
IIntrodutionThe IP tehnology was not primarily designed for the transport of real-time multimedia ontent and, as suh, it presents hallenges when optimizingnetwork apaity, while meeting high quality standards for the audio andvideo ontents being transported. The present work onerns hannel odingfor distribution of audio and video (A/V) servies over IP networks, morespei�ally, servies in the form of MPEG-2 Transport Streams proteted withFountain Codes.The motivation for this work lies in the growing demand for video overIP in many urrent appliations. To mention a few examples, in the formof distribution of multimedia ontent over the Internet, as ontribution linksinside traditional broadasters' networks or as standard and high de�nitionontents transported in IPTV networks to the end ustomer.Let us start the introdution of the senario with a brief desriptionof the overall topology of an IPTV network. This is shown in �g. I.1 and isused to introdue the most important onepts and evaluation mehanismsemployed in the simulation senarios herein.The network presented in our example omprises a National Hub, whihreeives ontribution signals, mostly over satellite, that will ompose theend programming, Loal Head-Ends, that reeive the Main program over aore network and adds loal ontents to the same and, �nally, Multiplexingloations where the streams are multiplexed together with other servies suhas broadband aess and voie, for distribution to the end user.In the National Hub, in the left-most portion of the �gure, dozens ofsatellite feeds are reeived. These are typially modulated aording to DigitalVideo Broadasting � Satellite (DVB-S or DVB-S2) standards and transportmultiple MPEG-2 Transport Streams eah � suh streams and its mainharateristis will be explained throughout this reading.The reeived Transport Streams arry the audio and video (A/V) ser-vies of interest, whih are re-multiplexed into new streams and enapsulated
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Chapter I. Introdution 16into IP pakets, employing network protools, typially Real Time transportProtool (RTP) into User Datagram Protool (UDP).The resulting IP string is transported to the Regional Remote Head-Ends(RRHE) through the servie provider's Core Network, typially an IP/MPLSnetwork. In the RRHE, the Transport Stream is de-enapsulated from thenetwork protools and re-multiplexed with new servies, whih are loal tothe region where the RRHE is found. The string is paketized bak into theappropriate network protools and transported through the servie provider'sAess Network to loal distribution failities, where the IPTV servies are�nally multiplexed at IP level with other servies, suh as broadband, typiallyemploying a Digital Subsriber Line Aess Multiplexer (DSLAM), in order toreah the end user set-top-box (STB) through the DSL lines.Suh topology might fae some issues, whih generate quality impair-ments to the A/V servies reahing the end user that justify the deploymentof protetion shemes for the A/V ontent. Commonly observed issues arelisted hereunder:� The Core network is usually high speed, high apaity and robust, but theaess network onneted to it has less apaity and might be overloadedwith IPTV and broadband tra� and disard pakets arrying IPTVontent. Jitter might also be present in this hop;� The last mile DSL iruit, feeding the end ustomer STB, su�ers moreoften from degradation, whih also generates paket drops;� The servies that arrive at the Main Hub an be ompressed at ratesthat a�et the signal quality, a problem that is originated at the soureof the information;The aforementioned fators an result in visual impairments in thedeoded video, suh as the presene of pixelization and artifats. These issuesan be translated into high rates of ustomer dissatisfation and thus lessprogramming attendane, a�eting the servie providers' revenues.In order to detet suh problems as soon as possible, partiular points inthe network an be ontinuously monitored, as indiated in the �gure. The setof measurements listed hereunder an be employed with this purpose:� Transport Stream Measurements;� Objetive Bloking Artifat measurements;
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17 � IP paket drops and jitter monitoring.Transport Stream measurements are typially employed for monitoringthe inoming feeds at the main Hub, for verifying its integrity prior to re-multiplexing it as a new Transport Stream and at the DSLAM failities, forverifying the integrity of the stream after its transport through the AessNetwork, subjet to paket loss. A subset of these measurements will serve asriteria for the analysis performed in the simulations presented in this workand the same are desribed in [23℄ and [2℄.The seond item, Bloking Artifats measurements, an be performed atthe main hub, for quality assurane of the inoming servies, i.e. that thesewere not over ompressed at the soure. Bloking Artifat measurementsare also ommonly employed at the output of a few samples of ustomergrade STB's, for monitoring the end user Quality of Experiene (QoE).The objetive measurement employed in the simulations herein, for ompar-ison between a Fountain ode and Reed-Solomon shemes, an be found in [12℄.Finally, the third item, IP paket drops and jitter monitoring, explainedin [5℄ and [22℄ , entitled Media delivery Index (MDI), whih onsider inter-arrival IP pakets jitter and IP paket losses aross the network. This type ofmonitoring is ommonly employed for monitoring of Aess Network reep-tions in the DSLAM failities, where paket drops and jitter are more likelyto be observed.

Figure I.1: Typial IPTV arhiteture
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Chapter I. Introdution 18At this point, important impairments whih result from transport ofthe ontent through a real network with issues and methods of quantifyingthese were ited. It is now possible to employ these quanti�ation methods forevaluation of di�erent hannel oding shemes.The traditional retransmission of dropped pakets, as in AutomatiRepeat Request (ARQ) shemes, is not appliable to real-time multi-media,due to the low-lateny requirements of suh ontents. Channel oding withprovision to reover from paket loss throughout the transport over IP is theright hoie for improving the overall ustomer QoE. Tehniques involving wellknown blok odes, suh as Reed-Solomon, are widely adopted by equipmentvendors and spei�ed in RFC's and standards.Fountain Codes are sparse graph odes, with properties that make itattrative for transport of multimedia over IP. These odes have �nite dimen-sion and in�nite blok length and so a rateless sheme an be implemented,for senarios where the hannel onditions are unknown to the sender prior toinitiation of the ommuniation. The overhead requirements are also low inFountain oding shemes.This doument is organized as follows: hapter II presents a desription ofTransport Streams, whih is the ontent to be enapsulated into IP protools,fousing in the parameters monitored in the simulations senarios of hapterIV. Chapter III, presents a model for the IP hannel and the methods foroveroming paket drops and jitter adopted up to date.One the senario is mapped, the simulations and results are presentedin Chapters IV. and V respetively.Theoretial aspets on Fountain odes an be found in Appendix A.This work is onluded with the proposal of a Transport Stream rateadaptive hannel enoder, that is presented in B and whih rate may adapt tothe importane of the ontent and �elds in the Transport Stream subjet totransmission.

DBD
PUC-Rio - Certificação Digital Nº 0711234/CA




