Reset packet closes the DCCP connectit;m.miade of the Generic Header, the Ack Subheaddrfour
special fields that are used to indicate what chuke resetReset Code, Data 1, Data 2, DataThese four fields,
together with the ACK Number have to be includedhi@ RoHC dynamic chain. The four fieldRgset Code, Data 1,
Data 2, Data 3 are 4 bytes long in total, as long as 8ervice Coddield that is present in DCCP-Request and DCCP-
Response packet types. Since Bervice Coddield is never used in DCCP-Reset packets, we usmthe same
dynamic chain structure we used for the DCCP-Rdqasket type without redefining a new one, andestbe total 4

bytes in theService Coddield. In this way we keep the chain data struesusf the library as simple as possible. Figure
43 presents the IR packet.

0 7 15 23 3L
Add-CID [1]1f1]2]{2[1]0]D] CID info (optional) for large CIDs
Profile | CRC | Static part
Static part
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Dynamic part (if D=1)

Service Code

Payload

Figure 43 — IR packet for DCCP-Reset packet type.

4.2.8 About the RoHC header size trend

Figure 44 — IPv6 and RoHC header size time evolutioat the base station.

Figure 44 presents the header size of packetsniitted by the Base Station (i.e., the compressotyvb cases: with
and without header compression. The IP headerHengEigure 44 shows the header size of not corsprepackets.
The Base Station sends an alternation of DCCP-BathDCCP-Ack packets. The two curves present ptedtsare
due to a longer Option field in the DCCP-Ack paskeAs a consequence of the fact that @mtion field is not
compressed, the peaks on the two curves are boufiiedower curve in Figure 44 traces the RoHC beatre trend
through the whole transmission at the base stata® in Unidirectional mode with L=3.

Let’s recall that the DCCP connection is openedhwithree-way handshake started by the termina.Bdse Station
answers to the DCCP-Request sent by the termirthl aviDCCP-Response packet that will then be tha fiacket
processed at the BS side. After having received@EP-Ack packet, the base station considers thaeaxtion opened
and it starts to send DCCP-Data packets. The IRgtagenerated by the Base Station compressorspomd then to
the DCCP-Response and the first two DCCP-Data packecall that L=3). The base station compredsan moves to
the First Order state of the ROHC compressor statehine, from which L (i.e., 3) IR_DYN packets wikk sent. After
that, the Second Order state of the RoHC state imachireached and the UOR_2 packets start todwuped.

In the meantime, the terminal receives the firsadad acknowledges them by sending a DCCP-Ackatdgge. The
base station on its turn has to acknowledge th&gMData Ack packets. The two packet types haverdift header
structures and this has an important impact on Rpd@rmances. This explains the massive preseht® ®@YN
packets that are sent during the whole transmissilmase notice that to infer the header lengtbraling to the packet
type cannot be a solution because@mtion field in the DCCP-Ack packets has a variable larag well and cannot be
deduced a priori.

Figure 45 is a zoom of Figure 44 that shows initlethat happens at the RoHC level when there iSCLP packet
type transition. In this scenario the following segce of packets is processed: DCCP-Ack (first pdalcCP-Data,
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DCCP-Data, DCCP-Ack, DCCP-Data, DCCP-Data, etc.wkscan see from the left hand side of Figure 4B, th
compressor is in the more compressed state progedata packets (i.e., sending UO_1 packets for PO@ta) when

a DCCP-Ack arrives to the compressor: an IR_DYNkpads produced because since the Data Offset esaridhe
following packet is a DCCP-Data: then, the Datasefffthanges again and another IR_DYN packet isenkeédd other
words, for every DCCP-Ack packet sent, the bastostaompressor produces two IR_DYN packets: onfolighe
type transition between the DCCP-Data and the D@EPtype and will contain the DCCP-Ack packet infation,
the other for the opposite transition and will @ntthe DCCP-Data packet information.

When IR_DYN packets are sent though, the FO_TIMEBst Order Timeout that controls the transitiatvieen the
Second and the First Order state of the ROHC cossprestate machine) is not set to zero. In facgiitbe noticed that,
given that the following packet is still a DCCP-Baine, the RoHC packet format is restored: it & ghme it was
before the DCCP-Ack packet type was processed.

The DCCP connection is closed with a three-way bhakle started by the server. The next-to-the-laskgt is a
DCCP-Close Request and the last one at the sadeissa DCCP-Reset packet. This packet type tiandranslates
again in the generation of an IR_DYN RoHC packet.

IR_DYN
Ack

IR_DYN
Data

uo_1
7 bytes

Figure 45 — Zoom of ROHC header size time evolutioat the base station.
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Figure 46 — IPv6 and RoHC header size time evolutivat terminals.

The lower curve in Figure 46 traces the RoOHC heattertime evolution at the terminal side, andhiuyher one traces
the corresponding uncompressed DCCP header size.DUCP connection is opened with a three-way haaidsh
started by the terminal. Apart from the first pachkehich is a DCCP-Request, all the other packets by the terminal
are DCCP-Ack packets. In particular, since theredgpacket type transition, not as many IR_DYN pgdglas at the
base station compressor are needed. This can bersee in detail in Figure 47. The connection sed with a three-
way handshake too, to which the terminal parti@patith a DCCP-Close packet. As a consequencesgidhbket type
change, an IR_DYN packet type is generated at Ri@d€l. Even if the terminal compressor stays lorigghe more

compressing state, the header average size is udt lawer than the base station one. This is dubedact that the
Ack NumbeandOptionfields are sent uncompressed.

One last observation on the header sizes is that fhe comparison between the uncompressed ambthgressed one
in Figure 44 and Figure 46 it is clear that IR Rohkaders at the beginning of the transmissionaargelr than the 1P
ones. That is because, to create a context, soditoadl information is needed in the beginningt this pays off in

the long run since the next headers are noticesiiuyter.

IR_DYN

UOR_2

Figure 47 — Zoom of RoOHC header time evolution sizat terminals.
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5 Conclusion

This document presented the final design and thetifonal or performance analysis of the DLL elersedgveloped in
the OPTIMIX Task 3.3. Most of the results presentethis document relied on the results presentethé previous
deliverables D3.3a and D3.3b. This document focusegresenting the final design and performancéysisaof the
more advanced DLL mechanisms specifically desigimedoptimizing video transmissions over wirelesskf. The
studied mechanisms included the data link layetioadt, scheduling, and Robust Header Compres&oHIC). In this
document, various improvements were suggestedhanse the support of the studied mechanisms for-$@oSitive
real-time multimedia services. Simulation resultsrevused to validate the operation and benefitthefproposed
solutions. The work described in this deliveraleciudes the studies in the OPTIMIX Task 3.3.
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6.2 Glossary

AC Access Category IEEE 802.11e QoS class
typically assigned for VO, VI,
BE or BG traffic.

AIFS Arbitration Inter Frame Space IEEE 802.11e waiting period.

AMC Adaptive Modulation and Coding

AP Access Point

ARQ Automatic Repeat-Request Error control mechanism.

BE Best Effort

BER Bit Error Rate

BG Background

BL SVC Base Layer

BS Base Station

CRC Cyclic Redundancy Check A hash function.

CW Contention Window IEEE 802.11 MAC parameter

DCCP Datagram Congestion Control Protocol
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DCF Distributed Coordination Function

DLL Data Link Layer

DiffServ | Differentiated Services IP QoS mechanism.

EDCA Enhanced Distributed Channel Access IEEE 8®&lakcess mode.

EL SVC Enhancement Layer

FEC Forward Error Correction Error control mechanism.

FO First Order RoHC state.

HCCA HCF Controlled Channel Access IEEE 801.11e access mode.

HCF Hybrid Coordination Function

HOL Head-Of-Line Refers to the next packet to be
scheduled for transmission
from a queue.

HPQ High Priority Queue Video queue used in the
hierarchical scheduling mode

IP Internet Protocol

IR Initialization and Refresh RoHC state.

JSCC Joint Source and Channel Coding

LPQ Low Priority Queue Video queue used in the
hierarchical scheduling mode

MAC Medium Access Control

MIMO Multiple-Input Multiple-Output

MTU Maximum Transfer Unit The maximum size for fa
network layer packet to be
transmitted without
fragmentation over a
communications link.

NACK Negative Acknowledgement Error control mechanism.

NALU Network Abstraction Layer Unit Format used for packetizing
H.264/SVC encoded bitstream

NRT Non-Real Time

(6] Bidirectional Optimistic RoHC operation mode.

OFDMA | Orthogonal Frequency Division Multiple Access

PER Packet Error Rate

PSNR Peak Signal to Noise Ratio

QoS Quality of Service

R Reliable RoHC operation mode.

RoHC Robust Header Compression

RT Real Time

RTP Real-time Transport Protocol

RTS Ready-To-Send

SNR Signal to Noise Ratio

SO Second Order RoHC state.

SR Sum-rate Maximization problem in an
optimization task.

SSCQS Single Stimulus Quality Scale Used for video quality
assessment.

SVC Scalable Video Coding

TDMA Time Division Multiple Access

TXOP Transmission Opportunity IEEE 802.11e EDCA
parameter.

U Unidirectional RoHC operation mode

UDP User Datagram Protocol

WiFi Wireless Fidelity Used to refer to IEEE 802.111
WLAN technology.

WIMAX | Worldwide Interoperability for Microwave Acse WIMAX is a common name for
a technology based on IEEE
802.16 air interface standards
provided by WiMAX Forum.

WLAN Wireless local area network WiFi is a commercial name far
a WLAN realization.

VI Video
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VO Voice
JSCC Joint Source and Channel Coding
WLAN Wireless local area network WiFi is a commercial name far
a WLAN realization.
WSR Weighted sum-rate

Maximization problem in an
optimization task.
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