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Executive Summary

This deliverable concludes the work carried out@sk 3.2 and reports the main results we have rmddain the design
and analysis of the network architecture of the ®RX project, in particular regarding the networkamsparency
concept.

Being the last document of Task 3.2, this delivigslaims also to presents the final OPTIMIX aratiitee as a whole,
in order to give a complete and smart vision ofdahkieved innovations and results. This choicdsig due to the fact
that though single finalized modules are presentad evaluated in the deliverables D2.xc of WP2wel as D3.1c
and D3.3c of WP3, the last presentation of the allvarchitecture was made last year ([14]). Therfin this report
we include a picture of the architecture at a giatmgether with a summary of the main innovativedates and
solutions that have been proposed within the OPXIMamework. These modules mainly concern the admiane of
the OPTIMIX architecture and are the master apptioacontroller, the adaptation module, the bastiagt controller
and the mobile observer. These modules are britdigussed and the main achievements have beertgepuith the
reference to those deliverables which containstimplete description and information about them.

Next, we start considering each aspect of the mtwansparency concept. Firstly, we have takea adcount the
backward compatibility, which deals with the sugpof the proposed solution over the current teletomication
infrastructure and the existing standards. We hexeemined the above mentioned modules separatetydar to
understand if they can be easily deployed or impleied on the basis of the current technologies motbcols.
Furthermore we have outlined all the possible endrd transmission scenarios, considering bothtfioipoint and
point-to-multipoint transmission and AVC or SVC easlIn these scenarios we have distinguished the ioawhich
only clients and servers are enhanced accordi@P®IMIX specification, and the case in which alke Base station
is improved and consequently also the wireless otw

Secondly, we have analysed in detail the remaiasmect of the network transparency concept. Theifirthe ability
of the network entities to exchange informationwsatn each other in order to improve the qualityeedgmced by the
user. This translates into a joint optimizatiortleé overall transmission chain. In this case thedilve of Task 3.2 is
to evaluate the introduced overhead into the ndtveard proposing ways to reduce it, for example bgpting a
solution instead of another amongst the ones ptedemd analyzed. From this point of view we corgpthe work we
started in the previous deliverable [9] of Task, 3r2asuring the overhead of feedback messages wgindifferent
aggregation schemes: the terminal level aggregatiith the triggering engine and the system/netwéziel
aggregation.

The feedback messages considered in this delivemtlude the final choice of parameters that tlaster application
controller and base station controller exploits @ptimizing the video transmission. Furthermore wedate the
evaluation of the in band signalling overhead azialy the novel approaches that have been proposgudtecting the
data transmission: RS RTP FEC and PECC technigigssiibed in detail in WP2's final deliverables).

The last aspect of the network transparency regémelsapacity of the network to transfer multimetfiformation
without introducing relevant impairments, like deldoss and jitter. This feature must be maintaiatsh when some
additional mechanisms are enabled into the netwarkheader compression, or in case of link/nadleres and mobile
users/terminals. More in detail, we have considé¢iedssues of quality of service with traffic emgering, proving that
the TE mechanisms we have proposed ensures thatplagrments (delay, loss and jitter) introducedhia network are
not significant even if the network experiencesaaltf Finally, we have analysed the HIP micromapilipproach
developed for OPTIMIX, showing that the proposedutson gives relevant improvements with intra-domai
handovers.

The analysis has been conducted using the simuoldtol that has been built in the OPTIMIX project. the
simulation chain over the OMNET++ platform, which éomposed of the models of each element of thell@EXT
architecture and therefore, can be used to inwastigbout the interaction between each of thengdhect functioning
and achieved performance of the proposal.
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1 Introduction

From the first deliverable [1] of this task, a tdtresearch has been made, with the proposal ofvative modules and
functionality to be included in the OPTIMIX architere, and the simulation modelling/analysis caraet during the
project that has led to the selection of the bekttions.

In this deliverable we aim to give a picture of tieal OPTIMIX architecture, summarizing the mostavant and
newest approaches that have been developed diengroject: the triggering framework, for transiiegr feedbacks,
the master application controller, the adaptaticdufe and the base station controller. We can adtiat all these
modules belongs to the control plane, but we haeel to improve also the data plane, proposing emahbining
innovative methods for assuring data protectiomftait errors and losses, as well as efficient meismas for QoS
support (i.e. Traffic Engineering with fault resitice capability) and mobility management.

Starting from this view of the OPTIMIX solutionsgvhave analysed and checked the performance sfttem from a
network transparency prospective. Recalling frointfie Network Transparency concept concerns diffeaspects.
Firstly, it is defined as a framework that has dhgective of allowing information exchange betwekffierent entities
into the network in a transparent manner, invoiiagh different nodes and different layers inside $ame node, i.e.
the additional information should not experiencéevant impairments, such as errors, drops, delag delay
variations. In this deliverable we have analysefihal solutions in terms of information excharmgween nodes and
layers. This analysis has considered both in anncbhband signalling, verifying the introduced owead of the novel
approaches for protecting data, and feedbackstHeotatter, we have considered the OPTIMIX systerfgpmance
with the final chosen feedbacks, in particular destmting how the aggregation has no negative iimpacthe
performance and dramatically reduces the introdumeerhead. Two aggregation schemes have been eoedid
terminal level aggregation with the triggering franork and the system level aggregation.

Secondly, the network transparency concept isaélad the backward compatibility, both with exigtistandards and
the current telecommunication infrastructure, allmva smooth migration towards NGNs, eventually pgupng
JSCC/D functionalities. For this reason, we havaysed the newly introduced solutions and modulesrdler to verify
the applicability to the today’s technologies amavithe current standards can be exploited to stipperOPTIMIX's
proposal.

Finally the network transparency is related to thature of the OPTIMIX network to be able to asstirat, the
impairments that the network introduces on the da&at from the source to the mobile terminals carave a
significant impact on the quality perceived by teer. In this respect, we have investigated threa mspects: the
header compression, the mobility management andQb8 support by traffic engineering with fault fiesice
capability, in order to verify that the networktrsinsparent with the addition of these elementsném presence of
mobile users and network failures in the core IRvoek.
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2 OPTIMIX system architecture

The aim of this chapter is to describe the finalTOWX architecture designed and developed during groject

framework. First, we present the complete architecfrom an overall prospective, in particular suemizing the most
important modules: the signalling framework, th@lagation controller and the base station contradled finally the

adaptation module.

Second, we evaluate the applicability of the desigsolution to the current technology, analysingd discussing the
related implementation issue, also taking into aotavhere the module should be present (e.g. irséneer, at the
base-station/AP, at the terminal, in the networé aa on). Aspects such as backward compatibilityrent support,
and foreseen support, availability in current staddor extensions, complexity in general aboutuditig the designed
modules, and possibly impact of its exclusion ha@en considered.

2.1 OPTIMIX architecture at a glance

OPTIMIX project proposes a solution where the défe entities involved in the end-to-end transnoissire enhanced
for multicast video transmissions. The proposetiitgcture, presented in Figure 1, comprises not th@ data but also
the control plane, which is of fundamental impocegrin the OPTIMIX solution: indeed, it allows thearnsfer of
feedbacks and commands between different netwotitiesn thus enabling the end-to-end optimizati@everal
protocols involved in the end-to-end transmissimenhanced with new features (e.g., the RTP lalgerMAC layer,
etc.) and new units are introduced in the systarhit@cture: i.e., a Master Application (MA) Contes| an adaptation
module, a Base Station (BS) Controller and a Mobitserver.

The main purpose of the Master Application Conémoils to adapt in real-time the source coding patams (e.g.
guantization parameters, bitrate, etc.) of an HRG€ or H.264/SVC stream and the protection ratesaaelatively
slow-rate base according to the video source ctexrsiics and to the state of network and radionokés. This
controller is thus naturally owned by a Servicevter, which may or not coincide with the Mobile €&ptor.

The adaptation module instead adapts a pre-cod&@¥tvideo to the actual bandwidth availability asén alternative
to the use of the Master Application Controllerparticular for the streaming of an H.264/SVC videaleed, the SVC
Master Application Controller, which provides arcate video compression by taking into accountréukindancy
introduced by protection schemes proposed by tbgaqgtr works in a Partial&Trial mode and needstéate three
times on each layer. If the encoding delay is regligible, the use of the Master Application Cotielomay not be
suitable for real-time applications. The adaptatmodule, instead, even if working only on video tite without
considering the overall overhead introduced bypttetection schemes, can easily (i.e. quickly) adla@tSVC stream to
the network conditions.

The Base Station Controller in its turn intelliggnallocates the shared radio resources among $kesuand the
different kind of traffic: this controller has thue be integrated in next-generation point of ascesthe wireless
network. For our purposes, we consider a very ggmadio access scheme, where time, frequency packsesource
units are available for the communication proc&ssreover, we propose to exploit the flexibility diffferent channel
coding and modulation techniques in order to jgiatflapt the radio transmission scheme to the sailvamcteristics
and to the channel states.

Finally, our signaling architecture uses Mobile &ers to collect cross-layer information from diffnt layers of the
system (in terms of channel state information, ekwconditions, source characteristics...) andaidginis cross-layer
information back to the base station, to media-awatwork elements and/or to the multimedia serrverder to adjust
source or transmission parameters according tofdadback information. The Mobile Observer in the TOWX
architecture is based on a triggering framework I&ftE 802.21 as described in the next sections.

Remarkable results have also been obtained by eimuathe behavior of the single modules used indiaa plane. In
particular different kinds of data protection aregnsed:

- Two Forward Error Correction (FEC) schemes havenbetoduced in the RTP protocol: the first onesdzhon
RCPC codes, protects the transmission againstritmitseintroduced by the wireless channels; the mgame, a
systematic solution based on Reed-Solomon codeteqts the communication against both losses dretioirs.

- An efficient maximum likelihood decoding algorithfar low-density parity check (LDPC) codes over eras
channels has been designed and a Packet Erasueei@w Codes (PECC) module has been inserted batR&P
and transport layer protocols. Enhancements wipeet to a previously proposed structured Gausdiannation
approach are achieved by developing a set of algosi aiming to limit the average number of refeeenariables
from which the erased symbols can be recovered.

The end-to-end protection can thus be obtained as:

- The joint use of the RCPC RTP FEC solution and®BEC module, correcting bit errors and losses isedy.
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- The use of the RS RTP FEC solution to correct pattket losses and errors.
- The use of the PECC module only to correct pacissds.

In order to avoid an excessive protection sinceassume the clients equipped with robust decodardpeus on two
alternatives: the use of RS RTP FEC or the usee@¥@® The first one protects both against lossesbétnetrors, while
the second one offers robustness to packet erasuessat very high loss rates. The two schemegm@sented and
compared in D2.1c [2] and D2.2c [3].

' ™
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Figure 1: OPTIMIX control architecture

2.2 Signaling framework

OPTIMIX signaling system is based on the joint a6802.21 and a triggering engine. The triggeringine TRG [25]

is present in the server, BSs and clients and allggregating and exchanging information betwdgger sources and
triggering consumers at any layer of the networlstack. IEEE 802.21 is used in the OPTIMIX clieatsl BSs to
provide physical and data link layer feedbacksh®dther entities in the network: 802.21linformati®rronverted into
triggers which are handled by the TRG.

TRG interfaces with the event sources and thedriggnsumers in the OPTIMIX architecture can ba seedifferent
system layers or modules. The trigger sources pedelatively fast-changing information and serid thformation to
TRG. The trigger consumers receive notificationshie form of standardized triggers about eventyg #re interested
in. In practice, the triggers are formatted alreadyhe event sources and TRG will only handle dieéivery of the
triggers to consumers subscribed to this inforrmaltiased on policies and filtering rules.

Although Triggering Framework allows using filtens the subscriptions, the feedback message excheagses
overhead for the network traffic. In order to mitig the feedback overhead, a client-side aggregatiechanism for
Triggering Framework has been developed. Trigggregation bundles multiple triggers into one triggehich is
periodically sent to the consumers subscribed to it

Besides client-side aggregation, also called temimamgregation, OPTIMIX architecture introduces eawork-level

aggregation realized by Feedback Aggregation SgiffekSs) into the IP network core and exploitingd@nycasting.
In anycast, a packet sent to an anycast Ipv6 aslisatelivered to only one member of the anycastiggrin OPTIMIX

the anycast group is composed by the FASs anddahersitself. The clients thus simply send theiggers to the
anycast address and these messages are receivied fyosest” node (i.e., a FAS or directly theveg). The FASs
collect triggers and store them in queues wherén @areue represents a significant service classradiogpto the
services available for the mobile entities in tleeg network. In accordance with the service patame(maximum
feedback delay, etc.) every queue has differenérnto process the feedback data packetizing thémlP packets.
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These generated IP packets contain feedbacks fraftipta sources so network-level aggregation demsathe
overhead in the IP core and makes possible tagaidbacks from the same type in one IP packet.

2.3 Application Controller module

(Rmax,) PLR; BER,
| | |
A 4 v v
Server
Rmax*i iPLR* iBER*
\ QP
SSIM+ - —  p Encoder
Application
CodeRate
Controller - »{ RTPFEC
P CodeRatg PECC
4 Adaptation
v Bit Rate

Figure 2: Application Controller input and output

Since OPTIMIX considers video streaming over wisslehannels, whose conditions in terms of maximimate and
communication quality may deeply vary due, e.g.Jitdted bandwidth availability and high number dfents or
receivers’ mobility, the Master Application Conteyl needs to rely on a rate control algorithm maactive (in the
sense of quickly evolving to meet the target bifyahan the ones traditionally used in long terte cntrol for video
compression. As a matter of fact, the channel ¢mmdi may vary too quickly when compared to thevesgence time
of the rate control algorithm, thus introducing arenisbalances and several inadequately settirggi ¢@uld happen
by using the long term adaptation rate control @ligms proposed in the H.264/AVC JM [4] softwarB)oreover, in
order to improve the quality of a video receiveedoimperfect channels, protection schemes intraduoédundancy
and thus consuming bandwidth have to be takendntmunt when selecting coding parameters so texm#ed the
maximum available bandwidth.

The controlling process, proposed in OPTIMIX aneégented in D2.3a [10], D2.3b[21] and D2.3c[22],ulssin
deciding every Group Of Picture (GOP) ( every oaeosd) the best compression and eventually protegrameters
given the available bitrate and transmission caowkt (network and/or channel state information)particular, the
Application Controller can base its decision altfori on:

- the available bandwidth (Rmax)
- the loss probability (PLR)
- the Bit Error Rate (BER).

- In alternative, the application layer controllemcase information about the encoder buffer occupaara the
(video) quality measured in previous controllingepst, as proposed in [Hfeur! Source du renvoi
introuvable.], where the application layer controller is spéeéa for the scenario of a telemedical applicatowal
designed to maximize medical QoS.

The available bandwidth can be estimated by theesén different ways: indeed, several algorithragy(, Spruce [5],
Pathload [6], pathChirp [7], Assolo [8], etc.) hay@en proposed in the literature and are avail@léhe integration at
the transmitter side. However, the bandwidth edtonamechanism proposed in D2.3c [22] and basefkeedbacks
from the clients can also be used. A third opt®woffered by the collaboration of the Base Sta@amtroller. Indeed,
Base Stations, enriched by intelligent allocatichesnes and the TRG signaling framework, control bhadwidth
allocated to each communication and can informApplication Controller of the maximum achievableadinghput (in
this case we assume the wireless link is the bmtle of the communication).

PLR and BER are instead feedbacks sent by thetehémthe TRG. Packet loss rate is measured Ritielayer every
0.1 sec on the received sequence numbers: thie ttahs takes into account all the losses occulmwyahe path from
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the server to the client, due to problems in theeevinetwork, to buffer overflow at the Base Stationto wrong CRCs
or checksum at the receiver. BER is instead comeatei by the physical layer by every twenty packéds|IEEE

802.21. The two values are then sent as an aggetr&gger to the Master Application Controller gveecond. Thus,
the aggregated trigger contains the average PLRB&RI measured on all the RTP loss values and 80ReXkages
received by the TRG since the previous aggregaigger transmission. Several aggregation schenftsalit from the
average has been considered but without additigaial: indeed, the fast variations of the channellandled by the
BS Controller, while the Master Application Contesl works on a longer time scale, thus not reqgirfrequent
updates of the BER and of the PLR.

BER Average on 1 sec of the values measured at the
physical layer every 20 packets

PLR Average on 1 sec

These input values allow an accurate parametectg@iewhen encoding a video for a single client.n@rsely,

adaptation for a single transmission toward a grotipsers cannot satisfy the requirements of al dhents. As a
matter of fact, each server-to-client communicatiehich can transit over a different path, throwifferent wireless
cells or even different wireless networks, can @néwvery different conditions. The server thusreates a potentially
different bandwidth Rmaxor every clieni and receives differemacket loss rate PL,Rnd Bit Error Rate BER/alues

from the different receivers.

For an H.264/AVC stream these values are then foremed, as depicted in Figure 2, by a cost funciimo the
requirements of a target user U* characterizechkyconditions:

(Rmax, PLR, BER)=f(Rmax, PLR,BER)

The selection of the target user U* depends orafiication, on the service provider policy andtba needs of the
clients. As an example, the target user U* canrbawerage user, for which bandwidth, packet loss aad bit error
rate are the averages of the values received bgitfieeent clients, or of a gold user. A minimahgee guarantee could
also be needed for example in case of video slmwmed applications, with e.g., Rmax*=min(Rnjax
PLR =max(PLR), BER =max(BER).

Considering the bandwidth Rmax*, the PLR* and tHeRB, the Application Controller jointly selects ayeGOP the
code rate of the RTP FEC protection and the Quatitiz Parameters used by the video codec as dktailb2.3c. If
RS RTP FEC is used, both PLR and BER are direstyuo select RTP code rates.

More target users, one for each scalability lageuld be instead defined for an H.264/SVC stream.

Depending on the cost function, the generatedalté can exceed the bit rate limits for one or nulients: indeed, the
Application Controller choice respects the requieats of the target user U* and not the requiremefiesach single
user. In this case further adaptation is perforiethe Base Station: the Base Station, having neese small number
of all the multicast clients and handling the traissions queues, can dynamically and more accyratipt the video
stream to its clients. In particular, the BaseiStaController adapts the emission rates to thentlheeds, by exploiting
priority indications in the IP header in case of ldr264/AVC stream or layer priority in case of am264/SVC
transmission.

The selected code rates and the Quantization Ptatoeuse for the next GOP are indicated to theeemed modules.

In addition, the Application Controller can indiedb the Base Station the average bit rate of tikeded GOP and the
additional protection: the BS, knowing in advanice a&mount of required resources, can perform aararresource
allocation. It has however to be noticed that iisrmation is not mandatory since the bit ratelddae measured at the
Base Station.

Finally, priorities of the different layers (forahH.264/SVC codec) or of the single frames (for th264/AVC codec)
are reported in the DS byte of the Ipv6 headercamdbe used by the Base Station Controller.

Inputs Outputs

Maximum bit rate| QP
BER RTP FEC/PECC Code rates
PLR Bit rate of the following GOP

NALU/Layer priority

Table 1: Master Application Controller inputs and outputs
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2.4 Adaptation Module

The adaptation module used together with H.264/8/iGtroduced in D2.3b [21] and the purpose of thizdule is to
perform adaptation of pre-encoded SVC bitstreanomalicg the adaptation decision made by the appdicaayer
controller. As described earlier in this documeéhis module is used especially when strict delayuirements of the
system prevent real-time encoding of SVC video. Trtaén target of the adaptation module is to adMi€ Stream to
meet bitrate requirements of the transmission nmedih.264/SVC bitstream introduces three dimensafrecalability
(spatial, temporal and quality) and these scal#slican be utilized separately or together whemenftexible
adaptability can be achieved. Different technigieesestimating the available bandwidth are descriivethe literature.
Alternatively, the bandwidth estimation mechanisnopmsed in D2.3c [22] based on TCP-Friendly Ratetfod
(TFRC) techniques and based on feedbacks from lieats can also be used. A third option is offelgd the
collaboration of the Base Station Controller. Tlkaatation module utilizes the bandwidth estimateired from the
application controller to select the best comboratof temporal, spatial and quality layers (operatpoint) which
fulfills the requirements received from the appiica controller. The selected operation point igegi as a feedback for
the bitstream adaptation process which performsitheal layer dropping operation.

/ Server \
Pre-encoded SVC video content
BER Target resolution SVC adaptation module
PLR Target frame rate
» Application Controller > Select OP
which fulfill Bitstream
the adaptation

Rmax) Target bit rate requirements
TFRC BW estimate »

Transport and network
packetization

o /

Figure 3: SVC adaptation module and its interactionwith the application controller.

2.5 Base Station Controller

The main role of the Base Station (BS) Controleetd manage the shared radio channel among muligses. In
particular, it has to schedule the downlink trarssiains and assign the common resources to the, aserding to
their channel conditions, the multimedia streamratizristics and the QoS requirements specifiedhiey Master
Application Controller. Due to the intrinsic variity of mobile radio channels, the BS controlleashto perform its

optimization algorithms very frequently, on a tifasis ranging from some ms to few tens of ms, ddipgron the
considered system.

For the sake of generality, we consider a MultidnpMulti-Output (MIMO) radio architecture with Ortigonal
Frequency Division Multiple Access (OFDMA) schemm@lave focus on optimizing the downlink transmissiGiven
the extremely high computational burden of optimetheduling and resource allocation procedures, ptefar low-
complexity sub-optimal approaches (see [21] and)[Zhe optimization task is stated as a sum-r&i) (or a weighted
sum-rate (WSR) maximization problem subject to sgveonstraints, such as: i) the total transmisgiower, ii) the
target data rate for the total H.264/AVC streamfarthe different layers of a H.264/SVC stream aadéd by the
Application Controller; iii) the amount of data pent in the user TX buffers coupled to the priesitsignaled by the
Application Controller. The solution of this problds computed through dual-Lagrangian optimizateghniques.
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Figure 4: Base Station controller inputs and outpus

Adaptive modulation and coding (AMC) schemes cano &le applied to satisfy BER/FER requirementsHerdifferent
video priorities. In fact, different quality reqgaments (in terms of target BER/FER) can be spekciiiased on the
nature of the packets to be transmitted (video @, enhancement layer, voice, data, etc.).

In the following we list the information requireg¢ the BSC algorithms:

Source bitrate for the different streams. Thifimation can be communicated by the Master Apptica
Controller through the TRG signaling framework GBRGOP or, if not available, it can be directlyiestted

at the BS. As explained in [22], based on the kedgt of the target throughputs, the WSR algoritdapaits
weights to meet the specified requirements, whifing to maintain some fairness among the usergs Th
adaptation process will take into account the dekysitivity of the different types of data traffie. real-time

or non real-time).

Priority of received packets. This in-band infation is provided by the application layer expluitithe DS
byte of the Ipv6 header. It allows distinguishimg different layers (for the H.264/SVC codec) ar lingle
frames (for the H.264/AVC codec) within the videweam. In particular, this information is requiréd
selective packet drop is implemented at the B®abe the radio resources are not sufficient tasimétrall the
data, the BS Controller may decide to selectivésgald the less significant packets (e.g. B framresome
enhancement layers) in order to deliver all thedrntgmt video information with an acceptable del@kis
approach constitutes an alternative to having aptete adaptation module working within the BS. \Wmark
that this solution entails an increase in the cexipt of the buffer system at the lower layerscsipackets
destined to different users and with different gties may be saved in distinct transmission quelMEseover,
some degree of dependency among the packets sheuktognized and managed by the system, in ooder t
selectively drop the less significant packets whitgsmitting information which can be actually ied by
the video decoder.

Target BER/FER requirements for the differenéains. Packets with different priorities can be differently
protected (UEP). If this information is not avaiba default value (e.g. FER=1.0E-2 or FER=1.0E&) be
considered for all the streams.

State of the transmission buffers. Informatiomwbthe amount of data present in the buffers &edtime
spent in queue by each HOL packet is provided kyntulti-queue system at layer 2 to the BS controlle
These elements may be used to formulate propertragms in the WSR maximization run before the
transmission of each OFDMA frame.

Channel state information (CSI). Accurate CSI aeeded in order to opportunistically assign thdéioa
resources to the different users. In order to ligcgntly reliable, this information should be pided at high
rate, through specific mechanisms foreseen byatm rstandards. For example, in the case of TD@rsels,
the BS can directly estimate the channels expesrny the different users, while, in the case ofDFD
schemes, frequent feedback messages permit to euplaatchannel knowledge at the transmitter side. In
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particular, our BS controlling algorithms are basmd localized subcarrier mappings and, thus, assiome
reliably know a signal-to-noise ratio for each rase block (RB) and for each user (see [21] andl f@2more
details).

- Feedback information about estimated BER and EpRonal). This information is not strictly reqait by the
AMC algorithm, but it can constitute a mean of dation of the adaptation strategy currently adojtedhe
controller.

Besides RA information and PHY layer transmissiarameters, the BS controller can provide as owtpugstimate of
the achieved throughput for each stream and amatsgtiof the available bandwidth, in case some regiources are
always unused and may be exploited to improve ileovquality. This information can be provided te tMaster
Application Controller through the TRG signallingunework, on a time basis going from 1 to a fevoses.

2.6 Applicability to current technology

OPTIMIX proposes a cross-layer solution where oation of high layer protocols (implemented by wm-service

providers) and radio resources (implemented byéstenunication operators) is realized by differemtteolling units

and which can be progressively deployed, thus tiegubf particular interest for the main businestes.

It has finally to be noticed that OPTIMIX decidamdvoid the design of new solutions when standacdimechanisms
could be adapted to the project needs: for exantipesignalling solution is built on IEEE 802.21dalpv6 anycast
that, even if not conceived in the context of thejgct, can be successfully exploited.

2.6.1 Application Controller module

The integration of the application controller regsia software update from the content-serviceigeovThe decision
algorithm, based on bandwidth estimation, packses iate and bit error rate, benefits from a sof#wapdate of the
mobile terminals for the integration of the trigipey framework. If feedbacks from the clients ar¢ aailable, packet
loss rate and bit error rate could be estimatedbékpy transport layer protocols when connectesh$port protocol like
DCCP are used.

Modification of existing technologies

Master Application Controller Software update dof gerver

Bandwidth Estimation Software update of the serfter integrate a bandwidth
estimation tool)

PLR and BER Software update of the server (tqgnate the TRG)
Software update of the clients (to integrate th&JR

Table 2: extensions to existing technologies for ¢huse of the Master Application Controller

2.6.2 SVC adaptation module

The integration of the adaptation module does eetdnany hard-ware specific support and it can lggaged by the
content-service provider using software update. ddhaptation module is typically located in the sero perform the
adaptation of SVC bitstream. It is possible to perf bitstream adaptation also within the networl.(@ media-aware
network element or in the base station) since Sit€rbam can be adapted by simply discarding packéh lowest
priority. However, the priority of packets has te bignalled somehow to the adapter for examplendyand using
packet headers (for example Ipv6 or RTP headerprtier to analyse packet headers, adaptation capediivork
elements need to have access to the required tpriaformation which might be included in the appliion layer
packet. In addition, if the adaptation module ledawvithin the network will adapt real-time RTP sime by simply
discarding packets, re-packetization of RTP stresaneeded in order to retain continuous sequeno®ating and not
to disturb the functionality of RTCP protocol udedether with RTP.

Modification of existing technologies
SVC adaptation module in theSoftware update of the server

server
SVC adaptation module within theSoftware update of the network element (SVC adeptat
network module, access to higher system layers (IP or RRB)RTP

re-packetization)

Table 3: extensions to existing technologies for ¢huse of SVC adaptation module

2.6.3 Base Station Controller

Unlike the controlling strategies working at thepbgation layer, the optimization functionalitiesoposed for the BSC
require a mixture of hardware and software on-baaegration, which renders more complicated thmaplementation
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in real equipment. However, the convergence ofwsnf and hardware developing techniques drivenhieyhiige
spread of DSP and FPGA technologies permits tdyeiasioduce some changes in the internal signglinchitecture
of the BS’s without affecting the fundamental comipbity with standards. Firmware updates are, ndass, supported
by all the manufacturers as an easy way to cobnegs and add more functionalities.

In order to be actually exploited by mobile operatoour solutions should be fully compatible withdio
communications standards. In particular, next gmimr standards are moving toward OFDMA and MIMO
technologies as multi-user solutions to increaseutihput and reduce latency in data delivery. Wésth remarking
here that the optimization approach followed in @RTIMIX project is, somehow, “scalable”, in thense that it is not
necessary that all the different stages of optitiinaare actually implemented in real communicatibains. We opted
not to focus on a single specific radio architegflout rather on more “generic” transmission teghes which may be
easily adjusted to reproduce the main charactesisti different standards. For example, our sohgtifor the BSC [22]
may be (at least partially) adopted in WIMAX and & LTE systems, since both are based on OFDMA resou
allocation. Localized subcarrier mapping, spatialtiplexing and MIMO beamforming are also supponscthe cited
standards. Recently, also the 802.1lac task grag started working on OFDMA as a possible technitpre
contemporary transmitting to multiple users. Sinegheduling and resource allocation are usually weo#-
implemented at the MAC layer, the application of &ISO or MIMO techniques described in [21] and][2@uld be
considered for real implementation.

Concerning the AMC solution developed in the prognd described in [21] and [22], we note that LD&tles are
optionally supported by WiMAX, while, in LTE, Turbcodes have been preferred by the standardizationmittee.
Anyway, although in [21] and [22] a specific famid§y IRA LDPC punctured codes has been considehedptoposed
AMC algorithm can be applied to Turbo codes as walentually adjusting some minor issues like titerleaving
process.

If the communication standard does not allow asstager communication between application and MACYRayers
at the BS, different data priorities may be assigbased on the multicast destination address gbdle&ets. Anyway,
prioritized transmissions or differentiated reqments (e.g. in terms of target BER or FER) are ettpd by our
controlling algorithms, but they are not strictigaessary. For example, a unique target FER caixdux d-priori by the
service provider for all the transmissions, withtaking into account the nature of the packetsd#iansmitted (video
base layer, enhancement layer, voice, data, etc.).

2.6.4 Signaling framework

Triggering Framework and its main entity TriggeriBggine does not need any hardware-specific suppattis a
software component that can, basically, run onyeweachine having the Internet protocol stack. Thiusggering

Engine does not restrict its use with the curreatihgilable technologies. All modules/entities usthg services of
Triggering Framework may need some machine-spesiffport to collect various data they are handlimgich are

transformed to triggers. However, this is not rdato the functions of Triggering Framework.

Large number of big access point and terminal vexdms been interested in the IEEE 802.21 standaddits
deployment. This alludes to an extensive supporfuimre. Currently the IEEE 802.21 standard cajitésl are
included, for instance, in IEEE 802.16-2009 stadd@3]. The standard requires support from the mment and
operating system it is running on and is, thus, enohallenging for an extensive deployment than geimg
Framework. For instance, how to collect differénk lparameters indicating the link conditions aaccontrol the link
actions are vendor-specific with much equipmentweler, many operating systems provide a way torobiihe
network links and to collect various parametersualibe link, like Linux, for instance [24]. Thislas also third-
parties to implement IEEE 802.21 capable netwotkies.

2.6.5 Ipv6 Anycasting Submodule

In the OPTIMIX architecture System level feedbackssage aggregation (see section 4.1.3.2 in thignaermt) is
realized with Ipv6 anycasting ([26], [1] and [9])oday anycasting is not so widespread due to sonitations (e.g. it
cannot handle stateful communication by itself) ogmfrom the main principles of anycast communimati but

although there are several circumstances whereaatigg can simplify communication situations. Frample in the
OPTIMIX architecture mobile terminals send sigrafit amount of feedback messages to the Master &stjoln

Controller and these messages do not need to bowatddged by the MAC (or any intermediate receivar)the
communication is stateless. In this environmentcasiing is a good solution to always provide treefst delivery of
every single feedback message towards the MAC tlirecthrough intermediate aggregators.

Anycasting appeared in Ipv4 networks as well, lterl it became one of the three basic communicatidvemes of
Ipv6. Now and earlier it is mostly used for servitiscovery ([27] and [28]). In tomorrow’s networkise role of
anycasting probably will grow since mobility (ser®idiscovery in new networks during roaming) andtimedia

delivery to mobile devices (feedback routing) aesedming elementary services.

To provide anycasting in general a well maintaiaegicast routing protocol implementation is neededhfa certified
manufacturer of core network devices, since yettieno official standardized anycast routing peot. Then routers’
software should be updated to support anycastnmgutiechanism and group membership information. fawiasting
should not need more complexity than any other modeuting protocols. Finally content-service pamii servers
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(anycast receivers) should be extended to be aldeghal their membership information (join or leavo the closest
anycast capable router, while user terminals daoaetl any modifications to use a network which sugpanycasting.

Exclusion of anycasting from the OPTIMIX architegwould result that feedback messages, addressthe iglobal

Ipv6 address of the MAC, would be delivered withcast routing. In this situation every feedbackadwthich is

usually not more than a few bytes would be tramstein individual Ipv6 packets. In this case theksd header is
much longer than the payload and this resultssigmificant overhead and performance degradaticghemetwork. For
further discussions and quantitative consideratim@ssection 5.3.3).
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3 End-to-end delivery in point- to-point and pointto-multipoint transmissions

In this section the description of the modules lagd in the end-to-end transmission is reportedo Toptions are
considered: enhancements of clients and server amdyenhancement also of the Base Station. The¥egomtions
corresponds to the real OPTIMIX scenarios, alsesitared for the demonstration of the final OPTIMPB$§ults, which
will be presented in D4.3c.

3.1.1 Point-to-Point H.264/AVC transmission

In this section we describe the point-to-point émend transmission of an H.264/AVC stream, by @ering two
different deployments: in the first case, we assuha only the server and the clients implement @RTIMIX
solution, thus without any modification of the wass network, while in the second case we assuatesétver, base
stations and clients are enhanced with the OPTIféb{ures.

Point-to-Point H.264/AVC transmission with legacy Bise Station

We report in the following the main steps of thel4¢orend transmission when no modifications areediorthe access

network:

- Afeedback with bit error rate and packet loss extgerienced by the single client is received atsirver side.

- The available bandwidth is estimated by the serere of the tools available in the literature og #FRC-based
estimation proposed in D2.3c [22].

- Protection schemes like PECC and RS RTP FEC atetasmorrect errors and losses.

- The Master Application Controller selects every GQiantization Parameter, PECC or RTP FEC code batssd
on the estimated bandwidth and the BER/PLR expegigy the client and sent via the TRG.

- The Master Application Controller assigns two pitiotevels: the first for | frames, the second Poframes. These
priorities are reported in the Ipv6 header and lsarused to guarantee QoS in the wired network pf @griate
mechanism are implemented there.

Point-to-Point H.264/AVC transmission with OPTIMIX Base Station

Bit Rate
i Bdge Station Client
Master A
Applic. BS
ontrolle Cantrolle
%‘,\/

\%
BER, PLR

Figure 5:Triggers exchanged during a point-to-pointvideo streaming

Like in the previous case:

- Afeedback with bit error rate and packet loss extgerienced by the single client is received atsirver side.

- The available bandwidth is estimated by the serere of the tools available in the literature cg #FRC-based
estimation proposed in D2.3c [22] is used. In dddjtthe available bandwidth can be communicatedheyBS
Controller (in this case we assume that the wisetetwork is the bottleneck).

- Protection schemes like PECC and RS RTP FEC arktasmrrect errors and losses.

- The Master Application Controller selects every GQiantization Parameter, PECC or RTP FEC code batesd
on the estimated bandwidth and the BER/PLR expegigy the client and sent via the TRG.
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- The Master Application Controller assigns two pitiotevels: the first for | frames, the second Poframes. These
priorities are reported in the Ipv6 header and lsarused to guarantee QoS in the wired network pr@priate
mechanisms are implemented there and exploitetidBase Station Controller.

In addition to the previous configuration:

- The BS controller allocates frequency and/or tiesources and schedules transmissions to the ditfelients by
considering the two priority levels. In particuldhe BS controller is capable to manage a multihgusystem
present at the DLL of the BS (see D3.3b [19] forendetails), checking at each resource allocatiep the buffer
state, the delay of the HOL packets and the tHipugrecently achieved. Based on this informatiod an the
different packet priorities, the BS controller cparform a selective packet drop, in case the availaadio
resources are not sufficient to transmit everythihg other words, the BS controller can identifye tmost
significant units within the stream of received lpats, rapidly reacting to sudden radio bandwidduotions by
selecting the packets to transmit and those toadiscClearly, the persistency of a bottleneck atilireless link
has to be communicated to the Master Applicatiomtt@dier, which will establish the most appropriateleo
coding parameters and transmission strategy.

- Since long delays means also a high jitter, withsgme packet re-ordering, the RTP layer at theivec reorders
packets arrived out-of-order (e.g., due to theriime in different priority queues at the Base Bta} in a time
interval of 40 ms (this is critical for real-timeg@lications ). Since we consider a GOP size ofr130cdframes and a
transmission from 15 to 30 fps, P frames not yatdmitted at the end of the transmission of thieviehg | frame
(i.e., P frames of the previous GOP) should beadised by the BS Controller since no longer relevawbiding in
this way waste of resources for packets discartdteaclient side.

- The AMC unit within the BS Controller assumes tteme target FER/BER for all the priority levels, .e.g
FER=1.0E-2 or FER=1.0E-3.

As already anticipated, the main gains due to tt@duction of the OPTIMIX BS controlling technicgieonsist in an
increase of throughput, a reduction of transmissadency (especially for real-time traffic) and mmproved fairness
among the users (valid also in the common situadfometerogeneous traffic at the BS, as explainegidre details in
D2.3c). The option to discriminate among differdata priorities places our solution between tradéi content-aware
and content-unaware scheduling/allocation appraaphesented in the literature. The received videality can thus
be improved without applying complex optimizatiolyaithms based on standard-dependant distorti@uigtion
models at the lower layers of the BS.

The OPTIMIX controlling algorithms at the BS areinig aimed at increasing the achieved throughput meducing
the packet delivery latency with respect to legB8Js, for example based on traditional multipleesscschemes and
round-robin policies. An increment in the availatieoughput can be exploited by the Master AppitcaController to
increase the video quality, by properly adjustihg £ncoding parameters. Moreover, if advanced alarwding
techniques are applied at the BS (e.g. based orCLfaes), the AMC algorithm described in D2.3b Bx2d3c permits
to predict and control the BER and FER at the firsmdrs more precisely than with traditional trarssioin equipment.
It has to be noted, however, that the advantagesupnfBS controlling strategies over legacy BS’s axpected to
become more evident when the system is sufficiésthessed”, e.g. due to the presence of many RITNRIT users.

It has to be noted that when a sophisticated sdimgdand resource allocation algorithm is not aafgiié at the base
station, adaptation at the application layer oftihse station can be done. This means that, tle® @leam goes up to
the Application Layer before being transmitted lte tlients: in this case, if the bandwidth avallgbihas changed
since the encoding process at the server (e.ga faffic increase in that cell or for a reductimithe transmission bit
rate due to a worsening of the channel conditioih&),video bit rate can be reduced. This solutiess efficient than
performing fully content-aware multiuser scheduliagd resource allocation at the MAC/PHY layer oé tRhase
Station, can be easily implemented for exampld&BH 802.11 Access Points and will be used in thmeadestrator.

3.1.2 Point-to-Multipoint H.264/AVC transmission

The point-to-multipoint transmission of an H.264/8\étream is realized in OPTIMIX with a multicasarismission.
Two cases are considered, depending on the prepartithe video stream. If the AVC stream presémtstemporal
scalability layers, two multicast groups, one facle scalability layer, can be created: in this cs® same approach
used for an H.264/SVC stream can be used and \ite itme reader to refer to that section for thaidetConversely, if
the AVC stream does not present temporal scalgbditsingle multicast group is created: this is¢hee described in
the following.

Point-to-Multipoint H.264/AVC transmission with legacy Base Station

The end-to-end transmission of an H.264/AVC stréaward multiple clients is implemented in OPTIMIX #ollows:
- A simplified Ipv6 multicast concept is used to reduhe burden on the access network.
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- Feedbacks with bit error rates and packet loss rtperienced by the different clients are receafethe server
side, while the available bandwidth is estimatethatserver side

- Requirements of the different clients are useddi@mnine the requirements of a target user U* failhg a cost
function selected by the server (examples of ansttfons are reported in Sec. 2.3).
PECC or RS RTP FEC are used for protection agkisses

The Master Application Controller selects every GQ®antization Parameter, PECC and RTP FEC ratesdbais

bandwidth estimation and loss/error rates expeeéiny the target user U*

It has to be noticed that the Application ContnoBatisfies in this case not the requirements sihgle user, but of a
target user. Thus, the video quality experiencedhaydifferent clients deeply depends on the taugetr definition
(selected by the content-service provider) ancherdifference between each client and the targatregjuirements.

Point-to-Multipoint H264/AVC transmission with OPTI MIX Base Station

BER,, PLR,
Bit Rate r
P
—Y
S
BS
[Controllel
Master
Applic.
ontrolle
0
S J
BS
Bit Rate "1 Fontrolley
A S J
BER,, PLR,

Figure 6: Triggers exchanged during a point-to-poihvideo streaming

When the base station is modified to integrateBSeController, as before:

- Feedbacks with bit error rates and packet loss rexperienced by the different clients are receiethe server
side

- Requirements of the different clients are useddteminine the requirements of a target user U* failhgy a cost
function selected by the server (examples of agsttfons are reported in Sec. 2.3).

- PECC or RS RTP FEC are used for protection agkisses

- The Master Application Controller selects every GQirantization Parameter, PECC and RTP FEC ratesllmas
bandwidth estimation and loss/error rates expeeéiy the target user U*

Additionally:

- If the BS Controller knows the users belonginghe dlifferent multicast groups, it has the optiondplicate and
separately transmit the video packets to all theraisThis approach allows optimizing the radio graissions
based on the specific channel conditions of thieiifit users and high throughput can be generahljeaed on
each point-to-point link. As an alternative, the & contemporary transmit the video packets tthalusers, as a
matter of fact “broadcasting” the packets througlgel-2 multicast mechanisms. In the latter case, BIS

Controller can also identify a target user and tuhe modulation and coding parameters based on its

characteristics, while a real optimization of tlaglio resource assignment (in terms of time, frequespace and
power resources) cannot be easily pursued. Clelaghyyeen these two extremes, there are multiparradiate
solutions: for example, the base layer can bedannulticast techniques to all the users contempomwhile the
enhancement layers may be replicated and indiviguednsmitted to the interested users, allowingleast, a
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partial optimization in the scheduling and resoualiecation. Which strategy performs better is imotnediately
evident and, in general, depends on the speciéina@ considered.

- The BS controller allocates resources and schedrdasmissions of the different clients by consitgithe two
priority levels, following the same approach ddsed in the case of H.264/AVC point-to-point transsions.

As already pointed out, since long delays can cpasket re-ordering, which badly impact real-tinpplacations, the
RTP layer at the receiver reorder packets arrivedob-order (e.g., due to the insertion in differg@niority queues at
the Base Station) in a time interval of 40 ms. 8ine consider a GOP size of 15 or 30 frames anaharnission from
15 to 30 fps, P frames not yet transmitted at tiek @& the transmission of the following | framee(j.P frames of the
previous GOP) should be discarded by the BS Cdeirgince no longer relevant, avoiding in this wayuseless
occupy resources for packets discarded at thetdida.

3.1.3 Point-to-Point H264/SVC transmission

In this section we describe the point-to-point émeénd transmission of an H.264/SVC stream, by idengsg two
different deployments, corresponding to differeagibes of network nodes extensions: first, we assasrbefore that
the server integrates the OPTIMIX Application Cotiar while the wireless network is not modifietet, we consider
that the Master Application Controller is not integd in the server but that an adaptation modidgts a pre-coded
H.264 video to the actual bandwidth availabilitys 8xplained in Sec. 2.1, this solution is partidylanteresting if the
H.264/SVC encoder introduces a non-negligible detays entailing an excessive latency with the SM@&ster
Application Controller. In the last case, we assutingt server, base stations and clients are entanith the
OPTIMIX features and integrate both Master Applimatand Base Station controllers.

Point-to-Point H.264/SVC transmission with legacy Bse Station

There is no difference between an H.264/AVC antl&64/SVC stream transmission in this case: thdees invited
to refer to the description in Sec. 3.1.1.

Point-to-Point H.264/SVC transmission with adaptatbn at the server and legacy Base Station

When the adaptation module is used instead of thst®1 Application controller, the following stepsacacterize the

end-to-end transmission of an SVC stream:

- The available bandwidth has to be estimated aséneer side (no information sent with today tecbgglto the
server). One of the tools available in the literator the TFRC mode can be used.

- No protection at the transport layer (i.e., no PEGERTP FEC) is introduced or is used with fixede rates.

- The stream is adapted at the server side to thablabandwidth

Main gains achieved with this configuration comphate configurations without adaptation are expedtetle seen in
improved perceived quality-of-experience (videolijya When adaptation is enabled, less packetdssse expected
since the streaming server reacts to observed stbagend errors.

Point-to-Point H.264/SVC transmission with OPTIMIX Base Station

As for the H.264/AVC stream:

- Afeedback with bit error rate and packet loss extgerienced by the single client is received atsirver side.

- The available bandwidth is estimated by the sereee of the tools available in the literature cg #FFRC-based
estimation proposed in D2.3c [22] is used. In addjtthe available bandwidth can be communicatedhieyBS
Controller (in this case we assume that the wisetetwork is the bottleneck).

- Protection schemes like PECC and RS RTP FEC arktasmrrect errors and losses.

- The Master Application Controller selects every GQiantization Parameter, PECC or RTP FEC code batesd
on the estimated bandwidth and the BER/PLR expegigy the client and sent via the TRG.

Priorities are in this case determined by the &dltlalayer of the SVC stream:

- The Master Application Controller assigns differpriprity levels to the different scalability laygerthese priorities
are reported in the Ipv6 header and can be usgdamntee QoS in the wired network if appropriaeemanisms
are implemented there and exploited by the BasgoSt&ontroller.

- The BS controller allocates resources and schedrdasmissions of the different clients. Differgmiorities can
be given to the three layers. Since the BS Comtralan handle priority, there is no need of adaptaat the
application layer at the Base Station. The sameiderations about selective packet drop performethb BS
Controller in case of H.264/AVC transmissions, am@an to react to sudden variations in the radenohl
conditions, hold also with H.264/SVC video streams.
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3.1.4 Point-to-Multipoint H.264/SVC transmission

The use of a different multicast group for everglability layer allows an easier management ofatieptation in each
wireless cell, as done by the Base Station Costroll

Point-to-Multipoint H.264/SVC transmission with adaptation at the server and legacy Base Station

In this configuration every client selects a numbemulticast groups, corresponding to a numbescadability layers,
depending on the decoding and display possibiliiets device (e.g., laptop, PDA, etc.). The diffiet clients can in
this way receive streams with different quality ewéthout any specific adaptation process.

The end-to-end transmission is handled as in ti@+4m-point case.

Point-to-Multipoint H.264/SVC transmission with legacy Base Station

The end-to-end transmission is handled as in ti@+@-point case.

Point-to-Multipoint H.264/SVC transmission with OPTIMIX Base Station

The generation of an H.264/SVC stream is done ats#rver side like in the point-to-point case co@sng the
requirements of a group of target users, whose erutdrresponds to the number of layers.

At the base station:

- The BS controller allocates resources and schedrdasmissions of the different clients. Differgmiorities can
be given to the different layers: the priority issaciated to the multicast group and the BS cdatralan
discriminate between them by simply reading theresilport number of the packets. Since the BS Glistrcan
handle priority, there is no need of adaptatiothatapplication layer at the Base Station.

- Asin the case of H.264/AVC point-to-multipoint tiamission, layer-2 multicast techniques are noessarily the
optimal solution, since a real optimization in tleesource allocation cannot be easily carried oatwéver, the
AMC algorithms within the BS Controller may be apdito adaptively select code rate and modulatesed on a
single “representative” target user (e.g. the ustr the lowest signal-to-noise ratio).
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4 Network Transparency

In [1] and [9] the idea of Network transparency le®n introduced and defined. The main objectivall®ving
information exchange between different entitieo itthe network in a transparent manner. The meaninthis
statement is twofold.

From one side it is strictly related with the copicef cross layer communication, which implies th#ferent layers
inside each network node can exchange informatigh the aim of improving the transmission qualifyhis is a
milestone in the JSCC/D system we have designezfuse a joint solution requires the transmissiosoofie control
information between for example, the source andnwebh coders/decoders to allow the aforementionedlitgju
improvement, even if it is a violation of the moaubesign imposed by the ISO/OSI model. The intetidn of this
solution as a consequence requires message exshimngagh the network between servers, base-statind clients,
which obviously introduces overhead.

From the other side the concept of network trarepayr is related to the transparency of the teleconication
infrastructure as in the Next Generation NetworkBe information exchange between nodes should mappea
transparent manner and the impairments, which éteark introduces on the data exchanged betweendhee and
the mobile terminals, cannot have a relevant immpacthe quality perceived by the user. In partigutaking into
account the OPTIMIX project environment and scergrive have considered three main sources of imeats: the
header compression, the mobility of the users hadetwork faults.

In the following paragraphs we summarized the tesué have obtained in the previous deliverabl&ask 3.2 [9] and
the achievement we have reached with the last aiioul analysis considering both the above stateueis regarding
the network transparency.

4.1 Signaling framework

The signaling framework is devoted to the cros®idapformation exchanges between OPTIMIX entitieslliding
entities in the same node but at different OSI dgy&his information exchanged involved mainly thebile node,
which is the receiver of the video, and the avddalontrollers, which are the Application and B&sation Controller.
There are two types of signaling:
The control signals that can be sent from the sotwahe terminal to better protect the data frdranmel or
network errors.
The feedback messages that every receiver cantgeuitier entities in the network (source coder bade
station) in order to improve the transmission gyali
In both the cases the main objective of networkgparency is to employ a technique, as much ashp@dmckward
compatible, that is able to minimize the overheadduced for transferring that information. In tteenaining part of
the paragraph we will explain the solution adopf@dthe two types of cross layer messages andeittopnance in
terms of introduced overhead when adopted in thEIRIX system.

4.1.1 Protection control signal : RS RTP FEC an €EC

As explained in 2.1, OPTIMIX proposal mainly focasm two different protection schemes at a paeketl]

The use of the newer Reed-Solomon RTP FEC soly{@f), based on Reed-Solomon codes, which can

protect against both packet losses and bit errors;

The use of Packet Erasure Correcting Codes (PEQCC]) (vhich can protect only against packet losses.
This means that the solution of RCPC codes with FFEE, presented in [11], is no longer considered as a
consequence the SRI information is not needed argimdowever both cited schemas still introducedoaerhead,
whose amount must be evaluated from a network poiise.
The Reed-Solomon RTP FEC solution uses a fixed BitBnsion header of 4 bytes, which is insertedaicheRTP
video packets, because it needs to be synchronithdhe associated video stream.
The introduced overhead depends on the video stratanmbecause the larger the number of transmitbettets the
higher the generated overhead. The use of multt@asteduce the overhead, and the entity of thectexh depends on
the specific topology of the multicast distributibae that we will be constructed within the netikvor
The Packet Erasure Correcting Codes (PECC) uskdhminsertion of a certain number of bytes irheadeo packets
and the insertion of new packets, whose numberratpiEom the chosen coding technique. Two codingrtgjues are
available: %2, which corresponds to a duplicationhef throughput, and 2/3, which corresponds to laates times the
throughput. As a consequence the correspondindheadrdepends on the video stream rate and thegthpati Since
PECC inserts some bytes in the packet, the useutifcast can reduce the overhead, but also indhse the level of
reduction depends on the topology of the multidésttibution tree.

4.1.2 Feedback information

The feedback information is sent by the terminaléhe source coder or exchanged between the clemgrah order to
improve, by adaptation, the quality of the transaditaudio and video. In the terminal each layeldtte a source of
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feedback, because can measure a variable thatecasel for user perceived quality improvementhinfollowing we
present the updated list of feedbacks that camreibiefeom the receiver to the Application Contraller
At the moment the list of feedbacks currently eitphb by the Application controller is (see 2.3):
loss rate at RTP layer
BER
available bandwidth
While at the BS controller, the currently used teseks are (see 2.5):
transport layer throughput, but this is used omlyecovery procedure for RoHC and received onlyniihe
throughput is equal to zero, i.e. in case of coteplailure in the ROHC decompression
and optionally:
application layer video bit rate (AVC case)
application layer video BL bit rate (SVC case)
application layer video EL1 bit rate (SVC case)
application layer video EL2 bit rate (SVC case)

This feedback information will be exchanged using triggering framework ([1] and [14]), becausetted scalability
and the flexibility that this solution offers. Theggering framework, in fact, allows the mobiled®oto collect the
information coming from any level in a single poiné. the Mobile Observer, and it will send théommation to those
entities that have subscribed to receive it. Addingew source or a hew consumer is extremely simpterequires
only one message each.

The BS controller needs also reliable CSI frontladl terminals. As pointed out in paragraph 2.5asgume that these
very frequent and detailed information are maddlavie by specific mechanisms of the consideredoréechnology
(i.e. WIMAX, LTE, 802.11, etc.).

4.1.3 Feedback Aggregation

In the OPTIMIX framework mobile terminals have tnd a lot of feedback to the Application Controli¢the server,
but they must also accommodate their limitatiohia amount of resources, in terms of available lesi® bandwidth,
computational capacity and battery power, as welindroduced overhead. In [9] we pointed out how thedback
exchange could be very bandwidth consuming, inqadar in case of many mobile nodes and in cadegif frequency
with which feedbacks must be sent. As a consequerckBave concluded that a form of aggregation edad. In the
following paragraphs we present and evaluate tladable methods we have considered for aggregatiedeedback
information: using the triggering framework, thréute terminal level aggregation, or using systewell aggregation,
with the anycast routing approach.

An aggregation scheme defines the methods for mgrgiomposing and transforming the data originétech a wide
variety of sources into a set of well-organized aefined set. Thus aggregation can reduce bothotleehead of
messages and the possible information redundancy.

4.1.3.1 Terminal level aggregation

Traffic adaptation algorithms utilizing various pareter values received from remote network entitiay introduce
significant feedback signaling overhead to ovenalfwork traffic. In Triggering Framework, all moéslentities are
allowed to subscribe to and generate events, sg@é their interest and basically there is natgmombining triggers
from various trigger sources. Thus, for instanckemwa video server streaming SVC video has multgdgients for
the video and has subscribed to various paramg@teras various modules/protocol layers), indicatthg quality of the
video in the receiver side, from each of them igealing overhead can easily increase to hundré#gabits or even
megabits per second in large multimedia sessiodswatin many parameters. Thus, in order to mitigate signaling
overhead, trigger aggregation mechanism bundliniipre: parameters into one trigger is implementéd @ggering
Engine (TRG) module.

As the trigger consists of three fields (id, typed value), in an aggregated trigger the valuel fietludes the actual
triggers, including the same three fields, listad.the results presented in Section 5.3.1 showp#reefit of trigger
aggregation with respect to signaling throughpsitsiginificant, producing over ten times lower thgbputs than in the
case where only single triggers are being employéa. terminal level trigger aggregation mechanisndétailed in
D3.2b [9].

4.1.3.2 System Level aggregation

Terminal level aggregation is very effective in aExsing the number of outgoing feedback Ipv6 pagkait this is
done by every terminal individually with a high drugency rates of feedbacks, which still not exphgjtthe maximal
payload capacity of an Ipv6 packet. Therefore terleead caused by the IP transfer (e.g. the siteedfieaders) is not
minimal, which would be the optimal case. To furtbgtimize the effectiveness of feedback delivdrgy OPTIMIX
architecture introduces the System (or Networkglleggregation ([10]).

Network level aggregation uses Ipv6 anycast toecbleedback packets from the mobile terminals@mdesses them
into bigger Ipv6 packets considering that everyetgh feedback has its time limit while it is valitid beneficial to the
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Master Application Controller. To achieve almostiogl feedback transfer, System level aggregatieeds two new
types of entities in the core netwoBeedback Aggregation ServdSAS) andAnycast capable RoutefaR).

When using System level aggregation the Master idatbn Controller has two global Ipv6 addressew for the
unicast communication and one reserved for anyagshiut as [29] says this one is undistinguishéfien a unicast
address. MAC is the basic member of the anycastpgwhich can be addressed by the anycast addreke &MAC. If
a terminal subscribes to a video streaming semtidche MAC, this one also subscribes for differgpies of feedback
information on the terminal using the Triggeringafework described in [1] with its anycast addrddds makes
possible that if the operation of anycasting [llsfathe feedback packets are delivered to the M#g0 but by unicast
routing in a less optimal way.

The key nodes of the System level aggregationheradggregation servers which are also membersdrtiicast group
created by the MAC. This makes possible for packelsch are addressed to the common anycast addiessys to
be routed to the best (fastest, lowest CPU usdg8g,aggregation server or to the MAC directly. Toaeket flow in a
System level aggregation enabled network is shovigure 7.

Figure 7: Packet flow with System level aggregation

The operation of anycast routing in the simulatibiain is realized by thanycast routing module [9]. The other
additional core entity is the Feedback AggregaBienver, which structure and operation is descriteed.

The functionality of the aggregation servers islengented irFeedback_Aggr_Server  module. The logical structure
of a server is depicted in Figure 8.
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Figure 8: The logical structure of the FA

There are three stages inside an aggregation sdiverfirst one is the processing of the incomipg6l packets which
are addressed to the anycast address and contaiggated feedback information from one source t@aniThe second
stage is the storage of the differentiated feedlmaeksages in individual queues, and the third baeoutgoing Ipv6
packet generation.

According to the number of FASs presented in thee atetwork there is a good chance that an Ipv6 gtawskth
different kind of feedback information is deliverén one of the FASs by the anycast routing. The B&8epts the
packet since it is a member of the anycast groppesented by the destination address of this patken the payload
is processed and every feedback value is obseryeitk Ixid> and <type> fields (see paragraph 4.1 every
combination of the previous mentioned fields a quéu created dynamically, where the feedback vé#ustored
temporarily. The user of the simulator can configgar maximal “in queue” time for each <id><type> domnation,
considering the totally enabled latency for theegifeedback values at the MAC.

If a queue is created and a first value is placsdie, a timer is set with the preconfigured amadriime for the given
<id><type> combination. The goal is to collect fbadk values in the queue until the timer goes tan the whole
content of the queue is sent to the third stage. dhpty queue waits for a while if there arriveg aaw value. When
this happens, then the timer is set again, othervli® queue is dynamically deleted from the memory

The third stage is the packetizer. The full contgéd queue is pushed to the packetizer to betedaénto a payload
section of an Ipv6 packet. In this stage payloagkiserated with the method of the Triggering EngirieG) module in
the same way as in Terminal level aggregation. Teans that an aggregated feedback is created wieered> is set
to 10, the <type> is set to 1 and the value fialdudes the content of the queue. This solutiowiges compatibility
with the Triggering Framework even if System leggtregation is used. The composed Ipv6 packetdseasged to the
unicast address of the MAC and sent out to theelfark where the Ipv6 unicast routingting module) delivers
to the MAC. Using the unicast address here is rsacgt0o avoid routing loops.

By configuring the MAC to subscribe to feedback saggs using the Triggering Framework by its netvamtiress
“dedicated” to anycast and using the Triggering iBegwith FAS as well the operation of the Netwosdwvdl
aggregation remains invisible to the terminals almlost invisible for the MAC, while the overhead ttve IP network
can be dramatically reduced. The impact of usingteSy level feedback aggregation is evaluated remé Eection
5.3.3).

4.1.4 Advanced Information Format for Cross-lalyeedback Information

The main element of the triggering framework usedOPTIMIX is Triggering Engine (TRG) which is a swére

component for temporary storage and delivery ajgers. In this section we describe some informagmohange
formats like XML for describing the content of tgers. Even though the structure of the trigger psegd already in
D3.2a ([1]) is simple and efficient, it might nog lvery descriptive especially in the case of agapest)triggers which
could include information from numerous triggergshmivide-ranging information. In order to clarifyagability of the
trigger and generate independent triggers withensad format, we have studied the usability of camrmformation

exchange formats like XML to enhance the readgbdit triggers. XML stands for eXtensible Markup lgamage. It
provides an application independent way of shadiaig. A trigger has three data members as showigure 9below

and introduced in Table 4. The consumers must stights data structure in order to be able to mtetr the
information carried by the triggers.
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ID TYPE VALUE

Figure 9: Trigger Format

Trigger data member Type Description

ID integer Trigger identifier, same as source
identifier

Type integer Specific to the trigger identifier.

Value string Value of the trigger specific to the
trigger ID and type.

Table 4: Introduction of Trigger Data Members

The following example is a trigger with ID 1, tyfieand value 50:

<trigger >

< id >1</id >

< type >1</type >

< value >50</value >
</ trigger >

In order to mitigate the trigger message overheadyregated triggers, illustrated in Figure 10, degeloped in the
OPTIMIX project. Aggregated triggers gather mukiplriggers into one and are periodically produc&dgger
aggregation is detailed in D3.2b [9]. In this césedback information values are collected fromettght components
of the same terminal in order to aggregate themansingle trigger. In the OPTIMIX project, the niletbbserver has
the task to create this type of aggregation, byaitipg the feature of triggering framework. Inshiase, the feedback
information to be aggregated should be properigciet.

ID TYPE VALUE

ID TYPE | VALUE ID TYPE | VALUE | eee@”

Figure 10: Aggregated trigger

Different triggers used for cross-layer communimain OPTIMIX architecture D2-3 [13] are descriiadable 5.

System module (trigger source) Id Type Value
Source decoder 1 1 <Video Quality — PSNR>

2 <Video Quality — SSIM>

3 <Video Quality — new metric>
Session layer 2 1 <Round Trip Time>
Transport layer 3 1 <Packet Loss Rate>

2 <PLR (due to channel)>

3 <PLR (due to congestion)>

4 <Delay>

5 <Throughput>
HIP 4 1 <HIT (Host Identity Tag)>
Network layer (NSI) 5 1 <Packet Loss Rate>

2 <Delay>
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Robust header compression

6 1 <Packet Error Rate>

Link layer / MAC

<Frame Loss Rate>
<Bit Error Rate>
<Throughput>
<Collisions>
<Frame Error Rate>
<SINR>

<RSSI>

o 01 b~ WN

<Signal Strength>

Master Application Controller

<list of aggregated UDP flows ang
PEC encoding parameters>

2 <PHY requirements for
different priority streams>

th

D

<Base Layer Bitrate>
<Ehancement Layer 1 Bitrate>
<Enhancement Layer 2 Bitrate>
<RTP FEC PECC Rate>

Base Station Controller

<estimated remainimgughput>

Aggregated feedback message
master application controller)

(to

10 1 <id><type><value>

<4><1><Transport Layer Packet
Loss Rate>

<8><2><Bit Error Rate>

Aggregated feedback message
base station controller)

(to

11 1 <id><type><value>
<8><1><Frame Loss Rate>
<8><2><Bit Error Rate>
<8><5><MAC Frame Error Rate>

<8><1><SINR>

Table 5 : Triggers in OPTIMIX architecture

Below Document Type Definition (DTD) is used to idefthe structure of an XML trigger. It defines steucture with
a list of legal elements. A DTD can be declarethanln the XML document, or as an external refeeenc

<IDOCTYPE trigger [
<IELEMENT trigger
<IELEMENT id
<IELEMENT type
<IELEMENT value

(id,type,value)>
(#PCDATA)>

(#PCDATA)>

(PSNR|SSIM|RTT|PLR]

De|Bw|HIT|PER|FLR|

BER|Th|Col|FER|SINR|
UDP|PHY trigger +)>

<IELEMENT PSNR
<IELEMENT SSIM
<IELEMENT RTT
<IELEMENT PLR
< I[ELEMENT De
<I[ELEMENT BW
<IELEMENT HIT
<IELEMENT PER
<IELEMENT FLR

(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
(#PCDATA)>
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<IELEMENT BER (#PCDATA)>
<IELEMENT Th (#PCDATA)>
<IELEMENT Col (#PCDATA)>
<IELEMENT FER (#PCDATA)>
<IELEMENT SINR (#PCDATA)>
<I[ELEMENT UDP (#PCDATA)>
<I[ELEMENT PHY (#PCDATA)>
1>

The DTD is interpreted like this:
- IELEMENT trigger defines the element “trigger” as having threerglets: “id,type,value”.
IELEMENT id defines the “id” element to be of the type “PCDATA
IELEMENT type defines the “type” element to be of the type “PCID¥
IELEMENT value defines the “value” element as having one or nedeenents “trigger” or one of the
elements listed above. All of these are of the tfRleDATA". PCDATA is text that will be parsed byparser.
Tags inside the text will be treated as markupemtdies will be expanded.

XML Schemas can also be used, which are a richérnaore powerful way of describing information thahat is
possible with DTDs. Built-in data types includeirsfls, modelling, and time values, and the XML Schemasdtdra
provides a mechanism for generating additional tgtes.

<xs:schema >
<xs:element  name="trigger type ="triggertype ">
<xs:complexType name=" triggertype ">
< xs:sequence >

< xs:element  name="triggerlD type ="xs:int " />
< xs:element name="type " type ="xsint "/>

< xs:element  name="value ">

< xs:complexType >

< xs:choice >

< xs:element name="trigger type ="triggertype
< xs:element name=" Peak-Signal-to-Noise Ratio
<
<

maxOccur =" unbounded " />
type ="xs:decimal " />

xs:element  name=" Structural SIMilarity ">

xs:simpleType >
<xs:restriction base =" xs:decimal " ><xs:pattern value ="[-1-1] "/>
</ xs:restriction >

</ xs:simpleType >
</ xs:element >
< xsielement name=" Round Trip Time

type ="xs:decimal " />

< xs:element name=" Packet Loss Rate >

< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />
</ Xs:restriction >

</ xs:simpleType >

</ xs:element >
< xs:element name="Delay " >
< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />
</ Xs:restriction >
</ xs:simpleType >

</ xs:element >

< xs:element name=" Available Bandwidth type =" xs:decimal " />

< xs:element name=" Host Identity Tag " type ="xs:string " />

< xs:element name=" Packet Error Rate ">

< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />
</ Xs:restriction >

</ xs:simpleType >

</ xs:element >

< xs:element name="Frame Loss Rate ">

< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />

</ xs:restriction >
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</ xs:simpleType >
</ xs:element >

< xs:element name=" Bit Error Rate ">

< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />
</ Xs:restriction >

</ xs:simpleType >

</ xs:element >

< xs:element name="Throughput ” type ="xs:decimal "/>

< xs:element name="Collisions " type ="xs:decimal "/>

< xs:element name=" Frame Error Rate ">

< xs:simpleType >

< Xs:restriction base =" xs:decimal " ><xs:pattern value ="[0-100] " />
</ Xs:restriction >

</ xs:simpleType >

</ xs:element >
< xsielement name=" Signal-to-Interference-Noise Ratio type ="xs:decimal " />
< xsielement name="aggregated UDP flows and PEC params " type ="xs:string />
< xs:element name=" PHY requirements for priority streams " type ="xs:string " />
</  xs:choice >
</ xs:complexType >
</ xs:sequence >
</ xs:complexType >
</ xs:schema >

Two examples of XML triggers are shown below. Thstfone is sent by the transport layer contairiivegpacket loss
rate. The second one is an aggregated feedbaclkgee@e Base Station Controller).

<IDOCTYPE trigger [
<IELEMENT trigger (id,type,value)>
<IELEMENT id (#PCDATA)>
<IELEMENT type (#PCDATA)>
<IELEMENT value (PSNR|SSIM|RTT|PLR]|
De|Bw|HIT|PER|FLR|
BER|Th|Col|[FER|SINR]|
UDP|PHY trigger +)>
1>
<trigger >
< id >3</id >
< type >1</type >
< value >
<PLR>5</ PLR>
</ value >
</ trigger >

Example 1: Packet Loss Rate Sent from Transpottayer

<IDOCTYPE trigger [
<IELEMENT trigger (id,type,value)>
<IELEMENT id (#PCDATA)>
<IELEMENT type (#PCDATA)>
<IELEMENT value (PSNR|SSIM|RTT|PLR|
De|Bw|HIT|PER|FLR|
BER|Th|Col|FER|SINR|
UDP|PHY trigger +)>
1>
<trigger >
< id >11</id >
< type >1</type >

< value >
< trigger >
< id >8</id >
< type >2</ type >
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< value ><BER>4</ BER></ value >
</ trigger >
< trigger >

< id >8</id >
< type >5</type >
< value ><FER>2</ FER></ value >

</ trigger >
</ value >
</ trigger >

Example 2: Aggregated Feedback Message (to Bagatton Controller).

obviously, the usage of XML-based trigger formatl wicrease the overhead and the amount of cro&s-leontrol
information transmitted. This could be a problespexially, for triggers which are produced and graitted at high
rate. Also processing of XML-based triggers at Iovegers could be more complex due to the needMf Xarsing
which is not naturally supported by lower layerawéver, especially application layer modules ccgdefit from a
more structured syntax of triggers achieved usiM_Xwhich allows more universal processing of tegg

4.1.4.1 TRG over SOAP

Simple Object Access Protocol (SOAP) is a protogpécification for exchanging structured information the
implementation of Web Services. A Web service 0gds to tag data, SOAP to transfer a message aradlyi WSDL
to describe the availability of services. The SOggecification defines a way to represent programgniamguage
specific data types in XML The primary use of SOiaRor different programs, possibly written infdifent languages
and running on different platforms, to communicatth each other. SOAP data is sent as XML textrtabée standard
message formats, standard data representatiommanighulation with standard XML tools. The SOAP tabhas been
used to implement the SOAP interfaces into the TR@ework software. It automatically converts XMb/ftom the
C and C++ data. Converting all data into text aadsing it back into data structures at the other esn increase
overhead. SOAP involves significantly more overheatdadds much more information about what is bsa.

Figure 11 shows the interaction between TRG consama producer over SOAP.

Step 1: Setup SOAP server in TRG-consumer for vaagi

triggers.

Steps 2,3: TRG-consumer registers to TRG over SOR-ID, TRG-Type, and SOAP server address
information in the payload (IP-address;port).

Step 4-5: Trigger delivered to TRG from the TRGégurcer. TRG-ID, TRG-Type and Value delivered in the
payload.

Steps 6-9: Trigger delivered to TRG-consumer fraRGlover SOAP

TRG-producer

TRG-Producer

4. INFO

TRG
5 Register
SOAP-Client - SOAP-Server ¢ over SOAP
OAP Msg (‘pgoﬂ) TRG-consumer
ei’*“d“'gg"" SOAP-Client
TRG " N
\Register | SOAP-Server
l 7. 8. BN / -
SendTrigger SOAP Msg | 9/ -
\ TRG/ L
SOAP-Client |- \&~~  Setup (IPport)
TRG-Consumer

Figure 11: TRG over SOAP.
Both XML-based trigger format and SOAP interfaces Triggering Engine have not been implemented ihi®

simulation chain developed in OPTIMIX in order teedp the simulation model simple and not make the

implementation of trigger sources and consumerstaoplex. However, SOAP interfaces have been imefded into
TRG framework software which is available for baihux and Windows. Developed Triggering FrameworiK ve
utilised in the demonstrator developed in WP4.
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4.2 Quality of Service (QoS) with Traffic engineag support

In [9] we stated the importance of the Quality efvice support in the wired IP network that will benfigured for
running in the OPTIMIX environment, as resemblingeal NGN. The reason of this statement regard#yfithe need
of providing the support of adequate QoS to the-wsw®t, in particular if he/she is using real-timeailtmedia
applications, which require proper delivery guagast in terms of bandwidth, delay, delay-variatod loss.

In general, the user perceived quality depends Both the wireless channel condition and from theed network
load and congestion. This means that even if thelegs channel is extremely good, but there is estign in the IP
network, the video quality the user perceived wdaddpoor. Moreover, a JSCC/D system optimizes ridm@smission
over the wireless channel, with the assumptionttiiatis the bottleneck of the entire communicapeth.

In [9] we have demonstrated that the impact ofithaired network doesn’t compromise the video gyalerceived at
the user side, considering two different applicat&cenarios). Furthermore, the simulation modellixigghe core
network for the OPTIMIX system reflects the configd network conditions (which in turn, represerg tiperation
status of a NGN). In fact the delay depends mafirdyn the number of nodes that must be crossedewbsdses are
related to instantaneous channel conditions, whalse the insertion of bit errors in packets. Aasequence the
delay increases when the number of nodes increabds, the loss rate and the BER decrease wheSKi increases
and the throughput increases when the SNR increases

The Quality of Service architecture we have chdegrthe OPTIMIX system is based on a Differentiateervices
solution and it has been widely analysed in prevideliverables ([15] and [16]). In these reportshage proposed to
enhance the QoS support in the OPTIMIX environmerth the configuration and the deployment of Tmaffi
Engineering mechanisms with fault resilience cafgbnside the core IP network, in order to redtise impact of any
fault that would happen inside the network. In [E5]d [16] we have studied a possible implementatibthese
mechanisms that could fit the requirements of tRF [MIX project.

In [17] we have evaluated the Traffic Engineeringcimanisms with fault resilience capability, prelyyresented and
analysed, moreover we have described a possibleltimgd of them. In order to evaluate also the intpafcsuch a
functionality on the network transparency, we hawplemented the said model in the IP Network modafiehe
simulation chain.

The model is extremely simple ([17]). Briefly, théswhat happens in case of a fault:

1. When the fault occurs in the network, there eeod of time, which is the fault detection tifie. the time
needed from the network to detect that a fault @@=urred and is usually around 10 msec), in whitkha
packets that have to traverse the network will iseatded. Without loss of generality, this modeluases that
the fault happens in the network nodes near twitteo source, which are in common to all the patisveen
the source and the available destinations.

2. In the meantime between the fault detectionthadecovery of the fault, which is uniform distribd between
20 and 100 msec that is called recovery time,ralttaffic needs to buffered and consequently #laydof
each packet increase depending from how long tt@vesgy time interval is.

3.  When the system recovers from the fault, théesysome back to the ordinary network conditiond as a
consequence the delay and the loss are applieddimgdo the standard behaviour of the IP core nstw
model.

We have then evaluated the system considering pptication and network scenarios related to:
An e-learning application in which users are vieyvan low quality video and their terminals are ntathe
streaming server (2 or 4 network nodes in between).
A pay per view application in which users are viegve high quality video and their terminals aretediar
from the streaming server (8 or 10 network noddseinveen).

Both scenarios have been evaluated with two differeetwork configurations, unicast and multicast amth an
OFDMA wireless channel with a SNR of 25 dB.

Indeed, a unicast case in which only one termi@résent and a multicast case in which therevarddrminals, each
attached to a different Base Station. We have sgpdault at 5 seconds after the simulation sgrti

In the unicast case the effect of the fault is pritg a peak in the delay at the IP network, fottbe-learning and pay
per view applications, while the losses at the éBvork are actually absent, since the number okgtadsn't high (i.e.
statistically, it happens that no packets arrivesng the fault detection time) and the set lossbpbility in ordinary
network conditions is pretty low (as in NGNs). Téfect on the delay can be detected also in thet@mahd delay
statistics at the RTP layer, due to the preseneepaiak; however the end-to-end delay shows aggreamber of peaks
and an increased variance due to the presence @fitaless channel.

In the multicast case, the behaviour of the IP pétwn the two scenarios is different. For the aHéng, being the
number of nodes small, the effect of the fault cdrive detected looking at the IP network delay, lbaking at the
losses, to which loss rate shows a peak at 5 sedontboth terminals. In this case we have to tat@account that the
recovery time is a uniformly distributed variabletlveen 20 and 100 msec and that packets can amwgme after the
end of the fault detection time. If they arrive whthe recovery time is nearly passed, the corretipgrexperienced
delay can be comparable with the one introducethbynetwork in ordinary working conditions and,aasonsequence
the impact of the fault on the delay is less eviden
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Instead, for the pay per view both effects are gmesthere is an increase in the IP network (antsequently in the
end-to-end) delay, with a peak around 5 secondbaarorresponding peak in the loss rate. Consigéhia end-to-end
delay, we have a small peak at 5 seconds, but &érerether higher peaks due to bad and variablengh@onditions.
The poor wireless channel performance that appeatss analysis is mostly the results of havingsdn 25 dB as
SNR, which was considered as a reasonable lowercbfau it.

Looking at the obtained results, in particular relgag the delay, the effect of the fault is verwlindeed, because the
peaks in the IP network delay are small, showirag the recovery process is quite efficient (very feackets are
affected). As a consequence we can conclude tlatptbposed QoS TE mechanism can support the Network
Transparency even in case of fault. Therefore,piieeived video quality mostly depends on the wgglchannel
conditions.

In order to provide a complete evaluation of théiewed performance by the design mechanism, we hbés@
measured the introduced jitter, verifying thatatisfy the requirements for multimedia applicatiolmsparticular [40]
states that the maximum allowed jitter should tss han 100 msec, and in case of high quality videovalue should
be even reduced to 50 or 20 msec ([41]). Such boand related to the absolute difference betweerdétay of a
packet and the average delay of all the packetiseofideo stream. Furthermore, depending on theifspapplication,
a bound should be respected by all packets ortagegcentage of them (as for delay non-tolerariblerant services,
respectively).

Analysing the obtained results (see section 5.8:/@)can see that the system is subject to an erddojitter
significantly higher than 100 msec in the pay perwscenario and unicast transmission, while indiier scenarios, it
is between 20 and 100 msec. The results show ladddlte jitter at the egress of the IP networkigsificantly lower
than at the receiver, demonstrating the influenfcthe transmission over the wireless channel onoterall system
performance. It is worthwhile to underline agaiattthe results have been obtained with the woestaieable channel
conditions; therefore, an higher SNR translates iaduced jitter. Typically, a de-jitter bufferriseded at the receiver,
able to equalize the delays and deal with the derimg phenomena. This buffer introduces a furtleday that can be
tuned according to the specific application in plac

In general, even higher performance in terms tdrjican be measured with multicast transmissibhs. highlights the
high efficiency of the adaptation done by applimatand base station controllers also in multipsg&narios.

In the end, we can state that the designed TE méthaeffectively complements the OPTIMIX controflesn the
control plane of the designed solution.

4.3 Header Compression support

As explained in D3.2b [9], header compression meguthe addition of a new module below the Netwiarer,
appearing at a first sight as not fully compliamtat transparent approach. However, we can congiderRoHC is a
standardized mechanism and that modifications diniced by OPTIMIX do not require further violation$ the
transparency concept. Finally, we point out thedad®e compression is notandatoryfor the video streaming: the
decision to implement this mechanism is left todheess network operators, which could weigh thidazed reduction
against implementation efforts. At the same timadee compression can be beneficial and can hawsitive effect in
terms of Network Transparency, since it reducesotferhead associated to the point-to-multipoinevidtreaming, as
proved in D3.3b [19] and D3.3c [20].

4.4 Mobility support

An effective mobility management is required foartsparency support during network operations. Whequent
movements between access points by users occuwrandltiple networks are available for accessing ltiternet, this
transparency supporting characteristic of mobifitgnagement is even more important: users must deded with
mobility capabilities for effectively serve QoS ge&nt applications and for dynamic change betwe#ardint access
methods. Therefore less disruptions will be notideauring communication and the network will griow delay and
low jitter for packets. In deliverable D3.2b [9] weesented a scheme which relies and further ingerdlost Identity
Protocol’'s multihoming capabilities: in our HIP lealsper-application mobility management scheme {80ltihoming
is not controlled as a whole by the terminal/hdisis(is called per-host, or per-terminal mobilitput the connection of
each application is handled independently (thicaled per-application mobility). In the case ofrja@plication
mobility management, several connections existtaegl can use completely different interfaces. Eaghlication can
be described by their QoS requirements, and theibéist access technologies can be bundled to Betails of the
procedures of our HIP-based per-application magbilihanagement framework together with the background
information of basic mobility management solutiafsHIP are found in deliverables D1.2 [39], D1.3[&hd D3.2b
[9].

However, HIP —even with our per-application extensi introduces unnecessary control messages, katapacket
loss and handover latency in environments requilireglized mobility management, making any kindHiP-based
approach much less efficient in such cases. Thatis we propose a micromobility extension for Hi&lled pHIP,
which relies on an advanced signaling delegatitveise and adds a gateway centric micromobility stppith paging
extension to the protocol. The solution extendsiatefrates our earlier results [31] and [32], veharspecial network
entity called Local Rendezvous Server (LRVS) wasonluced in order to extend the functionalitiesaafiormal HIP
Rendezvous Server (RVS).

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 31/59



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.2c version 0.0

In this section we introduce the micromobility cept, and how a novel and secure mobility and matiing scheme
called Host Identity Protocol (HIP) can be used fwoviding advanced mobility management functionsthe
OPTIMIX architecture based on HIP’s micromobilitytensions.

4.4.1 pHIP: micromobility support in the OPTIMIXdnitecture

Access systems of modern mobile architectures camhymeoonsist of one or more domains providing useith
topologically valid IP addresses and connectingause the IP core through the wireless interfadeese domains of
wireless access networks can be aggregated anidispextocols can be assigned for local mobilitynagement of the
group of domains in order to offer fast and seasleEndover control over a limited geographical aheauch cases
we speak about micromobility, and the aggregatembigrof domains is called micromobility domain. Midli
management solutions of such structures (i.e.,aniobility protocols) are specially designed for iemements where
mobile terminals can change their network poirattdichment so often that the general mobility manaant protocols
(i.e. macromobility solutions) originate excrescemerhead and ineffective operation.

The proposed pHIP architecture divides the netwnt& administrative domains (i.e. micromobility ase see the
figure below for details) and every of such a damiai managed by an entity called the Local Rendez\®erver
(LRVS) which is responsible for managing Mobile MsdMNSs) by applying a HIP signalling delegatiohesme.

Figure 12: Overview of the pHIP architecture.

In general, delegation of signalling rights is naated by the optimization of resource utilizaticetweeen the delegator
and the delegate. Delegates are temporarily azdwbiiby the delegator to proceed in certain tasksh &s periodic

location updates, rekeying. The delegator may issysublic-key authorization certificate [33] to tlelegate to

proceed in his name at the peers. HMAC key canladsissued to a delegate in order to generate HMeiDsitted by

the peer [34]. Before right delegation it is im@ort that the delegator establishes trust relatipnsith the delegate,
i.e., the identity of the delegate must be autlsated. Delegation chains require implicit trustinka

In our framework two novel HIP based delegationviser types —the bedrocks of our HIP-based microfiigbi
scheme- are introduced. On one hand they will bgl reduce the number of DH key exchanges andesnlutions

in user equipment by decreasing number of HIP BBxsveen communicating end terminals. On the otledh
delegate LRVS nodes remove overhead from wirelegs by shifting significant part of signalling avead of MNs

from the air interface to the wired networking semin Both of the defined HIP delegation servicpety require

preliminary registration procedure called Delegatiestablishment as depicted in the upper part gtifei 13. An

existing HIP and Ipsec association (i.e. compl&&) is presumed between the Delegator and theda&deor must

be created upon the Delegation Establishment.

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 32/59



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.2c version 0.0

Figure 13: Registration for Type 1/2 Delegation Setice and requesting Type 1 Delegation Service.

In case ofType 1 Delegatiorfon the bottom of Figure 13) states are estaldigheough the Delegate but maintained
directly by the Delegator after context transfeeré] the Delegator asks the Delegate to establiBhaHd Ipsec states
between Delegator and specified nodes (CNs), aad ttansfer established states from Delegate tedasbr. The
existing Ipsec and HIP associations between theda¢¢ and the CN must not be deleted or movedoitiges a base
for creating the new Ipsec and HIP associationadxn the Delegator and the CN. It is important SRt collision is
to be avoided at the Delegator and the CNs, ntheatDelegate (that is why the Delegator sends ideating SPI
range). The created states are transferred toehegBtor using CTXP messages [35] over the presupsed Sas.

In the HIP-based and micromobility-aware mobilitamagement system of the OPTIMIX architecture, deiegation
type is employed during handover execution whesrget LRVS will ask serving LRVS to create statesaeen itself
and the MN and MN’s peer nodes.

In case ofType 2 DelegatioifFigure 14) the Delegator requires the Delegatestablish HIP and Ipsec states for itself
at specified peer nodes and also asks the Delégdiather maintain the created local states. Dytinis type of
delegation, SPI collision is to be avoided at ttidelate and the CNs side (not at the Delegatoweter it is handled
by basic HIP mechanisms. In our HIP-based microfitgplicheme, this delegation type is applied foPHind Ipsec
association establishment between the MN and aiGNedVIN and an RVS. Here the LRVS is the Delegdtine MN

in order to maintain HIP and Ipsec states on bedfats Delegator. During handover execution, lamaupdate at CNs
for MN is initiated by the target LRVS: in that eathe target LRVS acts as a Type 2 Delegate oMNeand the
serving LRVS. Here we capitalize the feature thgpel 2 Delegation service enables indirect authtiams, i.e., the
use of certificate-chains. E.g., if a target LRV@&s not have the authorization certificate of MiNnay still have an
authorization from the serving LRVS, while the segvLRVS has the MN’s authorization.

Figure 14: Requesting Type 2 Delegation Service.

Together with the control and management of thevahbatroduced signalling delegation framework, theVS
gateways provide HIP registration service for userthe domain, and also introduce an IP addregsping function
which is used to attach the MNs to the pHIP acoetwork by registering the local locators \(\ of MNs. IR,y is
valid only in the given domain and the LRVS is msgible for mapping every IR to a globally routable address (i.e.,
global locator, IBsys) chosen from a private address poolgr{R is used to register the MNs at their RVSs and to
deliver packets outside the micromobility domaiming further communication sessions.

The basic operation of this architecture start$ wit initialization mechanism right after the MNshained the domain.
First the MN physically connects to one of the asceuters (AR) of the domain, then gets the ltmedtor based e.g.
on Ipv6 stateless autoconfiguration. After thig MN either may actively initiate a HIP serviceatigery procedure
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[36] or passively wait for a service announcementorder to detect the LRVS service provided in thgted
micromobility area. In some way the MN will be infoed about the HIT and the IP address of the LR&pansible
for its actual domain, and will register itself the LRVS with the Base Exchange sequence integnaitid the
registration procedures for a Type 2 DelegatiorviBer During this service discovery and registmatppocedure the
LRVS not only registers the MN’s HIT with the neRk, but maps IPwith the a globally routable address @) as
well. After the MN has successfully registeredrat LRVS (with the HITyn-1Pun-1PLrys triplet) and also successfully
delegated its signalling rights to the serving LRW&h the Type 2 Delegation Service, it needs taaip and/or
register at its RVS and current Correspondent Ndqdéth the HITyn-IP rys pair) in order to be reachable for the
current and possible future communication partn€hanks to the secure signalling delegation, thgs#ate and/or
registration procedures will be managed by the LRW¥8 Delegate), resulting in a significant deceeisthe amount
of overhead on the wireless interface. In possassidhese delegated rights the LRVS is able tarsdyg register or
update to the RVSs and CNs on behalf of the MNR thi¢ IR; global locators assigned to them.

During uHIP connection establishment between ajreadialized MNs initiator only requests a TypeD&legation
Service from its LRVS (namely a delegated HIP BEXhwhe responder), therefore the LRVS will stdr¢ Base
Exchange and sends the first packet (11) towardsQN (Figure 14). The LRVS creates all the state®ehalf of its
MN and informs the delegator about the status efHliP connection establishment. Packets betweeiMthend the
CN will be transmitted through the MN-LRVS and thRVS—-CN Ipsec connections created by the standdRl H
mechanisms. The RVS forwards the packet towardsethigonder’s registered global locator thus reachmserving
LRVS which knows the actual location of the respamdo the packet can be forwarded. The Base Egeheontinues
in the regular way, without the inclusion of the \but —thanks to the signalling delegation— betwibe two LRVSs
and not the two MNs. This message flow builds umetive HIP association between the LRVSs of tligator and
responder, so the actual initiator and responditbeiable to begin sending data packets to eduér atfter they were
informed about the successful connection setup.

The handover management in our scheme relies ocaibeilities of IEEE 802.21 and requires the stipson of the
serving LRVS (more precisely the MIHU of the seryibRVS) to the MN’s MIH events. During the operatjdhe
serving LRVS collects static network informatioroab possible candidate access networks for the KéNocal MIH
IS database or remote MIH IS in the micromobiligtwork can provide the necessary information alwaundidate
point of access nodes. Then the serving LRVS gsi¢hie available QoS resources in the candidatettaegworks. If
the MN may assist in the decision, then first the/iig LRVS sends the list of available networkshte MN, and the
MN narrows this list to its preferred target netlw(using the MIH_MN_HO_Candidate_Query primitivesiter this,
the serving LRVS collects all dynamic resource kanlity information from the possible target poiit access (PoA)
nodes (i.e. target LRVSs) using the MIH_N2N_HO_Qu&esources primitives. Finally, the serving LRV&ides
the target network, which is actually a new poihticcess belonging to the same or a novel LRVSHermMN. (If the
LRVS is the same, the case of an intra-domain hardmust be handled, if the LRVS also changes, thercase of
inter-domain handover is to be solved.) The IEEE.80 protocol does not define the decision methothe handover
decision phase, the serving LRVS selects the tdrig#S to which the serving LRVS will hand off alt part of the
sessions of the MN. Note, that in this scheme mak&s possible to execute per application mobiligy,, only some
part of the sessions of the MN may be arrangetbt® through the target network. Hence the serviRyB selects the
MN’s sessions that must be hand off to the targétvark in order to maintain the QoS of the on-gosegsions or to
behave to some service policies.

In case of intra-domain handovers the MN will reeea new IRy from the new point of access belonging to the
serving LRVS. In this case the MN - realizing theawge of its IP address — uses HIP UPDATE to update
registration (and if needed its delegation cewificas well) with its new |g at the serving LRVS. It is important to
note that neither the CNs of the mobile node ner RVS has to be informed about the movement aadoaeess
changes are locally handled by the proposed micbdityoextension. The movements of nodes are cotaplénidden
from the outside world resulting in less signallmgerhead, packet loss and handover latency.

In case of inter-domain handovers the mobile nodee® between local administrative domains thuskimgspecial
macromobility management procedures integrated VEEBE 802.21-based handover preparation mechanissia
perquisite, the target LRVS must be registerechéosource LRVS’s Type 1 Delegation service, to gitie HIP and
Ipsec association establishment of the newly conltig. The target LRVS authorizes the serving LRVS floe
establishment of HIP and Ipsec connections with §peers in target LRVS’s name, and then send thexis to the
target LRVS. Hence, the number of HIP BEX procedueereduced, and replaced by HIP UPDATEs. It éo @
perquisite of the inter-domain handover, that taeiag LRVS or the MN must subscribe to the talgevVS'’s Type 2
delegation service. Hence, the target LRVS can tepilie MN'’s location for all the on-going sessi@amsl services that
were affected by the handover, i.e., update the, CR¥S’s of CNs, and the RVS of the MN. During thandover,
first, the contexts above the link layer are edshleld: HIP and Ipsec contexts are created prodgtivethe target
LRVS, the MN, the CNs (or the CN's LRVSs), and tR¥S of the MN. Due to the HIP handover preparation
procedure, the sessions that are handed off tdattget network are directed from the CNs to thgdarlRVS.
However, the target LRVS still routes this trafficthe MN through the serving LRVS because it migke some time
to successfully finish the L2 connection establishinwith the MN through the target network. Thesgass that are
not handed off remain unchanged. Furthermore,ifhpghase, the SDP contexts could also be updatdteiMN and
the CNs for SIP sessions. We propose to perforntegbrestablishment for transparent per applicatiandovers.
Hence, subscriptions to new network services intéinget network, such as 802.21 registrations, tesehscription

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 34/59



OPTIMIX FP7-ICT Grant agreement n°214625 project Deliverable D3.2c version 0.0

should be made after the handover completion. dieroto support per application handoffs, the pé€ids, LRVS of
CNs) establish new HIP states for the MN insteadwafrwriting the old ones that pointed to the IpS&c with the
serving LRVS. Hence traffic mapping policies cawgide based on the traffic type, whether to usdjbec SA ending
at the target LRVS or the serving LRVS.
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5 Simulation Analysis

In the simulation analysis we have carefully coasgd the OPTIMIX architecture and implemented ithe simulation
chain framework, as proposed in [14]. The simulatibain has been used for the evaluation of thel@XT'solution,
investigating it in a tested and controlled envimemt, about both the correct functioning and addeperformance of
the overall proposed JSCC/D system. This allowsouselect the best design solution alternatives iampfovement
approaches, together with the best configuratidnes The simulation chain is a very valuable tbeause it contains
a detailed implementation of each module of theéesys

The simulation chain has been used for the anabfsthe overhead introduced by in-band signallifog, triggering
framework and Traffic engineering QoS support eatidns.

5.1 Simulation scenarios

The OPTIMIX project objective is to achieve imprdvenicast and multicast multimedia transmissiongh va
heterogeneous network environment both wired aneless.

In the following sets of simulations we have coesail scenarios (Figure 15), in which there are foueless base
stations with attached one or several terminakei@inals attached to the base station 0 and linafdor each of the
remaining base stations), considering either uhigsasnulticast multimedia content distribution frahre server to the
mobile clients.

Figure 15: Scenarios used for simulations.

Each set of simulation has adopted its own enviemngonfiguration, for this reason the specificfaguration can be
found in the paragraphs 5.3.1and 5.3.4 for termi@aél aggregation overhead analysis and QoS wiEhstlipport
analyses. The system level aggregation overheddagicm has been made using an analytical methdtiput doing
simulations and its corresponding assumptions eafobnd in paragraph 5.3.3.1. the mobility managnevaluation
has been carried out using another simulation enment, which details can be found in paragraptb5.3
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5.2 The simulation modelling analysis objective agpecification

The objective of this deliverable is to finalizeetlevaluation of the network transparency solutitieg have been
designed, in particular the conceived feedback egmion approaches, Traffic Engineering with faudsilience
capability and the mobility management. In [9], theeliminary results lead to the conclusion thafeadback
aggregation mechanism is needed for improving #tevork transparency of the OPTIMIX architecturerthRarmore
we have to check the overhead introduce with irdk&gnalling from server to terminals, since twaglomethods for
data protection have been introduced. The QoS i€raffigineering with fault resilience capabilityalso new and need
to be carefully evaluated in terms of providedliesce to network failures.

As a consequence we have considered the followipigd:

- The efficiency of the network transparency solwidn terms of introduced overhead (Byte/second) in
control/signal message exchanges. In this case ave three different issues: in band signaling asisly
terminal level and system level aggregation analyse
The degree of “transparency” of the IP networkhia OPTIMIX system when it supports quality of seevi
with the designed traffic engineering mechanisne ®hjective is to verify that the Quality of Sermiwith TE
support in the IP network keeps it completely tpament to the data exchange between server anmds;liee.
not having an impact on the video quality percapti the user side, also in case of network faslumiéhis
evaluation will be done considering the delay, lasd jitter both at the IP network and at the nemxeside (at
RTP level).

The performance of the OPTIMIX novel pHIP micromadiframework considering the handover latency and
the UDP losses due to the mobility.

5.3 Analysis of collected results

5.3.1 In band signaling

The simulations regarding the overhead introducgdntband signaling (RS RTP FEC and PECC) have lmeade
considering unicast transmissions in two differgrgnarios : in the first case we have transmitteideo (the Foreman
reference sequence) at low quality (QCIF with Ihfes per second with a nominal bit rate of 82 kbphjle in the
second case we have used the same video (the Rorefaeence sequence) but at high quality (Clik &Q frames per
second with a nominal bit rate of 440 kbps). Thiwoek scenario is reduced to the streaming sermdrane mobile
terminal, which is attached to a base station.

We didn’t simulate a multicast transmission, beeatl®e network topology isn’'t configurable with tearrent IP
network module in the simulation chain and consatjye¢he multicast distribution tree can be whatedowever,
guantitative considerations can be easily drawn lputhe results collected in the unicast case, icgiple to the
multicast case (i.e. with N terminals the overhéadipper-bounded by N times the overhead relateN tanicast
terminals).

The simulation chain configuration resembles aralideireless channel (SNR of 60 dB and no shadowary) a
network without congestion (an IP router interfaseset with a loss probability equals to®18nd with an average
network delay equals to 10 msec) with quality avEe support, in order to set up a transparenheotion between
the server and the receiver.

We start considering the use of Reed Solomon RTE FRiechanism, which introduce an overhead of 4 bgts
packet. The overhead introduced by the correspgn@inP extension header in the two cases of highl@amdjuality
video is depicted in Figure 16.
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Figure 16: RS RTP FEC overhead with a video of eitr low or high quality.

Instead, when using the PECC protection method;amedistinguish three cases:
Uncoded protection: in which only an overhead bf/es is inserted in each packet;
Coding 1/2 : in which the throughput is duplicated,;
Coding 2/3: in which the resulting throughput i§ fimes the original one.

More precisely, when using PECC with coding ¥z &, #/e have to consider that also the RTP headeideb packets
is protected and that a new UDP/IPv6 flow is getegravith 7 additional bytes.
In [9] we have defined the percentage of overheadraling to the following formula:

RTP_extension size* Num_RTP_ Packets

Overhead ratio = _
Total bytes video

In Table 6 we have summarized the percentage aheuad for each of the above mentioned cases, taikiogaccount
that when we have a low quality video the numbeR®P packets is 155 and thetal_bytes videds 100670 bytes,
while when we have a high quality video (the numifeRTP packets is 585 and thetal _bytes vides 636850 bytes.
Furthermore, the overhead is calculated at IP l&retonsistency with the other measures of thietseported in the
present deliverable considering that the head®&EEC parity packets is 48 bytes (UDP+IP headermd)tlaat a PECC
packet is generated for each RTP packet to protect.

Table 6: Summary of the percentage of overhead fdhe analysed protection mechanisms (last three rowslated

to PECC).
Protection mechanism Low quality High quality
RS RTP FEC 0.61% 0.37%
Uncoded 0.61% 0.37%
Coding 1/2 110.83% 106.57 %
Coding 2/3 60.83% 56.57 %

We can notice how the overhead strongly dependtherchosen video rate. Obviously the PECC solutiith Y2
coding shows the higher overhead, but it assueebéist protection towards packet losses. Instea®&RTP FEC is a
very good solution in terms of overhead and itikedo protect from both packet losses and errorisib However, it is
worthwhile to point out that the large overheadddticed by PECC, quite unreasonable for the unizast(where a
protection at physical layer of that amount is @@ty more appropriate), it becomes applicablens ¢ase of multicast
transmissions.

5.3.2 Terminal level aggregation as an enhancetoanttigate signaling overhead

Application Controller at the video server uses thifferent parameters from the client side in isyatation logic. All
these parameters are subscribed to from each dlismtves. In the multicasting case, the triggdyssription messages
are sent to the multicast address used for theo\dtteaming and are periodically refreshed in otdesubscribe to the
triggers from recently joined clients, too. The graeters Application Controller exploits are packebr rate (PER)
from the RTP layer and bit error rate (BER) fronre #MAC layer of clients. The MAC layer generates EEB02.21
MIH_Parameters_Report events every 0.2 s, whicludies a bunch of Layer-1 and Layer-2 parameterssdtare:
nominal capacity; current throughput; signal sttérig percent; Signal to Interference-plus-NoisdidRéSINR); BER
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(not specified in the standard); PER; and Rece8igthal Strength Indication (RSSI) in WLAN case. MelDbserver
at the client sides converts each parameter frametlent to a corresponding trigger, which is hahde all other
triggers. Moreover, the RTP layer generates PEfgéri every 0.1 s. The frequency single triggersgareerated by the
trigger source modules can be seen in Figure 17.

Instead of receiving each trigger separately evemg they are generated, Application Controller ssuibbes to an

aggregated trigger bundling all the parametersés to a single trigger. Triggering Engine (TR&GMobile Observer

stores all triggers related to some of the aggeebétggers it supports and bundles the triggers ane. If several

triggers with the same ID and type are stored, amvalue is calculated. If any trigger with thedbd type belonging
to the aggregated trigger does not exist, the erigg left out from it. Figure 17 compares the bgsef aggregated

triggers with the single triggers case. The IpvBkeh size of the aggregated trigger is only 15-2&$ larger than

single triggers. The interval of aggregated triggean be adjusted according to the needs. Fomiestaf parameter
information is needed twice a second, the inteava throughput of the aggregated triggers double®hes presented
in the results below. Generally, source-level agligb is considered as slow adaptation mechanisty s, the

refreshing period of parameter values can be imtagnitude of seconds.
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Figure 17: Comparison of Trigger Sizes and Intervis between Single Triggers and Aggregated Triggers

The feedback signaling with only one client andrfparameters does not produce significant netwerfti¢c overhead.

However, video servers commonly serve tens or éumdreds of clients. Receiving feedback informafiom each of

them will evidently increase the signaling and gsxing of the parameters in the server side. Fig@r#ustrates how
the throughput of feedback signaling increaseswthe number of clients grows. The throughput iaseeis linear, but
the slope with the single trigger case is muchpgeeThe throughput with the single triggers is endran 13-fold

compared to the case when the aggregated trigipeing employed. With ten clients, the amount ghaling with the

triggers and trigger frequencies presented abov8.8 kb/s, while with the aggregated triggers daB4 kb/s in terms
of throughput. Signaling reached with large numitfeclients does also incur lots of additional prssiag in the server
side. The number of single triggers received witl tlients per one second is 1400, which is 130€ertivan in the

case where only aggregated triggers are usedntteworthy that in the simulations UDP is emplgyaithough TCP

is the preferred protocol. TCP adds additional bgad because of its internal signaling and largadér size.
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Figure 18: Feedback Messaging Throughput in Propdion to Number of Clients

In addition to the triggers sent to the video sertlee clients also send feedback information teeB&tation Controller
residing in the base station the client is conretbe The main signaling between clients and b&@s is carried out
using IEEE 802.21. Typically, a client periodicaflgnds MIH_Parameters_Report events to its baserstdhe event
interval depends on the configuration. With the §.idterval, the throughput is only 2 kb/s. Basgishs usually are
unable of serving clients that much, which woulgetf significant signaling overhead.
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In addition to IEEE 802.21 event parameters, Basgidd Controller subscribes to UDP throughput geig from
mobile stations and video bitrate, base layer t@ifrand enhancement layer 1 and 2 bit rates fravitheo server.
Figure 19 summarizes the throughputs of all feekilsignaling (Triggering Framework with aggregatedgers and
IEEE 802.21) and their directions with 20 mobilatisins and two base stations. The throughputstbligary (a few
hundred bits per second) depending on the paramataes. Of course, also feedback interval charaffect the
throughputs. In the results, the triggers goingh® base station are generated once a second arwthtbr trigger
intervals factored in the results are the onesemtesl above. Aggregated triggers instead of sitdgdgers are
employed in the signaling from mobile stationshte video server.
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Figure 19: Overall Throughputs of Feedback Signalhg

The trigger consumer, that is the video serverotaffect the frequency the trigger source geedraggers. However,
Triggering Framework allows using filters in thebsaription messages. For example, video servertriglinterested
in receiving a trigger only when the PER or BERd#terent layers exceed, for instance, 0%, whiclthis case with
Application Controller. Application Controller tusd~EC/PECC rates even with very low BER and PEBsrdtilters
enable minimizing the number of feedback messagesicathe aggregated triggers. Filters cannot bel wgéh
aggregated triggers as they include several valfissveral parameters. If the video server streadeo to 20 clients,
and only three of them is facing problems in reicgj\the video, the filters can be used in a way tha triggers the
video server receives are only from those thremntdi As an example, the values of the triggeBER from the MAC
layer and PER from RTP layer pass the filter dééins specified by the video server, only the thokents send these
triggers to the video server. This produces theaigg throughput of 24 kb/s, which still is twies much as in the
case where each client periodically sends aggrédatgers. However, if only BER in the three cliemxceeds the
filter threshold, only triggers including BER vakiare sent to the server. In this case, the sigmdtroughput slumps
to 7.3 kb/s. Thus, with certain context, triggensd filter rules, the subscription filters can mthetter results than the
aggregated triggers. However, aggregated triggevgige a more consistent and generic way to lowerdignaling
overhead. In addition, Ipv6 anycast aggregatioas@nted next, improves the signaling performancadt

5.3.3 System Level aggregation evaluation

5.3.3.1 System Model
The following parameters are used in the analysis.

The data link layer is regarded slotted. The wiftthe timeslot is given ag. Extension to the continuous case is
not necessary, since the system performance ispay also in a perfectly slotted network, as shdater. For
the sake of simplicity, let us assume thaquals the signaling period.
Parameter |0 denotes the header length of the ée&diacket. As long as we use Ipv6 and UDP forfébdback
messages, 10 equals 384 bit (40 + 8 byte).

- Assuming that we have plenty of feedback categories

-l denotes the length of tlign feedback information,starts from one.

- @ — 1lis the number of free timeslots between sulsicfeedback messag€y.is proportional to the
frequency of theth feedback informationQ, = 1 states that in every timeslot title feedback is sent
from the clientsg; = 2 states that every second timeslot is useddtvery, etc. Non-integer values
are also allowed, buf 1 (feedback cannot be more frequent than ondrmesiot).

- Bothl; andq;, are assumed to be constant (extension to the manesee is not included here).
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- There aré\; clients in the system. All these clients are id@&ttand independent, generating feedback infoonati
as an i.i.d. process.
- There is only one Master Application Controlleréstm server).
Feedbacks are aggregated in special nodes whiatabied Feedback Aggregation Servers (FAS). Thez&las
Let we investigate a particular timeslot in thewmrk. The feedback traffic at theh node T¥) is given as

T"= i +lo, 1)
i
where . is an indicator parameter: it equals one, ifkteclient sends thih feedback information in the investigated
timeslot, and zero otherwise.
Now, the total traffic in the network is describétirst, we assume that there is no feedback agtoegserver in the

network, so every client sends the feedback diretdl the application controller. The traffic in tregoplication
controllers’ network Tac) is given as

Tpe= TH= ik tlo = l ik +Nclo. (2
K Koo i K

Note the exchange of sums in the above equatitnoducing a new variable

i~ ik ©))

we get
Tac =Nclo*+ 1. 4)
i

Now let us see the properties ¢f It describes the total number it feedback messages in the network per timeslot.
Since the clients are identical and independei,atbinomial random variable with meblgg, and varianceé\N/qgi(1 —
1/g), and the distribution is
n N.-n
N c
Pr{ P = n} = ¢ i 1- i
n g Gi

If N is large, ; can be estimated by a normal random variable.
i~ ( o/a.N./q1-1/q)) (5)

Substituting (5) into (4), it turns out that thaffic at the application controller is a sum of mat random variables.
That is, the traffic also follows a Gaussian digition, with a mean that equals the sum of meamsyariance which is
equal to the sum of variances:

{TA<‘}:NC |0+ ‘ IV

2
rol 2oy gL
{AC} { AC} c T G

T~ Nolg+ N K1 ©)

he ¢ i G ne i a q
The bandwidth of the network is denotedByyThat is, in each sloB -  bits can be pushed through the network. Now
we will cover two basic cases.

The network router with infinite buffer

Here, the network’s router has infinite buffer.niteans that although more information arrives at rihger, the
excessive information above the bandwidth is befferso there is no packet loss. However, the defldiie packets
gets longer and longer if the demand is higher tharavailable bandwidth. If the mean of the tafé higher than the
bandwidth, the average traffic will be also highEhis provides a natural limit for the number aknts. Substituting
the mean and drawing strict upper bound W8t one gets
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This is an inequivality that must be fulfilled twad infinite delay of feedback information. Thisrinula can be
evaluated given the parameters of the system.

The network router with zero buffer

First, the network router has zero buffer lengtiméans that if more packets arrive than the maxirmass of packets
the network can handle, the packets will be autmaily lost. In other words, if the traffic is ab®the bandwidth of
the network, packets will be lost. So, the proligbibf the packet loss can be evaluated by takimg tail of the
Gaussian distribution, as

Pr{feedbacklost = %erfc , 8)

which is never zero. Knowing the parameters ofsygtem and the acceptable level of feedback infoomdost ratio
(), one can find the maximum number of cliedg,which can be served in this environment as

BS

2
J2erfc (2 ) L +lg+ -
"0 Gi LG

N. <

C

1 - 9)

Please note that if theg parameters equal one (there is no random effabeisystem, every slot is used for feedbacks),
the first term in the nominator becomes zero, thaget back (7), the two cases are identical. Heweaf at least one

g parameter differs from one, the random effect appethe first term of the nominator will be diet from zero,
consequently (7) and (9) yield different bounds\gn

A numerical example

If the bandwidth of the application controller'stwerk equalsB = 10Gbps, and all the clients send three different
feedback information every = 10ms (q1 = g2 = g3 = 1), all of them togetheoant 31 bytes (I11+12+I3 = 248 bits).
Substituting these numbers into (7), it turns duattN. must be lower than 158,228. That is, there cowd b
approximately 150 thousand users in this systens iShndeed a very low value.

If the above parameters are changed a bit, g1=412q3 = 2, I1 =12 = 80 bits and I3 = 176 bitse {(7) leads the same
bound as before. However, (9) is now differentintgk = 0.1, which means that every tenth feedback pacde be
lost (here we need erfc(0.2) = 0.9062), we gél. < 9473. Less, than ten thousand users can bedsierteis case.

Now let us see what happens if the aggregatioreseare switched on.

5.3.3.2 The aggregation servers switched on

The effect of the aggregation servers is twofoldstFthe number of (IP+UDP) headers is signifibatdwered due to
the fact that many clients send their feedbackh®aggregation servers, instead of the applicataniroller. Then,
aggregation servers send only one packet comparttetmany they receive. Secondly, the feedbackrimdtion can
be compressed, so not all the feedback informatiast be sent back, some statistics (e.g. mearang] lowest, etc.)
could be sufficient for the application controller.

Aggregation servers could be arbitrary many in mieéwork. Following our notations, the number of i@ggtion
servers equalSias

For sure, aggregation should not introduce too nuethy in the network, which yields thatparameters are the same
after and before aggregation. (1) holds, but tpattraffic of thejth feedback aggregation server is given as

Ths= TH= i i+l = l k H1U;jllo, (10)

i i KU,

whereU; is the set of users under tjth aggregation server: these are the users, whafie is “cached” by thgth
aggregation server. As before, we introduce a reable

)= ik (11)
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which describes the total numberitif feedback messages at the input ofjtheaggregation server. As before, since
the clients are identical and independent, itlén@mial random variable with meadd; ||/g; and variance Y; |/ g (1 1/

0, and ifU; is a large set, ij can be estimated by a Gaussian random variable

'~ (uj1/a.u;1/g@- 1) (12)
This random variable simplifies (10) as

Tas U I+ 1. (13)
[
It turns out that the input traffic at tljih feedback aggregation server is a sum of noremalom variables. That is, the
input traffic also follows a Gaussian distribution

The= IUjll+ Lgup Lot (14)
i G i d g

Up to this point we have the same equations agdefb4) looks the same as (6), however, herentimber of users
can be set according to the positioning of aggiegatervers. That is, the aggregation servers shbelinstalled in
such points of the network, that the total traffeesscribed in (14) should not exceed a given vala&ing the numerical
example again, we can say that every 150 thousserd (or in the second case every 10 thousand) w$ensld have at
least one feedback aggregation server.

The output of the feedback aggregation serverdeanritten as

Tas=lo+ cli/g, (15)

wherec; is the compression constant, it defines how meaedlback values are sent instead of all the vahesreceive
to lower the network load. For instance, the minimthe average, the deviation, and the maximumegalberes; = 4)
can be sent from the feedback aggregation serweryHeedback category should have its awparameter. Please
note that (15) is both deterministic and independieédoes not depend on the actual aggregatioreser
Now let us see what happens at the input of thdicgtipn controller. To make distinction from thase without
aggregation server, we will denote this trafficTagc. The traffic arriving at the application contralleonsists of the
output traffic of the feedback aggregation servangl the feedback traffic of those users which weteaggregated.

T'ac= T+ NpasTess

KU,

= i ik *lo *Neas lo+  cli/q
KU, i i

= ik +NFAS& +(Ug | +Neas)lo. (16)
i KU, G

whereU, is the set of the users whose traffic is not agaped. It makes the traffic random (Gaussian) dsildd

before.

Taking the numerical example of the previous sectémd assuming the easiest case, where all this cae find one

aggregation serveg; = ¢, = ¢z = 4, one can see that the maximum number aggoggatirvers can bid-,s = 72,674.

With this setup, 11.5 billion users can be seniethe network routers have infinite buffers. Thésan acceptable

number. Even for zero buffer network devices, asglieing 10% acceptable packet loss ratio, the marimumber of

users, which can be served with the help of theeagdion servers, equals 688 million.

5.3.4 Quality of Service (QoS) with Traffic engimneg support

As we have already pointed out, we have considierdds analysis two cases:
Unicast, in which there is only one terminal atedho a Base station involved in the video stregmin
Multicast, in which there are two terminals, eaéhihem attached to a different Base station. Thaber of
nodes between the source and each Base Statidfergiot.

These two applications, in their turn, have beamstered in the above mentioned scenarios:

- E-learning: we use a video (foreman) with a lowlgqugQCIF with 15 frame per seconds) and suppdbse t
the number of network nodes between the servertlamdnobile clients is small (we configured 2 netiwvor
nodes in the case of unicast and 2 and 4 nodég icase of multicast).

Pay per view: we use the same video as beforeyitiuta higher quality (CIF with 30 frame per secenend
suppose that the number of network nodes betweesetver and the mobile clients is higher than feefove
configured 8 network nodes in the case of unicadt8&and 10 nodes in the case of multicast).
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We have simulated a scenario with one fault inlfh@etwork after 5 seconds from the simulationtstad we have
evaluated the delay, the loss rate (in terms db ta¢tween the number of lost packets and the tatalber of sent
packets) and the delay jitter, calculated at thesgof the IP network module. Subsequently we lcansidered also
the end-to-end delay performance, looking at tlleterend delay at the RTP level as well as theterehd jitter.
Concerning the end-to-end performance, we havak® into account the delay and loss that the vésetdannel may
introduce. We have configured the wireless chafmebeing OFDMA, with BPSK coding and constellatisize %-.
The SNR is set to 25 dB, in order to be in badarabkle conditions. The end-to-end losses can hela#td as the sum
of the losses at the IP network and the lossebeaivMreless channel (to have an idea of the impéthe wireless
channel in terms of losses please refer to [11][ahd

As first case we consider is the unicast with tHeaening application. Figure 20 depicts the dedayhe IP network:
since the delay per node is 10 msec and the nunfbeodes is 2, the average value is around 20 rfisdeed, 24
msec). We can notice that there is a peak in tfeydmmediately after 5 seconds, showing that tsesn correctly
reacts at the fault, queuing packets till the recpwtime has elapsed. Since there is only one teinthe number of
gueued packets is very small and the system istabteme back to the ordinary operating (i.e. withfaults) very
quickly. For the same reason there aren't any todseing the time interval between the fault arg é¢hd of the fault
detection period.

The jitter analysis is done considering the diffee between the delay values and the average.hRovdriable we
have evaluated the variance, thd' @@rcentile and the peak to peak distance of theyd&able 7 shows the resulting
values for both the IP network and the end-to-ardsurements.

Table 7: Jitter analysis for the e-learning with ore base station.

Delay- Average Delay IP network End to end
Variance 1.9 10 6.11 10
99" percentile 0.057 0.026
peak to peak distance 0.063 0.059
Maximum value 0.057 0.049
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Figure 20: Delay at the IP network for the e-learing with one base station.

The end-to-end delay at the RTP level, which inetutboth the delay introduced by the IP network ted delay
introduced by the wireless channel, is obvioustyhbr than the previous and shows a great variatha@ever, again
there is a peak at 5 seconds (Figure 21), showitihe fault has an impact also at the receiver.

The jitter analysis shows a higher variance thamotie present at the IP network (Table 7): theleseechannel and the
gueuing at the Base Station insert latency andagipitee packet delay distribution in time.
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Figure 21: End-to-end Delay at the RTP layer for tle e-learning scenario with one base station.

If we consider the case of unicast with pay peméeenario, the results are exactly the same (€ig@y. In this case
the delay per node is 10 msec and the number cdsn®d8, as a consequence the average value isda8fumsec
(indeed 84 msec); in Figure 22 we can see thafailie has caused a delay peak just after 5 seqond the simulation
start, but it is very small because the number axdkpts that has been queued during the recovery dira few.

Moreover, also in this scenario, the losses inlfheore network are absent.

In Table 8 there is the corresponding jitter analysr both the IP network and the end-to-and stias.

Table 8: Jitter analysis for the pay per view withone base station.

Delay;- Average Delay IP network End to end
Variance 1.918 410°
99" percentile 0.047 0.09
peak to peak distance 0.073 0.14
Maximum value 0.07 0.124
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Figure 22: Delay at the IP network for the pay pewiew with one base station.

Considering the end-to-end delay at the RTP lévehows the same behavior as in the previous @&gere 23): the

delay is higher due to the presence of the wiretbssinel delay and it has a great variance. Howtieze are a series
of peaks: the peak at 5 seconds is evident, bué thee also higher peaks, probably due to instaoiss very bad

channel conditions.

The jitter is increased (Table 8), compared tophevious case, confirming that the channel condlitiare probably
worse (also statistical effects can play a rolthancollected results).
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Figure 23: End-to-end Delay at the RTP layer for tle pay per view with one base station.

In the second step, we have considered a scendhi@wnulticast transmission where there are twaelsations with a
terminal each. In the e-learning application weehawnfigured that the first terminal is separatexhfthe server by
two nodes in the IP network, while the second taainby four nodes. In the pay per view applicafimstead, the first
terminal is far from the server of 8 nodes while iecond terminal of 10 nodes.

Figure 24 and Figure 25 depict the delay introduzgdhe IP network for the e-learning for the fitstminal and the
second terminal respectively. In Figure 27 and FEig28 there are instead the loss rate for the tirshinal and the
second terminal respectively. The increased delstygfter the fault at 5 seconds isn’t presentjenihiis evident that

there are losses at the fault. This is due to &lee that in this case the packets have to arriavéodifferent receiver
and they are duplicated at the IP network, becafiseulticast. As a consequence more packets arhivige network

during the fault and the system experiments losBes.reason of having a lower evident increasinthéendelay at the
fault can be two. The first reason is related ® féict that in the e-learning scenario we have @Mynodes and the
delay introduced by the network is more similaithat introduced with the fault. The second reasam loe that the
packets arrive when the fault is almost completebpvered and presents a lower delay than in tleastcase.
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Figure 24: Delay at the IP network for the e-learmng of the first terminal.
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Figure 25: Delay at the IP network for the e-learmng of the second terminal.
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Figure 26: Loss rate at the IP network for the e-larning of the first terminal.
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Figure 27: Loss rate at the IP network for the e-larning of the second terminal.
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As expected, the end-to-end delay (Figure 28 feffitist terminal and Figure 29 for the second teal)iare greater
than the corresponding delay in the IP networkahee of the wireless channel delay addition.
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Figure 28: End-to-end Delay at the RTP layer for tle e-learning of the first terminal.
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Figure 29: End-to-end Delay at the RTP layer for tle e-learning of the second terminal.

Table 9 reports the jitter analysis for the IP retnand the end-to-end measurements for the twoineis. The
respective statistics for the jitter are quite samiobviously the end-to-end jitter is higher tharthe IP network due to

the presence of the wireless channel.

Table 9: Jitter analysis for the e-learning with two base stations.

First Terminal Second terminal
Delay- Average Delay| IP network End to end IP network Ed to end
Variance 2.8310 6.11 10° 2.210° 594 10°
99" percentile 0.0052 0.027 0.0041 0.022
peak to peak distance 0.0089 0.046 0.0079 0.069
Maximum value 0.0062 0.035 0.0054 0.058

The last set of simulations regards the pay pew @igplication. In Figure 30 and Figure 31, relatthe first and the
second terminal respectively, we can notice thatFhnetwork delay shows the peak around 5 secaodfirming the
presence of the network fault. The delay for ttmoad terminal is higher because the number of nbdaseen the
server and this terminal is 10, while for the fbetminal the number of nodes is 8. The peak damasi higher than in
the unicast case, because of the increased nurhpackets that are transmitted through the netWibwaeefore,

involved in the fault).
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Figure 32 and Figure 33 show the loss rate fofiteband second terminal respectively. Both shgeeak at 5
seconds, further confirming the presence of thé.felowever the first terminal experiences a subsed|loss at 6.5
seconds, due to network loss in ordinary conditivtsich probability has been configured t5°10
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Figure 30: Delay at the IP network for the pay pewiew of the first terminal.
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Figure 31: Delay at the IP network for the pay pewiew of the second terminal.
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Figure 32: Loss rate at the IP network for the payper view of the first terminal.
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Figure 33

: Loss rate at the IP network for the payper view of the second terminal.
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Figure 34: End-to-end Delay at the RTP layer for tle pay per view of the first terminal.
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Figure 35: End-to-end Delay at the RTP layer for tle pay per view of the second terminal.

The end-to-end delay (Figure 34 and Figure 35Herfirst and second terminal respectively), instshdws a number
of peaks, due to the delay introduced on the wseelshannel, However the peak at 5 seconds cansiig datected,
even if is not very high, confirming that the fabhlis an impact also at the receiver side.

In Table 10 there is the corresponding jitter asialyor the pay per view of the two terminals: jitker is higher than
for the e-learning, because of the increased numbef nodes in the [IP network.
As for the remaining analysis, we can make the saomelusions as in the previous scenario.

Table 10: Jitter analysis for the pay per view withtwo base stations.

First Terminal Second terminal
Delay- Average Delay| IP network End to end IP network Ed to end
Variance 1.27 18 2.88 10° 1.03 10° 2.42 10°
99" percentile 0.0060 0.064 0.0061 0.06
peak to peak distance 0.069 0.12 0.064 0.11
Maximum value 0.009 0.108 0.012 0.090

5.3.5 Mobility modeling and simulation results

In order to provide an extensible, full and precisadel for uHIP, we developed an Ipv6-based Hosntity Protocol
simulation framework called HIPSim++ [37] [38The model is built on the top of the 20090325 izersof
INETwithMIPv6 which is an extension and TCP/IP mbdalection of the component based, modular OMNeB+x
discrete event simulation environment.
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Figure 36: Simulation topology for pHIP evaluation.

Within this framework we evaluated the efficienc/tbe proposed pHIP micromobility architecture. Timetwork
topology used for the analysis consists of threénrparts (see Figure 36 for details). We set upmaln for the
correspondent node(s), the core network with theSDRVS and router parts, and a domain for the ragrface
containing the wireless access points with the LR¥&d the mobile node. The MN is able to migratevben different
Aps with a constant speed such provoking intra/@nihter-domain handovers. Inducing 50 independemtdovers
during simulation runs we measured two main pararaet

Handover Latency: the time interval between thé pasket arrived at the MN in the old network ahd first packet
fetched from the new AP.
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Figure 37: Intra- vs. inter-domain handover latencyof pHIP.

UDP Packet Loss: the difference between the seguemmbers of the last packet arrived at the MM@dld network
and the first packet fetched from the new AP.
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Figure 38: UDP packet loss during intra- and interdomain handovers.

Simulation results presented in Figure 37 and E@# show that the handover latency, and the nuoitest packets
during handoffs can be significantly reduced inecakintra-domain handovers, meaning that releimptovements in
performance can be achieved employing the pHIPebasmbility management platform in the OPTIMIX areltiture.
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6 Conclusion

This deliverable concludes the work of Task 3.2ardipg the design of the OPTIMIX network architeetuin
particular in relation to the network transparency.

Since it is the last report of the task’s actifigve have also presented the OPTIMIX architeciti@ glance, pointing
out the main innovative control plane entities, gmdbviding a small description of them, also loakiat the
applicability of the proposed solution with the mnt technologies and standards implementation.

We have provided an outline of the final OPTIMIXstym, describing the modules involved in the encerd
transmission chain. We have distinguished betwesnt o point and point to multipoint transmissipres well as
between H.264/AVC and H.264 SVC codecs, for eadioopwe have additionally discussed two cases:miry
source and receiver are enhanced to support theMDRTsolution, and when, instead, also the Baseti@tais
improved.

In the end, we have provided the final evaluatibnhe network transparency approaches, taking actount of the
latest advancements in the OPTIMIX architecture.

As done in the previous deliverable of Task 3.2,hage analyzed two aspects of the network transpgreoncept.
Firstly, we have considered the overhead introduzgdhe information exchange between JSCC/D awatities,
being physical devices or communication layers.o8dly, we have verified the ability to transfer Iréine data
without introducing relevant delay, loss or jitter.

Concerning the former aspect, we have discussedirihk choice for the control/signalling informatioexchange
between key network components. We have evaluatgd in band and out band signalling approaches. tRer
formers, we have examined the solutions that haemn lproposed for protecting real time data agdiitstrrors and
packet losses, which are the Reed Solomon RTP FiEGh& PECC techniques. Both include an extra headeTP
packets and for PECC also more packets are add#wktoriginal traffic. As a consequence, the ovadhthat both
mechanisms introduce in the system depends onidiee vate. The gathered simulation data (with eithbigh or low
quality video) indicates an extra-bandwidth lowwart 1% of the nominal video rate for RS RTP FECil®Yifor PECC
the overhead can be much higher and its use isoppate for multicast transmissions, where protecthe source
traffic from losses is really critical.

Regarding the feedback messages, we have summanizadformation that has been selected for besefby the
master application controller and from the basdicstacontroller for optimizing the video quality bgynamic
adaptation. All the out of band signalling messaggsloit the triggering framework and IEEE 802.2&nslard. the
latter is employed for the communications betwémnmobile terminal and the base station at the ldayeers, because
it introduces a small protocol stack overhead ewéh a very high update frequency, as needed, nglyin frame
exchange at the MAC layer.

As pointed out in the previous deliverable of thask, the triggering framework allows sending thmper-layers
information to a sink, the Mobile Observer, whielslthe information to be available to each mogiieh needs it, by
a simple subscription-based method.

In D3.2b, we have concluded that aggregation metinoglst be introduced in order to reduce the ovekhshich could
be particularly large when several users, unicasiolticast, are present. In this deliverable weehanalysed the
aggregation methods that were not evaluated prshyiothe terminal level and the system/network lengregations.
Terminal level aggregation means that the termimaésponsible for aggregating the feedback messegbe sent to
the server. This translates into using a spedifggér messages that contains all feedback infoomateeded by the
server. The server in its turn subscribe to thigger. The results show that the aggregation callyreeduce the
introduced overhead, not only with only one use, dso with a large amount of users. However, aeehsupposed
that the application controller operates on timalex around seconds for the adaptation and we baited the
feedback messages frequency to that need. As a@asisce with 100 clients no aggregation meanghieaserver has
to manage 1400 messages per seconds, while thegagion reduces this value to 100.

In order to complete the evaluation of the feedbawssage overhead, we have to analyze also theotabat
introduced by the base station controller: from site we have the feedbacks that are exchangec:betthe Base
Station and the clients, on the other side we ha@deedback messages that the base station dentnekds from the
server. For the former, we opt for the IEEE 80X#dndard that introduces an overhead of 2 Kbitsith, an update
period of 0.2 sec. For the latter, using singledbsek messages and with an update period of ltledntroduced
overhead is 2.3 Kbit/sec per single Base statigppssing that 10 terminals are attached to eatleot.

Instead, the system/network level aggregation dhtees two additional entities in the OPTIMIX netwarchitecture:
the anycast capable routers and the feedback amgregserver. This mechanism exploits the featuwksnycast
routing by which feedback information can be eéfitly sent to a specific (e.g. local) feedback aggtion server
using an anycast address. The anycast capablegaatée the messages, using specific anycashgpptiotocols and
finally the feedback aggregation server aggregtteseceived feedbacks in a single IP packet andafal it to the
Master Application Controller. The generated aggtegnessage is in the format of a trigger messageder to keep
the anycast solution compatible with the triggeriftgmework: this allows also employing the termiralel
aggregation as a backup method in case the systahdggregation scheme fails to transfer feedbacks

The analytical analysis that has been carriedsuposing that the bandwidth of the applicationtiler’'s network is
B = 10 Gbit/s, and all the clients send three d#fftrfeedbacks every 10 ms each, 31 bytes on th&evidiothem, the
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analysis shows that the use of a feedback aggoegsdirver can increase the maximum number of stggaoisers by
the system from 150 thousand to 688 million (a greaumber of user will cause an infinite delaysending the
feedback messages), with possible losses in theonetouters when having zero buffers.

Considering the degree of transparency of the métwatso when some additional features, like QoS amudbility
management are present, we have investigated twa nechanisms: QoS with Traffic Engineering antesv pHIP
architecture.

The analysis of the OPTIMIX proposal enhanced wjtiality of service mechanisms including Traffic ewgering
capability, confirms that the core telecommunicatimfrastructure provides the expected and requimeadific
forwarding guarantees also in case of network fedulndeed, the delay at the IP network showsarease when a
fault happens, but the duration of the peak is gengll, confirming that the network recovers vasgtf The IP network
experiences losses only when some packets arriegdihe fault detection time.

Considering the end-to-end performance, we carcadtiat it strongly depends on the wireless chanagrtlitions;
therefore, the fault effect can be masked by thgairments introduced on the wireless channel, éalbeevhen the
SNR is quite poor.

This is also confirmed by the analysis carried @uthe jitter. We pointed out that the jitter a¢ i network can be
significantly lower than the end-to-end jitter, r@tking again the influence of the wireless chanhkdwever, the
collected results show that the jitter is mainlylenthe threshold of 100 msec (which is the bowmdrfost multimedia
applications in order to achieve a good video dyaliSince the results have been obtained withasaeably bad
channel condition, we expect an even better behawbthe system in general.

Finally we have analyzed the proposed improvemtntke per-application extensions of HIP, in ortteincrease the
protocol efficiency in environments requiring loeald mobility management. Indeed, we have desigmedxtension
to HIP called pHIP, which relies on an advanceaaiing delegation scheme and adds a gateway cemitiomobility
support with paging extension to the protocol. Asoasequence we have introduced a novel networky estlled
Local Rendezvous Server (LRVS) for extending thecfionalities of the normal HIP Rendezvous SerfiRArS).

In order to investigate about the transparencyefrtetwork, we have to verify that this novel agmtocan effectively
support seamless communications even in case afokars of mobile users/terminals. The gathered Isitiom data
demonstrates that both the handover latency anchtingber of lost packets during handoffs can be ifibgmtly
reduced in case of intra-domain handovers managtd the proposed micromobility solution with respec the
former HIP employment (i.e. addressing transpacentmunications).

In the end, the system proposed within the fram&vairthe OPTIMIX project has been proven to effitlg and
effectively support the Network Transparency comcep
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7.2 Glossary
AMC Adaptive modulation and coding
AP Access Point
AR Access Router
AR Anycast Router
AVC | Advanced Video Coding |
BER | Bit Error Rate |
BL Base Layer
BPSK Binary Phase-Shift Keying
BS Base Station
BSC Base Station Controller
CIF Common Intermediate Format
CN Corresponding Node
CRC Cyclic Redundancy Check
Csl Channel State Information
DCCP Datagram Congestion Control Protocol
DLL dynamic-link library
DNS Domain Name Sytem
DS Differentiated Service
DSP Digital Signal Processor
DTD Document Type Definition
EL enhancement layer
FAS Feedback Aggregation Server
FEC Forward Error Correction
FER | Frame Error Rate |
FPGA Field Programmable Gate Array
GoP Group of Picture

HIP Host Identity Protocol |
IP Internet Protocol |
IPSec IP Security

JSCC Joint Source and Channel Coding

LDPC low-density parity check

LRVS Local Rendezvous Server

LTE Long Term Equivalent

MA Master Application

MAC | Medium Access Control | OSl-layer
MIMO Multi-Input Multi-Output

MN Mobile Node

NGN Next Generation Networks

NRT Non Real Time

OFDMA | Orthogonal Frequency Division Multiple Access

OSI Open Systems Interconnection

PECC Packet Erasure Correcting Codes

PER Packet Error Rate

PHY Physical layer OSl-layer
PLR Packet Loss Rate

PSNR Peak Signal-to-noise Ratio Video quality metric
QCIF Quarter CIF

QoS Quality of Service

RB resource block

RCPC Rate-Compatible Punctured Convolutional

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 58/59



OPTIMIX FP7-ICT Grant agreement n°214625 project

Deliverable D3.2c version 0.0

Rohc Robust Header Compression

RS Reed Solomon

RSSI Received Signal Strength Indication

RT Real Time

RTCP RTP Control Protocol Provides statistics and contrg
information for an RTP flow

RTP Real-time Transport Protocol

RTP Real Time Protocol

RVS Rendezvous Server

SAP Service Access Point Interface to use services of &
other module

SINR Signal to Interference-plus-Noise Ratio

SOAP Simple Object Access Protocol

SR sum-rate

SVC Scalable Video Coding

TCP Transmission Control Protocol

TCP | Transport Control Protocol

TE Traffic Engineering

TFRC TCP-Friendly Rate Control

TRG Triggering Engine

UDP User Datagram Protocol

UEP Unequal Error Protection

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

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

WSDL Web Service Definition Language

WSR weighted sum-rate

XML eXtensible Markup Language
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