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5AbstratIn this thesis, video ommuniation systems are studied for appliation to video serviesprovided over wireless mobile networks. This work emphasizes on point-to-multipointommuniations and proposes many enhanements to the urrent systems:First, a sheme ombining robust deoding with retransmissions is de�ned so that thenumber of retransmissions is redued and the quality of the reeived video an be ontrolled.As opposed to urrent retransmissionless and retransmission-based shemes, this shemealso o�ers the possibility to trade throughput for quality and vie versa. A parameterallows to hoose the throughput-quality trade-o�.Then, the transmission of a two-level salable video sequene towards several lientsis onsidered. Shemes using the basi Go-bak-N (GBN) and Seletive Repeat (SR)Automati Repeat reQuest (ARQ) tehniques are studied. A new sheme is also proposedand studied. The new sheme redues the bu�ering requirement at the reeiver end whilekeeping the performane optimal (in terms of the amount of data suessfully transmittedwithin a given period of time). The di�erent shemes were shown to be appliable to 2G,3G and WiMAX systems.Finally, we prove that retransmissions an be used in point-to-multipoint ommuni-ations up to a given limit on the number of reeivers (ontrary to the urrent wirelesssystems where ARQ is only used in point-to-point ommuniations). If retransmissions areintrodued in the urrent Multiast/Broadast servies (supported by the 3GPP and mo-bile WiMAX), the system will guarantee a ertain amount of reeivers to have the nominalquality whereas the urrent Multiast/Broadast servies do not garantee any reeiver ofthe nominal quality.
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7
Résumé étendu en FrançaisIl y a réemment eu une explosion des servies Multimedia fournis par les réseaux sans �l,grâe au développement et la mise en plae de systèmes et autres infrastrutures favorisantla fourniture de e genre de servie (GPRS/EDGE, UMTS/HSDPA, WiMAX, DVB-H).Parmi toutes les appliations Multimedia, la vidéo est inontestablement l'appliationla plus exigeante en termes de bande passante. Pour lutter ontre le manque de bandepassante au niveau du spetre radio alloué au système, la méthode la plus e�ae on-siste à regrouper tous les réepteurs intéressés par un même ontenu vidéo dans un mêmegroupe pour lequel les mêmes ressoures radio sont utilisées pour la transmission (systèmepoint-à-multipoint).Aussi, omme pour tous les servies numériques fournis à travers des réseaux ellulaires,le signal transmis subit de nombreuses dégradations (atténuations, distortions, pollutionpar du bruit ...) et les informations numériques véhiulées par le signal sont orrompuespar des erreurs (ertains bits du �ux binaire hangent de valeur), a�etant ainsi la qualitéde la vidéo reçue. Pour lutter ontre es erreurs de transmission, plusieurs méthodes peu-vent être utilisées (odage anal au niveau physique, déodage robuste au niveau appliatifou enore retransmissions au niveau MAC, RLC ou TCP) mais ela se fait au détriment dudébit, d'où l'intérêt de s'intéresser au ompromis débit/qualité pour e type d'appliation.Cette thèse s'intéresse prinipalement aux systèmes de ommuniations vidéo Point-à-Multipoint et au ompromis débit/qualité dans les systèmes de ommuniations vidéo.Nous résumons ii en Français les éléments importants rapportés dans les hapitres dela thèse (en Anglais):Chapitre 1 : Communiation NetworksCe hapitre ommene par dérire les réseaux de ommuniations numériques d'une façongénérale. L'arhiteture physique et l'arhiteture logique y sont dérites. Par la suite,les réseaux ellulaires (qui peuvent être vus omme une extension sans �l du réseau In-ternet) sont dérits plus en détails étant donné que les hapitres suivants traitent de lafourniture des servies vidéo à travers e type de réseau. L'aent est mis sur les réseauxWiMAX IEEE 802.16-2004 ar e type de réseau a pour prinipal objetif la fournitured'une onnexion Internet sans �l et aussi la fourniture de servies multimédia (dans leszones urbaines). A noter que la ouhe appliation n'est pas dérite dans e hapitre maisplut�t dans le hapitre 2.



8Chapitre 2 : Video CompressionCe hapitre porte sur la ompression vidéo. Il est basé sur la norme H264/AVC. Dansun premier temps, les outils de ompression sont dérits brièvement. Par la suite, desnotions générales propre à la vidéo (telles que la apture d'une vidéo et la qualité vidéo)sont dérites avant de détailler la norme vidéo H264/AVC. Cette norme est la dernièreen date en matière de vidéo et a été développée onjointement par le Moving PituresExperts Group (MPEG) et le Video Coding Experts Group (VCEG). Les performanesde la ompression selon la norme H264/AVC en terme de ompromis débit/distortion sontensuite présentées. Les résultats montrent que ette norme dépasse lairement les normespréédentes (MPEG-4 et H.263), o�rant ainsi une ompression plus e�ae des séquenesvidéo.Dans ette thèse, ette norme est utilisée omme norme de référene. Le ode H264/AVCn'est nul autre que la ouhe appliation dans le as de la transmission d'une vidéo om-pressée selon ette norme. Dans e as, la ouhe appliation se ompose de deux sous-ouhes : la Video Coding (sub)Layer (VCL) et la Network Abstration (sub)Layer (NAL).La sous-ouhe VCL onvertit la séquene d'images en un �ux binaire ompressé. La sous-ouhe NAL quant à elle, onvertit le �ux binaire ompressé en un �ux de paquets appelésNAL Units (NALUs) transmis à la ouhe inférieure (RTP/UDP ou TCP) pour être trans-porté à travers le(s) réseau(x) jusqu'à l'utilisateur �nal.Chapitre 3 : Improved Retransmission Sheme for Video Com-muniationsTraditionnellement, on avait le hoix entre un système basé sur le déodage robuste quilaisse passer beauoup d'erreurs mais qui possède un débit maximum et un système qui nelaisse passer auune erreur mais dont le débit est nettement inférieur au premier systèmeà ause des retransmissions qu'il utilise pour rendre la transmission �able.Par ailleurs, le système à déodage robuste est inompatible ave l'ARQ.Dans e hapitre, on essaie de dé�nir un système qui utilise aussi bien les retransmissionsque la orretion d'erreur (via le déodage robuste) de telle façon à e que
• La qualité et le débit puissent être ontrolés.
• Le déodage robuste ne soit plus inompatible ave l'ARQ.
• Les retransmissions inutiles de paquets ontenant des erreurs qui peuvent être or-rigées (par un déodage robuste) puissent être évitées (améliorant ainsi le débit).En e�et, un paquet ontenant des erreurs est systématiquement retransmis dans unsystème ARQ. Sahant que le déodage robuste peut orriger des erreurs, il est possibled'éviter la retransmission de ertains paquets si le déodage robuste de ses données estonsidéré su�samment �able. Il est don néessaire de dé�nir une mesure de la �abilitédu déodage robuste et un paramètre dé�nissant le niveau minimum de �abilité.Ce système de déision a est modélisé omme un test d'hypothèses ave les hypothèses

H1 et H0 dé�nies omme suit:
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H1 : La séquene déodée ŝ est la séquene qui a été émise.
H0 : La séquene déodée ŝ n'est pas la séquene qui a été émise.On suppose dans un premier temps qu'un paquet vidéo ontient une seule séquenevidéo sur laquelle le déodage robuste peut être e�etué.Si la déision après le test est en faveur de H1, le paquet est aepté et son ontenu estutilisé pour la reonstrution de la séquene vidéo enodée et transmise.Si la deision après le test est en faveur de H0, le paquet est rejeté par le réepteur etretransmis par l'émetteur.La séquene déodée ŝ est elle qui a la plus grande probabilité a posteriori (déodageau maximum a posteriori)

ŝ = arg max
sj ,j∈{1,...,K}

P (sj|r) = arg max
sj ,j∈{1,...,K}

p(r|sj)Où̂
s est la séquene émise (dans le paquet).
r est le veteur des observations (résultat de la modulation et transmission de laséquene s).
sj est la jème séquene valide (au sens de la syntaxe de l'enodeur).
K est le nombre total de séquenes valides.Le test d'hypothèses est aratérisé par, entre autres, la probabilité de fausse alarme

PF et la probabilité de détetion PD

PF = P (Choisir H1|H0 est vraie).
PD = P (Choisir H1|H1 est vraie) .La probabilité de fausse alarme est la probabilité d'aepter un paquet erroné. Ellereprésente don une mesure de la qualité (quand PF diminue la qualité est améliorée).La probabilité de détetion est la probabilité d'aepter un paquet non erroné, ou enorela probabilité de ne pas faire une retransmission inutile. Elle représente don une mesureindirete du débit (quand PD augmente, le nombre de retransmissions inutiles diminue etpar onséquent le débit augmente).Diminuer le nombre de retransmissions (et don améliorer le débit) en maintenant lemême niveau de qualité revient à diminuer la probabilité de détetion pour une probabilitéde fausse alarme donnée, e qui est onnu sous le nom de Critère de Neyman-Pearson quise traduit par le test suivant

Λ(r) =
p(r|H1)

p(r|H0)

H1

≷

H0

λ
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NALU H Slice H MB1 H MB2 Hs(1) s(2)Figure 1: Format d'un paquet video H264 (NALU) quand le Data Partitioning n'est pasutilisé. Example : 2 Maro Blos transportés dans le paquet.

type B

Slice H MB1 H MB1 data MB2 H MB2 data MB3 H MB3 data

Slice H MB1 H MB2 H MB3 H MB1 data MB2 data MB3 data

NALU H NALU H NALU HPartition A Partition B Partition C

Partition A  NALU Partition B  NALU Partition C  NALU

type I type P

Figure 2: Format d'un paquet video H264 (NALU) quand le Data Partitioning est utilisé.Example : 3 Maro Blos (1 de type I, un de type P et un de type P) transportés dans lepaquet.Le rapport de vraisemblane Λ(r) = p(r|H1)
p(r|H0)

représente don la mesure de �abilité dudéodage (itée i-dessus) alors que le seuil du test λ représente le niveau de �abilité dudéodage exigé pour aepter un paquet dont le CRC n'est pas valide (les paquets dont leCRC est valide sont systématiquement aeptés).On démontre que dans notre as le rapport de vraisemblane s'érit
Λ(r) = (1 − P (s = b1)) ×

p(r|s = b1)∑K
j=2 p(r|s = bj)P (s = bj)Le rapport de vraisemblane s'exprime don en fontion des informations à priori et desinformations à posteriori sur les séquenes valides. Les métriques à posteriori sont donnéespar le déodeur robuste séquentiel alors que les probabilités à priori sont alulées par desformules théoriques (indépendemment du veteur des observations r).L'appliation du système de retransmission à une transmission vidéo H264 se fait sur lesséquenes CAVLC. En e�et, dans H264, un Maro Blo 16×16 pixels est enodé sous formede séquenes CAVLC (jusqu'à 16 séquenes CAVLC). Les en-têtes de la ouhe appliationet les en-têtes vidéo sont également présents dans le paquet vidéo qui transporte un slie(une partie ou la totalité d'une image). Le format du paquet vidéo H264 est représentépar la �gure 1 pour le as où le Data Partitioning n'est pas utilisé et par la �gure 2 pourle as où le Data Partitioning est utilisé.Un paquet vidéo H264 ontenant d'une façon générale plusieurs séquenes sur lesquellesle déodage robuste peut s'appliquer, une généralisation est néessaire. Ainsi, on onsidèreque le déodage robuste du paquet est �able si le déodage robuste de haune de sesséquenes l'est, i.e. le test s'érit



11Table 1: PSNR et nombre moyen de transmissions NSARQ des 3 premières images (IPP)de Forman.if pour une taille de paquet de 500 bits à un SNR de 9 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 27.6 29 32.3 35.6 37.8 39.8 40.4 40.62 40.64

NSARQ 1 1.16 1.52 1.92 2.33 2.91 3.15 3.34 3.42Table 2: PSNR et nombre moyen de transmissions NSARQ des 3 premières images (IPP)de Forman.if pour une taille de paquet de 1500 bits à un SNR de 9.5 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 30.8 31.8 34.7 37.2 38.8 40.3 40.6 40.62 40.64

NSARQ 1 1.31 2.25 3.57 5.35 7.43 8.11 8.43 8.5

min {Λ(ri),∀i ∈ {1, . . . , N}}
H1

≷

H0

λave
Λ(ri) = (1 − P (si = bi,1)) ×

p(ri|si = bi,1)∑K
j=2 p(ri|si = bi,j)P (si = bi,j)où bi,j est la séquene lassée au jème rang après le déodage robuste de la séquene si basésur l'observation ri.Les performanes du système de retransmission dé�ni ont été evaluées par simulation.Dans les simulations, les en-têtes ont été onsidérés orretement reçus alors que les donnéesont été modulées en BPSK et transmises sur un anal AWGN. Trois valeurs di�érentes dela taille du paquet et du SNR ont été utilisées.Les résultats des simulations de la transmission des 3 premières images de la séqueneForman au format CIF sont illustrés par les tables 1, 2 et 3 et les �gures 3, 4 and 5).Comme on peut le onstater, en faisant varier le seuil du test entre 1 et l'in�ni onpeut balayer un nombre in�ni de ompromis débit/qualité se trouvant entre les hi�resdu système robuste (sans ARQ) et du système ARQ. Il est par ailleurs partiulièrementintéressant de remarquer que la ourbe devient quasi-plate quand on s'approhe du pointARQ, e qui représente un gain en débit à qualité quasi-nominale (puisque le nombre deretransmissions est réduit pour quasiment la même qualité). Ainsi, le gain en débit à 0.4dB en dessous du PSNR nominal pour le as de la transmission de la première image (I) dela séquene Forman est de 6%, 13% et 19% pour les 3 as (SNR et taille de paquet) onsid-érés, respetivement. Le gain en débit à 0.3 dB en dessous du PSNR nominal pour le asTable 3: PSNR et nombre moyen de transmissions NSARQ des 3 premières images (IPP)de Forman.if pour une taille de paquet de 5000 bits à un SNR de 10.5 dB.

λ 1 10 25 50 100 250 500 1000 ∞
PSNR(dB) 36.9 37.2 38 39.4 40 40.45 40.62 40.63 40.64

NSARQ 1 1.23 1.96 3 4.18 5.96 6.65 6.75 6.98
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Figure 3: PSNR moyen des 3 premières images (IPP) de Forman.if en fontion du nombremoyen de transmissions pour une taille de paquet de 500 bits à un SNR de 9 dB.
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Figure 4: PSNR moyen des 3 premières images (IPP) de Forman.if en fontion du nombremoyen de transmissions pour une taille de paquet de 1500 bits à un SNR de 9.5 dB.de la transmission des 3 premières images (IPP) de la séquene Forman est de 8.5%, 14%et 17% pour les 3 as (SNR et taille de paquet) onsidérés, respetivement. Si on aepte



13

1 2 3 4 5 6 7
36.5

37

37.5

38

38.5

39

39.5

40

40.5

41

 Average number of transmissions

 P
S

N
R

 [d
B

]

 NALU size=5000 bits, SNR=10.5 dB

 

 

SARQ
Robust decoding
ARQ

Figure 5: PSNR moyen des 3 premières images (IPP) de Forman.if en fontion du nombremoyen de transmissions pour une taille de paquet de 5000 bits à un SNR de 10.5 dB.des baisses de débit plus importantes, par exemple à 2-3 dB en dessous du PSNR nominal(baisses pereptibles à l'÷il humain), le gain en débit est beauoup plus important: pour leas de la transmission de la première image (I) de la séquene Forman, le gain en débit estde 43%, 57% et 274% pour les 3 as (SNR et taille de paquet) onsidérés, respetivement,et pour le as de la transmission des 3 premières images (IPP) de la séquene Forman, legain en débit est de 46%, 58% et 256% pour les 3 as (SNR et taille de paquet) onsidérés,respetivement.Par la suite, la question de l'implémentation du système proposé dans les systèmespratiques (étroitement liée à elle du déodage robuste) est abordée. Cette dernière estbasée sur la présene d'un déodeur anal de type SISO (Soft Input Soft Output) au niveaude la ouhe physique, suivi d'un proessus permettant de faire remonter les informationssoft (paquets d'APPs au lieu de paquets de bits) jusqu'à la ouhe appliation, siège dudéodeur vidéo. L'exemple utilisé étant elui d'une interfae radio de type IEEE 802.16-2004 WiMAX.Il est aussi montré que l'implémentation du système proposé néessite la mise en plaed'un méanisme interouhe permettant à la ouhe appliation de ommander les retrans-missions MAC.En onlusion, dans e hapitre une nouvelle tehnique de retransmission est dé�niepour appliation dans les systèmes de ommuniations vidéo. Elle ombine déodage ro-buste et retransmissions. La déision de retransmettre un paquet est modélisée par un testd'hypothèses. On montre que le ritère de Neyman-Pearson doit être utilisé pour réduirele nombre de retransmissions tout en maintenant le même niveau de qualité. Les résultats



14de simulations basées sur des données enodées selon la norme H264 on�rment que leseuil du test permet de régler le ompromis débit/qualité. La qualité nominale est atteintepour une valeur in�nie du seuil et un bas débit, mais les résultats montrent qu'une qualitéquasi-nominale peut être atteinte pour une valeur �nie du seuil et un débit plus élevé.Le gain en termes de débit est alors fontion de l'e�aité du déodage robuste, qui elle,dépend de la plage de SNR et de la taille des paquets.Chapitre 4 : Transmission Shemes for Salable Video Stream-ing in Point-to-Multipoint CommuniationsDans e hapitre, on s'intéresse à la problématique de la transmission d'une vidéo salabledans un système point-à-multipoint. Une vidéo salable est une vidéo onstituée non pasd'un mais de plusieurs �ux de données d'importanes (et don de priorités) di�érentes.Le premier �ux est le �ux de base qui ontient la vidéo. Sans e �ux, la vidéo (séquened'images) ne peut être reonstruite. Ce �ux ontient une vidéo de qualité de base et estindispensable. Les autres �ux sont des �ux d'amélioration, i.e. la disponibilité d'un de es�ux permet d'améliorer la qualité de la vidéo en la ra�nant (ajout d'une préision sur lesvaleurs des pixels) omparé au as où seuls les �ux de niveau inférieur sont disponibles.A noter qu'un �ux n'est utile que dans son intégralité et que si tous les �ux d'importanehiérarhique plus faible sont également disponibles. Les �ux d'amélioration sont optionnelsou aéssoires.Les paquets du �ux de base sont notés �paquets I� alors que les paquets des �uxd'amélioration sont notés �paquets A�. L'approhe la plus direte pour la transmission dee type de vidéo onsiste à utiliser une protetion inégale d'erreurs, i.e. à transmettre lespaquets du �ux de base ave plus de protetion que les paquets des �ux d'amélioration.L'inonvénient de ette tehnique est qu'elle ne garantit pas la réeption du �ux de base.Pour y remédier on peut imaginer un système qui transmettrait tous les �ux en modeaquitté (i.e. en utilisant l'ARQ) mais un tel système ne respete pas la hiérarhie des �ux(aorde la même importane à tous les �ux et les traite tous omme des �ux de base).Ainsi, pour garantir la réeption du �ux de base tout en respetant l'importane des �ux,on propose d'utiliser une transmission en mode aquitté du �ux de base et une transmissionen Best E�ort (mode non aquitté) des �ux d'amélioration. Dans une telle transmissionon peut imaginer deux phases de transmission: Une première phase ou le �ux de base esttransmis en utilisant une tehnique ARQ du type Go-Bak-N (GBN) ou Seletive Repeat(SR) suivie d'une deuxième phase de transmission ylique en mode non aquitté des pa-quets des �ux d'amélioration.Un système Point-à-Multipoint est un système ave un seul émetteur et un ou plusieursréepteurs, le nombre de réepteurs K pouvant varier.Entre l'émetteur et un réepteur donné il y a un anal uniast. Ce anal est supposébinaire symétrique (BSC) et est aratérisé par un taux d'erreurs binaires donné. On sup-pose par ailleurs que les anaux uniast sont sans mémoire (les erreurs ont lieu de façontout à fait indépendante) et indépendants les uns des autres (les erreurs ayant lieu sur unanal sont indépendantes des erreurs ayant lieu sur les autres anaux).On suppose également que l'émetteur mémorise les aquittements (ou non aquitte-
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Figure 16: Niveaux de retransmissions dans une onnexion TCP (a) Dans le as de réseaux2G et 3G. (b) Dans le as de systèmes 802.16 WiMAX.donné que le nombre d'utilisateurs pouvant être très grand la diminution du débit due àl'utilisation de l'ARQ risque d'être onsidérable.Dans e hapitre, on essaie de dé�nir les limites de l'ARQ dans les systèmes Point-à-Multipoint ave pour but de déterminer les limites d'utilisation de l'ARQ en termesde nombre d'utilisateurs sous une ontrainte de débit. En dessous de ette limite, lesutilisateurs servi en mode ARQ béné�ient d'une qualité nettement meilleure que elledont ils auraient bénéféié sans ARQ ave des gains de PSNR pouvant dépasser les 10 dB.Les di�érents anaux uniast sont supposés binaires symétriques (BSC) et sont ar-atérisés par un taux d'erreurs binaires donné haun. On suppose par ailleurs que lesanaux uniast sont sans mémoire (les erreurs ont lieu de façon tout à fait indépendante)et indépendants les uns des autres (les erreurs ayant lieu sur un anal sont indépendantesdes erreurs ayant lieu sur les autres anaux).On suppose également que l'émetteur mémorise les aquittements (ou non aquitte-ments) des paquets de façon à e que seuls les aquittements (ou non aquittements) desutilisateurs n'ayant pas enore aquitté un paquet donné soient onsidérés à un momentdonné. Cei permet au nombre de transmissions d'augmenter de façon logarithmique enfontion du nombre d'utilisateurs plut�t que de façon exponentielle.On suppose en�n que les K réepteurs peuvent être divisés en G groupes d'utilisateurs.Chaque groupe d'utlisateurs étant aratérisé par le même taux d'erreurs binaires sur lesanaux uniast des di�érent réepteurs appartenant au groupe en question. Ainsi, le gèmegroupe est omposé de Kg utilisateurs et est aratérisé par un taux d'erreurs binaires εg.Il est alors évident que
K1 + K2 + · · · + KG = 1Dans e as, on démontre que le nombre moyen de transmissions (i.e. la moyenne du



21nombre de tentatives néessaires pour qu'un paquet soit aquitté par tous les réepteurs)s'érit:
M =

Mmax−1∑
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(1 − Pu,g
m)Kg −
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(1 − Pu,g
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+ Mmax ×
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(1 − Pu,g
Mmax−1)Kg


ave

Mmax : Nombre maximum de tentatives par paquet.
Pu,g = 1 − (1 − εg)

n : Probabilité d'une transmission uniast non aquittée au seindu groupe �g�.L'e�aité débit η s'érit
η =

1

M

n − nh

n
=

1

M
ηmax

ηmax =
n − nh

nave
ηmax: E�aité débit lorsque les retransmissions ne sont pas utilisées.
nh : Taille de l'en-tête (en bits).
n : Taille du paquet (en bits).Les paramètres utilisés sont Mmax = 10, n = 1024, nh = 48 (un numéro de séquenede 16 bits et un CRC de 32 bits).En pratique, toute ontrainte sur le débit moyen se traduit (en fontion du système)en ontrainte sur l'e�aité débit, et don en ontrainte sur le nombre moyen de transmis-sions: Si la ontrainte sur le débit est telle que η = ηmax, i.e. M = 1 alors l'ARQ ne peutpas être utlisé. Si par ontre la ontrainte de débit est telle que η < ηmax, i.e. M > 1 alorsl'ARQ peut éventuellement être utilisé (en fontion des paramètres du systèmes).Si on onsidère dans un premier temps que tous les réepteurs se trouvent dans lesmêmes onditions radio (i.e. G = 1, Kg = K et εg = ε), dans e as là une ontrainte surl'e�aité débit η ≥ η0 = αηmax ave α < 1 se traduit par une limitation sur le nombrede réepteurs K ≤ Kmax = f(η0).La �gure 17 montre le résultat pour des taux d'erreurs binaires ε = 10−4, ε = 10−5 et

ε = 10−6. Comme on peut le voir, Kmax est multiplié par un fateur 10 lorsque le tauxd'erreurs binaires est divisé par 10 (dans le as onsidéré). Aussi, si la ontrainte débitimpose une baisse de 15% par rapport au débit maximal, le nombre maximum d'utilisateursest de 20 à un taux d'erreurs binaires de 10−5 et de 200 à un taux d'erreurs binaires de
10−6.
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Figure 17: Nombre maximum d'utilisateurs Kmax en fontion de l'e�aité débit minimaledans des ondtions radio homogènes.Si à présent on onsidère que les réepteurs sont dans des onditions radio di�érentes,un algorithme est néessaire pour établir une liste de réepteurs pouvant être servi en modeaquitté (i.e. ave ARQ). Pour maximiser le nombre d'utilisateurs aeptés servi en modeaquitté, il est néessaire de onsidérer les utilisateurs se trouvant de bonne onditionsradio en priorité. L'algorithme onsiste alors à rajouter les utilisateurs un par un et es-timer l'e�aité débit qui en résulte. Dès que la ontrainte n'est plus véri�ée, le dernierutilisateur ajouté est exlu de la liste et le résultat représente la liste dé�nitive (puisque àe moment là tout ajout de réepteur fait que la ontrainte n'est plus vérifée).Le résultat est illustré sur la �gure 19 où le plus faible taux d'erreur binaire est de 10−5et ave un progression géométrique de raision r pour le reste des anaux.On note que Kmax diminue de plus en plus ave la dégradation globale des onditionsradio (augmentation de r). Cei dit la diminution est relativement faible pour des on-traintes débit élevées.En onlusion, dans e hapitre on étudie les systèmes de ommuniations Point-à-Multipoint (PMP) pour appliation à la fourniture de vidéos non salables dans un en-vironnement PMP. On ommene par exprimer analytiquement l'e�aité débit d'un telsystème ave des réepteurs se trouvant dans di�érentes onditions radio. On suppose quele système SR ARQ ave la stratégie Dynami Retransmission Group Redution (DRGR)est utilisé. On utilise alors le résultat de e alul analytique pour dé�nir la notion deapaité PMP d'un anal fréquentiel dans le mode aquitté (Aknowledged Mode : AM),i.e. le mode qui utilise les retransmissions ARQ, par opposition au mode non aquitté(unaknowledged mode) qui n'utilise pas les retransmissions ARQ.Ensuite, on dé�nit le Aknowledged Mode (AM) servie system et le Best-E�ort A-



23

of  BER) in a table

Evaluate the throughput

resulting Multicast system

receivers in the table

along with all the other

Reject the added receiver

Provide the service
to the Multicast Group

Evaluate the throughput

resulting Multicast system

Put all the receivers
in a Multicast Group

Yes

Add the receiver  
at the top of the table

to the Multicast Group

Accept the receiver

in the Multicast Group 

and remove it from

the table

No

Remove all the receivers from 

the Multicast Group

Is the required throughput

Is the required throughput

Yes No

Rank all the receivers
(in increasing order 

efficiencyη of the

efficiencyη of the

achieved (η ≥ η0) ?

still achieved (η ≥ η0) ?

Figure 18: Algorithme de séletion des réepteurs à servir en mode aquitté.



24

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
10

0

10
1

10
2

10
3

10
4

 Minimum required  throughput efficiency: η0

 M
ax

im
um

 n
um

be
r 

of
 r

ec
ei

ve
rs

 : 
K m

ax

 n=1024, Mmax=10, ε1=10−5 with a geometrical progression

 

 

r=1

r=1.0006

r=1.0023

r=1.0077

r=1.0235

Figure 19: Nombre maximum d'utilisateurs Kmax en fontion de l'e�aité débit minimaleave une progression géométrique des taux d'erreurs binaires.knowledged Mode (BEAM) servie system. Le système AM utilise uniquement le modeaquitté et n'aepte qu'un nombre limité d'utilisateurs. Le système BEAM, quant à lui,aepte tous les utilisateurs. Par défaut, il utilise le mode aquitté. Si la apaité PMP enmode aquitté est dépassée, il basule sur le système non aquitté. On dé�nit égalementles algorithmes assoiés dans le as ou plusieurs anaux fréquentiels sont dé�nis.En�n, on montre, grâe à l'étude préédente, que les retransmissions ARQ peuvent êtreutilisées jusqu'à une ertaine limite en termes de nombre d'utilisateurs, permettant ainsid'améliorer la qualité de la vidéo fournie.ConlusionsDans ette thèse, un système ombinant le test d'hypothèses aux méhanismes de déodagerobuste et de retransmissions ARQ a été proposé et étudié. Ce système est désigné parle nom de Soft ARQ (SARQ). A également été proposé et étudié un nouveau système detransmission d'une vidéo salable à 2 niveaux dans un environnement Point-à-Multipoint.Une optimisation des systèmes de transmission d'une vidéo non salable dans un environ-nement Point-à-Multipoint a aussi été e�etuée.L'étude du système SARQ a montré que
• Contrairement aux systèmes à déodage robuste (sans retransmissions) et aux sys-tèmes à retransmissions basées sur le CRC, le système SARQ o�re la possibilité dehoisir le ompromis débit/qualité grâe au seuil de test.
• Le gain en débit de e système, omparé à l'ARQ lassique (qui garantit une qualiténominale) augmente ave la apaité de orretion du déodage robuste.



25
• Un méanisme interouhes est néessaire pour implémenter le déodage robusteet/ou le SARQ sur des systèmes pratiques.L'étude sur la transmission d'une vidéo salable à deux niveaux a montré que :
• Le nouveau système proposé est optimal en termes de performanes tout en réduisantles besoins de bu�erisation au niveau du terminal réepteur.
• L'augmentation du nombre d'utilisateurs ne détériore que légèrement les perfor-manes du système alors qu'elle améliore onsidérablement l'e�aité d'utilisationde la bande passante.En�n, l'étude sur la transmission d'une vidéo non salable dans un environnementPoint-à-Multipoint a montré que ontrairement à e qui est fait dans les systèmes Mul-tiast/Broadast atuels, on peut utiliser les retransmissions ARQ jusqu'à une ertainelimite sur le nombre d'utilisateurs, permettant ainsi d'améliorer le niveau global de qualitévidéo apporté par es servies.
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IntrodutionMultimedia servies provided by wireless networks emerged as an important tehnologyand attrated muh attention reently, with the development of new teleommuniationinfrastrutures and standards (GPRS/EDGE, UMTS/HSDPA, WiMAX, DVB-H). Unlikevoie servies, video servies are haraterized by large bandwidth requirements, whih anbe hundreds of times higher than the bandwidth required by voie servies, and when theseservies are provided through wireless networks, one faes the problem of sare bandwidthresoures.In multimedia appliations, the data to be transmitted are ompressed by a soureenoder at the appliation layer. Therefore, one way of reduing the bandwidth used is toinrease the ompression rate in order to redue the amount of data to be transmitted andhene the bandwidth neessary to transmit them. The mehanism for video ompressionutilizes a hybrid of temporal and spatial predition, transform oding and variable lengthoding. The ombination of these methods provides high ompression gain, but at thesame time makes the enoded video very sensitive to hannel errors. A single transmissionerror an lead to the loss of large parts of the video at the reeiver. The reovery of dataloss within a video ommuniation system an be solved by orreting errors using theredundanies inherent to the video stream, whih is known as robustness or by retransmit-ting the erroneous pakets, known as Automati Repeat reQuest (ARQ). The two shemesdo not allow to trade throughput for quality. Robustness-based shemes, by not usingretransmissions, have maximum throughput but poor quality whereas ARQ shemes, bymaking use of retransmissions, provide the best possible quality at the expense of a lowthroughput. In this thesis, we propose a sheme whih not only aims at improving thethroughput-quality ompromise but also provides the possibility to trade throughput forquality and vie versa, by tuning a parameter haraterizing the system.Another e�ient way to redue the neessary bandwidth would be by gathering all theustomers asking for the same multimedia ontent in one group of reeivers to whih thedata are onveyed using the same hannel. The bandwidth is then redued by a fatorequal to the total number of reeivers. This approah is valid in ase multiple ustomersper ell are interested in the same ontent. It is partiularly useful for multimedia ap-pliations like video �le transfer or video streaming appliations beause many reeiversmay be interested in the same video ontent. The urrent Multiast/Broadast servies donot use retransmissions. However, retransmission of erroneous pakets is very suitable toreover from missing data and improve the provided quality. In this thesis, we prove thatretransmissions an be used in point-to-multipoint ommuniations up to a given limit onthe number of reeivers.



40 IntrodutionOn the other hand, salable video odes o�er the possibility to have several qualitiesof the same enoded video, by providing at its output two streams (or more). If the videodeoder is provided with the �rst enoded stream, the video obtained after the deodingoperation is of basi quality. The other streams are quality enhanement streams, i.e. eahtime the deoder is provided with an additional stream, the displayed video quality is up-graded. In other words, the basi stream is indispensable if the end user wants to wath thevideo sequene while the other streams are only optional, i.e. it would be preferable butnot indispensable to have them. In this thesis, shemes for the transmission of a two-levelsalable video sequene towards several lients were studied.Note that the fous is on the reent H.264/AVC standard but the proposed methodsapply to other video oding standards too.
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Chapter 1Servie provision over ellularnetworks1.1 IntrodutionThis hapter provides a general desription of the end-to-end link over whih multimediadata are transmitted between an Internet server and an end user's mobile terminal, througha ellular network. We onsider 2G, 3G and IEEE 802.16-2004 WiMAX systems.Setion 1.2 desribes the physial arhiteture whereas setion 1.3 desribes the logialarhiteture of the networks onsidered.1.2 End-to-end arhitetureMost of the time, the terminal uses the uplink to request a servie (data the terminal wantsto aess) that is provided by the network through the downlink. The requested data aregenerally stored and available at an Internet server, whih represents the transmitter end,while the terminal represents the reeiver end of the ommuniation. The arhiteture ofthe network in question lies between these two ends (the Internet server and the terminal)as illustrated in Fig. 1.1.The end-to-end link is omposed of two parts : A wired part between the Internet serverand the Base Station and a wireless part between the Base Station and the terminals. Thewired part onsists of the Radio Aess Network (RAN), the Core Network (CN) and theInternet part (suession of Internet Routers the data pakets are routed through up tothe CN). Radio networks an then be seen as an extension of the Internet.In the wired part, pakets may be lost due to ongestion (router bu�er over�ow) ormisrouting. In the wireless part, pakets may be lost due to transmission errors (erroneouspakets are disarded at the reeiver). When data are not available at the terminal, theorresponding pakets may be retransmitted by the server or some other intermediate ele-ment of the radio network. Paket retransmission is known as Automati Repeat ReQuest(ARQ).In ase the data missing at the reeiver are not retransmitted, the reeiver will haveto do with some unavailable data, whih a�ets the overall quality. In ase of video forexample, Error Conealment tehniques may be used so that the deoder does not rash,but the reeived video will not have nominal quality.In ase the data missing at the reeiver are retransmitted, the integrity of the reeived
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Figure 1.1: Arhiteture of a server-terminal end-to-end onnetion over 2G, 3G andWiMAX systems.data is ensured. In ase of video for instane, the reeived video will have nominal qual-ity. When a paket is orretly reeived, the reeiver sends an aknowledgement to thetransmitter (server or intermediate network element), otherwise it either sends a negativeaknowledgement or doesn't send anything (after a given time-out period, the paket isretransmitted). This requires the peer entities to be able to identify the di�erent pakets.In order to do so, the transmitter assigns a sequene number to eah paket. If the sequenenumber is represented over ns bits, the sequene range is 0, . . . , 2ns − 1. This sequenerange is used ylially. A sliding window of a size less than 2ns is used to ensure that theylially reusable sequene numbering works properly.1.3 Cellular Networks protool staksTwo protools are widely used for the transport of data over networks that use the InternetProtool : the Transmission Control Protool (TCP) and the User Datagram Protool(UDP). The Real-time Transport Protool (RTP) is used in onjuntion with UDP in aseof real-time appliations.TCP ensures end-to-end reliable transfer through the use of retransmissions of lostpakets. UDP provides a Best E�ort transport, i.e. if pakets are lost, they are notretransmitted.Fig. 1.2 shows the whole protool stak that may be used to transport data over a2G(GPRS, EDGE), 3G(UMTS/HSDPA) or IEEE 802.16 WiMAX network. Note thatpakets follow either path 1 or path 2, i.e. TCP and the RTP/UDP ombination annotbe used at the same time.Considering the donwnlink, the downward diretion represents the data �ow on thenetwork side (from the server to the base station) whereas the upward diretion representsthe data �ow at the (reeiving) terminal. A simpli�ed representation of how the protoolsare implemented on the di�erent network elements is shown in Fig. 1.3. Note that otherprotools are used at lower levels of intermediate elements.Below, we brie�y disuss the TCP, RTP, UDP and IP paket formats, as well as the
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Figure 1.2: Protool stak for the transport of real-time appliations data over the 2G, 3Gand WiMAX systems.
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Figure 1.3: Protool stak in an end-to-end link through a radio network.data link layers of 2G and 3G systems. The MAC layer of IEEE 802.16-2004 WiMAX isdisussed in more detail.1.3.1 TCP paket formatWhen TCP is used (instead of UDP or RTP/UDP), it ontains the appliation layer data,whih are enapsulated in the payload �eld of the paket, and to whih is appended aheader. The header ontains, among other �elds:
• The Soure port �eld (16 bits) identi�es the sending port.
• The Destination port �eld (16 bits) identi�es the reeiving port.
• The Sequene number �eld (32 bits) is the sequene number of the �rst data otetin the paket.
• The Data o�set �eld (4 bits) spei�es the size of the TCP header in 32-bit words.
• The Window �eld (16 bits) spei�es the size of the reeive window, i.e the number ofbytes (beyond the sequene number in the aknowledgement �eld) that the reeiveris urrently willing to reeive.



44 1. Servie provision over ellular networks1.3.2 RTP paket formatIn real-time appliations, the Real-time Transport Protool (RTP) (in onjuntion withUDP) is generally preferred to TCP. The RTP paket ontains the appliation layer data,whih are enapsulated in the payload �eld of the paket, and to whih is appended aheader. A �xed header is always present. This header may be extended. The �xed headerontains, among other �elds:
• The PT (Payload Type �eld (7 bits) identi�es the ontent of the RTP payload anddetermines its interpretation by the appliation. For H264/AVC data, this value isequal to 105.
• The Sequene number �eld (16 bits) inrements by 1 for eah RTP paket.The extension header allows individual implementations to experiment with funtionsthat require additional information to be arried in the RTP header.1.3.3 UDP paket formatWhen UDP is used in onjuntion with RTP, it ontains the RTP data (when used alone,it ontains the appliation data), whih are enapsulated in the payload �eld of the paket,and to whih is appended a 64-bit header. The �elds of the header are desribed as follows
• The Soure Port �eld (16 bits) identi�es the sending port.
• The Destination Port �eld (16 bits) identi�es the reeiving port.
• The Length �eld (16 bits) spei�es the length in bytes of the entire datagram (paket): header and data
• The Cheksum (16 bits) is used for error-heking of the header and data.1.3.4 IP paket formatThere are two widely deployed versions of the IP protool : IPv4 and IPv6. We onlyonsider IPv4 sine it is the dominant version. IP pakets ontain the transport layerdata, whih are enapsulated in the payload �eld of the paket, and to whih is appendeda header. The header ontains, among other �elds:
• The Version �eld (4 bits) spei�es the IP protool version. For IPv4, this has a valueof 4.
• The Protool �eld (8 bits) indiates the next level protool used in the data portionof the IP paket. TCP orresponds to value 6 and UDP to value 17.
• The Header heksum (16 bits) is used for error-heking of the header.
• The Soure address (32 bits) ontains IP address of the sender.
• The Destination address (32 bits) ontains the IP address of the reeiver.
• The Options �eld (variable size) ontains additional header �elds that may followthe destination address �eld.



451.3.5 Data Link LayerIn UMTS and HSDPA (see Fig. 1.4), The IP paket is enapsulated into a Paket DataConvergene Protool (PDCP) PDU. The PDCP layer performs TCP/IP and UDP/IPheader ompression and deompression. The PDCP PDU is then delivered to the RLCsublayer and �ts into an RLC SDU. The RLC sublayer segments the RLC SDU and addsa header to eah segment to form the RLC PDU. The MAC layer adds its header to theRLC PDU to form the MAC PDU. A CRC is appended to the MAC PDU data prior toits delivery to the physial layer.
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Figure 1.4: Data �ow at the link layer in 3G systems.In GPRS and EDGE (see Fig. 1.5). The RLC and MAC layers are implemented in onelayer. After segmentation, an RLC header is added to eah segment, then a CRC alledthe Burst Control Sequene (BCS) proteting the RLC header and data is appended, and�nally the MAC header is added to form the RLC/MAC radioblok whih is delivered tothe physial layer.The LLC frame segmented by the RLC/MAC layer ontains a Frame Header (FH) anda Frame Control Sequene (FCS). The FCS is a 24-bit CRC that protets both the headerand the data. The LLC frame data represent the Sub Network Dependent ConvergeneProtool (SNDCP) layer data. The SNDCP layer enapsulates the IP pakets into sub-network formats (alled SNPDUs) and performs header ompression to make for e�ientdata transmission.
LLC Frame

RLC
Header

RLC Data

RLC/MAC layer

LLC layerR
ea

ss
em

bl
y

S
eg

m
en

ta
tio

n

RLC Data RLC Data

Frame Data FCS

MAC
Header
MAC BCSRLC/MAC

block

Frame
Header

Figure 1.5: Data �ow at the link layer in 2G systems.



46 1. Servie provision over ellular networksIn IEEE 802.16-2004 WiMAX, the MAC layer omprises three sublayers (see Fig. 1.6):
• The servie-spei� Convergene Sublayer (CS).
• The MAC Common Part Sublayer (CPS).
• The seurity sublayer.
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YFigure 1.6: IEEE 802.16 protool layers.There are two types of PDUs at the MAC level (see Fig. 1.6) :

• The CS PDU exhanged between CS and the MAC CPS.
• The MAC CPS PDU exhanged between the seurity sublayer and the PHY layer.There is no PDU exhanged between MAC CPS and the seurity sublayer beausethe seurity sublayer doesn't add any header, it just enrypts the MAC PDU (exept itsheader) and passes it to the PHY layer. That is why the PDU exhanged between theseurity sublayer and the PHY layer is the MAC CPS PDU, whih ould be enrypted inase of a seure onnetion. The MAC CPS PDU also represents the PDU of the wholeMAC layer, that is why it is alled the MAC PDU, bearing in mind that it is a possiblyenrypted MAC CPS PDU. Similarly, the CS SDU represents the SDU of the whole MAClayer, that is why it is alled the MAC SDU.1.3.6 The Convergene SublayerThe CS resides on top of the MAC CPS. It is used for the transport of all paket-based pro-tools suh as Internet Protool (IP), Point-to-Point Protool (PPP), and the IEEE 802.3(Ethernet). It optionally suppresses a repetitive portion of the header at the transmitterand restores it at the reeiver.In the sequel we will only onsider the ase of the IP protool sine we are interestedin the ase of the transmission of video data originating from an internet server using theRTP/UDP/IP or the TCP/IP protool staks under the appliation layer.



471.3.7 The Common Part SublayerThe MAC CPS provides the ore MAC funtionality of system aess, bandwidth alloa-tion, onnetion establishment, and onnetion maintenane. It reeives the data from theCS through the MAC SAP.The MAC (CPS) PDU format There are three types of MAC PDUs:
• MAC management PDUs (ontrol messages).
• User data PDUs.
• Bandwidth request PDUs.MAC PDUs shall be of the form illustrated in Fig. 1.7. Eah PDU shall begin with a6-byte header and may ontain a 32-bit CRC.

MAC header Payload (optional) CRC (optional)Figure 1.7: MAC PDU general format.Bandwidth request PDUs ontain a bandwidth request header and no payload. MACmanagement PDUs and user data PDUs ontain a generi header and a payload. Thepayload onsists of subheaders and higher layer data.Five types of subheaders may be present. Only three of them are relevant for thedownlink:1. The Fragmentation subheader, used only when paking is not used regardless ofwhether fragmentation is used or not.2. The FAST-FEEDBACK alloation subheader, used only with the OFDMA PHY (2types of physial layer are possible: the OFDM PHY and the OFDMA PHY, bothuse the OFDM transmission tehnique).3. The paking subheader, used only when paking is used.The paking and fragmentation subheaders are mutually exlusive (they annot bothbe present within the same MAC PDU).The paking subheader is said to be a per SDU subheader. The other subheaders arealled per PDU subheaders. The per PDU subheaders appear only one in the PDU. ThePaking SubHeader (PSH) appears as many times as there are SDUs or fragments of SDUspaked in the PDU in question. When paking is not used, the payload ontains one perPDU subheader or several per PDU subheaders appearing one followed by an SDU (orfragment of SDU) as shown in Fig. 1.8.When paking is used, the payload ontains one or several per PDU subheaders ap-pearing one, followed by a series of SDUs (or fragments of SDU) eah preeded by theorresponding PSH (see Fig. 1.9). There are as many paking subheaders as paked SDUs(or fragments of SDUs) beause the PSH ontains the Sequene Number of the pakedSDU (or fragment of SDU).The generi header ontains, among other �elds:



48 1. Servie provision over ellular networks
MAC Header

Generic per PDU 
subheaders

SDU (or fragment
(optional)
CRC

of an SDU)Figure 1.8: MAC PDU format when paking is not used.
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(optional)of an SDU) of an SDU)Figure 1.9: MAC PDU format when paking of two SDUs (or fragments of SDUs) is used.

• The CI (CRC Indiator) �eld (1 bit) indiates whether a CRC is appended to thePDU (payload and header) or not.
• The EC (Enryption Control) �eld (1 bit) indiates whether the payload is enryptedor not.
• The LEN (Length) �eld (11 bits) indiates the length in bytes of the MAC PDUinluding the MAC header and the CRC if present.
• The Type �eld (6 bits) indiates the subheaders and the speial payloads present inthe message payload, notably:� The seond bit indiates whether a paking subheader is present or not.� The third bit indiates whether a fragmentation subheader is present or not.� The fourth bit (Extended Type) indiates whether the present fragmentationsubheader or paking subheaders are extended or not (see below).The Fragmentation Subheader (FSH) ontains the following �elds:1. Frame Control (FC) �eld (2 bits) : Indiates the fragmentation state of the payload00 = no fragmentation01 = last fragment10 = �rst fragment11 = ontinuing (middle) fragment2. If ARQ is enabled, a Blok Sequene Number (BSN) �eld (11 bits) : Sequene numberof the �rst blok in the urrent SDU (fragment). Else, a Fragment Sequene Number(FSN) of either 3 bits or 11 bits (depending on the value of the Extended Type bit).3. Reserved �eld (3 bits) set to zero.The Paking Subheader (PSH) ontains the following �elds:1. Frame Control (FC) �eld (2 bits) : Indiates the fragmentation state of the payload00 = no fragmentation01 = last fragment



4910 = �rst fragment11 = ontinuing (middle) fragment2. If ARQ is enabled, a Blok Sequene Number (BSN) �eld (11 bits), sequene numberof the �rst blok in the urrent SDU or fragment of SDU (see below). Else, a FragmentSequene Number (FSN) of either 3 bits or 11 bits (depending on the value of theExtended Type bit).3. Length �eld (11 bits) : Length of the SDU (fragment), inluding the paking sub-header.SDU reonstrution and delivery when ARQ is not enabled When ARQ is notenabled, SDUs or fragments of SDUs are numbered using the Fragment Sequene Number(FSN).In ase fragmentation is used, the reeiver uses the FC �eld of the FSH to reassemblethe fragmented SDUs. When the FC �eld ontains the binary word 00, the unfragmentedSDU is delivered diretly to the upper layers. When the FC �eld ontains the ode 10or the ode 11, the fragment of the SDU is bu�ered until the last fragment (FC=01) isreeived. As soon as the last fragment is reeived, the SDU is reonstruted and deliveredto the upper layers (see Fig. 1.10).
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Figure 1.14: MAC PDU enryption.In our study, we do not onsider data enryption, that is to say, no Seurity Assoiationis mapped to our onnetions.1.3.9 ConatenationConatenation is the proess by whih multiple MAC PDUs (MPDUs) are ombined into asingle PHY SDU or burst. MAC management MPDUs, user data and bandwidth requestMPDUs may be ombined in the same burst.Figure 1.15 shows a MAC burst in whih n MAC PDUs have been onatenated. Notethat the physial layer is OFDM-based and padding is generally used so that the size ofthe burst orresponds to an integer number of OFDM symbols at the PHY level, i.e thePHY burst ontains an integer number of OFDM symbols.
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MAC PDU−1 MAC PDU−2 ...

padding

MAC PDU-n 1· · ·1

Figure 1.15: Conatenation of several MPDUs into a single transmission (burst).1.4 ConlusionIn this hapter, a general desription of 2G, 3G and IEEE 802.16-2004 WiMAX ellularnetworks was given. The physial arhiteture and the protool stak of the end-to-endlink over whih multimedia servies are provided to mobile end users were both addressed.The stress was put more on the IEEE 802.16-2004 �xed WiMAX for IEEE 802.16-2004was an established standard (when this work was underway ontrary to the 802.16e mobileWiMAX standard whih was still in progress) meant for multimedia servie provision, inurban areas (in rural areas, it is meant for provision of Internet aess to ustomers whodo not have aess to DSL). Chapter 2 disusses video ompression and the appliationlayer in the ase of an H264 video transmission.
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Chapter 2Video Compression2.1 IntrodutionThis hapter is devoted to video ompression. General digital video-related notions arebrie�y disussed in setions 2.2 and 2.3. An overview of the H264/AVC video standard isgiven afterwards in setion 2.4.Note that most of the material in this hapter was opied from the thesis of CédriMarin (103).2.2 Video CaptureA digital video is �rst aptured by a amera and ompressed by a video enoder. Then, itis either stored or transmitted.Digital video is the representation of a sampled video sene in digital form. Eah spatio-temporal sample (piture element or pixel) is represented as a number or set of numbersthat desribes the brightness and olour of the sample.In the RGB olour system, a olour image sample is represented with three numbersthat indiate the relative proportions of Red, Green and Blue (the three additive primaryolours of light). Any olour an be reated by ombining red, green and blue in varyingproportions.The YUV olour system is another way of e�iently representing olour images. Y isthe luminane (luma) omponent whereas U and V are the olor (hrominane or hroma)omponents. Components Y, U and V are alulated as a weighted average of R, G andB.2.3 Video QualityIn order to speify, evaluate and ompare video ommuniation systems it is neessaryto determine the quality of the video images displayed to the viewer. Measuring visualquality is di�ult and often impreise beause there are so many fators that an a�etthe results. Visual quality is inherently subjetive and is in�uened by many fators thatmake it di�ult to obtain a ompletely aurate measure of quality. For example, aviewer's opinion of visual quality an depend very muh on the task at hand, suh aspassively wathing a DVD movie, atively partiipating in a videoonferene or trying



54 2. Video Compressionto identify a person in a surveillane video sene. Several test proedures for subjetivequality evaluation are de�ned in ITU-R Reommendation BT.500-11 (38).The omplexity and ost of subjetive quality measurement make it attrative to be ableto measure quality automatially using an algorithm. Developers of video ompression andvideo proessing systems rely heavily on so-alled objetive (algorithmi) quality measures.The most widely used measure is Peak Signal to Noise Ratio (PSNR), whih depends onthe Mean Squared Error (MSE) between an original image Io and a reonstruted image
Ir, relative to (2n −1)2 (the square of the highest-possible signal value in the image, where
n is the number of bits per image sample).Considering images of size L × H pixels, the MSE is de�ned by

MSE =
1

L · H
H∑

i=1

L∑

j=1

[Io(i, j) − Ir(i, j)]
2 (2.1)and the PSNR is given by

PSNR = 10 log10

(
(2n − 1)2

MSE

) (2.2)Note that, generally, reonstruted images have an aeptable quality starting from 30dB of PSNR and that image samples are represented over 8 bits (n = 8) most of the time.2.4 The H264/AVC standardThe H264/AVC standard is used as our video referene in this thesis.In H264/AVC, the basi proessing element is the Maroblok. A maroblok is animage area of 16 × 16 luma samples and assoiated hroma samples (8 × 8 samples withthe 4:2:0 sampling pattern). In order to enode the whole image, the deoder enodessuessively all its marobloks.Further, some enoding operations require smaller elements for their orrespondingproessing. The basi element of a maroblok is the blok. A blok orresponds to an imagearea of 4 × 4 pixels, i.e. a luminane maroblok onsists of 16 bloks and a hrominanemaroblok onsists of 4 bloks. Figure 2.1 shows the subdivision of a luminane imageinto marobloks and bloks.The H264/AVC enoder onsists of a Video Coding Layer (VCL), whih onvertsthe aptured video sequene into a ompressed binary stream and a Network Abstra-tion Layer (NAL) whih formats the binary stream into a �ow of video pakets (see Fig.FigH264Layers).2.4.1 The Video Coding Layer (VCL)General struture The blok diagram of an H264 enoder is illustrated in Fig. 2.3.The enoder inludes two data�ow paths, an enoding path and a deoding path.An input frame is proessed in units of a maroblok. Eah maroblok is enoded inintra or inter mode and, for eah blok in the maroblok, a predition is formed basedon reonstruted piture samples. In Intra mode, the predition is formed from samplesin the urrent frame that have previously been enoded, deoded and reonstruted. In
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Macroblock of 16 x 16 pixels Block of 4 x 4 pixels

Figure 2.1: Subdivision of a luminane image into marobloks and bloks.
Application Layer

Video Coding Layer (VCL)

Network Abstraction Layer (NAL)

Transport LayerFigure 2.2: H264/AVC sublayers.Inter mode, the predition is formed by motion-ompensated predition from a referenepiture. The predition referene piture for eah maroblok partition may be hosen froma seletion of past or future pitures (in display order) that have already been enoded,reonstruted and �ltered. The predition is subtrated from the urrent blok to produea residual (di�erene) blok that is transformed (using a blok transform) and quantizedto give a set of quantized transform oe�ients whih are reordered and entropy enoded.The entropy-enoded oe�ients, together with the motion vetors and side informationrequired to deode eah blok within the maroblok (predition modes, quantizer param-eter, et.) form the ompressed bitstream whih is passed to a Network Abstration Layer
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Figure 2.3: H264 enoder.(NAL) for transmission or storage.As well as enoding and transmitting eah blok in a maroblok, the enoder deodes(reonstruts) it to provide a referene for further preditions. The quantized transformoe�ients are dequantized and inverse transformed to produe a di�erene blok. Thepredition blok is added to predition blok to reate a reonstruted blok (a deodedversion of the original blok). A �lter is applied to redue the e�ets of bloking distor-tion and the reonstruted referene piture is reated from a series of reonstruted bloks.The struture of the deoder is muh simpler than that of the enoder. The deoderreeives a ompressed bitstream from the NAL and entropy deodes the data elements toprodue a set of quantized transform oe�ients. The quantized transform oe�ients arethen dequantized and inverse transformed to produe a di�erene blok. The preditionblok is added to reate a reonstruted blok (a deoded version of the original blok). A�lter is applied to redue the e�ets of bloking distortion and the reonstruted referenepiture is reated from a series of reonstruted bloks.Five types of images are supported by the H.264/AVC standard: I, P, B, SI and SP.SI and SP images are used to swith between di�erent video streams and are not usedin the presene of only one video stream. An I image may ontain only I marobloktypes, a P image may ontain P and I maroblok types and a B image may ontain Band I maroblok types. I marobloks are predited using intra predition from deodedsamples in the urrent slie. P marobloks are predited using inter predition, eah fromone referene piture. B marobloks are predited using inter predition from 2 referene
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Figure 2.4: Struture of a GOP and dependanies between frames.pitures.Ideally, an I image should appear with a hange of sene, i.e. when the temporalredundanies are negligeable. However, deteting a hange of sene is a di�ult task (al-gorithmially) and therefore enoders inlude an I image at regular intervals, separatingthus di�erent Groups Of Pitures (GOPs). A GOP starts with an I image and is followedby a sequene of P and B images. The standard struture of a GOP is illustrated in Fig.2.4. The �rst image of a GOP resets the referene image memory (Instantaneous DeodingRefresh or IDR). This tehnique allows the deoder to resynhronize with the stream inase of lossy transmission.Below, we desribe the operation of the di�erent tools disussed above in more details.Intra predition In intra mode a predition blok is formed based on previously en-oded and reonstruted bloks and is subtrated from the urrent blok prior to enoding.For the luma samples, a predition blok is formed for eah 4 × 4 blok or for a 16 × 16maroblok. There are a total of nine optional predition modes for eah 4×4 luma blok,four modes for a 16 × 16 luma blok and four modes for the hroma omponents. Theenoder typially selets the predition mode for eah blok that minimizes the di�erenebetween the predition blok and the blok to be enoded.Inter predition Inter predition reates a predition model from one or more previouslyenoded video frames using blok-based motion ompensation. The luminane omponentof eah maroblok (16 × 16 samples) may be split up in four ways (see Fig. 2.5) andmotion ompensated either as one 16×16 maroblok partition, two 16×8 partitions, two
8 × 16 partitions or four 8 × 8 partitions. If the 8 × 8 mode is hosen, eah of the four
8 × 8 sub-marobloks within the maroblok may be split in a further 4 ways (see Fig.2.6), either as one 8 × 8 sub-maroblok partition, two 8 × 4 sub-maroblok partitions,two 4 × 8 sub-maroblok partitions or four 4 × 4 sub-maroblok partitions.Eah partition or sub-maroblok partition in an inter-oded maroblok is preditedfrom an area of the same size in a referene piture. A motion vetor is assoiated to eahpartition of a maroblok. This vetor represents the o�set between the two areas (thepartition to be predited and the area mathing it in the referene piture).
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8×816×16 8×16 16×8Figure 2.5: Maroblok partitions: 16 × 16, 8 × 16, 16 × 8, 8 × 8.
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4×48×8 4×8 8×4Figure 2.6: Sub-maroblok partitions: 8 × 8, 4 × 8, 8 × 4, 4 × 4.Eah hroma omponent in a maroblok (U and V) has half the horizontal and ver-tial resolution of the luminane (luma) omponent. Eah hroma blok is partitioned inthe same way as the luma omponent, exept that the partition sizes have exatly halfthe horizontal and vertial resolution (an 8 × 16 partition in luma orresponds to a 4 × 8partition in hroma; an 8 × 4 partition in luma orresponds to 4 × 2 in hroma and soon). The horizontal and vertial omponents of eah motion vetor (one per partition) arehalved when applied to the hroma bloks.Transform and quantization H.264 uses three transforms depending on the type ofresidual data that is to be oded: a ore (DCT-based) transform for all 4 × 4 luma andhroma bloks in the residual data, a Hadamard transform for the 4× 4 array of luma DCoe�ients in intra marobloks predited in 16× 16 mode and a Hadamard transform forthe 2 × 2 array of hroma DC oe�ients.The DCT based transform is applied to all 4× 4 residual luma and hroma bloks andis based on the matrix H1 given by
H1 =




1 1 1 1
2 1 −1 2
1 −1 −1 1
1 −2 2 −1


 (2.3)If the maroblok is enoded in 16 × 16 Intra predition mode, the DC oe�ients ofeah 4 × 4 blok (transformed using the ore transform desribed above) are transformedagain using the 4 × 4 Hadamard transform with the following matrix:



59Positive value Signed value Codeword0 0 11 +1 0102 −1 0113 +2 001004 −2 001015 +3 001106 −3 001117 +4 00010008 −4 00010019 +5 000101010 −5 0001011
· · · · · · · · ·Table 2.1: Exp-Golomb oding mapping table.

H2 =




1 1 1 1
1 1 −1 −1
1 −1 −1 1
1 −1 1 −1


 (2.4)Also, the DC oe�ients of eah 4 × 4 blok of hroma oe�ients are grouped in a

2 × 2 blok and are further transformed using the 2 × 2 Hadamard transform with thefollowing matrix
H3 =

[
1 1
1 −1

] (2.5)A matrix X is transformed into matrix Y aording to the equation
Y = Hi · X · HT

i (2.6)where Hi may represent H1, H2 or H3.Entropy Coding In H264, elements are enoded using either the Context-based Adap-tive Based Varibale Length Codes (CAVLC) (41) or Context-based Adaptive Binary Arith-meti Coding (CABAC) (42).In this thesis, we have used only CAVLC. In CAVLC, two ompression tehniques areused. The �rst tehnique is based on Exponential-Golomb (Exp-Golomb) oding (43) andenodes all elements (MB type, quantizer step, motion vetors ...) exept for residuals.The seond tehnique enodes the residual transform oe�ients.Exp-Golomb oding In this type of oding, every element is �rst represented by aninteger value, and then mapped onto a VLC aording to table 2.1.



60 2. Video CompressionEnoding of residual transform oe�ients After predition, transformation andquantization, bloks are typially sparse (ontain mostly zeros) and the highest non zerooe�ients are often equal to ±1. These oe�ients will be denoted T1s.As shown in Fig. 2.7, eah 4× 4 blok of quantized transform oe�ients is mapped toa 16-element array in a zig-zag order. The oe�ients are thus sorted in inreasing orderof frequeny (the higher the index of the oe�ient in the array, the higher its frequeny)and their levels will statistially tend to derease.
start

1 2 0 1 10 −1 0 0 0 0 0 0 0 0 0

T1s : −1, +1, +1
Levels : +2, +1
TotalZeros=2
RunBefores : 0,1,1

Preamble : TotalCoeffs = 5
TrailingOnes = 3 (maximum value)

x4    4 block of quantized transform coefficients

−1121

0 0 0

1 0 0 0

0

0 0 0 0

Syntax elements (in reverse order):

end

Figure 2.7: Enoding of residual transform oe�ients of a 4 × 4 blok using CAVLC.The number of non-zero oe�ients (TotalCoe�s) and the number of T1s (Trailin-gOnes) are enoded �rst. These two parameters are ombined in the same odeword(Coe�Token), obtained using one of the VLC tables de�ned in Figs 1 and 2 of appendix C.The seletion of the VLC table depends on the number of non-zero oe�ients ontainedin the neighbouring bloks.At the seond step, the sign and magnitude of eah non-zero oe�ient are enodedin reverse order, starting with the highest frequeny and working bak towards the DCoe�ient. For the enoding of T1s, only the sign is enoded with a single bit. For theenoding of the other non-zero oe�ients (Levels), the proedure is more omplex. Thistehnique assumes that the magnitude of oe�ients inreases as the frequeny dereases.In a simpli�ed way, the VLC table used to enode the sign and magnitude of a oe�ientis based on the previous oe�ient.The number of zeros preeding the highest frequeny nonzero oe�ient (TotalZeros)is enoded at the third step using the VLC tables illustrated in Fig. 5 of appendix C. TheVLC table is hosen as a funtion of TotalCoe�s.Finally, the number of zeros preeding eah non-zero oe�ient (RunBefore is enoded



61in reverse order using one of the tables illustrated in Fig. 7 of appendix C. The hoie ofthe table depends on the number of zeros that have not yet been enoded (ZerosLeft).2.4.2 The Network Abstration Layer (NAL)A video piture is oded as one or more slies, eah ontaining an integral number ofmarobloks from 1 (1 MB per slie) to the total number of marobloks in a piture (1slie per piture). A oded piture may be omposed of di�erent types of slies. Fig.2.8 shows a simpli�ed illustration of the syntax of a oded slie. The slie header de�nes(among other things) the slie type and the oded piture that the slie belongs to. Theslie data onsists of a series of oded marobloks. Eah MB onsists of a MB header andMB data. The MB header ontains parameters like the MB type, the predition mode andthe sub-maroblok partitioning. The MB data ontains the oded residual data (CAVLCsequenes). Note that the MB header ontains a 4-bit parameter alled oded-blok-pattern,eah bit of whih orresponds to an 8 × 8 blok of the MB. When the 8 × 8 blok is notoded (all zero), the orresponding bit is set to 0. On the other hand, when the 8 × 8 isoded (into 4 CAVLC sequenes), the bit is set to 1. The number of CAVLC sequenesin the MB data �eld is 4 × WH(coded − block − pattern − luma) where WH denotes theHamming weight.
MB data

Slice header Slice data

...MB MB MB MB

MB header Figure 2.8: Slie syntax.The Network Abstration Layer enapsulates the oded slie into a Network AbstrationLayer Unit (NALU) by appending to it a NALU header (the oded slie being the NALUdata).2.5 ConlusionIn this hapter, video ompression was disussed based on the H.264/AVC standard. First,general matters spei� to video sequenes suh as video apture and video quality weredisussed. Then, the H.264/AVC standard was desribed brie�y. This standard is thelatest in video ompression and is used as our referene for video ompression.In H.264/AVC video transmission appliations, the H.264/AVC ode orresponds tothe appliation layer at the top of the overall protool stak disussed in hapter 1. Thelower layers (RTP/UDP/IP/DLL/PHY or TCP/IP/DLL/PHY) were detailed in hapter1 whereas the appliation layer was detailed in this hapter and onsists of two sublay-ers: the Video Coding (sub)Layer (VCL) and the Network Abstration (sub)Layer (NAL).



62 2. Video CompressionThe VCL sublayer onverts an image sequene into a oded bitstream. The NAL sublayerformats the oded bitstream into a sequene of video pakets alled NAL Units (NALUs)whih are delivered to the lower layer (RTP/UDP or TCP) for transport over the network.The next hapters disuss the enhanement of video transmission based appliationsand servies.
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Chapter 3Improved Retransmission Sheme forVideo Communiations3.1 IntrodutionIn wireless ommuniations, the reeived signal may be heavily orrupted and results inmany errors. Besides, highly ompressed streams like video streams are very sensitive totransmission errors. A single transmission error an lead to the loss of large parts of thevideo at the reeiver. The reovery of data loss within a digital ommuniation system haslassially been solved via two methods : Automati Repeat reQuest (ARQ) and ForwardError Corretion (FEC). ARQ involves reeiver loss noti�ation to the soure (through areturn hannel) and subsequent retransmission of lost data. In ontrast, FEC involves therepairing of lost data over the transmission hannel through the use of redundanies addedby a hannel enoder at the transmitter. The two shemes do not allow to trade through-put for quality. FEC shemes, by not using retransmissions, have maximum throughputbut poor quality whereas ARQ shemes, by making use of retransmissions, provide thebest possible quality at the expense of a low throughput. In this hapter, we propose asheme whih not only aims at improving the throughput-quality trade-o� but also pro-vides the possibility to trade throughput for quality or vie versa, by tuning a parameterharaterising the system.Usually, both methods (ARQ and FEC) are jointly used sine even in the presene ofFEC, there may be some residual errors. In this hapter, we onentrate on ARQ teh-niques, and for easing the notations, the FEC is not expliitly taken into aount in thenotations.The rest of this hapter is organized as follows : Setion 3.2 reviews the onventionalmultimedia transmission systems. In setion 3.3, a new sheme is proposed. Setion 3.4explains how this sheme is applied to the transmission of H264 video data. Setion 3.5presents simulation results. Setion 3.6 addresses the question of the pratial implemen-tation of the sheme and �nally, setion 3.7 onludes the hapter.3.2 Conventional ompressed data transmission systemsConsider the general unoded multimedia transmission system of Fig. 3.1. The souresamples are oded into a binary stream s by the soure enoder. The binary stream s is



64 3. Improved Retransmission Sheme for Video Communiationsthen mapped onto a symbol stream x (aording to a given modulation) that is transmittedover a disrete physial hannel. At the reeiver, an estimation s̃ of the transmitted binarystream s is obtained based on the reeived symbol stream r by �rst taking a deision onthe transmitted symbols, and then performing the inverse mapping. This stream is thenused by the soure deoder to reonstrut the soure samples. Sine there are errors inthe estimated sequene s̃, the reonstruted soure is di�erent from the original one. TheMean Square Error (MSE) is generally used to measure the distortion between the originalsequene and the reonstruted one. In the ase of video ommuniation systems, the PeakSignal to Noise Ratio (PSNR) is used instead of the MSE.
Channel

Decoding
Reconstruction

Coding

Entropy
Transformation
Predicition

Quantization

source
Reconstructed

Source decoder

Source encoder

Mapping

Demapping
Standard
Entropy

Source
s

rs̃

x

x̃Figure 3.1: General blok diagram of a basi multimedia transmission system.In the sequel, s is no longer the whole stream but only a part of it. Preisely, weonsider that s is an n-bit binary sequene onsisting of an integer number of odewords.Also, assume that n is an integer multiple of the number of bits per onstellation symbol
B = log2(Mc) where Mc is the size of the onstellation. In this ase, s is mapped onto asequene of n/B onstellation symbols :

s = (s1, s2, . . . , sn) ∈ GF (2)n

x = (x1, x2, . . . , xn/B) ∈ An/B (3.1)where A is the set of the symbols forming the onstellation.Similarly,
s̃ = (s̃1, s̃2, . . . , s̃n) ∈ GF (2)n

x̃ = (x̃1, x̃2, . . . , x̃n/B) ∈ An/B (3.2)For simpliity, we assume that the hannel orrupts the symbol sequene with a omplexAdditive White Gaussian Noise of variane σ2

r = x + ν (3.3)with
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ν = (ν1, ν2, . . . , νn/B) ∈ C

n/B

r = (r1, r2, . . . , rn/B) ∈ C
n/BEquation (3.3) is equivalent to

ri = xi + νi, ∀i ∈ {1, . . . , n/B} (3.4)with
νi ∼ N

(
0,

[
σ2/2 0

0 σ2/2

])
, i ∈ {1, . . . , n/B} (3.5)When the soure enoding is not perfet (whih is often the ase in pratie for mul-timedia systems), there are (small) redundanies left by the enoder. Also, in the ase ofvideo, the binary stream is strutured in a very spei� way, whih introdues additionalredundanies. This struture is haraterized by a set of onstraints that the output streammeets. In this ase, every n-bit binary sequene s meets a set of onstraints.Also, in pratial situations, the stream output by the soure enoder has to be trans-mitted as pakets formed by appending a Cyli Redundany Chek (CRC) to a binarysequene s (see Fig. 3.2). The CRC is used for error detetion at the reeiver and onsistsof a set of nCRC parity or redundany bits omputed based on the bits s1, s2, . . . , sn. Be-low, we assume that nCRC is also an integer multiple of the number of bits per onstellationsymbol B.There are two ways to improve the quality of the above ommuniation system : The�rst is by exploiting (at the deoder) the redundanies left by the soure enoder and bythe paketization. This is known as Robust Deoding. The seond is by making use ofretransmissions of erroneous pakets, whih is known as Automati Repeat reQuest (ARQ)(109)(110).
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Packet generation
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n

s = (s1,s2, . . . ,sn)

s CRC

Figure 3.2: Paketization of the output bitstream of the soure enoder.3.2.1 Robust deoding-based (forward) shemesThese shemes use the redundanies left by the enoder to orret transmission errors ina hannel deoding manner. Due to the struture of the bitstream output by the enoder,



66 3. Improved Retransmission Sheme for Video Communiationsfor a size of n bits, there are K << 2n valid binary sequenes. The robust soure deoderhooses one of these valid sequenes as the deoded sequene ŝ (see Fig. 3.3) (66)(70).Obviously, the atual sequene s is part of this set (of valid sequenes).In the sequel, APP (·) is used to denote A Posteriori Probabilities while π(·) is used todenote a priori probabilities. For example, the a priori probability of random event A is
P (A) = π(A)and the A Posteriori Probability of event A is

P (A|r) = APP (A)The optimal robust deoder uses a deision rule suh that the probability of a orretdeision is maximized, hene the probability of error is minimized. This deision rule isbased on the posterior probabilities de�ned as
P (sequene sj was transmitted|r) = P (s = sj|r) = APP (s = sj),

j = {1, 2, . . . ,K}The optimum deoder deides in favor of the sequene orresponding to the maximumof the set of posterior probabilities {APP (s = sj),∀j ∈ {1, . . . ,K}, that is the MaximumA posteriori Probability (MAP) riterion.The posterior probabilities may be expressed as
APP (s = sj) = P (s = sj |r)

=
p(s = sj , r)

p(r)

=
p(r|s = sj)P (s = sj)

p(r)

P (s = sj) is the a priori probability that sequene sj is sent and will be denoted by
π(s = sj). p(r|s = sj) is the likelihood of sequene sj , whih an be expressed as

p(r|s = sj) =
1

(πσ2)n/2
e−

||r−xj ||
2

σ2 (3.6)where xj is the symbol vetor sequene sj is mapped onto.Sine we have no a priori on the valid sequenes (π(s = sj) = 1/K for j ∈ {1, . . . ,K}),we have
APP (s = sj) =

1

Kp(r)
p(r|s = sj)

∝ p(r|s = sj) (3.7)The deision rule based on �nding the sequene that maximizes APP (s = sj) is equiv-alent to �nding the sequene that maximizes p(r|s = sj).
ŝ = arg max

sj ,j∈{1,...,K}
p(r|s = sj) (3.8)



67Given that the searh is performed among all sequenes ompatible with the enodersyntax has two useful e�ets : (i) all estimated sequenes (even those in error) an beunderstood by the soure deoder, whih will not �rash�, (ii) some �error orretion e�et�is introdued, sine ŝ is more often equal to s than s̃ is (63)(65)(66)
P (ŝ = s) > P (s̃ = s). (3.9)
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Figure 3.3: Blok diagram of a multimedia transmission system using robust soure de-oding.3.2.2 ARQ shemesARQ shemes are feedbak systems based on the retransmission of erroneous pakets.When a paket is reeived, the CRC is heked and if errors are deteted, the reeiver dis-ards the paket and asks for its retransmission (by sending a Negative Aknowledgementthrough the feedbak hannel), otherwise, the paket is aepted and the reeiver sends anAknowledgement to the transmitter. As a result, the ommuniation is made reliable atthe ost of an inrease in the number of pakets whih are transmitted.Fig. 3.4 shows the blok diagram of a system using ARQ. Note that at the reeiver,the CRC is removed only if no errors are deteted after it is heked, otherwise the wholepaket is dropped and the soure deoder is not provided with data).
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68 3. Improved Retransmission Sheme for Video Communiationsboth : When a paket is reeived, the CRC is heked, if it is deteted in error, insteadof disarding it as in the ase of ARQ systems, the reeiver �rst tries to orret the errorsby performing a robust deoding on the reeived symbols. Then, the reeiver has todeide between two ases (i) it aepts the paket, in whih ase the likeliest sequene isused for reonstruting the original image or (ii) it disards the paket and asks for itsretransmission. The whole proess relies on the deision whether the sequene estimatedby the robust deoder is reliable enough or not. This method is denoted below as �SoftARQ�-SARQ-.For the purpose of preisely formalizing this proess, de�ne the following hypotheses,assoiated to the two possible deisions :
H1 : ŝ is the sequene that was atually sent.
H0 : ŝ is not the sequene that was atually sent.The reeiver thus has to deide in favor of one of these two hypotheses. This is formallya hypothesis test that an be haraterized by the probability of False alarm PF and theprobability of Detetion PD :

PF = P (Choose H1|H0 is true)
PD = P (Choose H1|H1 is true)

PF represents the probability to aept a paket ontaining some wrong sequene. PDrepresents the probability to aept a paket whih ontains the right sequene. Conversely,
(1 − PD) represents the probability that a paket ontaining the right sequene is rejeted.

PF is a measure of errors (hene of quality). (1 − PD) is a measure of useless retrans-missions (hene PD is a measure of throughput).By minimizing PF , there will be fewer errors in the aepted pakets, whih enhanesthe quality of the reeived video. On the other hand, maximizing PD enhanes the through-put. Our aim is to try to enhane the throughput while trying to keep the same level ofquality. In order to do that, we have to maximize PD for a given PF . This riterion isknown as the Neyman-Pearson riterion, whih results in the Likelihood Ratio Test (LRT)de�ned by :
Λ(r)

H1

≷

H0

λ (3.10)Where
Λ(r) =

p(r|H1)

p(r|H0)
(3.11)is the Likelihood Ratio (LR), with

p(r|H1) : Likelihood of H1 (pdf of r when H1 is true).
p(r|H0) : Likelihood of H0 (pdf of r when H0 is true).Assume that the robust deoder is a sequential deoder that is modelled by a proesswhih ranks the sequenes {s1, . . . , sK} from the likeliest to the least likely. Let us denoteby aj the sequene ranked at the jth position. Obviously, a1 is ŝ. The set of sequenes

{a1, . . . , aK} is equal to the set {s1, . . . , sK} but the the K-tuple (a1, . . . , aK) hanges with
r while the K-tuple (s1, . . . , sK) is �xed and independent of r.



69The likelihood of H1 is the onditional pdf of r when ŝ is the sequene that was atuallysent. Sine ŝ = a1, then, the likelihood of H1 is that of sequene a1 :
p(r|H1) = p(r|s = a1) =

1

(πσ2)n/2
e−

||r−y
1
||2

σ2 (3.12)where y
1
is the symbol vetor sequene a1 is mapped onto.The likelihood of H0 an be expressed as

p(r|H0) =
p(r,H0)

P (H0)
(3.13)

p(r,H0) an be expressed as
p(r,H0) = p(r, s 6= a1)

= p(r, s ∈ {a2, . . . , aK})

=

K∑

j=2

p(r|s = aj)P (s = aj)

=

K∑

j=2

p(r|s = aj)π(s = aj) (3.14)
P (H0) is the a priori probability of H0 and an be written as

P (H0) = P (s 6= a1)

= P (s ∈ {a2, . . . , aK})

=

K∑

j=2

P (s = aj)

=
K∑

j=2

π(s = aj) (3.15)where π(s = aj) is the a priori probability that s is equal to aj, i.e. the probabilitythat s ends up at the jth position. These probabilities are disussed below, in the samesetion.Hene, p(r|H0) reads
p(r|H0) =

∑K
j=2 p(r|s = aj)π(s = aj)∑K

j=2 π(s = aj)
(3.16)Substituting (3.12) and (3.16) into (3.11) we obtain the following expression of theLikelihood Ratio

Λ(r) =




K∑

j=2

π(s = aj)


× p(r|s = a1)∑K

j=2 p(r|s = aj)π(s = aj)
(3.17)



70 3. Improved Retransmission Sheme for Video CommuniationsNow onsider the set of a priori probabilities {π(s = aj), j ∈ {1, . . . ,K}} but beforetrying to express these probabilities in losed form, it is neessary to explain the di�erenebetween π(s = sj) and π(s = aj) (∀j ∈ {1, . . . ,K}). Reall that sj is a binary sequenethat is �xed and independent of r while sequene aj is a sequene that hanges with r.
s1 = [10], s2 = [01] and s3 = [11] (3.18)In this example, n = 2 and K = 3. aj (∀{1, 2, 3}) may be equal to s1 for a given realizationof r, to s2 for another realization of r and to s3 for yet another realization of r.Hene, π(s = sj) is the a priori probability that sequene sj is sent whereas π(s = aj)is the a priori probability that s is equal to the sequene ranked jth, i.e. the a priori prob-ability that sequene s ends up at the jth position after robust deoding of s is performedbased on r.Now, ombining (3.7) and (3.17) we an write Λ(r) as

Λ(r) =




K∑

j=2

π(s = aj)


× APP (s = a1)∑K

j=2 APP (s = aj)π(s = aj)
(3.19)Hene, Λ(r) ombines the a priori information based on the modelling of the rankingmehanism and the a posteriori information provided by the observation r of the trans-mitted symbols.From (3.19), we an see that the lowest possible value of Λ(r) is 1 sine in the worstase (total unertainty) we have APP (s = aj) = 1/K,∀j ∈ {1, . . . ,K} and in this ase

Λ(r) is equal to 1. In the other situations, the APP (s = aj) is di�erent from the APP s ofthe sequenes ranked between the seond and the last position, and Λ(r) is greater thanone. Atually, the larger the di�erene between APP (s = a1) and the APP s of the othersequenes, the larger is Λ(r) and the more reliable is the deoding. This on�rms that theLR is indeed a measure of the reliability of the deoding.For the sake of simpliity, let us now onsider that there is no struture in s, i.e. that
K = 2n and that we use a BPSK modulation.Some likely on�guration of the ranking (a1, . . . , aK) is desribed as follows :Sequene a1 is �rst followed by the sequenes that di�er in 1 position with it, then bythe sequenes that di�er in 2 positions, then by the sequenes that di�er in 3 positions ...et.There are (n1) = n sequenes that di�er in 1 position with a1. With this on�guration, theprobability that s ends up at one of the positions in the set {2, 3, . . . , n + 1} is the sameand equal to ε(1 − ε)n−1 where ε is the probability of a bit error given by

ε = Q

(√
2Eb

σ2

) (3.20)where Eb is the energy per transmitted bit (a �0� is mapped onto symbol −√
Eb and a�1� is mapped onto symbol +√

Eb).Similarly, the probability that s ends up at one of the positions in the set {n + 2, n +
3, . . . , n +

(
n
2

)
+ 1} is the same and equal to ε2(1 − ε)n−2. This proess may be ontinuedup to the last position (aK is the omplement of sequene a1).Thus, we obtain the following expressions of the a prioris π(s = bj)
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π(s = aj) = εl(1 − ε)n−l, ∀l ∈ {0, . . . , n},∀j ∈

{
l−1∑

m=0

(
n

m

)
+ 1, . . . ,

l∑

m=0

(
n

m

)}(3.21)Note that the a priori probabilities hene obtained are not exat beause they are basedon the most likely on�guration of the ranking, but it may be veri�ed that they representgood approximations to the exat values. Also, to derive these quantities, we �rst assumedthat K = 2n while in our ase we have K < 2n, whih introdues an additional inaurayin the formulas above (in whih we have to add a normalization fator so that the a prioriprobabilities of the valid sequenes add up to 1).Simulation results Preliminary simulations (with BPSK-modulated binary sequenes)were run to hek the behaviour of the test. Sequential M -algorithm-based deoding wasused, meaning that a bit-by-bit deoding was performed (in n steps) and only the Mlikeliest sequenes were kept (along with their orresponding likelihoods) at a given stepof the deoding. The results are shown in �gures 3.5, 3.6 and 3.7 for sequenes of n = 6bits, n = 8 bits and n = 10 bits, respetively. As an be seen, there is a steep fall of theprobability of false alarm as the test's threshold inreases, on�rming thus the expetedbehaviour.Note, however, that the fall of the probability of false alarm beomes less steep as thelength of the sequene inreases. This is due to the fat that the metri the hypothesistesting is based on uses the information of all the sequenes (from the likeliest to theleast likely) and not just the M likeliest sequenes. On the other hand, the number ofsequenes inreases exponentially with the length of the sequene, making thus the numberof likelihoods available for the omputation of the metri (at the end of the deoding) avery small perentage of the overall number of likelihoods neessary for the ompuationof the metri, ideally. The fat that the sequenes kept at eah step are the likeliest doeslimit the negative impat of the absene of the sequenes that are eliminated during thedeoding proess (the likelihoods of whih are more or less negligible), but only partially.Also note that when the SNR inreases, higher thresholds are neessary to ahievethe same type of behaviour, whih makes perfet sense sine when the SNR inreases,the metri of the test beomes better (inreases) and therefore, in order to get the sameaeptane/rejetion rate the threshold of the test needs to be adapted aordingly (i.e.inreased in the same proportions).3.4 Appliation to the transmission of H264 video dataSo far, we have assumed that eah paket is omposed of a data part and a CRC. The datapart onsists of an integer number of odewords generated by the soure enoder, whilethe CRC part onsists of a set of parity bits that are omputed based on the data part ofthe paket. At the reeiver, the presene of errors in the reeived paket [x̃, x̃CRC ] an bedeteted by heking the CRC.Let us now onsider the ase of an H264/AVC video enoder and see how the SARQ(LRT-based ARQ) sheme an be applied to the transmission of H264 enoded data.The H264/AVC enoder onsists of a Video Coding Layer (VCL), whih e�ientlyrepresents the video ontent and a Network Abstration Layer (NAL) whih formats the
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Figure 3.5: Probability of false alarm as a funtion of test threshold λ for n = 6 and
M = 64.

0 10 20 30 40 50 60
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

 λ

 P
F

 Probability of false alarm as a function of the test threshold λ with an 8−bit sequence

 

 

SNR=2 dB
SNR=4 dB
SNR=6 dB

Figure 3.6: Probability of false alarm as a funtion of test threshold λ for n = 8 and
M = 64.VCL representation and provides header information. Prior to enoding, eah image ispartitioned into slies that ontain an integer number of 16 pixels×16 pixels Maro Bloks(MB).The Video Coding Layer The samples of eah MB are �rst predited, yielding (pre-dition) residuals. These residuals are then transformed and quantized. In H264 AVC, the(16 pixels × 16 pixels) MB ontains 4 8 pixels × 8 pixels bloks. In ase the quantized
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Figure 3.7: Probability of false alarm as a funtion of test threshold λ for n = 10 and
M = 32.transform oe�ients of an 8 pixels × 8 pixels blok are all zero, the (8 pixels × 8 pixels)blok is not oded. Otherwise, the 8 pixels × 8 pixels blok is further deomposed into 4 4pixels × 4 pixels bloks, eah 4 pixels × 4 pixels blok is mapped onto a binary sequeneonsisting of an integer number of odewords. A odeword is seleted from a VariableLength Code (VLC) table and the sequene the 4×4 blok was mapped onto is alled aCAVLC sequene.Hene, a MB is mapped onto 0, 4, 8 12, or 16 CAVLC sequenes depending on thenumber of all zero 8 × 8 (quantized transform oe�ients) bloks.Eah CAVLC sequene satis�es a set of properties known as the semanti and syntaxiproperties of the ode whih redue the number of valid sequenes (see (66)(69)(70) for amore preise desription). If we onsider s as a CAVLC sequene, we an perform robustdeoding on the orresponding reeived symbol vetor r.The Network Abstration Layer This layer enapsulates the oded slie data in avideo paket. Fig. 3.8 illustrates how a 2-MB oded slie is paketized in a NAL Unit(NALU).MB1 is oded into sequene s(1) whih represents MB1 data. Similarly, MB2 is odedinto sequene s(2) whih represents MB2 data. The MB header ontains parameters likethe MB type and the predition mode (for Intra predition) or the motion vetors (forInter predition). The slie header ontains parameters like the slie type and the odedpiture the slie belongs to. Finally, the main information ontained in the NALU headeris the NALU type.Note that the MB header ontains a 4-bit parameter alled oded-blok-pattern-luma,eah bit of whih orresponds to an 8×8 blok of the MB. When the 8×8 blok is notoded (all zero), the orresponding bit is set to 0. On the other hand, when the 8×8 isoded (into 4 CAVLC sequenes), the bit is set to 1. The number of CAVLC sequenes inthe MB data �eld is 4 × WH(oded-blok-pattern-luma ) where WH denotes the Hamming
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Figure 3.8: Enapsulation of a oded slie data into a video paket (NALU).weight.Fig. 3.9 shows the di�erent �elds ontained in a NALU. More generally, let NMB be thenumber of oded MBs that are enapsulated in the paket and Lm the number of CAVLCsequenes MBm is mapped onto (i.e. the number of CAVLC sequenes in MBm data �eld).Note that Lm = 4×WH(oded-blok-pattern-luma (m)) where oded-blok-pattern-luma (m)is the the oded-blok-pattern-luma parameter of MBm.If MBm is oded onto the binary sequene s(m), then
s(m) =

[
s
(m)
1 , s

(m)
2 , . . . , s

(m)
Lm

] (3.22)
s
(m)
l is the lth CAVLC sequene of the mth MB enapsulated in the NALU. s(m)

l is thenCAVLC sequene number l +
∑m−1

k=1 Lk in the paket.Now, let
s
(m)
l = si with i = l +

m−1∑

k=1

LkThe NALU ontains N =
∑NMB

m=1 Lm CAVLC sequenes s1, s2, . . . , sN on whih a robustdeoding may be performed and a LR may be omputed.In order to apply the SARQ sheme, we have to generalize the test de�ned in setion3.3 for 1 sequene to the ase of several sequenes. The most straightforward approah isto perform the robust deoding of eah CAVLC sequene and make as many tests as thereare sequenes in the NALU. If all the tests are positive (the LR is greater than the �xedthreshold), the deision is made in favor of H1.The test is thus de�ned bymin {Λ(ri),∀i ∈ {1, . . . , N}}
H1

≷

H0

λ (3.23)where ri is the �eld of reeived symbols orresponding to the �eld of sequene si and
Λ(ri) is the LR that may be omputed after robust deoding of sequene si using ri.
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NALU H Slice H MB1 H MB2 Hs(1) s(2)Figure 3.9: Fields of the NALU.3.5 H264 video-based simulation resultsIn its extended pro�le of H264/AVC (34), an error resiliene mode is provided, whihlassi�es the slie data aording to their impat on the video quality. Three partitionsare de�ned

• Partition A ontains the slie header and the MB headers.
• Partition B onsists of texture oe�ients of the INTRA oded bloks.
• Partition C regroups the texture oe�ients of the INTER oded bloks.After enoding, the oded slie is partitioned and eah partition of the oded slie isenapsulated in a NALU (Fig. 3.10).
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NALU H NALU H NALU HPartition A Partition B Partition C

Partition A  NALU Partition B  NALU Partition C  NALU

type I type P

Figure 3.10: Enapsulation of data partitioned slies in video pakets.Simulations were run using data partitioned slies of Foreman.if with a one slie/imageon�guration. In order to keep the simulations times within reasonable limits, only simula-tions with the �rst image (I) and the �rst 3 images (IPP) of Foreman.if were performed.A 4-byte CRC was appended to eah NALU prior to modulation. Pakets were BPSK-modulated prior to transmission. Partition A NALUs were onsidered heavily protetedand orretly reeived. On the other hand, the �xed-size pakets assoiated to the B andC partitions were transmitted on a noisy hannel and orrupted by transmission errors.In this senario, noise and errors a�et only the data part while the headers are reeivedwithout errors. This hoie was motivated by the fat that errors in the headers havedramati e�ets on the deoding of the video, and the fat that robust deoding has anerror-orreting e�et only on the data.



76 3. Improved Retransmission Sheme for Video CommuniationsTable 3.1: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst image (I) of Foreman.if sheme for a paket size of 500 bits at an SNR of 9 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 27.5 29 32.2 35.5 38.5 41.1 41.7 41.95 42

NSARQ 1 1.15 1.53 1.93 2.37 2.93 3.21 3.39 3.4Table 3.2: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst image (I) of Foreman.if for a paket size of 1500 bits at an SNR of 9.5 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 31.4 32.4 34.8 37.3 39.5 41.6 41.9 42 42

NSARQ 1 1.28 2.29 3.67 5.4 7.5 8.08 8.45 8.5Speial thanks to Cédri Marin who performed the simulations and provided us withthe results that are presented below.The results of the simulations based on the transmission of the �rst image (I) of Fore-man.if (with a nominal quality of 42 dB) are summarized in tables 3.1, 3.2 and 3.3 forpaket sizes of 500 bits, 1500 bits and 5000 bits and respetive SNRs of 9, 9.5 and 10.5 dB.Sine Λ(r) is a random variable the minimum value of whih is 1, the LR test is alwaysin favor of H1 when λ = 1 and all pakets are aepted at the �rst attempt. Hene λ = 1orresponds to the ase of the forward robust deoding sheme, whih is haraterized by a
PSNR that is more or less low (depending on the SNR and the paket size): 27.5 dB for apaket size of 500 bits at an SNR of 9 dB, 31.4 dB for a paket size of 1500 bits at an SNRof 9.5 dB and 37.4 dB for a paket size of 5000 bits at an SNR of 10.5 dB. This PSNRis denoted below as the starting PSNR and orresponds to the PSNR obtained with the(forward) robust deoding sheme. When the test threshold λ is inreased, the quality isenhaned at the ost of an inreased average number of transmissions. For large values of
λ, the PSNR gets lose to the nominal quality (42 dB in our ase) obtained with the (CRC-based) ARQ sheme. The nominal quality is reahed for λ = ∞. In this ase, the LR testis always in favor of H0 and all pakets with an invalid CRC are disarded, meaning thata paket is (re)transmistted until it is reeived orretly. Hene λ = ∞ orresponds to thease of the (CRC-based) ARQ sheme whih is haraterized by a nominal quality and ahigh average number of retransmissions, thus a low throughput. By varying the threshold
λ from 1 to in�nity one an go from the robust deoding sheme up to the CRC-basedsheme (see Figs. 3.11, 3.12 and 3.13).On the other hand, even though the nominal quality is only reahed with λ = ∞ theresults show that quasi-nominal quality an be reahed for a �nite value of the thresholdTable 3.3: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst image (I) of Foreman.if for a paket size of 5000 bits at an SNR of 10.5 dB.

λ 1 10 25 50 100 250 500 1000 ∞
PSNR(dB) 37.4 38.4 39.4 40.2 40.9 41.7 41.92 41.98 42

NSARQ 1 1.25 2.03 3.09 4.41 6.42 7.2 7.5 7.63
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Figure 3.11: PSNR of the SARQ-transmitted �rst image (I) of Foreman.if as a funtionof the average number of transmissions for a paket size of 500 bits at an SNR of 9 dB.
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Figure 3.12: PSNR of the SARQ-transmitted �rst image (I) of Foreman.if as a funtionof the average number of transmissions for a paket size of 1500 bits at an SNR of 9.5 dB.
λ, that is for a λ on the order of 500 when the starting PSNR is lower than 30 dB and fora λ on the order of 250 when the starting PSNR is greater than 30 dB. At quasi-nominal
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Figure 3.13: PSNR of the SARQ-transmitted �rst image (I) of Foreman.if as a funtionof the average number of transmissions for a paket size of 5000 bits at an SNR of 10.5 dB.quality, the average number of transmissions of a paket is redued from 3.4 to 3.21 for astarting PSNR of 27.5 dB, from 8.5 to 7.5 for a starting PSNR of 31.4 dB and from 7.63to 6.42 for a starting PSNR of 37.4 dB, orresponding to respetive redution rates ofapproximately 6%, 12% and 16%, and respetive throughput gains of 6%, 13% and 19%.The di�erenes in terms of throughput gain are due to the fat that the SARQ expetedgain is based on the error orretion apaity of robust deoding whih is higher in thethird ase than in the seond ase and higher in the seond ase than in the �rst ase.Regardless of the error apaity of the robust deoding, the throughput gain at quasi-nominal quality shows that SARQ o�ers a better throughput/quality trade-o� than theCRC-based ARQ. As a matter of fat, the LRT aims at minimizing the average numberof transmissions for a given quality and therefore aims at providing the best through-put/quality trade-o�, whih is on�rmed by these results. Thus, the (CRC-based) ARQ(nominal quality but low throughput) and the (retransmissionless) robust deoding sheme(highest throughput but poor quality) are extreme ases with no possible throughput/qualitytrade-o�. The SARQ sheme, on the other hand, ombines hypothesis testing with robustdeoding and ARQ proessing to o�er the possibility to trade throughput for quality (andvie versa) with the best possible throughput/quality trade-o�.Also, the throughput an be enhaned further if we onsider a subjetive approah ofquality in the sense that in pratie, most of the time, the humain eye noties a di�er-ene between two videos starting from a 2-3 dB PSNR di�erene, whih would result in athroughput gain of approximately 275% for a paket size of 5000 bits at an SNR of 10.5dB, a throughput gain of approximately 57% for a paket size of 1500 bits at an SNR of9.5 dB and a a throughput gain of at least 43% for a paket size of 500 bits at an SNR of9 dB.



79Table 3.4: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst 3 images (IPP) of Foreman.if for a paket size of 500 bits at an SNR of 9 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 27.6 29 32.3 35.6 37.8 39.8 40.4 40.62 40.64

NSARQ 1 1.16 1.52 1.92 2.33 2.91 3.15 3.34 3.42Table 3.5: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst 3 images (IPP) of Foreman.if for a paket size of 1500 bits at an SNR of 9.5 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 30.8 31.8 34.7 37.2 38.8 40.3 40.6 40.62 40.64

NSARQ 1 1.31 2.25 3.57 5.35 7.43 8.11 8.43 8.5Similar results are obtained with the simulations based on the transmission of the �rst 3images (IPP) of Foreman.if (see tables 3.4, 3.5 and 3.6 and orresponding �gures 3.14, 3.15and 3.16): Quasi-nominal quality is reahed for a λ on the order of 500 when the starting
PSNR is lower than 30 dB and for a λ on the order of 250 when the starting PSNR isgreater than 30 dB. The approximate average number of transmissions redution rates atquasi-nominal quality are 8%, 13% and 15%, orresponding to respetive throughput gainsof 8.5%, 14% and 17% for paket sizes of 500 bits, 1500 bits and 5000 bits at SNRs of 9dB, 9.5 dB and 10.5 dB, respetively.Throughput gains of 256%, 58% and 46% an be ahieved at 2-3 dB lower than nominalquality (degradation notieable to the human eye) for paket sizes of 5000 bits, 1500 bitsand 500 bits at SNRs of 10.5 dB, 9.5 dB and 9 dB, respetively.3.6 Pratial implementation of robust deoding and SARQEquations (3.7) and (3.19) show that robust deoding and SARQ are perfetly appliable inpresene of hannel oding, provided that the reeiver uses a Soft Input Soft Output (SISO)deoder. The SISO deoder omputes the APP of eah bit of the sequene APP (si = 1) =
P (si = 1|[r, rCRC ]),∀i ∈ {1, . . . , n}). The APP of sequene aj APP (s = aj) an then beomputed as the produt of the assoiated bit APP s

APP (s = aj) =

n∏

i=1

APP (si = aj,i) (3.24)where aj,i is the ith bit of sequene aj.The standard reeiver performs hard output hannel deoding, whih delivers estimatedbinary pakets. The binary pakets are then delivered through all the layers of the protoolstak up to the appliation layer where the soure deoder resides.Table 3.6: PSNR and average number of transmissions NSARQ of the SARQ-transmitted�rst 3 images (IPP) of Foreman.if for a paket size of 5000 bits at an SNR of 10.5 dB.
λ 1 10 25 50 100 250 500 1000 ∞

PSNR(dB) 36.9 37.2 38 39.4 40 40.45 40.62 40.63 40.64

NSARQ 1 1.23 1.96 3 4.18 5.96 6.65 6.75 6.98
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Figure 3.14: PSNR of the SARQ-transmitted �rst 3 images (IPP) of Foreman.if as afuntion of the average number of transmissions for a paket size of 500 bits at an SNR of9 dB.
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Figure 3.15: PSNR of the SARQ-transmitted �rst 3 images (IPP) of Foreman.if as afuntion of the average number of transmissions for a paket size of 1500 bits at an SNRof 9.5 dB.
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Figure 3.16: PSNR of the SARQ-transmitted �rst 3 images (IPP) of Foreman.if as afuntion of the average number of transmissions for a paket size of 5000 bits at an SNRof 10.5 dB.In order to implement Robust Deoding and SARQ, we need to bring 3 hanges to theurrent standard proessing at the reeiver :1. Perform SISO hannel deoding instead of hard output deoding.2. Deliver APPs of video sequenes bits to the appliation layer so that Robust soureDeoding an be performed.3. Perform Robust Deoding (using the APPs) instead of standard soure deoding.4. Deativate the CRC-based retransmission mehanism.Assuming that SISO deoding is performed at the physial layer, we disuss below thedelivery of the resulting APPs based on the example of 802.16-2004 WiMAX.Note that in ase of SARQ, an hypothesis testing should be performed resulting in adeision as to whether the video paket should be aepted or not, the deision will thenbe transmitted to the MAC layer where the ARQ mehanism is implemented.Mathematially, a paket is a vetor of bits b = (b1, . . . , bL(b)) ∈ GF (2)L(b) where
L(b) is the length of vetor b, and an APP paket is a vetor of APPs (reals) APP (b) =
(APP (b1), . . . , APP (bL(b))) ∈ R

L(b). APP Pakets ontain real values that an be rep-resented using the �oating point representation on 16 bits for instane. Obviously, thedelivery of APPs requires a lot more memory at the reeiver than the delivery of bits does.For instane, if a 16 bit-�oating-point representation is used, the required memory is 16times larger. This is the prie to pay for the advantages of Robust Deoding and Soft ARQ.



82 3. Improved Retransmission Sheme for Video CommuniationsBefore onsidering the delivery of APPs from the physial layer to the appliation layerat the reeiver, we �rst detail the orresponding operations at the transmitter, as wellas the paket format at eah layer or sublayer of the protool stak. For this purpose,we onsider H264 video data and the 802.16-2004 WiMAX radio interfae. Note that foronveniene, the word �paket� is used for all layers, even though this word is more usedfor the IP layer. For instane, the UDP layer paket is alled UDP paket rather thanUDP datagram. Also, we assume that the pakets are fragmented only at the MAC layer.In ase a paket is fragmented at a higher layer, the same method an be applied. We alsoonsider the RTP/UDP/IP stak instead of the TCP/IP stak.3.6.1 Paket delivery at the transmitterThe appliation layer Fig. 3.17 and 3.18 show the APL operation and the video paket(NALU) format when Data Partitioning (DP) is not used and when DP is used respetively.
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Figure 3.17: Appliation layer operation (at the transmitter) when Data Partitioning isnot used.
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Figure 3.18: Appliation layer operation (at the transmitter) when Data Partitioning isused.The following �elds are de�ned :
• SlH : Slie Header.
• MBH i : Header of the �ith� oded MB.
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• MBDi : Data (residuals) of the ith oded MB.
• dAPL : NALU (appliation layer paket) data.
• HAPL : NALU (appliation layer paket) Header.The RTP layer Fig. 3.19 shows the RTP layer operation and the RTP paket format.
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Figure 3.19: RTP layer operation at the transmitter.Note that the RTP Layer sees the appliation layer paket as a vetor of bits bAPL.The following �elds are de�ned :
• HRTP : RTP Header.
• dRTP : RTP data.Note that the RTP Header onsists of a Fixed Header FH and an Extension Header

EH.The UDP layer Fig. 3.20 shows the UDP layer operation and the UDP paket format.
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Figure 3.20: UDP layer operation at the transmitter.Note that the UDP Layer sees the RTP paket as a vetor of bits bRTP .The following �elds are de�ned
• HUDP : UDP Header.
• dUDP : UDP data.



84 3. Improved Retransmission Sheme for Video CommuniationsThe IP layer Fig. 3.21 shows the IP layer operation and the IP layer paket format.
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Figure 3.21: IP layer operation at the transmitter.Note that the IP Layer sees the UDP paket as a vetor of bits bUDP .The following �elds are de�ned
• HIP : IP Header.
• dIP : IP data.Note that the IP header onsists of a Fixed 20-byte �eld hF and a variable �options��eld hV .The MAC layer The MAC Layer sees the IP paket as a vetor of bits bIP .Fig. 3.22 shows the MAC layer operation when paking and fragmentation are notused.
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Figure 3.22: MAC layer operation (at the transmitter) when paking and fragmentationare not used.The following �elds are de�ned :
• HMAC : (Generi) MAC Header.
• SHMAC : (Per PDU) SubHeaders.
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• CRC : MAC Layer Cyli Redundany Chek proteting the �elds HMAC , SHMACand dMAC .
• dMAC : MAC data.In this ase : dMAC = bIP .Fig. 3.23 shows the MAC layer operation when paking is not used and fragmentationis used, onsidering the example of an IP paket bIP is fragmented into 2 segments.
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Figure 3.23: MAC layer operation (at the transmitter) when paking is not used andfragmentation is used.The following �elds are de�ned :
• HMAC

k : (Generi) MAC Header of the �kth� MAC paket.
• SHMAC

k : (Per PDU) SubHeaders of the �kth� MAC paket.
• dMAC

k : Data of the �kth� MAC paket.
• CRCMAC

k : CRC of the �kth� MAC paket.
HMAC

k+1 , SHMAC
k+1 , dMAC

k+1 and CRCMAC
k+1 are de�ned in the same way.In this ase, dMAC

k is the �rst fragment of bIP and dMAC
k+1 is the seond fragment of bIP

k .Fig. 3.24 shows the MAC layer operation when paking is used, onsidering the exampleof 2 IP pakets paked in the same MAC paket. The �rst is fragmented into 2 segments.The following �elds are de�ned :
• HMAC : (Generi) MAC Header.
• PPSH : Per PDU Subheaders.
• dMAC

i : ith data �eld of the MAC paket, ∀i ∈ {1, 2, 3}

• PSH i : Paking SubHeader of the ith data �eld of the MAC paket, ∀i ∈ {1, 2, 3}.In this ase, dMAC
1 is the �rst fragment of the IP paket bIP

k , dMAC
2 is the seondfragment of the IP paket bIP

k and dMAC
3 is the IP paket bIP

k+1.
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Figure 3.24: MAC layer operation (at the transmitter) when paking is used.The physial layer Fig. 3.25 shows the operation of the physial layer prior to modula-tion and oding. bMAC
k is a binary vetor ontaining MAC layer pakets (3 in the exampleof Fig. 3.25)
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Figure 3.25: Physial layer operation at the transmitter.The following �elds are de�ned
• HPHY : Frame Control Header (FCH) ontaining the DLFP.
• dPHY : PHY data.Note that the PHY data is a onatenation of several MAC pakets. Also note the PHYlayer is OFDM-based.



873.6.2 APP Paket delivery at the reeiverAt the reeiver, the SISO deoding provides PHY APP pakets. These pakets ontain, ofourse, the APPs of video sequene bits, but also the APPs of the video headers, as wellas the headers of all layers (from PHY to APL). The implementation of Robust Deodingor SARQ requires only the APPs of video sequene bits, more preisely of MB data bits.All the other �elds (the headers) an only be exploited as hard data (bits). For thispurpose, the APPs of headers need to be onverted into binary (estimated) values. Themost straight forward way to do that is to take a hard deision on eah APP to get theorresponding binary value (estimate of the bit). For instane, the ith bit Hi of header His estimated as follows :
Ĥi =

{
1, APP (Hi) > 1/2
0, APP (Hi) ≤ 1/2

(3.25)On the other hand, in (101)(102), it was shown that a substantial improvement isobtained when Header Reovery (HR) tehniques are used. Header reovery tehniquesexploit interlayer and intralayer redundanies (redundanies in the header itself and re-dundanies between suessive pakets of the same layer). Just as Robust Deoding doesfor video sequenes, the interlayer and intralayer redundanies, when present, redue theset of possible headers from GF (2)L(H) of all possible binary ombinations to a smaller set
ΩH ⊂ GF (2)L(H) of �valid� headers where L(H) is the length of the header H, the MAPriterion is used and the estimated header is given by

Ĥ = arg max
h∈ΩH

APP (h) = arg max
h∈ΩH

L(H)∏

i=1

APP (Hi = hi) (3.26)Obviously, Header Reovery tehniques require the length of the header �eld L(H)to be known a priori. When the header length is not known a priori, as is the ase ofthe Extension Header of RTP pakets, this parameter is inluded in the header itself.Consequently, the header must be deoded bit by bit (by thresholding the APPs) startingfrom the left. the deoding of the header must stop at the last bit of the header, whihis unknown a priori. When the last bit of the Length �eld of the header is deoded, theLength of the header is obtained.Also, when there are little or no redundanies at all, bit per bit deoding and HRdeoding are equivalent in terms of performane, bit per bit deoding should then be usedsine it is simpler.In addition to header extration and deoding, if onatenation or fragmentation and/orpaking were used at the transmitter, the reverse operations (deonatenation, defrag-mentation, unpaking) must be performed at the reeiver. The neessary information toondut these operations is ontained in the headers whih are deoded prior to theseoperations as will be explained in detail (ase by ase for eah layer) below.The physial layer Considering the example of Fig. 3.25 (PHY PDU of 3 MAC pak-ets), the operation of the physial layer should proeed as illustrated in Fig. 3.26, aordingto the following steps1. Extrat and deode the Frame Control Header HPHY .



88 3. Improved Retransmission Sheme for Video Communiations2. Deliver the PHY data APPs APP (dPHY ) to the PHY SAP.3. Deonatenate the 3 MAC pakets.4. Deliver the �rst MAC APP paket.5. Deliver the seond MAC APP paket.6. Deliver the third MAC APP paket.The MAC layer Reall that the 6-bit type �eld of the (Generi) Header indiateswhih subheaders are present and whih are not. Also, the type �eld of the Header in-diates whether the fragmentation subheader (or the paking subheader) are extended ornot. Consequently, the (Generi) Header must be deoded before the subheaders.When paking and fragmentation are not used, the operation of the MAC layer shouldproeed as illustrated in Fig. 3.27, aording to the following steps :1. Extrat and deode the (Generi) Header HMAC .2. Extrat and deode the (per PDU) SubHeaders SHMAC .3. Extrat the MAC data APPs APP (dMAC).4. Deliver the APP paket to the IP layer.When paking is not used and fragmentation is used, the operation of the MAC layershould proeed as illustrated in Fig. 3.28, aording to the following steps :1. Extrat and deode the (Generi) Header HMAC
k of the kth MAC paket.2. Extrat and deode the (per PDU) SubHeaders SHMAC

k of the kth MAC paket.3. Extrat the �rst IP APP fragment.4. Extrat and deode the (Generi) Header HMAC
k+1 of the (k + 1)st MAC paket.5. Extrat and deode the (per PDU) SubHeaders SHMAC

k+1 of the (k+1)st MAC paket.6. Extrat the seond IP APP fragment.7. Reonstrut the IP paket in terms of APPs.8. Deliver the IP APP paket.When paking is used, onsidering the example of Fig. 3.29, the operation of the MAClayer should proeed as illustrated in Fig. 3.29, aording to the following steps :1. Extrat and deode the (Generi) Header HMAC .2. Extrat and deode the (per PDU) SubHeaders PPSHMAC .
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Figure 3.26: Physial layer operation.3. Extrat and deode the Paking SubHeader PSH1 of the �rst paked fragment.4. Extrat the �rst IP APP fragment.5. Extrat and deode the Paking SubHeader PSH2 of the seond paked fragment.



90 3. Improved Retransmission Sheme for Video Communiations

MAC

PHY Layer

APP(HMAC) APP(SHMAC) APP(CRC)

APP(bIP)

HR
decoding

HR
decoding

ˆSH
MAC

Ĥ
MAC

1. 2.

APP(dMAC)

4. Delivery

3. Extraction

PHY Layer

IP Layer

AT THE RECEIVER

SHMAC

IP Layer

MAC
Layer

bIP

CRCHMAC dMAC

AT THE TRANSMITTER

dIPHIP

Layer
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Figure 3.28: MAC layer operation when paking is not used and fragmentation is used.The IP layer The length of the optional part of the header hV is ontained in the �xedpart hF . Consequently, the Header annot be deoded as a whole, it should be deodedin two stages starting by the deoding of the Fixed part. The operation of the IP layershould proeed as illustrated in Fig. 3.30, aording to the following steps1. Extrat and deode the �xed part of the Header hF .2. Extrat and deode the variable part of the Header hV .3. Deliver the IP data APPs APP (dIP ) (UDP APP paket).The UDP layer The operation of the UDP layer should proeed as illustrated in Fig.3.31, aording to the following steps1. Extrat and deode the UDP Header HUDP .
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Figure 3.29: MAC layer operation when paking is used.2. Deliver the UDP data APPs APP (dUDP ) (RTP APP paket).The RTP layer Reall that the RTP Header onsists of a Fixed Header and an ExtensionHeader. As mentioned earlier, the length of the Extension Header is not known a priori,this parameter (the Extension Header Length or EHL) is ontained in the Extension Headeritself. On the other hand, the header of the Fixed Header is known.Consequently, the Fixed Header should be deoded �rst using HR tehniques, then theExtension Header should be deoded bit by bit starting from the left as explained earlier.The operation of the RTP layer should proeed as illustrated in Fig. 3.32, aording tothe following steps1. Extrat and deode the Fixed Header FH using HR deoding.2. Extrat and deode the Extension Header EH bit by bit.
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The Appliation layer Considering the example of a 2 MB-slie Fig. 3.33 shows theoperation of the appliation layer when Data Partitioning is not used while Fig. 3.34 showsthe operation of the appliation layer when Data Partitioning is used. Robust deodingrequires only the APPs on video sequene bits for their deoding. As a result, the APPsontained in the MB data �elds are fed to the robust (entropy) deoder. The NALU Headerand the video Headers (Slie Header, MB Headers) are deoded bit by bit and fed to theother bloks of the H264 deoder.Note that in ase of SARQ, the Likelihood Ratio Test is performed after Robust de-oding, whih results in a deision as to whether to aept and deode or rejet the videopaket. This deision is then transmitted to the MAC layer where the retransmissionmehanism is implemented. All the MAC pakets ontaining a part of a disarded NALU
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Figure 3.31: UDP layer operation.and the CRC of whih was not good should be disarded by the reeiver MAC layer andretransmitted by the transmitter.3.7 ConlusionIn this hapter, a new retransmission sheme has been de�ned for the transmission of videodata. This sheme ombines robust deoding with retransmissions. The deision to askfor a retransmission was modelled as an hypothesis testing problem. The analysis showedthat the Neyman-Pearson riterion should be used to redue the number of retransmissionswhile maintaining the same level of quality. Simulation results using H264 enoded dataon�rmed that the threshold of the test an be tuned to hoose the throughput-qualitytrade-o�. The nominal quality is reahed with a threshold set to in�nity and resultingin a low throughput, but results also show that a quasi-nominal quality an be reahedwith a �nite threshold and a higher throughput. The throughput gain inreases with theerror orretion apaity of the robust deoder. Results showed that in the best ase (atmaximum robust deoding error orretion apaity), a throughput gain of at least 17%an be reahed at quasi-nominal quality and a throughput gain of at least 250% an bereahed at 2-3 dB lower. Better gains (on the order of 20% at quasi-nominal quality and275% at 2-3 dB lower) an be reahed when a single (intra-oded) image is transmitted.The SARQ sheme, ombines hypothesis testing with robust deoding and ARQ pro-
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Figure 3.32: RTP layer operation.essing to o�er the possibility to trade throughput for quality (and vie versa) with thebest possible throughput/quality trade-o�.This hapter also addressed the question of the implementation of Robust Deodingand Soft ARQ on pratial systems. Both shemes require a SISO hannel deoding atthe reeiver and the delivery of soft data (APPs) up to the appliation layer. The deliveryof APPs up to the appliation layers was disussed in detail assuming the existene ofSISO deoder at the physial layer. The protool stak used was based on a WiMAX airinterfae. At the appliation layer, H264 video paket format was assumed.Further, it has been shown that the pratial implementation of SARQ requires inaddition a rosslayer mehanism where MAC level ARQ retransmissions are driven by theappliation layer. The deision to ask for a retransmission is taken after APP pakets havebeen delivered to the appliation layer, and Robust Deoding as well as a Likelihood RatioTest have been performed.
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Chapter 4Transmission Shemes for SalableVideo Streaming inPoint-to-Multipoint Communiations4.1 IntrodutionUnlike voie servies, video servies are haraterized by large bandwidth requirements,whih an be hundreds of times higher than the bandwidth required by voie servies. Inorder to redue the bandwidth used, all the ustomers asking for the same video servieould be gathered in one group of reeivers to whih the video ontent is onveyed usingthe same hannel. The onsumed bandwidth is then redued by a fator equal to the totalnumber of reeivers. This approah is valid in ase multiple ustomers per ell are inter-ested in the same ontent. In ase the same data are transmitted from a single soure entity(e.g. a BS) to multiple endpoints, the ommuniation is said to be Point-to-MultiPoint(PMP).On the other hand, salable video odes o�er the possibility to have several qualitiesof the same enoded video, by providing at its output two streams (or more). If the videodeoder is provided with the �rst enoded stream, the video obtained after the deodingoperation is of basi quality. The other streams are quality enhanement streams, i.e.eah time we provide the deoder with an additional stream, the displayed video quality isupgraded. In other words, the basi stream is indispensable if the end user wants to waththe video sequene while the other streams are only optional, i.e. it would be preferablebut not indispensable to have them.A suitable sheme for transmitting suh data would transmit the basi stream in areliable way and the other streams in a best e�ort way. A reliable transmission is atransmission that ensures that the data are reeived orretly by making use of ARQ.There are three basi ARQ shemes. The Stop-and-Wait sheme (SW), the Go-Bak-N(GBN) sheme and the Seletive Rejet (SR) sheme. These tehniques were �rst proposedand studied in the ase of a point-to-point ommuniation system (104)(105)(106)(107)(108)(109)(110).Then, several shemes based on the same priniples were de�ned and studied for the aseof a point-to-multipoint ommuniation system (111)(112)(113)(114)(115)(116)(117)(118).All these works foused on the study of the reliable transmission of one �ow of data, thatis to say, all pakets have the same importane and are part of the same stream. Besides,



100 4. Transmission Shemes for Salable Video Streaming inPoint-to-Multipoint Communiationsit was assumed that there was always a new paket waiting to be transmitted at the trans-mitter and the throughput was alulated based on the transmission of an in�nite numberof pakets.In this hapter, we propose three shemes for transmitting a two-level salable videoto several reeivers. The �rst two are extensions of the GBN and the SR basi shemes,while the third one is a new sheme allowing to redue the size of the bu�er neessary atthe reeiver end. In addition, the number of pakets of eah stream is �nite.The rest of the hapter is organized as follows. In setion 4.2, the three shemes arepresented. In setion 4.3, numerial results of omputer simulations are presented. Insetion 4.4, the throughput expression of the new sheme relative to that of the SR shemeis derived. In setion 4.5, the appliation of the di�erent shemes to pratial systems isdisussed. Finally, in setion 4.6, onlusions are drawn.4.2 The transmission shemesLet us onsider a multiast ommuniation system where a single transmitter sends datato K reeiving terminals in the form of pakets (in pratie, it ould be the ase of a basestation transmitting to several terminals) and where the data are the output of a 2-levelsalable video enoder. Given their importane, the pakets ontaining video data of the�rst (basi) stream will be alled Indispensable or �I� pakets and the pakets ontainingdata of the seond (quality enhanement) stream will be alled Aessory or �A� pakets.We assume that all pakets have the following information embedded in them1) A bit indiating the nature of the paket (or the stream it belongs to).2) A sequene number identifying the position of the paket in the stream.3) A Cyli Redundany Chek (CRC) whih enables eah reeiver to detet transmis-sion errors in a paket.We also assume that the enoded video onsists of several portions that are transmittedsequentially, eah portion of the salably enoded video onsists of L1 pakets of type Iand L2 pakets of type A.An error-free transfer of �I� pakets must be ahieved so that we make sure eah enduser (ustomer) reeives (i.e. an wath) at least the basi quality video. In order tomake sure that all �I� pakets are reeived, we must use a retransmission proess basedon the feedbak of the reeivers (ARQ tehnique). As for �A� pakets, whih are onlyoptional, they should be transmitted in a Best E�ort way, ylially way as we propose,and without feedbak from the reeivers. Note that �I� pakets should also have priorityin the transmission sheme.The reeiving terminal, whih ould be a 2GMobile Station (MS), a 3G User Equipment(UE) or a WiMAX terminal (SS/MS) is omposed of two parts, the reeiver part and theuser part. The user onsists of the video deoder and orresponds to the appliation layerof the terminal. It deodes the video stream(s) that are delivered to it by the reeiver. Thereeiver, whih orresponds to the lower layers of the reeiving terminal, is responsible forthe delivery of error-free pakets in the right order. For that purpose, the reeiver performsthe CRC-heking and the paket reordering operations.Reordering of the aepted pakets is performed through bu�ering; When a paket isaepted, it is either stored in the reeiver bu�er or delivered to the user (where it is storedthen deoded). Sine pakets are only delivered to the user in the right order (at leastin streaming appliations), an aepted paket is delivered only if all the pakets with asmaller sequene number have been delivered. For example, suppose that when paket I2



101is aepted paket I1 has not been aepted yet, paket I2 is then bu�ered until paket I1is aepted, only then the two pakets are delivered to the user (�rst paket I1, and thenpaket I2) and the memory used to bu�er paket I2 is thus released. The same holds forthe seond stream. The reeiver must then manage as many bu�ers as there are streams.In the ase of a one-stream video sequene. When the transmission starts, the user(deoder) bu�er is empty, then as pakets are delivered by the reeiver, they are �rststored in the user bu�er and then deoded. The deoding (video playbak) starts whenthe user bu�er oupany reahes a given level. This level is a parameter of the streamingappliation. A typial value orresponds to 5s of video playbak, whih means that afterthe video playbak starts, the user has 5s to reeive new pakets, otherwise the image willfreeze, this time onstraint limits the number of possible retransmissions. This parametershould thus be hosen so as to minimize the probability of an image freeze (the largerthe better) and to minimize the waiting time of the lient (the smaller the better), aompromise must then be found. This parameter may somehow be managed by the lient(at the user) that plays bak the video.In the ase of a two-level salable video sequene, the seond stream is only useful in itsentirety, and sine the deoder must wait until the end of the allowed transmission time toknow whether this stream is available or not, the deoding an only start when the wholeseond stream is reeived if it is the ase and at the end of the allowed transmission timeif it is not the ase.4.2.1 The basi shemesAs mentioned above, �I� pakets should have priority and should be transmitted in a reliableway using an ARQ tehnique, and �A� pakets should be transmitted ylially in a beste�ort way.Point-to-MultiPoint (PMP) ARQ shemes have been proposed in (111) (112) (113)(114). A PMP ARQ sheme an be seen as a point-to-point ARQ sheme if instead ofonsidering that we have K di�erent reeivers, we onsider that we have one group of
K reeivers. The MultiReeiver Group (MRG) aknowledges the paket if eah reeiveraknowledges it at least one, and it (the MRG) doesn't if at least one reeiver doesn'taknowledge it. More preisely, the transmitter transmits a paket and expets the positiveaknowledgements from all reeivers. If it does not reeive the aknowledgements from allreeivers within a hosen time-out period, it retransmits the paket. Eah reeiver sends apositive aknowledgement when it reeives an error-free paket.In the SW sheme, the transmitter sends a paket and waits for aknowledgementsfrom the reeivers. In the meantime it doesn't transmit any other paket. If it reeives theaknowledgements from all reeivers within the �xed time-out period, it proeeds to thetransmission of the next paket, otherwise it retransmits the same paket and waits again(without transmitting any other paket) for the aknowledgements.The GBN and the SR shemes are of ontinuous type. The transmitter expets butdoes not wait for the aknowledgements of the paket after transmitting it, it atuallyimmediately transmits the next paket. Conurrently, it reeives and examines the streamof aknowledgements from the reeivers. This feature makes good use of the bandwidthalloated. In the GBN sheme, the transmitter baks up to the unaknowledged paketand retransmits it along with all the following pakets (N pakets are retransmitted intotal, N −1 representing the number of pakets that an be transmitted during a time-outperiod). For the SR sheme, the transmitter retransmits only the unaknowledged paket.
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start of the A packet transmissionFigure 4.1: The basi SR and GBN shemes for transmitting a salable video.For all three shemes, two strategies an be used : the Dynami Retransmission GroupRedution (DRGR) strategy and the Fixed Retransmission Group (FRG) strategy. Inthe DRGR strategy, after a paket transmission, the transmitter must reeive positiveaknowledgements from only those reeivers whih did not aknowledge suessfully dur-ing earlier transmission attempts, before the present attempt is delared suessful. Thetransmitter has then to memorize whih reeiver aknowledged whih paket. In the FRGstrategy, the transmitter ignores positive akowledgements from reeivers during the pre-vious transmission attempts; after a paket transmission, the transmitter must reeivepositive aknowledgements from all reeivers before it delares the present attempt su-essful. Atually, when using the DRGR strategy, the transmitter manages a memory ofsize N × K bits whereas in the FRG strategy, the transmitter manages a memory of Nbits only.A basi sheme for salable video streaming would �rst transmit the �I� pakets usingan ARQ tehnique, and subsequently transmit the �A� pakets in a yli best e�ort way(without feedbak). As shown in Fig. 4.1, aording to whether the ARQ tehniqueused is the GBN or the SR, there are two basi-shemes whih we will all the GBNsheme and the SR sheme. The onventional SW sheme is not onsidered beause ofits inadequay with real time appliations like video streaming. However, we will see insetion 4.5 how parallalising the SW through several separate instantiation an be used toreah the performane of the SR ARQ sheme.In the sequel, we will assume that all pakets have the same length (n bits), that thetime interval during whih a paket is transmitted is alled a time slot and that the time-out ounter is set to expire after the transmission of exatly (N − 1) pakets.Let us now get a loser look at the end of phase 1, more preisely when the numberof �I� pakets whih have not yet been ACKed beomes stritly less than N . During thisphase, whih turns out to be a middle phase (between the �I� paket transmission phaseand the �A� paket transmission phase), there are idle times, as illustrated in Fig. 4.2 forthe SR sheme where pakets I3, I15 and I20 remain to be transmitted, the timeout is onlyshown for paket I3, but the same thing happens with I20. For the GBN sheme, insteadof I3, I15 and I20, we will have I18, I19 and I20 (if L1 = 20).In order to optimize the shemes in terms of performane and hannel use, �A� paketsare transmitted during the idle time, as shown in Fig.4.3.
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A2A1 A3 A4 A5 A1 A2 A5A3 A4A6 A7Figure 4.3: Middle phase of the SR sheme without idle times (N − 1 = 5 and L2 = 7).4.2.2 The proposed shemeIn this paragraph, we propose a new sheme for transmitting the salable video. Ourtehnique is based on the onept of the observation window. When a paket is NACKed(paket I3 in Fig.4.4), it is retransmitted N slots later. The timeframe between the twotransmissions represents the observation window. The (N − 1) pakets transmitted afterthe retransmission represent the retransmission window, and are determined aording tothe following rules : An �I� paket transmitted and ACKed in the observation window isreplaed by an �A� paket in the same position of the retransmission window. Similarlyan �A� paket is replaed by another �A� paket. Finally, an �I� paket that is NACKedis simply retransmitted (e.g. pakets I13 and I15 after the retransmission of I11 in theseond line of Fig.4.4).Note that the ontent of the retransmission window is diretly dedued from the re-sults of the transmissions that oured in the observation window, paket per paket. Also,note that a retransmission window an be itself an observation window if the retransmis-sion is not suessful. Outside the retransmission window, the transmitter uses the sametransmission rule as the SR sheme in phase 1.Also, in this sheme, though transmission of �A� pakets an start well before phase 2,as explained above, there is also a middle phase when the number of �I� pakets to transmitgoes below N , the same transmission rule as in the two other shemes is used, i.e. whenan �I� paket annot be transmitted, an �A� paket is transmitted as shown in Fig. 4.6.4.3 Numerial resultsIn this setion, we ompare the three shemes presented above in terms of performaneand bu�ering requirement. For omparison, we will de�ne a performane riterion.The multiast ommuniation system we onsider onsists of (K + 1) stations, onetransmitter and K reeivers. We all the path between the transmitter and a partiularreeiver a (forward) uniast hannel, eah Uniast hannel is assumed to be a BinarySymmetri Channel (BSUC) (see Fig. 4.7). The uniast hannels are assumed to produeindependent noise proesses and eah noise proess is assumed to be white, that is noisedisturbs the bits transmitted on the BSUC at random. The BSUCs are also supposed
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A1 A2 A4 A5 A1 A2A3 A3 A4 A5 A1 A2Figure 4.6: Middle phase in the new sheme (N − 1 = 5 and L2 = 5).to have the same Bit Error Rate (BER) ε. As for the reverse (feedbak) hannel, it isassumed noiseless (i.e. error-free). Generally, the reverse feedbak hannels use a separatefrequeny band and the data are sent at a high transmit power and with a heavy physiallayer protetion (in terms of modulation and oding). Hene, the feedbak hannels willbe assumed noiseless (error-free).In the ase of one �ow (traditional ARQ tehniques), the SR tehnique is optimal interms of throughput and muh more e�ient than the GBN tehnique, partiularly when
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. . .Figure 4.7: Channel model of the multiast environment.the hannel is highly error-prone. On the other hand, in the GBN tehnique, the reeiveraepts and delivers the pakets in their original sequene and therefore doesn't requirebu�ering while in the SR tehnique, the reeiver needs to bu�er all the pakets whihannot be delivered until one or several other pakets are aepted and delivered. With atheoretially in�nite stream, the reeiver needs an in�nite bu�er, whih is known as IdealSeletive Repeat.In the sequel, we will de�ne a performane riterion, and then ompare the three shemeswith respet to these two riteria (performane and memory), but �rst, let us reall theassumptions we made1) All pakets are of the same length (n bits).2) The time-out ounter is set to expire after the transmission of exatly (N − 1)pakets.3) The uniast hannels are independent and memoryless.4) The BER of eah BSUC is ε.5) The feedbak hannels are error-free.So far, the main performane riterion was the throughput (109)(110)(111)(112)(113)(114)(115)(117), but this was for ARQ tehniques used to transmit one very long (theo-retially in�nite) bit stream reliably. In our ase, the three shemes are meant to transmittwo �nite bit streams, one in a reliable way (using feedbak hannels and retransmissions)and another one in a best e�ort way (without retransmissions).Given that the �rst stream is �nite and reliably transmitted (in order for all the reeiversto have at least the basi quality video), the di�erene omes only from the seond bitstreamand its reeption rate among the reeivers. That's the reason why the performane riterionwe use, whih will be denoted by the variable x is de�ned as the average number of reeivershaving reeived the seond bitstream (all �A� pakets) at a given referene time. As a �rstapproah, we ould use the referene time to be t0, that is, the time when the slowliestof the three shemes (the GBN sheme) �nishes the transmission of the �rst �ow, butthe latter being a random variable whose statistis depend on the system parameters, itannot be used as the referene. We hoose as referene a �xed time like the time whenthe transmitter stops the transmission (see Fig. 4.8). This time is totally independent of
t0, it depends on the real-time appliation onstraints.4.3.1 Performane omparisonLet us �rst onsider that all reeivers are interested in the two streams of the video.The three shemes desribed in setion 4.2 were implemented with K = 10 reeivers,
ε = 0.0005, N = 10 slots, n = 50 bits and L1 = L2 = 20 pakets. These parameters are
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Figure 4.8: Shemes for transmitting a salable video.not very realisti (partiularly the paket size) but they allowed us to keep the simulationtimes within very reasonable limits. The results of the �rst simulation are depited in Fig.4.9. The urves relative to the SR and the new sheme (NS) are superimposed, whihmeans that the new sheme has got optimal performane just as the SR sheme. Thoughthe BER is low and the paket size is small, we notie that the GBN is muh less e�ientthan the two other shemes.The performane of the new sheme is the same as that of the SR sheme beause itperforms retransmissions in a seletive manner exatly as the SR sheme does, there areno useless retransmissions in this sheme also, the only di�erene is that in our sheme, �I�pakets transmissions are interleaved with �A� paket transmissions whih auses the newsheme to be slowlier than the SR sheme with respet to the transmission of �I� pakets,but the total rate is the same.The e�et of the number of reeivers and the BER is further investigated for the optimalshemes (SR and NS) in Figs. 4.10 and 4.11 respetively. A onsiderable inrease in thenumber of reeivers doesn't muh a�et the performane of the system sine it results in arather small additional transmission time to reah the same performane. This is explainedby the fat that when using the DRGR strategy, the average number of transmissions growslogarithmially, i.e. slowly with the number of reeivers (ontrary to the FRG strategy,with whih the average number of transmissions grows exponentially, i.e. very fast, withthe number of reeivers) as shown in (114). We an thus inrease the number of reeiverswithout seriously deteriorating the performane. Bearing in mind that the more reeiversthere are, the more e�ient use is made of the bandwith, this result tells us that usingmultiast in suh an appliation is a very good approah sine it allows to make a verye�ient use of the bandwith to the detriment of a small performane deterioration.In ontrast, the system performane is very sensitive to the bit error rate, for when thelatter inreases, the system performane degrades sharply, partiularly for high values.
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Figure 4.10: Performane of the optimal shemes with di�erent group sizes.Let us now onsider that the reeivers are split into two groups, a �rst group of K1reeivers only interested in the �rst stream of the salable video being transmitted and aseond group (the K2 = K −K1 other reeivers) interested in the two streams (full video).As explained in setion 4.2, in the ase of a user only interested in the �rst stream ofthe salable video that is being transmitted, the deoding an start as soon as the userbu�er is �lled to a ertain level. The higher this level is, the longer is the required delaybut the less likely is an image freeze, a ompromise between these harateristis of theprovided servie must determine the value of the bu�er oupany level required to startthe deoding.Fig. 4.12 plots the average delay required for a user (lient) of the �rst group to beable to start the deoding (wathing the video). The required user bu�er oupany levelis varied between 5 pakets and 30 pakets (with L1 = 40 and K1 = K2 = 10). The delayneessary with the NS is slightly higher than that of the SR sheme, whih was expetedsine the NS performs the transmission of both streams more or less in parallel while theSR sheme is totally devoted to the transmission of the �rst stream in the �rst phase. This
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Figure 4.12: Average required delay for a user to reah the required bu�er oupany level.represents the drawbak of the NS, i.e. with this sheme, lients interested only in thebasi quality video will wait a little longer than if SR were employed. As for the GBNsheme, it requires muh more time due to its ine�ieny.4.3.2 Bu�ering requirementThough the deoding of the two streams is performed in parallel, the reeption must bemanaged by two independent proesses, eah dediated to one stream, as explained earlier.It is obvious that bu�ering is neessary at the user beause the deoder must bu�er thedata available for deoding as long as they have not been deoded, the user must be ableto bu�er as many pakets as there are (L1 �I� pakets and L2 �A� pakets). These data aredelivered by the reeiver and sine in the SR and NS shemes, �I� pakets may be aeptedin the wrong order (due to seletive rejetion/retransmission proesses), bu�ering is alsoneessary at the reeiver. Further, �A� pakets are transmitted ylially and due to theseletive rejetion (or aeptane) proess, they may be aepted in the wrong order too.Bu�ering of �A� pakets at the reeiver must also be provided for all shemes.
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Figure 4.13: Progression of the reeiver bu�er and the user bu�er ontents (with (L1 − 1)multiple of N − 1 = 3) in the SR ARQ tehnique.To better understand the bu�ering proess and the bu�er size neessary at the reeiver,assume that the �rst paket transmitted in a one-stream L1-paket SR sheme is NACKedand that all the pakets with a higher sequene number were ACKed. The reeiver annotdeliver these pakets to the user until the �rst paket is orretly reeived. Until then, theyare stored in the reeiver bu�er. One the �rst paket is orretly reeived, all pakets aredelivered to the user and the reeiver bu�er is then released. This is the worst ase senario(illustrated in Fig. 4.13) whih enables us to see that the reeiver bu�er size neessaryto insure enough storing apaity in 100% of the ases is L1. This is valid for a streamof L1 pakets transmitted reliably using a SR ARQ tehnique. If the same stream weretransmitted using a GBN ARQ tehnique, no bu�ering would have been neessary at thereeiver sine pakets are aepted and delivered in the right order whih represents themain advantage of the GBN ARQ tehnique to the detriment of poor performane.In the onsidered two-stream salable video transmission, using GBN and SR shemes,no reeiver bu�er is required to store �I� pakets in the ase of the GBN sheme while theI-paket reeiver bu�er must be able to store L1 pakets in the ase of the SR sheme.In the new sheme, �A� pakets replae �I� pakets suessfully reeived in retransmis-sion windows so that no other �I� paket is aepted and bu�ered in the orresponding slot(see Fig. 4.14). The size of the bu�er neessary at the reeiver to store �I� pakets is thengiven by a window size parameter, that is to say N pakets. The bu�er size neessary isthen redued from L1 pakets to N pakets only, whih is a physial limit imposed by theroundtrip propagation delay. It is partiularly interesting when the number of �I� pakets
L1 is large as ompared to N .Finally, sine the �rst �A� paket may be the last to be aepted by a given reeiver inthe yli �A� paket transmission, the A-paket reeiver bu�er must be able to store L2pakets in all three shemes. In the GBN and the SR shemes, one may think one bu�eran be used instead of two sine the two streams are not transmitted in parallel, but this isnot quite true sine during these two phases, there is a phase where both types of paketsare transmitted.Tables 4.1 and 4.2 reapitulate the bu�er size neessary for �I� pakets and �A� pakets
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Figure 4.15: Performane omparison using the same bu�er size.4.4 Throughput analysisIn this setion we desribe analytially the operation of our sheme by alulating itsthroughput e�ieny η. Reall that the throughput e�ieny is de�ned as the ratio ofthe average number of information bits suessfully aepted by the reeiver per unit timeto the total number of bits that ould be transmitted per unit time. The throughput ofontinuous transmission ARQ tehniques (GBN and SR) an be written as (109)(110)(115)
η =

nd

n
· 1

M
(4.1)where nd is the paket size without the CRC (i.e. the CRC onsists of (n − nd) bits) and

M is the average number of transmissions for a paket to be suessfully transmitted (tothe whole group). The throughput is only meaningful when the stream is very long, theo-retially in�nite. It expresses the rate loss or redution due to the addition of redundanybits (the nd

n fator) and to retransmissions (the 1
M

fator).As we saw in the previous setion, the total rate (I stream + A stream) is the samefor the SR sheme and for the proposed sheme. On the other hand, if we onsider onlythe �I� �ow, then the throughput of the SR sheme is higher than that of the sheme wepropose (in whih their would be idle slots due to �A� paket transmissions). Apart fromthe idle slots, our sheme performs exatly in the same way as the SR sheme.Let us de�ne the following events, all relative to the new sheme
I : The transmitted paket is of type I.
A : The transmitted paket is of type A.
W : The paket is transmitted in an observation window.
W̄ : The paket is not transmitted in an observation window.
ACKed : After the transmission of the paket, it is aknowledged by all the reeiverswhih have not aknowledged it before the urrent transmission.
NACKed : After the transmission of the paket, there will still be reeivers (at leastone) whih have not yet aknowledged the paket.and let P (I), P (A), P (W ), P (W̄ ), P (ACKed) and P (NACKed) be the probabilitiesof theses events. Obviously, P (I) + P (A) = 1, P (W ) + P (W̄ ) = 1 and P (ACKed) +
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Not in an observation window,Figure 4.16: Link between (the nature of) the paket transmitted in slot i and (the natureof) the paket transmitted in slot (i + N).
P (NACKed) = 1.The new tehnique an be seen as a SR interleaved by �A� paket transmissions, heneits throughput an be written as

ηNS = ηSR × P (I) (4.2)We must then derive an expression for P (I).The paket transmitted in a given slot depends entirely on the paket transmitted
N slots earlier. In other words, the transmission of a paket in a given slot determinesentirely the paket transmitted N slots later. Atually, aording to whether the pakettransmitted in slot i is of type A or I, to whether it is ACKed or NACKed and to whetherit is transmitted in an observation window or not, there are 5 possible senarios (Fig. 4.16)1) If the paket is of type I, is ACKed and is transmitted in an observation window,the paket transmitted in slot (i + N) is of type A.2) If the paket is of type I, is ACKed and is not transmitted in an observation window,the paket transmitted in slot (i + N) is of type I.3) If the paket is of type I and is NACKed, the same paket is retransmitted in slot
(i + N) (whether in observation window or not).4) If the paket is of type A and is transmitted in an observation window, the pakettransmitted in slot (i + N) is of type A.5) If the paket is of type A and is not transmitted in an observation window, thepaket transmitted in slot (i + N) is of type I.In order to alulate the throughput , we must assume that L1 and L2 are very large(theoretially in�nite) and that their ratio is �nite. In this ase, the proess is stationary,i.e. the probability that the paket transmitted in a given slot is an �I� paket is the samewhatever the position of the slot.The probability that the paket transmitted in a given slot is of type I is the sum ofthe probabilities of the paths that lead to the transmission of an �I� paket (see Fig. 4.16),i.e.

P (I) = P (I,ACKed, W̄ ) + P (I,NACKed) + P (A, W̄ ) (4.3)
P (I,ACKed, W̄ ) is given by

P (I,ACKed, W̄ ) = P (I)P (ACKed|I)P (W̄ |I,ACKed)

= P (I)P (ACKed|I)(1 − P (W |I,ACKed))

= P (I)P (ACKed|I)P (1 − P (W |I)) (4.4)



113for the fat that the paket is ACKed is independent of the fat that it is transmitted inan observation window, it depends on the hannel quality, the paket size and the numberof reeivers.Similarly,
P (I,NACKed) = P (I)P (NACKed|I)

= P (I)(1 − P (ACKed|I)) (4.5)and
P (A, W̄ ) = P (A)P (W̄ |A)

= (1 − P (I))(1 − P (W |A)) (4.6)Under the assumption of the independene of events W and I(or A), we an write
P (W |I) = P (W )

P (W |A) = P (W )This assumption tends to be satis�ed for L1 very large.Thus, Equations (4.4) and (4.6) beome
P (I,ACKed, W̄ ) = P (I)P (ACKed|I)(1 − P (W )) (4.7)

P (A, W̄ ) = (1 − P (I))(1 − P (W )) (4.8)Substituting equations (4.5), (4.7) and (4.8) in (4.3), we obtain the following equation
P (I) = P (I)(1 − P (W ))P (ACKed|I) + P (I)(1 − P (ACKed|I)) + (1 − P (I))(1 − P (W ))whih an be put in the form

(1 − P (ACKed|I))P (I)P (W ) − P (I) − P (W ) + 1 = 0 (4.9)To express P (I), we need to express P (W ) and P (ACKed|I).An �A� paket is transmitted in an observation window if and only if a paket trans-mitted less than (N − 1) slots earlier is of type I, is NACKed and is not transmitted in anobservation window,
P (W ) = (N − 1)P (I,NACKed, W̄ )

= (N − 1)P (I)P (NACKed|I)P (W̄ |I,NACKed)

= (N − 1)P (I)P (NACKed|I)P (W̄ |I)

= (N − 1)P (I)(1 − P (ACKed|I))(1 − P (W |I)) (4.10)Still under the assumption of the independene of events W and I, equation (4.10) beomes
P (W ) = (N − 1)(1 − P (ACKed|I))P (I)(1 − P (W )) (4.11)
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P (W ) =

(N − 1)(1 − P (ACKed|I))P (I)

1 + (N − 1)(1 − P (ACKed|I))P (I)
(4.12)whih gives the expression of P (W ) as a funtion of P (I).Substituting equation (4.12) in equation (4.9), we obtain a quadrati equation in thevariable P (I)

[(N − 1)P (ACKed|I)(1 − P (ACKed|I))] P (I)2 + P (I) − 1 = 0 (4.13)So, we must solve the following equation in the variable z

[(N − 1)P (ACKed|I)(1 − P (ACKed|I))] z2 + z − 1 = 0 (4.14)the determinant of whih is
∆ = 1 + 4(N − 1)P (ACKed|I)(1 − P (ACKed|I))Given that

(N − 1) > 0

P (ACKed|I) > 0

1 − P (ACKed|I) > 0 (4.15)we have ∆ > 1 > 0. The equation has two real solutions z1 and z2 with
z1 =

−1 −
√

∆

2(N − 1)P (ACKed|I)(1 − P (ACKed|I))and
z2 =

−1 +
√

∆

2(N − 1)P (ACKed|I)(1 − P (ACKed|I))

∆ > 1, so √
∆ > 1 and therefore z1 < 0 et z2 > 0. P (I) is a solution of equation (4.14)and satis�es 0 < P (I) < 1. Given that z2 is positive and z1 is negative, z1 is rejeted.What is left to do is to hek that z2 is less than 1, whih is equivalent to

−1+
√

1 + 4(N − 1)P (ACKed|I)(1 − P (ACKed|I) < 2(N−1)P (ACKed|I)(1−P (ACKed|I)or to
0 < 4(N − 1)2P (ACKed|I)2(1 − P (ACKed|I))2whih is satis�ed.It follows that the analytial expression of P (I) established under the assumption ofthe independene of events W and I (or A) is

P (I) =
−1 +

√
1 + 4(N − 1)P (ACKed|I)(1 − P (ACKed|I))

2(N − 1)P (ACKed|I)(1 − P (ACKed|I))
(4.16)



115We still have to derive an analytial expression for P (ACKed|I) whih is the probabilitythat the paket transmitted in a given slot is ACKed by the whole group given that it's apaket of type I. It is the probability that the reeivers whih have not aknowledged thepaket during the previous attempts do so during the urrent one. Knowing that it ouldbe the 1st, the 2nd, . . . the mth attempt . . . , P (ACKed|I) an be written as
P (ACKed|I) =

∑

m

P0(m) × P1(m) (4.17)where P0(m) is the probability that the reeivers who have not aknowledged the paketin the previous attempts do so at the urrent attempt given it's the mth one, and P1(m)is the probability that the urrent attempt is the mth one.To derive the expression of P (ACKed|I), we have to derive the expressions of P0(m)and P1(m).We �rst de�ne the following probabilities whih will be useful for the derivation of
P0(m) and P1(m) expressions

Ps : Probability of a suessful (uniast) transmission.
Pu : Probability of an unsuessful (uniast) transmission.These two probabilities an be written as

Ps = (1 − ε)n (4.18)and
Pu = 1 − (1 − ε)n (4.19)Let us now get bak to P0(m), whih aording to the de�nition above is the probabilitythat the reeivers whih have not yet aknowledged the paket at the (m−1)st attempt doso at the mth one. Let k be the number of the reeivers whih have not yet aknowledgedthe paket at the (m − 1)st attempt.The total number of reeivers is K, so there are k reeivers whih have not reeived thepaket orretly ((m− 1) times out of (m− 1) attempts) and (K − k) whih did reeive itorretly (at least one time out of the (m − 1) attempts).For a given k, the probability that the reeivers whih have not aknowledged thetransmitted �I� paket up to the (m− 1)st attempt do so at the mth one is the probabilitythat there are1) k reeivers whih have not reeived the paket orretly (m−1) times out of (m−1)attempts, that is (Pm−1

u )k.2) (K − k) reeivers whih have reeived the paket orretly at least one in (m − 1)attempts, the probability of whih is denoted by P ′.3) k suessful uniast transmissions (orresponding to the k reeivers left) at the mthattempt, that is P k
s .Let us derive the expression of the seond event, whih an be written as

P ′ = P ′′(K−k) (4.20)where P ′′ is the probability that a given reeiver reeives the paket orretly at leastone in (m − 1) attempts.



116 4. Transmission Shemes for Salable Video Streaming inPoint-to-Multipoint CommuniationsLet P ′′′ be the probability of the omplementary event
P ′′ = 1 − P ′′′ (4.21)

P ′′′ is the probability that a given reeiver doesn't reeive the paket orretly (m− 1)times in (m − 1) attempts, whih we an write
P ′′′ = Pm−1

u (4.22)It follows, from (4.20), (4.21) and (4.22) that P ′ is given by
P ′ = (1 − Pm−1

UT )K−kNow, sine k varies between 1 and K we have
P0(m) =

K∑

k=1

P k
s × (1 − Pm−1

u )K−k × (Pm−1
u )k

=

K∑

k=1

(Pm−1
u (1 − Pu))k × (1 − Pm−1

u )K−k

=

K∑

k=1

ak
1 × bK−k

1where {
a1 = Pm−1

u (1 − Pu)
b1 = (1 − Pm−1

u )Now
P0(m) = a1

K∑

k=1

ak−1
1 × bK−k

1

= a1

K−1∑

k=0

ak
1 × bK−1−k

1

=
a1

a1 − b1
(aK

1 − bK
1 )for

aK − bK = (a − b)(aK−1 + aK−2b + · · · + abK−2 + bK−1)

= (a − b)
K−1∑

k=0

akbK−1−k (4.23)Replaing a1 and b1 by their expressions, we obtain the expression of P0(m)

P0(m) =
Pm−1

u (1 − Pu)

(2Pm−1
u − Pm

u − 1)

[
(Pm−1

u (1 − Pu))K − (1 − Pm−1
u )K

] (4.24)We now derive the expression of P1(m) whih is the probability that the urrent attemptis the mth one. It's the probability of reeiving less than K ACKs up to the (m − 1)st



117attempt, more preisely the probability of reeiving between 0 and (K−1) ACKs in (m−1)attempts. P1(m) is given by
P1(m) =

K−1∑

k=0

P (k ACKs in (m − 1) attempts)
=

K−1∑

k=0

P (in (m − 1) attempts : k reeivers send ACKs and (K − k) do not)
=

K−1∑

k=0

(1 − Pm−1
u )k × (Pm−1

u )K−k

=

K−1∑

k=0

ak
2 × bK−k

2 (4.25)where {
a2 = 1 − Pm−1

u

b2 = Pm−1
uNow

P1(m) = b2

K−1∑

k=0

ak
2 × bK−1−k

2

=
b2

a2 − b2
(aK

2 − bK
2 ) (4.26)Equation (4.26) is obtained using (4.23).As a result, we have

P1(m) =
Pm−1

u

(1 − 2Pm−1
u )

[
(1 − Pm−1

u )K − (Pm−1
u )K

] (4.27)Replaing P0(m) and P1(m) by their analytial expressions, we obtain the analytial ex-pression of P (ACKed|I) as a funtion of the di�erent system parameters
P (ACKed|I) =

∑

m

(1 − Pu)P
2(m−1)
u

(1 − 2Pm−1
u )(2Pm−1

u − Pm
u − 1)

×

[
(Pm−1

u (1 − Pu))K − (1 − Pm−1
u )K

]
×
[
(1 − Pm−1

u )K − (Pm−1
u )K

](4.28)Fig. 4.17 shows the ratio of the new sheme throughput (for a very long �I� pakettransmission) to that of the SR sheme as a funtion of a uniast hannel bit error rate.For low bit error rates, there is a very good agreement between analytial results andsimulation results. For higher bit error rates, a small di�erene appears �rst, and then itbeomes more important for high bit error rates. The di�erene is due to the fat that thesimulation is run with L1 = 1000 (L1 = ∞ ideally) and to the fat that the independeneassumption is no longer quite satis�ed.
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Figure 4.17: Throughput of the new sheme relative to the throughput of the SR.The fat that the throughput of the proposed sheme is redued with respet to that ofthe SR sheme is due to the fat that the new sheme transmits two streams at the sametime while the SR ARQ tehnique is dediated to the transmission of one stream only. For
L1 �nite, the SR sheme �nishes the transmission of the �rst stream faster than the newsheme, whih �nishes faster than the GBN sheme. This was already illustrated when thedelay was studied in setion 4.4.4.5 Appliation to Wireless SystemsAs explained in hapter 1, when streaming a salable video through a ellular networktowards one or several reeivers, the video data originate from the Internet, more preisely,the salably oded video data are stored at an Internet server. The reeiving terminalsrepresent the other end of the transmission system. The arhiteture of the network usedlies between these two ends (see Fig.4.18).Fig. 4.19 shows the whole protool stak that may be used to transport video data overa 2G(GPRS/EDGE) or 3G(UMTS/HSDPA) network. Both TCP and UDP (in onjuntionwith RTP) an be used to transport video data over networks that use the Internet Protool(IP). In ase TCP is used, pakets follow path 1. In ase UDP is used (in onjuntion withRTP), pakets follow path 2.Reall that TCP provides a reliable transmission mehanism between the reeivingterminal and the server at the transport level. It is atually the highest operating reliablemehanism. Fig. 4.20 shows all the di�erent possible retransmission levels for a uniastTCP onnetion over 2G, 3G and WiMAX ellular networks. Link level retransmissionsare of SR type (see Appendix B) whereas TCP retransmissions are of GBN type.All these retransmission mehanisms an be used to apply the shemes we studied in theprevious setions, but they are meant for point-to-point ommuniations (1 reeiver) andappliations of 1 stream. Adaptations to the ase of point-to-multipoint ommuniationsand salability are then neessary.To adapt these mehanisms to the ase of point-to-multipoint ommuniations, TCPhas been replaed by the NACK-Oriented Reliable Multiast (NORM) Protool (18), aReliable Multiast Transport (RMT) IETF standard for point-to-multipoint ommunia-tions. As for the Link Level retransmissions, they require an Algorithmi (sheduling)
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Figure 4.18: Arhiteture of a point-to-multipoint server-mobile terminals onnetion over(a) 2G and 3G networks. (b) WiMAX.
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Figure 4.19: Protool stak for the transport of video data over 2G, 3G and WiMAXellular networks.update sine the transmitter must take into aount the feedbaks from all reeivers andmust manage an ACK List (memorizing whih reeivers aknowledged the pakets andwhih did not).To adapt the mehanisms to the existene of 2 streams, the transmitter needs to managetwo di�erent bu�ers, one for the pakets of eah stream. The transmitter also needs toshedule the transmission of the pakets aording to the transmission rules of the shemein question, whih is also an Algorithmi update.A transmission mehanism was proposed in (16) for streaming salable video data overwired/wireless Internet. This sheme uses TCP for the transmission of �I� pakets andUDP for the transmission of �A� pakets so that the base-layer datagrams are transportedreliably and the enhanement-layer datagrams are transported in a Best E�ort way. �A�paket and �I� pakets would then follow path 1 and path 2 of Fig. 4.19, respetively. Thissheme is an appliation of the GBN sheme at the transport level sine TCP retransmis-sions are of GBN type.
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Figure 4.20: Possible retransmission levels in a TCP onnetion over (a) 2G and 3G net-works. (b) WiMAX.
On the other hand, TCP retransmissions are basially used to reover from paket lossesin the Internet due to ongestion. These retransmissions also reover from losses due totransmission errors on the wireless link. Level 2 retransmissions deal exlusively with lossesdue transmission errors on the wireless link and are more e�ient than TCP retransmissionsfrom this point of view, due to their proximity to the terminal. For example, in 3G, TheTCP RTT (server-Terminal RTT) is on the order of 400 ms, the RLC RTT (RNC-Terminal)on the order of 60 ms, and the MAC-hs RTT on the order of 11 ms. This omprises thesignal duration, the proessing time and the propagation time. If, for instane, in the aseof a non-salable uniast streaming appliation, 5s of bu�ering are neessary before thevideo playbak starts, eah TCP segment an be retransmitted at most 12 times, and RLCPDU 83 times and a MAC-hs PDU 454 times.If the network ongestion is not negligible, TCP must be used for the transmissionof the basi stream, with or without level 2 retransmissions, but preferably with level 2retransmissions sine the latter improve the throughput. If, in ontrast, the ongestion islow, it is preferable to use the RTP/UDP ombination with its lower delay and omplexityand use link level retransmissions to deal with transmission errors on the wireless link.Also, at the link level, both in-sequene and out-of-sequene delivery are generallypossible. But when using TCP, studies of the interation between TCP and link layerretransmissions (19)(20)(21) showed that in-sequene delivery of link level SDUs results inbetter performane at the TCP layer beause reeiving out-of-sequene pakets (TCP seg-ments) may ause a triple dupliate phenomenon (misinterpreted as ongestion by TCP),whih results in paket retransmissions and ongestion window downsizing at the TCPlayer.



1214.6 ConlusionIn this hapter, we onsidered the transmission of a two-level salable video sequenetowards several lients. The number of pakets to be transmitted was �nite and known.Shemes using the basi GBN and SR ARQ tehniques were studied. We also proposedand studied a new sheme. Computer simulations were used to evaluate the performane ofthe three shemes. The new sheme redues the bu�ering requirement at the reeiver end.Numerial results show that when all reeivers are interested in the full quality video, thenew sheme is optimal in data delivery speed. The results also show that the inrease inthe number of reeivers doesn't muh a�et the system performane while it onsiderablyimproves the bandwith utilization e�ieny. An analytial expression of the new sheme'sthroughput relative to that of the SR sheme was also derived, only the transmission of �I�pakets was onsidered then. Analytial results were in good agreement with simulationresults. Finally, the di�erent shemes were shown to be appliable to 2G, 3G and WiMAXsystems, with a few adaptations.



122 4. Transmission Shemes for Salable Video Streaming inPoint-to-Multipoint Communiations



123
Chapter 5On the use of Automati RepeatRequest in Multiast/Broadastservies5.1 IntrodutionIn multimedia appliations, the data to be transmitted are ompressed by a soure enoderat the appliation layer. Therefore, one way of reduing the bandwidth used is to inreasethe ompression rate in order to redue the amount of data to be transmitted and henethe bandwidth neessary to transmit them.Another e�ient way to redue the neessary bandwidth would be by gathering all theustomers asking for the same multimedia ontent in one group of reeivers to whih thedata are onveyed using the same hannel. The bandwidth is then redued by a fatorequal to the total number of reeivers. This approah is valid in ase multiple ustomersper ell are interested in the same ontent. It is partiularly useful for multimedia appli-ations like video �le transfer or video streaming appliations beause many reeivers maybe interested in the same video ontent but also beause video appliations are hara-terized by large bandwidth requirements, whih an be hundreds of times higher than thebandwidth required for voie servies.On the other hand, retransmission of erroneous pakets is very suitable to reover frommissing data and improve the provided quality.Below, if a PMP ommuniation uses ARQ retransmissions, it will be said to be inthe Aknowledged Mode (AM), otherwise (if it does not use ARQ) it will be said tobe in the Unaknowledged Mode (UM). Obviously, the Aknowledged Mode makes theommuniation reliable and provides a muh better quality than the UnaknowledgedMode. However, under this mode, when the number of reeivers inreases, the throughputof the system dereases and may go below the limit required by the appliation.Basi ARQ shemes were proposed and studied in (104)-(118). These works assumedthat all reeivers were in the same radio onditions (experiened the same BER). Besides,the fous was put on the evaluation of the performane of the studied sheme (generallyexpressed by the throughput) as a funtion of the hannel quality (generally expressed bythe BER) and the number of reeivers. In this work, the more pratial situation in whihthe di�erent reeivers may experiene di�erent BERs is onsidered. The threshold numberabove whih the number of reeivers is onsidered too large to use the Aknowledged Mode



124 5. On the use of Automati Repeat Request in Multiast/Broadastserviesis determined. This number represents the apaity of the system under some given ap-pliation throughput onstraint and for a given on�guration of the radio onditions (thedi�erent BERs). This is realized at �rst in the presene of one frequeny hannel, and thenis generalized to the ase when several frequeny hannels are available.The rest of this hapter is organized as follows. Setion 5.2 desribes the PMP sys-tem and analyses its throughput. Setion 5.3 analyzes the behavior of point-to-multipointommuniations when the di�erent reeivers are in di�erent hannel onditions. Setion5.4 fouses on the de�nition of the algorithms aording to whih PMP systems shouldperform under a throughput onstraint and when one hannel is available for the trans-mission. In setion 5.5, these systems are generalized to the ase when several hannels areavailable. Setion 5.6 disusses the appliation of these systems to Multiast/Broadastservies supported by the 3GPP and mobile WiMAX. Finally, Setion 5.7 onludes thehapter.5.2 Retransmission proedures and throughput analysisAs in the previous hapter, we onsider the ommuniation system onsisiting of one trans-mitter and K reeivers. Reall that the (multipath) propagation medium between thetransmitter and a partiular reeiver is a (forward) uniast hannel. Eah Uniast Chan-nel is modelled as a Binary Symmetri hannel (BSUC). The uniast hannels are assumedto produe independent noise proesses and eah noise proess is assumed to be white, sothat the bits transmitted on the BSUC are randomly erroneous.Note that throughout this hapter, the term �(frequeny) hannel� denotes a frequenyband (a network bandwidth resoure), whereas the term �uniast hannel (BSUC)� de-notes the propagation medium between the transmitter and a partiular reeiver, and isharaterized by the rate at whih errors our on it.SW and GBN ARQ shemes being ine�ient in terms of throughput, only SR is onsid-ered in this study. Further, it was shown in (114) that for the SR using the FRG strategythe average number of transmissions grows exponentially, i.e. very fast, with an inreasein the number of reeivers whereas for the SR using the DRGR strategy the average num-ber of transmissions grows logarithmially, i.e. slowly, with the number of reeivers. Thismakes the DRGR strategy very interesting for Multiast servie provision, i.e. if we want tomaximize the number of reeivers that are provided with data in the Aknowledged Mode.For this reason, only the DRGR strategy is onsidered in this work. Below, the number ofreeivers is represented on a logarithmi sale, sine the average number of retransmissionsgrows logarithmially (slowly) with the number of reeivers.Note that the DRGR strategy outperforms the FRG strategy at the expense of a Ktimes larger memory required at the transmitter, whih is not really an inonvenient sinenowadays, it is no longer a problem to have a 1 Mega Byte memory as was the ase twodeades ago.Assume that all pakets onsist of nd data bits and an nh-bit header (see Fig. 5.1).The header onsists of an ns-bit Sequene Number and an nc-bit CRC. The CRC protetsboth the data �eld and the SN �eld. The size of the paket n = nd + nh = nd + ns + nc(in bits) will be assumed onstant. This struture is similar to that of a MAC paket, thedi�erene is that MAC pakets ontain, in addition to the SN and the CRC �elds, otherMAC header �elds and the headers of the upper layers.
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Figure 5.1: Struture of a paket.If the soure enoder at the appliation layer generates data at a rate R0 [bits/se℄,the neessary rate at the physial layer is R0 × n/nd > R0 [bits/se℄ 1. We assume that afrequeny hannel provides exatly the bandwidth neessary for transmitting binary dataat the rate R0×n/nd [bits/se℄. This ensures that, when retransmissions are not used, thethroughput of the system is equal to the rate at whih the soure enoder generates data,i.e. R0.Let R be the throughput of the system at the appliation layer. The throughpute�ieny of the system is given by
η =

R

R0 × n
nd

=
R

R0

nd

n
(5.1)If the size of the sequene range 2ns is large enough, the throughput e�ieny an bewritten as (110)(111) :

η =
nd

n

1

M
(5.2)where M is the number of transmissions a paket requires to be aknowledged by allreeivers and M is the mean of M , i.e. the average number of attempts per paket.In (5.2), the fator nd/n aounts for the additional bandwidth required due to theoverhead whereas the fator 1/M aounts for the additional time this bandwidth is useddue to retransmissions.Now, ombining (5.1) and (5.2) we obtain

R

R0
=

1

M
(5.3)Under very strong real time onstraints suh as live TV, no delay is allowed and therequired throughput R is equal to R0, whih does not allow for retransmissions. On theother hand, in streaming appliations, the deoding starts after a given delay (whih anbe tuned at the reeiver). This delay allows the appliation to run with a lower throughput(αR0 ≤ R ≤ R0 with α < 1). The higher the delay, the lower the required throughput.The ondition αR0 ≤ R ≤ R0 implies 1 ≤ M ≤ 1/α. Hene the delay allows for a limiteduse of retransmissions. This limit will be used later in this hapter to �nd the limit on thenumber of reeivers that an be aepted by the system in the Aknowledged Mode.1. Note that the overhead due to the redundany added by the hannel enoder at the physial layershould also be taken into aount



126 5. On the use of Automati Repeat Request in Multiast/BroadastserviesBefore we proeed, let us point out that all the results presented and disussed belowwere obtained with a paket size of n = 1024 bits (128 bytes) inluding a 16-bit SN and a32-bit CRC (ns = 16 bits, nc = 32 bits and hene nh = 48 bits).Let us �rst assume that the K BSUCs have the same BER ε, i.e. the di�erent reeiversare in the same radio onditions. This assumption may be onsidered true in satellitesystems but not in terrestrial systems (ellular or not). However, it will be a �rst steptowards the more general and more realisti ase when the di�erent reeivers are in di�erentradio onditions (depending on the distane to the transmitter, the fading, the shadowing...).In order for the paket to be orretly reeived, retransmissions are performed untilthe paket is orretly reeived by all reeivers (at least one in all the attempts for eahreeiver). However, in pratie, the number of attempts to suessfully transmit a paketare always limited to a given number that generally ranges from 1 attempt (no retrans-missions at all) to 20 attempts. In this ase, retransmissions should go on until the paketis suessfully transmitted by all reeivers or until the maximum number of attempts isreahed, i.e. if the maximum number of attempts is reahed, the transmitter marks thepaket as suessfully transmitted whether the last transmission was suessful or not. Inthis ase, the reeivers not having orretly reeived the paket will have to do with anerroneous paket.For onveniene, let us de�ne the following parameters :
Ps : Probability of a suessful uniast transmission (or attempt).
Pu = 1 − Ps : Probability of an unsuessful uniast transmission (or attempt).
M : Number of transmissions of a paket for it to be marked as suessfully trans-mitted.
Mmax : Maximum number of attempts per paket (maximum number of times apaket an be transmitted).Note that by uniast transmission we mean point-to-point transmission between thetransmitter and a given reeiver of the group. M is a random variable that takes its valuesin the set {1, 2, . . . ,Mmax}.Now, Ps is given by

Ps = (1 − ε)n (5.4)and
Pu = 1 − Ps = 1 − (1 − ε)n (5.5)To determine the throughput of the system, we need to determine the average numberof transmissions for a paket to be marked as suessfully transmitted, i.e. M . For thispurpose, we �rst need to determine the probability mass funtion of random variable M ,as a funtion of Ps and Pu.The probability that M = m may be expressed as

P (M = m) = P (M ≤ m) − P (M ≤ m − 1) (5.6)



127Where P (M ≤ m) is the umulative probability, it represents the probability that thepaket is aknowledged by all K reeivers within m attempts or fewer. It is then theprobability that the paket is aknowledged at least one by eah reeiver in m attempts.Obviously
P (M ≤ 0) = 0 (5.7)and

P (M ≤ Mmax) = 1 (5.8)The last equality follows from the fat that after Mmax attempts, the paket is markedas suessfully reeived (by the transmitter) regardless of the result of the transmission.For all m in {1, . . . ,Mmax − 1}, P (M ≤ m) is the probability that the paket issuessfully transmitted to eah reeiver at least one in m attempts.The probability that a paket is suessfully transmitted to one reeiver at least onein m attempts is the omplementary of the probability that a paket is not even onesuessfully transmitted to the reeiver in m attempts. Given that the BSUCs are assumedindependent, P (M ≤ m) an be expressed as follows
P (M ≤ m) = (1 − Pu

m)K , ∀m ∈ {1, . . . ,Mmax − 1} (5.9)Note that the above formula also holds for m = 0 (sine (1 − Pu
m)K = 0 when m = 0).Hene we write

P (M ≤ m) =

{
(1 − Pu

m)K ,∀m ∈ {0, 1, . . . ,Mmax − 1}
1 ,m = Mmax

(5.10)Combining (5.6) and (5.10) we obtain the probability mass funtion of random variable
M

P (M = m) =

{
(1 − Pu

m)K − (1 − Pu
m−1)K ,∀m ∈ {1, . . . ,Mmax − 1}

1 − (1 − Pu
Mmax−1)K ,m = Mmax

(5.11)The average number of transmissions neessary for a paket to be marked as suessfullytransmitted is the expetation value of M

M = E[M ]

=

Mmax∑

m=1

mP (M = m)

=

Mmax−1∑

m=1

m
[
(1 − Pu

m)K − (1 − Pu
m−1)K

]
+ Mmax ×

[
1 − (1 − Pu

Mmax−1)K
]Fig. 5.2 plots the throughput e�ieny of the system as a funtion of the maximumnumber of attempts per paket (Mmax) and for various values of the BER. Clearly, thethroughput dereases as Mmax inreases, whih is normal sine more retransmissions areallowed with larger values of Mmax. Also, the throughput dereases when the hannelquality degrades (ε inreases), whih makes perfet sense sine more errors on the han-nel ause more retransmissions and therefore a lower throughput. The most important



128 5. On the use of Automati Repeat Request in Multiast/Broadastserviesthing to note is that beyond a threshold value M0 of Mmax, the urve beomes �at andthe throughput does not hange anymore. This is due to the fat that P (M ≤ m) is adereasing funtion of m, the more retransmissions are performed the higher is the prob-ability that the mth transmission is suessful and the lower the probability that moreretransmissions are neessary. Mathematially, the probability that more retransmissionsare neessary after Mmax attempts goes to zero as Mmax goes to in�nity, but numerially,this probability goes to zero when Mmax reahes the threshold value M0 as shown in Fig.5.2.
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Figure 5.2: E�et of the maximum number of retransmissions on the throughput.In order to ahieve perfet reliable ommuniation, there should be no limit on thenumber of retransmissions (Mmax = ∞), a paket should be retransmitted as many timesas neessary for it to be orretly reeived, but as shown above, the performane of thesystem onverges when Mmax is greater than or equal to M0, sine the probability that apaket is orretly reeived within M0 attempts or lower goes to 1. Thus, we an ahievea quasi-reliable transmission if Mmax is hosen to be greater than or equal to M0. AsFig. 5.2 illustrates, the threshold value M0 depends on the BER. The higher the BER, thehigher M0. For instane, M0 = 3 when ε = 10−5, M0 = 5 when ε = 10−4 and M0 = 20when ε = 10−3 . The last value is high due to the high and unusual orresponding BER.This type of BER is very rarely enountered in pratie. For BERs more enountered inpratie, M0 = 10 is a high enough value to ahieve quasi-reliable ommuniation.Consider now that the K BSUCs do not have the same BER. More preisely, let usassume that the MRG (MultiReeiver Group) of K reeivers an be split into G smallergroups of reeivers, in eah group, the reeivers experiene the same BER, i.e. in group 1the BSUCs have BER ε1, in group 2 the BSUCs have BER ε2, and so on. Let εg and Kgbe the BER of and the number of reeivers in group g. Obviously
G∑

g=1

Kg = K (5.12)



129In the sequel, (Kg, εg) denotes a group of Kg reeivers experiening a BER εg.As previously, we de�ne Ps,g and Pu,g as follows
Ps,g : Probability of a suessful uniast transmission in group g .
Pu,g : Probability of an unsuessful uniast transmission in group g .Note that by uniast transmission in group g we mean a point-to-point transmissionbetween the transmitter and one reeiver of group g.Now, Ps,g is given by

Ps,g = (1 − εg)
n (5.13)and

Pu,g = 1 − Ps,g = 1 − (1 − εg)
n (5.14)

M still takes its values in the set {1, 2, . . . ,Mmax} but its statistis has hanged asompared to the ase when all uniast hannels were similar.Reall that P (M ≤ m) is the probability that the paket is marked as suessfullytransmitted within m attempts or fewer. In this ase, and for all m in {0, 1, . . . ,Mmax−1},it is the probability that the paket is suessfully transmitted to eah reeiver of group1, and to eah reeiver of group 2, ..., and to eah reeiver of group G, at least one in mattempts.The probability P0,g that a paket is suessfully transmitted to a given reeiver ofgroup g at least one in m attempts is the omplementary of the probability that a paketis not even one suessfully transmitted to a given reeiver of group g in m attempts
P0,g = 1 − Pm

u,g, ∀m ∈ {1, . . . ,Mmax − 1} (5.15)Now, given that the BSUCs are independent inside eah group, the probability Pg thata paket is suessfully transmitted to eah reeiver of group g at least one in m attemptsis given by
Pg = P0,g

Kg =
(
1 − Pm

u,g

)Kg (5.16)Now, given that the BSUCs are also independent between di�erent groups, the proba-bility that a paket is suessfully transmitted to eah reeiver of eah group at least onein m attempts is given by
P (M ≤ m) =

G∏

g=1

Pg

=

G∏

g=1

(
1 − Pm

u,g

)KgThe above equation also holds for m = 0 (sine ∏G
g=1(1 − Pm

u,g)
Kg = 0 when m = 0).Hene we an write
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P (M ≤ m) =

{ ∏G
g=1(1 − Pu,g

m)Kg ,∀m ∈ {0, 1, . . . ,Mmax − 1}
1 ,m = Mmax

(5.17)Combining (5.6) and (5.17) we obtain the probability mass funtion of M in this ase
P (M = m) =

{ ∏G
g=1(1 − Pu,g

m)Kg −∏G
g=1(1 − Pu,g

m−1)Kg ,∀m ∈ {1, . . . ,Mmax − 1}
1 − (1 − Pu,g

Mmax−1)Kg ,m = Mmax (5.18)The average number of transmissions for a paket to be marked as suessfully trans-mitted is
M = E[M ]

=

Mmax∑

m=1

mP (M = m)

=

Mmax−1∑

m=1

m




G∏

g=1

(1 − Pu,g
m)Kg −

G∏

g=1

(1 − Pu,g
m−1)Kg




+ Mmax ×


1 −

G∏

g=1

(1 − Pu,g
Mmax−1)Kg


 (5.19)5.3 Performane analysisWe �rst investigate the performane of a heterogenous system. The simplest possibleheterogenous system onsists of two groups (G = 2), the reeivers of group g experieningthe same BER εg (∀g ∈ {1, 2}). The total number of reeivers K is onstant (K = 20), aswell as the BER of the uniast hannels in group 1 (ε1 = 10−6). The number of reeiversin group 2 (K2) is varied from 0 to K = 20 for di�erent values of ε2 (see Fig. 5.3). As anbe seen, the performane of the system seriously deteriorates as the ratio ε2/ε1 inreases.The performane also degrades when the number of reeivers in bad onditions inreases,but the throughput is less sensitive to the number of reeivers in bad onditions (K2) thanto how bad these onditions are (ε2). When a paket is transmitted, it is muh more likelythat it will be aknowledged by a reeiver of group 1 than by a reeiver of group 2. Moregenerally, the reeivers of group 1 tend to aknowledge a given paket faster than thoseof group 2. The latter keep provoking retransmissions (beause of the high BER on theirrespetive uniast hannels) delaying thus the reeivers of group 1 whih are �nished withthe urrent paket and waiting to proeed with the next paket sheduled for transmission.In other words, as the ratio ε2/ε1 inreases, the reeivers in bad onditions tend to prevailand the transmitter tends to be driven mainly by the feedbak from these reeivers.Sine the reeivers in bad onditions tend to spoil the overall performane, it ould befair, in the presene of two hannels, to separate the two groups (map eah group to ahannel). This is shown in Fig. 5.4 where the performane of the three systems (the twogroups separated and the two together) is depited. This is of bene�t to the reeivers ingood hannel onditions (group 1) whih are no longer handiapped by the reeivers in thebad onditions (group 2).
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Figure 5.3: Performane of a heterogenous system with G = 2, K = 20, ε1 = 10−6 anddi�erent values of ε2.
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Figure 5.4: Performane of a heterogenous system with G = 2, K1/K2 = 1, ε1 = 5× 10−5and ε2 = 10−4, as ompared to when the two groups are separated.Atually, this is also of bene�t to the reeivers of group 2, but it doesn't show learlywhen K1 = K2 (as in Fig. 5.4). This shows when the ratio K1/K2 inreases (as in Fig.5.5 where we have K1 = 9K2).This is due to the fat that when the ratio K1/K2 is a little higher than 1, it partiallyompensates for the high ε2/ε1 ratio. As a result, the reeivers of group 2 do no longerneessarily prevail as illustrated in Figs. 5.6 and 5.7 (for ε2/ε1 lower than 20). In other
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Figure 5.5: Performane of a heterogenous system with G = 2, K1/K2 = 9, ε1 = 10−5 and
ε2 = 10−4, as ompared to when the two groups are separated.words, when there are more reeivers in group 1, there will be more retransmissions pro-voked by one of the reeivers of this group despite their lower BER, delaying sometimesthe fewer reeivers of group 2 whih may have already aknowledged the paket.
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Figure 5.6: Performane of a heterogenous system with G = 2, K1/K2 = 9, ε1 = 10−6ompared to its group 2 homogenous system, as a funtion of the ratio ε2/ε1.By still inreasing the number of reeivers in group 1 with respet to the number ofreeivers in group 2, group 1 is outperformed (at least for low values of K1) by group 2 (seeFig. 5.8). This is due to the fat that when the ratio K1/K2 reahes a given threshold,
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Figure 5.7: Performane of a heterogenous system with G = 2, K1/K2 = 9, ε1 = 10−5ompared to its group 2 homogenous system, as a funtion of the ratio ε2/ε1.the di�erene in terms of numbers of reeivers fully ompensates for that of the BERs onthe respetive uniast hannels. Above this threshold, the group of the reeivers with thelower BER are outperformed by the group of the reeivers with the higher BER, whihdoes not make the approah (whih onsists of mapping a group of reeivers in the sameradio onditions on the same hannel) fair and shows its limits.
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Figure 5.8: Performane of a heterogenous system with G = 2, K1/K2 ∈ {5, 20}, ε1 = 10−5and ε2 = 10−4, as ompared to when the two groups are separated.This approah still remains valid when the number of reeivers in the di�erent groups



134 5. On the use of Automati Repeat Request in Multiast/Broadastserviesare more or less the same, but in pratie, the di�erent reeivers experiene di�erentBERs and if enough preision is used, all reeivers will have di�erent BERs and it will beimpossible to group them, i.e. there will be as many groups as there are reeivers (G = K,eah group onsisting of one reeiver). Still, we an de�ne ranges of BERs and gather thereeivers the BERs of whih fall into a given prede�ned range in the same group, but evenby doing so, the numbers of reeivers in the di�erent groups will not be the same and theremay be groups with many more reeivers than others.In addition, this approah assumes that there are G hannels available (i.e. there areas many hannels available as there are groups), while in pratie, there may be more (orless) hannels available.5.4 Point-to-Multipoint servies when one hannel is avail-ableAssume now that a single hannel is available. The reeivers have then to be provided withthe servie (the data they ask for) through this hannel. Regardless of the BER on theiruniast hannel, the performane of the PMP system degrades as the number of reeiversinreases. When this number beomes very large, there will be many retransmissions andthe throughput will be very poor. When the throughput is too poor for the appliation,the system will no longer be able to aept reeivers. The reeiving terminals asking forthe servie will then be rejeted by the system beause it will not be able to ensure therequired throughput. The hannel has then a given apaity in terms of the number ofreeivers it an aept in the Aknowledged Mode. This apaity, whih will be referred toas the hannel Point-to-MultiPoint Aknowledged Mode (PMP AM) apaity, depends onthe BERs of the di�erent reeivers, but is a diret onsequene of the throughput onstraintimposed by the appliation.As an alternative to rejeting reeivers from the system, the system an swith to theunaknowledged Mode (reall that in this mode, retransmissions are not used) ahievingmaximum throughput and aepting all reeivers. Obviously, the PMP UM apaity isin�nite.In the sequel, a system whih uses only the Aknowledged Mode (and hene rejetsadditional reeivers when the hannel PMP AM apaity is exeeded) will be referred toas an AM servie system whereas a system whih swithes to the Unaknowledged Modeif it annot aept all reeivers (in the Aknowledged Mode mode) will be referred to as aBest E�ort Aknowledged Mode (BEAM) servie system, in the sense that the system usesthe Aknowledged Mode as long as the PMP AM apaity is not exeeded, and swithesto the Unaknowledged Mode only when this apaity is exeeded.In the ase of an AM servie system, it is neessary to de�ne an Algorithm whihselets the reeivers whih will be provided with the servie (and those whih will not).This Algorithm should be de�ned in suh a way that the system will aept as manyreeivers as possible, that is in suh a way that a maximum of reeivers will be providedwith the servie eventually. In other words, the Algorithm should maximize the hannelPMP AM apaity.Let η0 = (nd/n) ·α be the minimum throughput e�ieny required by the appliation.The hannel PMP AM apaity under the onstraint η ≥ η0 depends on the Algorithmand on η0. The higher η0, the lower the apaity Kmax (the funtion Kmax = f(η0) isdereasing).



135Fig. 5.9 shows the �owhart of the system operation. The system proeeds in 2 phases(separated by a dashed line). Phase 1 is a seletion phase, the system deides whihreeivers to aept (and whih to rejet), these reeivers form the MRG whih will beprovided with the servie. Phase 2 is the transmission phase. In phase 1, the system addsand aepts reeivers one by one until the throughput goes under the minimum throughputrequired by the appliation. The system manages two lists : A list of reeivers asking forthe servie and a list of aepted reeivers. When the throughput e�ieny goes underthe minimum required value η0 after a reeiver has been (momentarily) added, the addedreeiver is rejeted. Note that a reeiver is rejeted one and for all, (if it is rejeted, itwill be deleted from the list of reeivers asking for the servie). This proess goes on untilthere are no more andidate terminals left, the transmitter an then start to provide theseleted reeivers with the servie they asked for (i.e. start the transmission phase).
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Figure 5.9: General �owhart of an AM servie system.Obviously, the hannel PMP AM apaity is reahed right before the throughput of theMultiReeiver Group formed (by the so far aepted reeivers) goes under the minimum



136 5. On the use of Automati Repeat Request in Multiast/Broadastserviesrequired throughput when any of the remaining reeivers is added.In ase of a BEAM servie system, all the reeivers asking for the servie will be pro-vided with it whether the hannel PMP AM apaity is exeeded or not. The only questionis whether to provide them with the servie in the Aknowledged Mode or in the Una-knowledged Mode. Given that the Aknowledged Mode ensures a nominal quality mostof the time (quasi-reliable transmission if enough retransmissions are allowed), this modeshould be given priority, i.e. if the required throughput an be ahieved in the Aknowl-edged Mode, this mode is hosen. The orresponding Algorithm is depited in Fig. 5.10.In this ase, phase 1 is not a reeiver seletion phase but a mode seletion phase whereasphase 2 is still the transmission phase.
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Figure 5.10: Flowhart of a BEAM servie system.Now, assume that all the reeivers are in the same hannel onditions and that theAlgorithm adds the reeivers one by one randomly. Fig. 5.11 depits the maximum numberof reeivers that an be aepted in the Aknowledged Mode as a funtion of the minimumrequired throughput e�ieny η0 at a BER of 10−4 and for di�erent values of the parameter
Mmax. As shown earlier, when ε = 10−4, the transmission is quasi-reliable if Mmax ≥
M0 = 5, below this value the system aepts more reeivers (as shown in Fig. 5.11) butthe ommuniation is not quasi-reliable. The lower Mmax, the higher the apaity, but themore error-prone the transmission.In the sequel, we take Mmax = 10, this value is high enough to ahieve quasi-reliableommuniation (when the BER is not too high) and low enough to be possible in atualwireless systems (2G/3G, WiMAX).Fig. 5.12 shows the hannel PMP AM apaity for three di�erent values of the BER onthe uniast hannels. We observe that with ε = 10−6 the system aepts nearly 10 timesas many reeivers as with ε = 10−5. Similarly, with ε = 10−5 the system aepts nearly 10times as many reeivers as with ε = 10−4. This result tells us that in the more general aseenountered in pratie when the di�erent reeivers are in di�erent hannel onditions, thereeivers with lower BERs should be given priority (when forming the MRG) if we want to
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Figure 5.11: E�et of the maximum number of transmissions on the hannel PMP AMapaity.maximize the number of aepted reeivers. In its operation, the Algorithm (in the ase ofan AM servie system) must then start by ranking the reeivers based on the BERs theyobserve on their respetive hannels. The reeiver added at a given step will always be theone at the top of the table (the one with the lowest BER in the list of remaining reeivers).Also, the �rst time that the evaluated throughput e�ieny η goes under the thresholdvalue η0, the added reeiver is rejeted, along with all the other remaining reeivers sinethey experiene higher BERs. The �owhart of the omplete version of the Algorithmis shown in Fig. 5.13. This Algorithm adds the reeivers one by one in the order theyome into after they are ranked (at the very beginning) in inreasing order of the BER.This proess goes on until there are no more reeivers (all of them have been aepted) oruntil the hannel PMP AM apaity is reahed, in whih ase the system rejets all theremaining reeivers.On the other hand, the system may perform a test enabling it to know diretly whetherthe hannel PMP AM apaity is exeeded or not. If the apaity is not exeeded, it willnot be neessary to go through the Algorithm of Fig. 5.13 beause all reeivers will even-tually be aepted. Hene, this Algorithm an further be optimized by performing (justas in the ase of a BEAM servie system) a test to know whether the hannel PMP AMapaity is exeeded or not. If the apaity is exeeded, the system performs the Algorithmof Fig. 5.13. If not, the system adds all reeivers to the MRG and goes diretly to step 2(i.e. it starts the transmission phase). The resulting algorithm is depited in Fig. 5.14.In order to model the fat that in pratie the BER hanges from a reeiver to another,we used a geometrial progression with ommon ratio r, i.e.
εn+1 = εn × r, n ≥ 1 (5.20)When r > 1, the BERs are inreased by a fator r from the reeiver ranked nth to the
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Figure 5.12: Channel PMP AM apaity Kmax when all the reeivers experiene the sameBER.reeiver ranked (n + 1)st. The larger is r, the larger is the gap between the di�erentreeivers (in terms of BER). For instane when r = 1.0006, the BER is multiplied by 10at the 4000th reeiver. This number is redued to 1000 when r = 1.0023, to 300 when
r = 1.0077 and to 100 when r = 1.0235. When r = 1, the BER is onstant.The hannel PMP AM apaity was plotted as a funtion of the minimum requiredthroughput η0 for the di�erent values of r. The plots for the ase when the lowest BER is
ε1 = 10−6 are given in Fig. 5.15 and those for the ase when ε1 = 10−5 are given in Fig.5.16. The system aepts fewer reeivers as the di�erene between the BERs inreases.This is due to the fat that the performane of a point-to-point transmission degrades whenthe orresponding BER inreases and so does the performane of the PMP system whenthe BERs of the di�erent individual (uniast) hannels tend to inrease. The hannel PMPAM apaity expresses, in a way, the performane a PMP system in the the AknowledgedMode.5.5 Point-to-Multipoint servies when several hannels areavailableIn this setion, we assume that we have one or several hannels available for the trans-mission. More preisely, let Nch be the number of hannels available. The servie is thenprovided through these Nch hannels. In setion 5.4, we onsidered the ase when Nch = 1.Now, we onsider the more general ase when Nch ≥ 1 and see how we an generalize thesystems proposed in setion 5.4.In the ase of an AM servie system, the generalization is straightforward. The systemneeds to perform step 1 of the Algorithm in Fig. 5.14 as many times as there are hannels.The system forms an MRG for eah hannel available for the servie.In the ase of a BEAM servie system, the system should perform the steps of phase



139

Yes

No

Add the receiver  
at the top of the table

receivers in the table

along with all the other

Reject the added receiver

Accept the receiver

and remove it from

the table

YesNo Is the table empty?

Is the  required throughput

Rank all the receivers
(in increasing order 
of  BER) in a table

Initialization: Set the MultiReceiver
Group to be empty

to the MRG

Evaluate the throughput

resulting PMP AM system

in the MultiReceiver Group 

Provide the service
to the resulting

MultiReceiver Group

still achieved (η ≥ η0) ?

efficiencyη of the

Figure 5.13: Flowhart of an AM system that maximizes the number of reeivers aeptedby the system.1 of the Algorithm in Fig. 5.14 for the (Nch − 1) �rst hannels, and then the Algorithmin Fig. 5.10 for the last hannel. In other words, the system serves the reeivers withthe lower BERs in the Aknowledged Mode through the (Nch − 1) �rst hannels and theremaining reeivers in the Aknowledged or in the Unaknowledged Mode through the lasthannel (as it would do if only one hannel were available). The hoie of the mode for thelast hannel depends on whether the PMP AM apaity of the last hannel is exeeded ornot, as disussed in setion 5.4.Considering the ase when all reeivers experiene the same BER, the maximum num-
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Figure 5.15: Channel PMP AM apaity Kmax when the BERs follow a geometrial pro-gression with ε1 = 10−6.
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Figure 5.16: Channel PMP AM apaity Kmax when the BERs follow a geometrial pro-gression with ε1 = 10−5.obtained is the same for eah hannel. As a result, the number of reeivers aepted by thesystem is the number of reeivers it would aept with one hannel available, multipliedby the number of available hannels.We now onsider the ase when the reeivers experiene di�erent BERs. We assume,as in setion 5.4, that the BERs follow a geometrial progression of ommon ratio r.
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Figure 5.17: System apaity Kmax when all the reeivers experiene the same BER.The system apaity was plotted as a funtion of the minimum required throughputfor di�erent values of the number of hannels Nch and di�erent values of the ommon ratio
r. The lowest BER is ε1 = 10−5.In Fig. 5.18, the e�et of the ommon ratio on the system apaity was investigatedwith Nch = 10. When r inreases, the system apaity dereases. This is due to the fatthat the performane of a point-to-point transmission degrades when the orrespondingBER inreases and so does the performane of a point-to-multipoint system when theBERs of the di�erent uniast hannels tend to inrease. This e�et was already obtainedin setion 5.4 when Nch = 1 but also holds for the ase when Nch > 1.In Fig. 5.19, the e�et of the number of hannels available on the system apaitywas investigated for r = 1.0023. Again, we logially notie that the number of reeiversaepted by the system inreases with the number of hannels available. Nevertheless, thistime Kmax does not inrease linearly with Nch as was the ase in Fig. 5.17 for r = 1.Atually, the number of additional reeivers that are aepted when an additional hannelis made available dereases as ompared to the previous hannel. This is due to the fatthat the reeivers are ranked in inreasing order of BER, so the reeivers that are mappedonto hannel 1 always have lower BERs than those mapped onto hannel 2. Similarly, thereeivers that are mapped onto hannel 2 always have lower BERs than those mapped ontohannel 3 ... et. Thus, the number of reeivers mapped onto hannel 1 is larger than thenumber of reeivers mapped onto hannel 2, whih is larger than the number of reeiversmapped onto hannel 3 ... et.This is further illustrated in Fig. 5.20 where for the ase Nch = 10, the number ofreeivers mapped on eah of the 10 hannels was represented for three di�erent values ofthe ommon ratio r. The minimum required throughput was tuned so that the number ofreeivers aepted in the �rst hannel is the same for the three ases (400 in Fig. 5.20),in order to ompare the evolution of the number of additional reeivers that are aeptedby the system when more hannels are put at the disposal of the servie. Fig. 5.20 showsthat when r inreases, the di�erene in the number of reeivers mapped onto two adjaent
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Figure 5.18: System apaity Kmax when the BERs follow a geometrial progression with
ε1 = 10−5, for di�erent values of r.
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Figure 5.19: System apaity Kmax when the BERs follow a geometrial progression with
ε1 = 10−5, for di�erent values of the number of available hannels.
hannels inreases. When r = 1 (all reeivers have the same BER), the number of reeiversmapped onto the di�erent hannels is onstant, whih on�rms the results obtained earlier.
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Figure 5.20: Distribution of the aepted reeivers on the di�erent hannels.5.6 Appliation to the Multiast/Broadast (Multimedia) ser-vies in the 3GPP and mobile WiMAXThe 3GPP supports Multimedia Broadast/Multiast Servies (MBMS)(14)(15). Also, themobile WiMAX system supports Multiast and Broadast Servies (MBS))(22)(23). MBSand MBMS are servies that provide an e�ient way to transmit multimedia streams tomultiple users through a shared radio resoure.In MBS and MBMS, both Multiast and Broadast use the Unaknowledged Mode.In other words, in MBS and MBMS, PMP ommuniations do not use ARQ. The onlydi�erene between Multiast and Broadast (in MBS and MBMS) is that Multiast servieshave membership-related proesses suh as joining and leaving proesses, but Broadastservies do not. In other words, Multiast servies are restrited to subsribers.Theses servies an be enhaned if we introdue the use of retransmissions based onthe systems de�ned above. The table of the reeivers asking for the servie de�ned in theabove Algorithms should be restrited to subsribers if need be (Multiast). In ase nosubsription is required (Broadast), all the reeivers asking for the servie should be inthe table. In MBS and MBMS, the aim is to provide the servie to all the reeivers inthe table, therefore, if we want to enhane the quality provided to them by using ARQ,we should use the Algorithms of the BEAM system. By doing so, the network guaranteesthe reeivers that are provided with the servie in the Aknowledged Mode to have thenominal quality. The urrent MBS/MBMS servies on the other hand, do not guaranteeany reeiver of having the nominal quality even if part of them an have it at times.The perentage of the reeivers guaranteed to have the nominal quality is representedin Fig. 5.21 for several values of the parameter Nch. For Nch = 1, this perentage swithesfrom 100% to 0% when the hannel PMP AM apaity is exeeded beause the systemswithes from the Aknowledged Mode to the Unaknowledged Mode. The same goeswhen Nch > 1 but only for the last hannel, the (Nch − 1) �rst hannels always usethe Aknowledged Mode. As a result, the number of reeivers guaranteed to have the
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Figure 5.21: Perentage of reeivers guaranteed to have the nominal quality as a funtionof the number of reeivers in the list (whih is restrited to subsribers in the ase ofMultiast).nominal quality does not fall to zero but to the value C(Nch − 1) (whih represents thesystem PMP AM apaity with (Nch − 1) hannels) and their perentage is then given by
C(Nch − 1)/(Tablesize).5.7 ConlusionIn this hapter, Point-to-Multipoint (PMP) ommuniation systems were studied for ap-pliation in servie provision through urrent and future wireless systems. An analytialexpression was derived for the throughput e�ieny of systems using SR ARQ with theDynami Retransmission Group Redution (DRGR) strategy when the reeivers are indi�erent hannel (or radio) onditions. The throughput was then used to de�ne the notionof a hannel PMP apaity in the Aknowledged Mode, whih is the mode that makes useof retransmissions, as opposed to the Unaknowledged Mode whih does not use ARQ.For servie provision, the Aknowledged Mode (AM) servie system and the Best-E�ortAknowledged Mode (BEAM) servie system were proposed. The AM servie system usesonly the Aknowledged Mode and aepts a limited number of users. The BEAM serviesystem aepts all users. It uses the Aknowledged Mode by default but swithes tothe Unaknowledged Mode if the system PMP Aknowledged Mode apaity is exeeded.The Algorithms governing the operation of these systems for a given number of availablefrequeny hannels were also de�ned in the hapter.In urrent wireless systems, ARQ is used only in point-to-point ommuniations. In thishapter, we proved that retransmissions an be used in point-to-multipoint ommuniationsup to a given limit on the number of users. If retransmissions are introdued in the urrentMultiast/Broadast servies (supported by the 3GPP and mobile WiMAX), the systemguarantees a ertain amount of end users to have a video of a nominal quality whereas theurrent Multiast/Broadast servies do not guarantee the nominal quality to any user.
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ConlusionsIn this thesis, we foused on the enhanement of video servies provided through ellularnetworks. We provided a theoretial framework and a detailed analysis of the di�erentshemes and solutions we have proposed, along with the assoiated numerial results.The reovery of data loss within a video ommuniation system is traditionally solvedeither by orreting errors using the redundanies inherent to the video stream, whihis known as robustness or by retransmitting the erroneous pakets, known as AutomatiRepeat reQuest (ARQ). Robusteness-based shemes, by not using retransmissions, havemaximum throughput but poor quality whereas ARQ shemes, by making use of retrans-missions, provide the best possible quality at the expense of a low throughput. In thisthesis, we proposed and studied an improved retransmission sheme that ombines hy-pothesis testing to robust deoding and CRC-based ARQ operations. The deision to askfor a retransission of a paket was based on the proessing of the reeived soft data. Thissheme was denoted by Soft ARQ (SARQ).Also, video servies are haraterized by large bandwidth requirements, whih an behundreds of times higher than the bandwidth required by voie servies, and when theseservies are provided through wireless networks, one faes the problem of sare bandwidthresoures. An e�ient way to redue the neessary bandwidth would be by gathering allthe ustomers asking for the same multimedia ontent in one group of reeivers to whihthe data are onveyed using the same hannel. The bandwidth is then redued by a fatorequal to the total number of reeivers. On the other hand, salable video odes o�erthe possibility to have several qualities of the same enoded video, by providing at itsoutput two streams (or more). If the video deoder is provided with the �rst enodedstream, the video obtained after the deoding operation is of basi quality. The otherstreams are quality enhanement streams, i.e. eah time we provide the deoder withan additional stream, the displayed video quality is upgraded. In other words, the basistream is indispensable if the end user wants to wath the video sequene while the otherstreams are only optional, i.e. it would be preferable but not indispensable to have them.In this thesis, both salable and non-salable Point-to-Multipoint video ommunia-tions were studied. In the non-salable ase, the study aimed at introduing the use ofretransmissions in a Point-to-Multipoint senario while in the salable ase, shemes usingextensions of the basi GBN and SR ARQ tehniques as well as a proposed new shemewere studied.The study of the SARQ sheme showed that

• As opposed to (forward) robust deoding systems and CRC-based retransmissionsystems, it o�ers the possibility to trade throughput for quality (and vie versa) withthe best possible �high throughput/quality� trade-o�, meaning that it provides thebest throughput for a given quality.
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• The throughput gain as ompared to the CRC-based ARQ (whih garantees nominalquality) inreases with the error orretion e�et of the robust deoder. In the bestase (at maximum robust deoding error orretion apability), a throughput gainof at least 17% an be ahieved at quasi-nominal quality and a throughput gain ofat least 250% an be ahieved at 2-3 dB lower (orresponding to a quality hangenotieable to the humain eye). Minimum throughput gains on the order of 20% (atquasi-nominal quality) and 275% an be ahieved if a single (intra-oded) image istransmitted.
• A ross-layer mehanism is neessary to implement robust deoding and/or SARQon pratial systems.The study on the transmission of a 2-layer salable video in a Point-to-Multipointenvironment showed that:
• The proposed new sheme for the transmission of a two-level salable video is optimalin terms of performane (i.e. amount of data suessfully transmitted within a givenperiod of time) and redues the bu�ering requirement at the reeiver end.
• The inrease in the number of reeivers does not a�et the system performane muhwhile it onsiderably improves the bandwidth utilization e�ieny.Finally, the study on the transmission of a non-salable video in a Point-to-Multipointenvironment showed that even though ARQ is urrently used only in point-to-point om-muniations, ARQ an be used in Point-to-Multipoint ommuniations up to a given limiton the number of reeivers, whih would garantee a ertain amount of reeivers to have thenominal quality, ontrary to urrent systems whih do not garantee the nominal quality toany reeiver.For future work, many improvements an be brought as to the work ahieved in thisthesis.Conerning the SARQ sheme:
• A theoretial study needs to be onduted in order to express the performane ofthe SARQ sheme so that a better ontrol of the throughput/quality through thethreshold of the test is possible. It would then be possible to determine the valueof the threshold that would ahieve throughput suh-and-suh and/or PSNR suh-and-suh. The �rst step of this work would onsist in expressing the probabilityof false alarm and/or the probability of detetion and/or the bit/paket error rateand/or the average number of transmissions (hene the throughput) and an applyto any type of ommuniation (not just video) depending on the design needs. Theseond step would onsist in expressing the PSNR as a funtion of the other qualityriteria (probability of false alarm, bit/paket error rate) and will apply only to videotransmission appliations.
• The more pratial situation of variable paket and header sizes may be onsidered.
• A mehanism allowing to determine whih MAC pakets are involved in the trans-mission of a given NALU should be de�ned. This is neessary to determine whih



149MAC pakets should be rejeted and retransmitted when appliation layer rejetsthe NALU after robust deoding and hypothesis testing.
• A mehanism allowing to know whih portion of a NALU was orretly reeived (andthus need not be robustly deoded) and whih portion was not needs to be de�ned.
• The implementation of the mehanism on a pratial system should be arried outand the resulting performane evaluated. Besides, it would be partiularly interestingto ombine the SARQ and APP delivery mehanisms (de�ned in this thesis) withthe Header Reovery tehniques proposed in (101)(102).Regarding Point-to-Multipoint systems:
• Pakets with a variable size should be onsidered.
• More realisti hannel models should be onsidered, for in pratial situations wirelessuniast hannels are not memoryless (errors have tendeny to our in bursts) andnot independent from one another, as assumed in this work.
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Appendix A : Automatic Repeat
ReQuest (ARQ) basic schemes



1 Introduction

Automatic Repeat ReQuest (ARQ) is widely used for error control in data communi-
cation systems. This method is simple and provides high system reliability. If a properly
chosen code is used for error detection, virtually error-free data transmission can be at-
tained.

When a packet is ready for transmission, a set of parity bits is appended to it. The
new packet is then transmitted to the receiver end. The received packet may contain
transmission errors.

When a packet is received, the receiver checks the validity of the received data. If the
data are valid (from a parity point of view), the received packet is assumed to be error-free
and is delivered (with parity bits removed) to the user. If the data are not valid (i.e. the
presence of the errors is detected), the receiver discards the erroneously received packet
and requests the retransmission of the same packet via a feedback channel. Retransmission
continues until the packet is successfully received.

2 ARQ schemes

There are three basic types of ARQ schemes : Stop and Wait (SW) ARQ, Go-Back-N
(GBN) ARQ and Selective Repeat (SR) ARQ.

2.1 The Stop-and-Wait ARQ

In a SW ARQ error control system, the transmitter sends a packet to the receiver
and waits for an acknowledgement. A positive acknowledgement (ACK) from the receiver
indicates that the transmitted packet has been successfully received. A negative acknowled-
gement (NACK) from the receiver indicates that the transmitted packet has been detected
in error, the transmitter then resends the packet and again waits for an acknowledgement.
Retransmissoins continue until the transmitter receives an ACK. This is illustrated in fig.
1. Note that “A” means that the transmission will turn out to be successful and the packet
will be ACKed whereas “N” means that the transmission will turn out to be erroneous
and the packet will be NACKed. The (N)ACK arrives at the transmitter a Round-Trip
Time (RTT) after the transmission of the packet.

2 3 3 41

  A   A   A   AN

RTT RTT

Figure 1 – Stop-and-Wait ARQ.

This scheme is simple but inherently inefficient because of the idle time spent waiting
for an acknowledgement of each transmitted packet.

2.2 The Go-Back-N ARQ

The GBN ARQ scheme is illustrated in fig. 2. The transmitter continuously transmits
packets in order and then stores them pending receipt of an ACK/NACK for each packet.

1



The ACK/NACK arrives after an RTT. During this interval, N − 1 other packets are
also transmitted. Whenever the transmitter receives a NACK indicating that a particular
packet, say packet i, was received in error, it stops transmitting new codewords. Then it
goes back to packet i and proceeds to retransmit that packet and the N − 1 succeeding
packets which were transmitted during one round trip delay. At the receiving end, the
receiver discards the erroneously received packet i and all N − 1 subsequently received
packets, whether they are error-free or not. Retransmission continues until packet i is ack-
nowledged. In each retransmission of packet i, the transmitter resends the same sequence
of packets. As soon as packet i is positively acknowledged, the transmitter proceeds to
transmit new packets.
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Figure 2 – Go-Back-N ARQ.

The main drawback of the the GBN ARQ is that, whenever a received packet is detected
in error, the receiver also rejects the next N − 1 received packets, even though many of
them may be error-free. As a result, they must be retransmitted. This represents a waste
of transmissions, which can result in severe deterioration of throughput performance.

2.3 The Selective Repeat ARQ

The GBN ARQ scheme becomes quite ineffective for communication systems with
high data rate. This ineffectiveness is caused by the retransmission of many error-free
packets following a packet detected in error. This can be overcome by using the SR ARQ
scheme. In an SR ARQ error-control system, codewords are also transmitted continuously.
However, the transmitter only resends those codewords that are negatively acknowledged
(NACKed). After resending a NACKed packet, the transmitter continues transmitting
new packets in the transmitter buffer (as illustrated in Fig. 3). With this scheme, a buffer
must be provided at the receiver to store the error-free packets following a received packet
detected in error, because, ordinarily, packets must be delivered to the end user in correct
order. When the first NACKed packet is successfully received, the receiver then releases any
error-free packets in consecutive order from the receiver buffer until the next erroneously
received word is encountered. Sufficient receiver buffer storage must be provided in an SR
ARQ system, otherwise, buffer overflow may occur and packets may be lost.

N
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Figure 3 – Selective Repeat ARQ.
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3 Performance of the basic ARQ schemes

The performance of an ARQ error-control system is normally measured by its through-
put efficiency, which is defined as the ratio of the average number of information bits
successfully accepted by the receiver per second to the total number of bits that could be
transmitted per second.

For simplicity, we assume that the forward channel is a random-error channel with bit
error rate ε and that the feedback channel is error-free.

Let n be the size of the packet in bits and k be the size of the information part of the
packet (i.e. n − k is the number of parity bits added for error detection). Let Ps be the
probability of a successful transmission of a packet. This probability is given by

Ps = (1 − ε)n (1)

3.1 Throughput efficiency of a Stop-and-Wait ARQ system

Let λ be the idle time of the transmitter between two successive transmissions, and
let δ be the bit rate of the transmitter. Even though the transmitter does not transmit
during the idle period, the effect of the idle period on the throughput must be taken into
consideration. In one round-trip delay time, the transmitter could transmit n + λδ bits if
it did not remain idle. For a packet to be received correctly, the average number of bits
that the transmitter could have transmitted is

TSW = (n + λδ)Ps + 2(n + λδ)Ps(1 − Ps) + . . . + l(n + λδ)Ps(1 − Ps)
l−1 + . . .

= (n + λδ)Ps(1 + 2(1 − Ps) + 3(1 − Ps)
2 + . . .)

=
n + λδ

Ps

Therefore, the throughput of a SW ARQ system is

ηSW =
k

TSW

=
Ps · (k/n)

1 + λδ/n
(2)

3.2 Throughput efficiency of a Go-Back-N ARQ system

In a GBN ARQ system, retransmission of a NACKed packet involves resending N
packets. Consequently, for a packet to be successfully received, the average number of
transmissions is

MGBN = 1 · Ps + (N + 1)Ps(1 − Ps) + . . . + (lN + 1)Ps(1 − Ps)
l + · · ·

= 1 +
N(1 − Ps)

Ps

Therefore, the throughput of the of a GBN ARQ system is

ηGBN =
k

n

1

MGBN

=
Ps(k/n)

Ps + (1 − Ps)N
(3)
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3.3 Throughput efficiency of a Selective Repeat ARQ system

In a SR ARQ system, for a packet to be accepted by the receiver, the average number
of transmissions needed is

MSR = 1 · Ps + 2 · Ps(1 − Ps) + · · · + l · Ps(1 − Ps)
l−1 + · · · (4)

=
1

Ps

(5)

Hence, the throughput of a SR ARQ system is

ηSR =
k

n

1

MSR

= Ps ·

k

n
(6)
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Appendix B : Retransmission

mechanisms in an end-to-end

connection over a cellular network



1 Introduction

In appendix A, the principle of ARQ and the basic ARQ schemes were discussed. In
this appendix, we discuss the practical implementation of ARQ, as well as the different
retransmission schemes that are used in the Internet and in cellular networks.

In order to identify the different packets, the transmitter assigns a Sequence Number to
each packet. The Sequence Number is generally encoded as ns bits, and therefore cannot
be infinitely large. As a consequence, a cyclically reusable sequence numbering scheme is
used. The sequence range is 0 to 2ns − 1. The transmitter and the receiver use a window
to ensure that the cyclically reusable sequence numbering scheme described above works
properly. It can be proved that the appropriate window size are 1 for the Stop-and-Wait
scheme, 2ns − 1 for the Go-Back-N scheme and 2ns−1 for the Selective Repeat scheme.

Also, in practice, the number of retransmissions of a given packet is limited by a
parameter, so that the process does not stall because of a persistent failure in a packet
transmission.

In an end-to-end (server-terminal) TCP connection, the retransmissions used are of
type Go-Back-N and the transmission is based on a congestion window the size of which
is adapted according to different algorithms (slow start, congestion avoidance).

Sections 2 and 3 describe the ARQ mechanisms implemented in 2G and 3G systems
respectively. Section 4 describes the ARQ supported by the 802.16-2004 WiMAX in more
details. In 802.16-2004 WiMAX ARQ, the stream is partitioned into blocks. Each packet
contains one or several blocks, and the Sequence Number contained in the subheaders
represents the sequence number of the first block in the packet.

2 Retransmission mechanisms in an end-to-end connection

over a 2G network

In 2G systems (GPRS, EDGE), the ARQ is implemented at two levels : The LLC and
the RLC sublayers. At the LLC level, a 24-bit CRC called Frame Control Header (FCH) is
used for error detection, and the 8-bit LLC Frame Number field of the LLC Frame Header
is used for sequence numbering.

At the RLC level, the Block Sequence Number (BSN) is used for sequence numbering.
The length of this field is 7 bits in GPRS and 11 bits in EDGE. Note that block here
refers to an RLC/MAC PDU called RLC/MAC block. The error detection is carried out
using a CRC called Block Control Sequence (BCS). The length of this field is 16 bits when
Coding Schemes CS2-CS4 are used and 40 bits when Coding Scheme CS1 is used.

The LLC ARQ operates between the terminal (MS) and the SGSN, whereas the RLC
ARQ operates between the terminal (MS) and the Base Station Controller (BSC). Both
LLC ARQ and RLC ARQ are of Selective Reject type and both are used in the corres-
ponding Acknowledged Mode.

1



Terminal (MS)

TCP

GGSNSGSN
Networks

Internet Core 
Server
InternetBTS (2G) BSC (2G)

RLC 

LLC 

Figure 1 – Possible retransmission levels in a TCP connection over 2G networks.

3 Retransmission mechanisms in an end-to-end connection

over a 3G network

In UMTS, the ARQ mechanism is part of the RLC protocol. The ARQ is used in the
Acknowledged Mode of the RLC protocol. It is of SR type and operates between the ter-
minal (UE) and the Radio Network Controller (RNC). A 12-bit Sequence Number (SN) is
used. Error detection is carried out by a CRC the size of which is 24, 16, 12, 8 or 0 bits.
The CRC size is signalled from higher layers.

In HSDPA, the ARQ mechanism is implemented in a new (with respect to UMTS)
MAC entity called MAC-hs (MAC high speed), which is located in Node B, which re-
presents the layer upgrade when introducing HSDPA on the UMTS radio interface (in
UMTS, the Node B is purely a physical element). Layers situated above the MAC-hs layer
(MAC-d, RLC, PDCP) are not modified. The ARQ mechanism operates between the Node
B and the terminal (UE).

RLC  (UMTS , HSDPA)

MAC−hs (HSDPA)

TCP

GGSNSGSN
Networks

Internet Core 
Server
InternetNode B (3G) RNC (3G)Terminal (UE)

Figure 2 – Possible retransmission levels in a TCP connection over 3G networks.

The ARQ technique introduced in HSPDA is called the N-channel Stop-and-Wait ARQ.
In the N-channel Stop and Wait, N Stop and Wait (SW) processes are used in parallel
and run independently from one another. Using this strategy, the retransmission process
behaves as if SR ARQ were used, but since the processes run independently from one
another, a persistent failure in a packet transmission doesn’t affect the whole transmission
but only the transmission in the corresponding logical channel or SW process, whereas in
the traditional SR ARQ, a persistent failure in a packet transmission prevents the ARQ
window from advancing and prevents all communication.

Up to 8 SW instances may be used. A 3-bit ARQ Id is used to identify the process a
packet belongs to and a 6-bit Transmission Sequence Number (TSN) is used to identify
the position of the packet in the process it belongs to, all included in the new MAC entity
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(MAC-hs or MAC-high speed) header.

4 Retransmission mechanisms in an end-to-end connection

over an IEEE 802.16-2004 WiMAX network

The ARQ mechanism is part of the MAC and operates between the Base Station (BS)
and the terminal (MS or SS). It is enabled on a per connection basis. The use of ARQ
shall be specified and negotiated during connection creation.

T (SS or MS) Networks

Internet Core 
Server
InternetCSNBS ASN−GW

TCP

MAC CPS

Figure 3 – Possible retransmission levels in a TCP connection over a WiMAX network.

A MAC SDU is logically partitioned into blocks whose length is specified by a TLV
(Type Length Value) parameter called ARQ-BLOCK-SIZE. When the length of the SDU
is not an integer multiple of the connection’s block size, the final block of the SDU is
formed using the SDU bytes remaining after the final full block has been determined.
Fragmentation shall occur only on ARQ block boundaries (see Figs. 4 and 5).

CRC CRCFSHH CRC CRC

U
pp

er
 la

ye
rs

FC=00 FC=10 FC=11 FC=01
SDU is

delivered Fragment is
buffered

Fragment is
buffered

SDU 2 
is reassembled
then delivered 

reassembly
PDU 4PDU 3PDU 2PDU 1

SDU 1 SDU 2

1 2 3 4 5 6 7 8

FSHH FSHH FSHH 1 2 3 4 5 6 7 8

BSN=1 BSN=3 BSN=5 BSN=7

Delivery Delivery

Figure 4 – Block partitioning and SDU reconstruction in case packing is not used and
ARQ is used.

If ARQ is enabled at the connection, Fragmentation and Packing subheaders contain
a BSN (Block Sequence Number), which is the sequence number of the first ARQ block in
the data following the subheader (see Figs. 4 and 5). It is a matter of transmitter policy
whether or not a set of blocks once transmitted as a single PDU should be retransmitted
as a single PDU. Figure 6 illustrates the use of blocks for ARQ transmissions and retrans-
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Figure 5 – Block partitioning and SDU reconstruction in case packing is used and ARQ
is used.

missions ; two options for retransmission are presented : With and without rearrangement
of blocks.

H 9 1087 CRCFSH

Discarded PDU

retransmission of the PDU without rearrangement

10987H CRCFSH

H FSH H FSHCRC CRC7 8 9 10

H

H H

H

FSH FSH

PSH

PSH PSH CRC

CRC

CRC CRC

5 6 7 8 9

5 6 7 98PSH

5 6 8 97

Discarded PDU

retransmission of the PDU without rearrangement

retransmission of the PDU with rearrangement retransmission of the PDU with rearrangement

Packing is used Packing is not used

Figure 6 – PDU retransmission with and without rearrangement.

In the sequel, for the sake of simplicity, we will only consider that retransmissions are
performed without rearrangement, i.e. if a PDU is discarded, the same PDU is retrans-
mitted.

In addition to the ARQ-BLOCK-SIZE, a set of other ARQ parameters define the rules
of the ARQ mechanism :

ARQ-BSN-MODULUS ARQ-BSN-MODULUS is equal to the number of unique BSN
values, i.e. 211.
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ARQ-WINDOW-SIZE ARQ-WINDOW-SIZE is the maximum number of unacknow-
ledged ARQ blocks at any given time. ARQ-WINDOW-SIZE (WS) shall be less than or
equal to half of the ARQ-BSN-MODULUS, that is WS=ARQ-WINDOW-SIZE≤ 1024.

ARQ-RETRY-TIMEOUT ARQ-RETRY-TIMEOUT is the minimum time a trans-
mitter shall wait before retransmission of an unacknowledged block. The interval begins
when the ARQ block was last transmitted (see Fig. 7).

PDU

Transmission

PDU

Retransmission

ARQ−RETRY TIMEOUT

... ......

Figure 7 – Use of ARQ-RETRY-TIMEOUT.

Transmit window The TRANSMIT-WINDOW-START (TWS) points to the lowest
numbered ARQ block that has not been ACKed. The window is advanced when an ACK
for the block the BSN of which is equal to TWS is received (see Fig. 8).

1 ... TWS TWS+WS−1... ...TWS−1 TWS+1

BSN of the last blockACKed blocks Transmit window

Figure 8 – Transmit window.

The size of the transmit window is ARQ-WINDOW-SIZE. Hence the BSN of the next
block to send (NBSN) shall be comprised between TWS and TWS+WS-1.

The window is advanced when an ACK for the block the BSN of which is equal to
TWS is received.

ARQ-BLOCK-LIFETIME ARQ-BLOCK-LIFETIME is the maximum time interval
an ARQ block shall be managed by the transmitter once initial transmission of the block
has occurred. If transmission (or subsequent retransmission) of the block is not acknow-
ledged by the receiver before the time limit is reached, the block is discarded (see Fig.
9).

A discard message (DM) is sent following violation of ARQ-BLOCK-LIFETIME. Fol-
lowing the first transmission of the discard message, subsequent discard orders are sent to
the receiver at intervals of ARQ-RETRY-TIMEOUT.

Discard orders for adjacent BSN values may be accumulated in a single discard message
as in the example below where the discard orders of blocks numbered i, (i+ 1) and (i+ 2)
are accumulated in the same DM.

Receive window The RECEIVE-WINDOW-START (RWS) points to the lowest num-
bered ARQ block that has not been marked as correctly received (see Fig. 10).
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i i+2i+1 i i+2i+1 i i+2i+1... ...

Initial transmission
of blocks i, i+1 and i+2

...
RTO RTO

N NN

DM DMDM

AN N
...... ...
RTORTO

RTO : ARQ−RETRY−TIMEOUT DM : Discard Message

ARQ−BLOCK−LIFETIME

Figure 9 – Discard orders following violation of ARQ-BLOCK-LIFETIME (retransmis-
sion without rearrangement is assumed).

1 ... ... ...
BSN of the last block

RWS+WS−1RWSRWS−1 RWS+1

Receive windowas correctly received
Blocks marked

Figure 10 – Receive window.

Only PDU’s with valid BSN’s are ACKed. A valid BSN is comprised between RWS
and RWS+WS-1 (only blocks in the received window are ACKed).

The received window is advanced :

1. When the block with the BSN equal to RWS is correctly received.

2. When a discard message (following violation of ARQ-BLOCK-LIFETIME) is recei-
ved. In this case, the block(s) in question is (are) marked as correctly received but
will of course not be available at the receiver (see Fig. 11).

ARQ-RX-PURGE-TIMEOUT ARQ-RX-PURGE-TIMEOUT is the time interval the
receiver shall wait after successful reception of a block that does not result in advancement
of RWS, before advancing RWS (see Fig. 12).

SDU reconstruction and delivery An SDU is reconstructed as soon as all blocks
of the MAC SDU have been correctly received (within the defined timeout values). If
blocks are marked as correctly received due to timeout violation (PURGE or BLOCK-
LIFETIME), the SDU is discarded.

If ARQ-DELIVERY-IN-ORDER is not enabled : The MAC SDU is handed to the
upper layers as soon as the MAC SDU is reconstructed.

If ARQ-DELIVERY-IN-ORDER is enabled : The MAC SDU is delivered to the up-
per layers as soon as it is reconstructed and all MAC SDUs the blocks of which have
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Figure 11 – Advancement of the receive window when a Discard Message is received.

time during which blocks i and (i+1)
are both not ACKed

PTO

t1 t2 t3

i+2 i+3

received :  RWS = i
All marked as correctly 

Receive window

...A A A

1 i−1 i+2 i+3 i+4 i+WS−1i+1i

A A A

A A

A A N N A

1 i−1 i+2 i+3 i+4 i+WS−1i+1i
......
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...t1 :

t2 :
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i+WS+3
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N ...

...A A N N N NN

N

received :  RWS = i
All marked as correctly 

Receive window

1 i−1 i i+1 i+2 i+3 i+4 i+WS−1

Figure 12 – Advancement of the receive window after an ARQ-RX-PURGE-TIMEOUT
(PTO).

sequence numbers smaller than those of the reconstructed SDU have either been delivered
or discarded.
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Appendix C : CAVLC encoding of

prediction residuals



1 Introduction

This appendix describes in detail the method used to encode residual, zig-zag ordered
4 × 4 and 2 × 2 DC chrominance) blocks of transform coefficients. It is designed to take
advantage of several characteristics of quantized 4 × 4 blocks :

1. After prediction, transformation and quantization, blocks are typically sparse (contai-
ning mostly zeros). CAVLC uses run-level coding to represent strings of zeros com-
pactly.

2. The highest non-zero coefficients after the zig-zag scan are often sequences of ±1
and CAVLC signals the number of ±1 coefficients (T1s) in a compact way.

3. The number of non-zero coefficients in neighbouring blocks is correlated. The number
of coefficients is encoded using a look-up table and the choice of the look-up table
depends on the number of non-zero coefficients in neighbouring blocks.

4. The magnitude of non-zero coefficients tends to be larger at the start of the reordered
array (near the DC coefficient) and smaller towards the higher frequencies. CAVLC
takes advantage of this by adapting the choice of VLC table for the level parameter
depending on recently-coded level magnitudes.

The encoding of the blocks follows the 5 steps detailed in the sections below.

2 Encoding of TotalCoeffs and TrailingOnes

The first VLC, CoeffToken, encodes both the total number of non-zero coefficients
(TotalCoeffs) and the number of T1s (TrailingOnes). TotalCoeffs can be anything from 0
to 16 and TrailingOnes can be anything from 0 to 3. If there are more than three T1s, only
the last three are treated as ‘special cases’ and any others are coded as normal coefficients.

There are 4 choices of look-up table to use for encoding CoeffToken for a 4 × 4 block,
three variable-length code tables and a fixed-length code table. The choice of table depends
on the number of non-zero coefficients in the left-hand and upper previously coded blocks
(NU and NL respectively). A parameter N is calculated as follows

– If upper and left blocks are both available, N = (NU + NL)/2.
– If only the upper block is available, N = NU .
– If only the left block is available, N = NL.
– If neither is available, N = 0
The parameter N selects the look-up table (see Figs. 1 and 2) so that the choice of VLC

adapts to the number of coded coefficients in neighbouring blocks (context adaptive). The
first table is biased towards small numbers of coefficients such that low values of TotalCoeffs

are assigned particularly short codes and high values of TotalCoeffs particularly long codes.
The second table is biased towards medium numbers of coefficients (TotalCoeffs values
around 2-4 are assigned relatively short codes). The third table is biased towards higher
numbers of coefficients and the fourth table assigns a fixed 6-bit code to every pair of
TotalCoeffs and TrailingOnes pair of values.

3 Encoding of T1s signs

For each T1 (trailing ±1), the sign is encoded with a single bit (0 for + and 1 for −)
in reverse order, starting with the highest frequency T1.
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TrailingOnes TotalCoeffs 0 ≤ N < 2 2 ≤ N < 4 4 ≤ N < 8 N ≥ 8 N = −1

0 0 1 11 1111 000011 01

0 1 000101 001011 001111 000000 000111

1 1 01 10 1110 00001 1

0 2 00000111 000111 001011 000100 000100

1 2 000100 00111 01111 000101 000110

2 2 001 011 1101 000110 001

0 3 0000000111 000011 001000 001000 0000111

1 3 00000110 001010 01100 001001 0000011

2 3 0000101 001001 01110 001010 0000010

3 3 00011 0101 1100 001011 000101

0 4 0000000111 0001111 0001111 001100 000010

1 4 000000110 000110 01010 0001101 00000011

2 4 00000101 000101 01011 001110 00000010

3 4 000011 0100 1011 001111 0000000

0 5 00000000111 00000100 0001011 010000 -

1 5 0000000110 0000110 01000 010001 -

2 5 000000101 0000101 01001 010010 -

3 5 0000100 00110 1010 010011 -

0 6 0000000001111 000000111 0001001 010100 -

1 6 00000000110 00000110 001110 010101 -

2 6 00000000101 00000101 001101 010110 -

3 6 00000100 001000 1001 010111 -

0 7 0000000001011 00000001111 0001000 011000 -

1 7 0000000001110 000000110 001010 011001 -

2 7 00000000101 000000101 001001 011010 -

3 7 000000100 000100 1000 011011 -

0 8 0000000001000 00000001011 00001111 011100 -

1 8 0000000001010 00000001110 0001110 011101 -

2 8 0000000001101 00000001101 0001101 011110 -

3 8 0000000100 0000100 01101 011111 -

0 9 00000000001111 000000001111 00001011 100000 -

Figure 1 – VLC tables used for the encoding TotalCoeffs and TrailingOnes.

4 Encoding of Levels

The sign and magnitude of each remaining non-zero coefficient (Level) in the block is
encoded in reverse order, starting with the highest frequency and working back towards the
DC coefficient. The sign and the magnitude are first incorporated in the Code parameter
according to equations (1) and (2) where ≪ represents a 1-bit left shift operation and ∪

a logical OR. Thus, the sign is encoded on the least significant bit and the magnitude on
the most significant bits.

Code = (magnitude − 1) ≪ 1 (1)

Code = Code ∪ sign (2)
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TrailingOnes TotalCoeffs 0 ≤ N < 2 2 ≤ N < 4 4 ≤ N < 8 N ≥ 8 N = −1

1 9 00000000001110 00000001010 00001110 100001 -

2 9 0000000001001 000000001001 0001010 100010 -

3 9 00000000100 000000100 001100 100011 -

0 10 00000000001011 000000001011 000001111 100100 -

1 10 00000000001010 000000001110 00001010 100101 -

2 10 00000000001101 000000001101 00001101 100110 -

3 10 0000000001100 000000001100 0001100 100111 -

0 11 000000000001111 000000001000 000001011 101000 -

1 11 000000000001110 000000001010 000001110 101001 -

2 11 00000000001001 000000001001 00001001 101010 -

3 11 00000000001100 00000001000 00001100 101011 -

0 12 000000000001011 00000000001111 000001000 101100 -

1 12 000000000001010 00000000001110 000001010 101101 -

2 12 000000000001101 00000000001101 000001101 101110 -

3 12 00000000001000 000000001100 00001000 101111 -

0 13 0000000000001111 0000000001011 0000001101 110000 -

1 13 000000000000001 0000000001010 000000111 110001 -

2 13 000000000001001 0000000001001 000001001 110010 -

3 13 000000000001100 0000000001100 000001100 110011 -

0 14 0000000000001011 0000000000111 0000001001 110100 -

1 14 0000000000001110 00000000001100 0000001100 110101 -

2 14 0000000000001101 0000000000110 0000001011 110110 -

3 14 000000000001000 0000000001000 0000001010 110111 -

0 15 0000000000000111 00000000001001 0000000101 111000 -

1 15 0000000000001010 00000000001000 0000001000 111001 -

2 15 0000000000001001 00000000001010 0000000111 111010 -

3 15 0000000000001100 0000000000001 0000000110 111011 -

0 16 0000000000000100 00000000000111 0000000001 111100 -

1 16 0000000000000110 00000000000110 0000000100 111101 -

2 16 0000000000000101 00000000000101 0000000011 111110 -

3 16 0000000000001000 00000000000100 0000000010 111111 -

Figure 2 – VLC tables used for the encoding TotalCoeffs and TrailingOnes (conti-
nued).

The Code parameter is then decomposed into 2 syntax elements : LevelPrefix and
LevelSuffix. These elements are determined according to equations (3) and (4) where ≫

represents a 1-bit right shift and Code(Shift) represents the Shift least significant bits
of the parameter Code.

LevelPrefix = Code ≫ Shift (3)

LevelSuffix = Code(Shift) (4)

Finally, the LevelPrefix is encoded using the VLC table in Fig. 3 and the Shift bits
of LevelSuffix are appended next.
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LevelPrefix Codeword

0 1
1 01
2 001
3 0001
4 00001
5 000001
6 0000001
7 00000001
8 000000001
9 0000000001
10 00000000001
11 000000000001
12 0000000000001
13 00000000000001
14 000000000000001
15 0000000000000001

Figure 3 – VLC table used for the encoding of LevelPrefix.

Shift Threshold value

0 0
1 3
2 6
3 12
4 24
5 48
6 ∞

Figure 4 – Threshold values associated to variable Shift.

The adaptability principle in the encoding of the Levels lies in the variable Shift. This
value generally changes during the encoding of the Levels. It is initialized to 0 at the first
step and then incremented if the magnitude of the last encoded coefficient is greater than
the threshold value associated to the current value of Shift (see Fig. 4). Given that the
magnitudes have tendency to increase as the frequency decreases, this technique proves
very efficient.

The decoding operation consists of several steps. The decoder first extracts LevelPrefix
and LevelSuffix from the stream based on the current value of Shift. Then, by inverting
equations (1), (2), (3) and (4), the decoder recovers the magnitude and the sign of the
current coefficient. The decoder updates the value of Shift at each iteration.

4



TotalZeros TotalCoeffs
1 2 3 4 5 6 7

0 1 111 0101 00011 0101 000001 000001
1 011 110 111 111 0100 00001 00001
2 010 101 110 0101 0011 111 101
3 0011 100 101 0100 111 110 100
4 0010 011 0100 110 110 101 011
5 00011 0101 0011 101 101 100 11
6 00010 0100 100 100 100 011 010
7 000011 0011 011 0011 011 010 0001
8 000010 0010 0010 011 0011 0001 001
9 0000011 00011 00011 0010 00001 001 000000
10 0000010 00010 00010 00010 0001 000000 -
11 00000011 000011 000001 00001 00000 - -
12 00000010 000010 00001 00000 - - -
13 000000011 000001 00000 - - - -
14 000000010 000000 - - - - -
15 000000001 - - - - - -

TotalZeros TotalCoeffs
8 9 10 11 12 13 14 15

0 000001 000001 00001 0000 0000 000 00 0
1 0001 000000 00000 0001 0001 001 01 1
2 0001 0001 001 001 01 1 1 -
3 011 11 11 010 1 01 - -
4 11 10 10 1 001 - - -
5 10 001 01 011 - - - -
6 010 01 0001 - - - - -
7 001 00001 - - - - - -
8 000000 - - - - - - -

Figure 5 – VLC tables used for the encoding of TotalZeros in 4 × 4 blocks.

5 Encoding of TotalZeros

The TotalZeros parameter defines the number of zero coefficients preceding the last
non-zero coefficient. The VLC tables of Fig. 5 are used with 4 × 4 blocks and those in
Fig. 6 are used with 2 × 2 blocks. In both cases, the table is chosen as a function of the
value of TotalCoeffs. The number of possible values for TotalZeros decreases as the value
of TotalCoeffs increases.

6 Encoding of RunBefores

The number of zeros preceding each non-zero coefficient (RunBefore) is encoded in

reverse order. A RunBefore parameter is encoded for each non-zero coefficient, starting
with the highest frequency, with two exceptions :

1. If there are no more zeros left to encode, it is not necessary to encode any more
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TotalZeros TotalCoeffs
1 2 3

0 1 1 1
1 01 01 0
2 001 00 -
3 000 - -

Figure 6 – VLC tables used for the encoding of TotalZeros in 2 × 2 blocks.

RunBefore values.

2. It is not necessary to encode RunBefore for the final (lowest frequency) non-zero
coefficient.

The VLC tables used to encode the RunBefores are illustrated in Fig. 7. The table used
for the encoding of each RunBefore is chosen depending on the number of zeros (signalled
by TotalZeros) that have not yet been encoded (ZerosLeft). ZerosLeft is updated after
each encoding and represents the adaptation parameter. For example, if there are only
two zeros left to encode, RunBefore can only take 3 values (0, 1 and 2) and so the VLC
need not be more than two bits long. If there are six zeros still to encode then RunBefore

can take seven values (0 to 6) and the VLC table needs to be correspondingly larger.

RunBefore ZerosLeft
1 2 3 4 5 6 > 6

0 1 1 11 11 11 11 111
1 0 01 10 10 10 000 110
2 - 00 01 01 011 001 101
3 - - 00 001 010 011 100
4 - - - 000 001 010 011
5 - - - - 000 101 010
6 - - - - - 100 001
7 - - - - - - 0001
8 - - - - - - 00001
9 - - - - - - 000001
10 - - - - - - 0000001
11 - - - - - - 00000001
12 - - - - - - 000000001
13 - - - - - - 0000000001
14 - - - - - - 00000000001

Figure 7 – VLC tables used for the encoding of RunBefores.

Example Consider the encoding of the following 4 × 4 block

0 3 −1 0

0 −1 1 0

1 0 0 0

0 0 0 0
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The 4 × 4 block is mapped in a zig-zag order to the following 16-element array

0 3 1 −1 −1 0 1 0 0 0 0 0 0 0 0 0

The main parameters are
TotalCoeffs = 5 (indexed from highest frequency, 4, to lowest frequency, 0).
TotalZeros = 3.
TrailingOnes = 3 (in fact there are 4 T1s but only three can be encoded as a special

case).
Assuming that the first table in Figs. 1 and 2 is used for the encoding of CoeffToken

(i.e 0 ≤ N < 2), the encoding yields the following results

Element Value Codeword Reference

CoeffToken TotalCoeffs = 5, TrailingOnes = 3 0000100 Fig. 1 (Tab. 1)
T1 sign (4) + 0
T1 sign (3) − 1
T1 sign (2) − 1
Level (1) +1 (Shift = 0) 1 Fig. 3
Level (0) +3 (Shift = 1) 0010 Fig. 3

TotalZeros 3 111 Fig. 5 (Tab. 5)
RunBefore (4) ZerosLeft = 3, RunBefore = 1 10 Fig. 7 (Tab. 3)
RunBefore (3) ZerosLeft = 2, RunBefore = 0 1 Fig. 7 (Tab. 2)
RunBefore (2) ZerosLeft = 2, RunBefore = 0 1 Fig. 7 (Tab. 2)
RunBefore (1) ZerosLeft = 2, RunBefore = 1 01 Fig. 7 (Tab. 2)
RunBefore (0) ZerosLeft = 1, RunBefore = 1 Not required Last coefficient

The transmitted bitstream for this block is 000010001110010111101101

7
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Joint Exploitation of Residual Source Information
and MAC Layer CRC Redundancy

for Robust Video Decoding
Cédric Marin, Khaled Bouchireb, Michel Kieffer, Senior Member, IEEE, and Pierre Duhamel, Fellow, IEEE

Abstract—This paper presents a MAP estimation method
allowing the robust decoding of compressed video streams by
exploiting the bitstream structure (i.e., information about the
source, related to variable-length codes and source character-
istics) together with the knowledge of the MAC layer CRC
(here considered as additional redundancy on the MAC packet).
This method is implemented via a sequential decoding algorithm
in which the branch selection metric in the decoding trellis
incorporates a CRC-dependent factor, and the paths which
are not compatible with the source constraints are pruned.
A first implementation of the proposed algorithm performs
exact computations of the metrics, and is thus computationally
expensive. Therefore, we also introduce a suboptimal (with
tunable complexity) version of the proposed metric computation.
This technique is then applied to the robust decoding of sequences
encoded using the H.264/AVC standard based on CAVLC, and
transmitted using a WiFi-like packet structure. Significant link
budget improvement results are demonstrated for BPSK modu-
lated signals sent over AWGN channels, even in the presence of
channel coding.

Index Terms—Communication systems, MAP estimation, video
coding, sequential decoding, codes.

I. INTRODUCTION

W IRELESS channels present a major challenge for high
bitrate transmission. Factors such as signal attenuation,

multiple access interference, inter-symbol interference, and
Doppler shift can heavily degrade signal quality. Conse-
quently, the typical BER encountered in mobile transmission
can be several orders of magnitude higher than in wire line
(e.g., DSL) transmission.

High efficiency video transmission is usually dependent on
the compression mechanism applied to the image stream [28].
Nevertheless, the compressed video flow is very sensitive to
transmission errors. A single error can lead to a decoder de-
synchronization resulting in a total loss of remaining picture
information or to inter-image error propagation due to inter-
picture coding. Consequently, the video stream incoming in
the video decoder has to be nearly error-free.

In wireless transmission, the received signal may be heavily
corrupted and is not directly usable by the video decoder. A
first solution to alleviate this problem consists in grouping
data into packets protected by an error-detection code (CRC or
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checksum) [5], [16]. Packets for which integrity is not ensured
at receiver side may then be retransmitted. Nevertheless,
retransmissions may become difficult in scenarii with strong
delay constraints (e.g., for visiophony), or even impossible
when broadcasting data (e.g., in satellite television).

In such situations, the standard solution is to make use of
very strong error-correction codes (e.g., turbo codes, LDPC) at
the Physical (PHY) layer combined with packet-erasure codes
(e.g., Reed-Solomon) at intermediate protocol layers [19],
[26]. However, due to the high channel variability, redundancy
is rarely optimally dimensioned. It may be oversized when
the channel is clear, reducing the bandwidth allocated for the
data. In contrary, some corrupted packets cannot be recovered
in bad channel conditions and are lost. Error-concealment
techniques [9], [15] may then be used by the source decoders
at the Application (APL) layer. They exploit the redundancy
(temporal and/or spatial) in the decoded multimedia stream
for estimating the missing information. However, even if very
efficient for providing a video of acceptable visual quality,
error concealment cannot replace a clean reception in terms
of quality.

In the last years, joint source-channel decoding techniques
have been proposed to correct damaged packets. Such methods
involve robust source decoders, which exploit the inherent
redundancy in the received packets for correcting errors.
Several types of redundancy have been identified. Constraints
in the syntax of variable-length codes [7], [8], [14], [24],
[31] have been used first. Then, the properties due to the
semantic of the source coders have been combined along
with the syntax redundancy to improve the performance of
robust decoders [4], [22], [27], [32]. Redundancy associated
to the packetization of encoded data have been introduced
in [18]. Recently, information introduced by the channel
codes have been jointly employed together with the residual
redundancy through iterative decoding processes [3], [21],
[30]. These joint schemes improve the decoding performance
when compared to classical schemes.

This paper focuses on robust decoding of video data in a
downlink situation. We propose a sequential decoding algo-
rithm jointly exploiting the syntax and semantic properties
of the encoded video stream together with the redundancy
at MAC layer provided by the CRC. Here, the CRC is not
only used to detect errors but is also considered as an error
correcting code. This CRC based decoding approach has
been presented in [17], [23], [29] for correcting erroneous

1536-1276/10$25.00 c⃝ 2010 IEEE
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Transmission Channel

PHY Payload2H-PHY2PreamblePHY Payload1H-PHY1Preamble

MAC Payload2H-MAC2 CRC2MAC Payload1H-MAC1 CRC1

RTP PayloadH-RTP

APL (Application) Video Packet

UDP PayloadH-UDP

IP PayloadH-IP

Fig. 1. Protocol stack for video transmission over WiFi.

packets. The main contribution of this paper is to make a
simultaneous usage of the CRC and the source redundancy to
improve the video decoding performance. This paper is based
on a variety of techniques (soft decoding of block codes [2],
sequential decoding [1], source decoding depending on syntax
and semantic of bitstream [4]) which are combined to attain
our objective.

Note that all robust techniques introduced above require
soft information to be delivered from the PHY layer to
the APL layer. Obviously, this does not correspond to a
classical structure of the decoder, and requires the use of some
additional tools, some of which being proposed elsewhere
by the same authors. In particular, we proposed a header
recovery technique exploiting the intra-layer and inter-layer
redundancies along with the CRCs or checksums in [20]. With
this technique, the header is very likely to be correctly decoded
even for poor SNRs, and the payload may be forwarded to
the upper layers, resulting in a permeable protocol stack.
A complementary work, introducing a transparent network
architecture, may be found in [10]. In this paper, we assume
that, due to the use of such techniques, the headers are
correctly received, and we concentrate on the evaluation of
the payload (i.e., the reception of the video)

This paper is organized as follows. After a brief description
of the permeable protocol stack model in Section II, Section III
describes the derivation of the decoding metric and proposes a
general sequential decoding method. Reduction of complexity
is presented in Section IV. Finally, the simulation results are
described in Section V before drawing some conclusions.

II. MODEL OF PERMEABLE PROTOCOL STACK

Multimedia packetized transmission usually relies on a
multi-layer architecture [16] based on the RTP/UDP/IP stack.

Figure 1 illustrates an example of the segmentation and en-
capsulation mechanisms implemented at each protocol layer in
the case of video transmitted with a WiFi radio interface [11]
(802.11 standard). The data processed by the PHY layer are
forwarded to the MAC layer which checks their integrity with
the help of some CRC. For corrupted packets, a retransmission
is requested. Correctly received data are assembled to form the

APL Video Packet

H-MAC1 MAC Payload1 CRC1 H-MAC2 MAC Payload2 CRC2

Proposed APL packet

Fig. 2. New format of the APL packet at the input of the decoder. In this
example, the original APL packet has been fragmented in two MAC packets.

binary stream that is then fed to the video decoder (at APL
layer) after removal of IP, UDP, and RTP protocol headers.

A protocol stack design where the PHY, MAC, and APL
layers of the receiver work very closely together is presented
here. Three changes are required to implement the proposed
solution:

∙ The PHY layer includes a Soft-Input Soft-Output (SISO)
channel decoder for processing the incoming protected
data. The soft information are transmitted to the next
layer.

∙ In the MAC layer, the CRC check is deactivated and
no retransmission is allowed. Complete MAC packets
(composed of header, payload, and CRC) are transferred
to the upper layer for being integrated in the payload of
IP packets.

∙ The MAC header and MAC CRC which usually are not
transmitted by the IP, UDP, and RTP layers, are now
assumed to be available at the APL layer in the form of
soft values.

These changes require some information to be available
everywhere inside the receiver and are compatible with the
usual transmission structure: only the receiver has to be
modified, and both the transmitter operations and the signal
sent are unchanged. As outlined above, they are facilitated
by using the robust header recovery and permeable layer
mechanisms presented in [10], [20]. Here, the headers are
assumed to be available without errors at all layers.

With these modifications, the APL layer receives a succes-
sion of MAC packets, containing soft information (provided
by the PHY layer). The format of data received by the APL
layer is depicted in Fig. 2.

In the proposed architecture, the CRC still plays some error-
detection role, used to minimize the computational complex-
ity: its first use is to deactivate the robust decoding process
(which is computationally expensive) when:

1) normal CRC check is successful,
2) the quality of soft information provided by the lower

layer is too poor, i.e., when the signal power is smaller
than a pre-defined threshold. In such a case, the packet
is discarded (or retransmitted, see [6]).

The next section presents the analytical derivation of the de-
coding metric which may be used for robust reconstruction of
the transmitted video sequence. We then propose a sequential
decoding algorithm based on this metric.

III. GROUP-BASED SEQUENTIAL DECODING

A. Notations

The symbols produced by a video coder before entropy
coding are assumed to be generated by a source 𝒮, which
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m = [m1 . . . mK ]

Video Encoder

Packet Generation

BPSK Mapping

AWGN N (0, σ2)

Permeable Processing

Robust Video Decoder

MAC Layer

APL Layer

PHY Layer

Channel+

m = [xm1
. . .xmK

]

ytt = [h,x, c]

yt = [yh,yx,yc]

Fig. 3. Overview of the transmission scheme.

has to satisfy some semantic rules. Consider a vector m =
[𝑚1 . . .𝑚𝐾 ] of 𝐾 symbols generated by this source. The
entropy coder associates a variable-length codeword x𝑚𝑖 to
each component 𝑚𝑖 of m, 𝑖 = 1 . . .𝐾 , which is then mapped
onto a binary sequence x = [x𝑚1 . . .x𝑚𝐾 ], with

𝐾∑
𝑖=1

ℓ(x𝑚𝑖) = ℓ(x). (1)

In (1) and in what follows, ℓ(v) denotes the length in bits of
the vector v. Thus, x has to be compliant with the syntax of
the variable-length code (VLC) and with the semantic rules
of the source 𝒮.

At MAC layer, a header h is added at the beginning of
the payload x, resulting in a concatenated vector d = [h,x].
A CRC c is then computed from the data d and appended
to [h,x] to form a MAC packet. This set of information is
collected in a vector t = [h,x, c] = [d, c], where c = ℱ(d),
ℱ being a generic encoding function.

The computation of c depends on some generator poly-
nomial 𝑔(𝑧) =

∑ℓ(c)
𝑖=0 𝑎𝑖𝑧

𝑖 characterizing the CRC [5]. A
systematic generator matrix G = [I,Π] may be associated to
𝑔(𝑧). Using G, c may be determined by a recursive processing
over the ℓ(d) bits of d as follows

c𝑗+1 = ℱ(d𝑗+1) = c𝑗 ⊕ (𝑑𝑗+1 ⋅ 𝝅(𝑑𝑗+1)). (2)

In (2), d𝑗 = [𝑑1 . . . 𝑑𝑗 , 0 . . . 0], 𝝅(𝑑𝑗) is the 𝑗-th row of Π,
i.e., the parity vector related to 𝑑𝑗 , and ⊕ represents the XOR
operator. At initialization, c0 is set to 0. After ℓ(d) iterations,
the vector cℓ(d) contains the CRC value related to d (i.e.,
cℓ(d) = c).

In our model, vector t is then BPSK-modulated and trans-
mitted over an AWGN channel that corrupts the modulated
packets with a Gaussian noise of zero mean and variance 𝜎2.
At the receiver, the observed vector is y𝑡 = [yℎ,y𝑥,y𝑐], where
yℎ, y𝑥, and y𝑐 are the observations of h, x, and c respectively.
y𝑡 contains the observations of t and represents a segment
of the APL packet depicted in Fig. 2. An overview of the
transmission scheme is illustrated in Fig. 3.

In practice, x is usually organized in groups of codewords
(e.g., texture information of a block or a macroblock), which

are assumed to be encoded independently1. Let a1 . . . a𝐸 be
the 𝐸 groups of codewords composing x, i.e., x = [a1 . . . a𝐸 ].
The lengths ℓ(a𝑒), for 𝑒 = 1 . . . 𝐸, are supposed to be
transmitted reliably as side information to the decoder. In the
following, these lengths are called position markers. Using
these markers, the decoding of each block may be performed
separately by synchronizing the decoder over the correspond-
ing portion in the received packet.

B. Decoding Algorithm

Assuming that the header h has been correctly received, the
optimal MAP estimator â𝑒 for the 𝑒-th group is given by

â𝑒 = arg max
a𝑒∈Ω𝑒

𝑎

𝑃 (a𝑒∣h,y𝑥,y𝑐), (3)

where Ω𝑒
𝑎 is the set of valid combinations of a𝑒, i.e., com-

pliant with the syntax of the VLC and the semantic of the
source. Since Ω𝑒

𝑎 is not well structured, obtaining â𝑒 would
require constructing the 2ℓ(a𝑒) possible combinations, keeping
only the valid sequences (belonging to Ω𝑒

𝑎), then evaluating
𝑃 (a𝑒∣h,y𝑥,y𝑐) for each of them. When ℓ(a𝑒) is large (which
is usually the case since this reduces the overhead due to the
transmission of the side information), a sequential decoder is
involved in order to reduce the decoding complexity [1].

Consider the 𝑛-th step of the decoding of group 𝑒. One may
write

x = [b𝑒,u𝑒,𝑛, s𝑒,𝑛, r𝑒,𝑛],

with :
∙ b𝑒 = [a1 . . .a𝑒−1], the bits of the first 𝑒 − 1 groups.

Note that for the decoding of a𝑒, b𝑒 is considered as a
random vector and not as the decoded bitstream obtained
previously.

∙ u𝑒,𝑛, the first bits of a𝑒 for which a set of valid com-
binations Ω𝑒,𝑛

𝑢 has been evaluated at step 𝑛 − 1 by the
decoder.

∙ s𝑒,𝑛, a vector for which, regardless of the syntax of the
VLC and the semantic of the video coder, 2ℓ(s𝑒,𝑛) binary
combinations are possible. Let Ω𝑒,𝑛

𝑠 be the set of these
sequences.

∙ r𝑒,𝑛, the ℓ(r𝑒,𝑛) remaining bits of x. These bits have not
yet been processed by the decoder but they are involved
in the computation of the CRC.

Figure 4 illustrates the considered structure of the packet.
The observations associated to these four vectors are y𝑒

𝑏 , y
𝑒,𝑛
𝑢 ,

y𝑒,𝑛
𝑠 , and y𝑒,𝑛

𝑟 . Moreover, let Ω𝑒,𝑛
[𝑢,𝑠] ⊂ Ω𝑒,𝑛

𝑢 ×Ω𝑒,𝑛
𝑠 be the set

of valid pairs [u𝑒,𝑛, s𝑒,𝑛].
At the 𝑛-th step, the sequential decoding algorithm evaluates

𝑃 (u𝑒,𝑛, s𝑒,𝑛∣y𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ,h) ∝ (4)

𝑃 (u𝑒,𝑛, s𝑒,𝑛,y
𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ∣h).
for each [u𝑒,𝑛, s𝑒,𝑛] ∈ Ω𝑒,𝑛

𝑢 × Ω𝑒,𝑛
𝑠 . In (5), one may write

𝑃 (u𝑒,𝑛, s𝑒,𝑛,y
𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ∣h) =∑
b𝑒

∑
r𝑒,𝑛

𝑃 (b𝑒,u𝑒,𝑛, s𝑒,𝑛, r𝑒,𝑛,y
𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ∣h).
(5)

1In realistic situations, the groups of codewords belonging to a specific
class of video coding parameters are correlated. However, we consider here
that the existing dependencies are small and may be neglected.
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Fig. 4. Partitioning of the received MAC packet at the 𝑛-th iteration for the
𝑒-th group.

Moreover

𝑃 (b𝑒,u𝑒,𝑛, s𝑒,𝑛, r𝑒,𝑛,y
𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ∣h) =
𝑃 (u𝑒,𝑛, s𝑒,𝑛∣h)𝑃 (y𝑒,𝑛

𝑢 ∣u𝑒,𝑛, s𝑒,𝑛,h)
𝑃 (y𝑒,𝑛

𝑠 ∣y𝑒,𝑛
𝑢 ,u𝑒,𝑛, s𝑒,𝑛,h)

𝑃 (b𝑒, r𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐∣y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,u𝑒,𝑛, s𝑒,𝑛,h).

(6)

Using the fact that u𝑒,𝑛 and s𝑒,𝑛 do not depend on h and that
the channel is memoryless, (6) becomes

𝑃 (b𝑒,u𝑒,𝑛, s𝑒,𝑛, r𝑒,𝑛,y
𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ∣h) =
𝑃 (u𝑒,𝑛, s𝑒,𝑛)𝑃 (y𝑒,𝑛

𝑢 ∣u𝑒,𝑛)
𝑃 (y𝑒,𝑛

𝑠 ∣s𝑒,𝑛)𝑃 (b𝑒, r𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐∣h,u𝑒,𝑛, s𝑒,𝑛).

(7)
Now, combining (5), (5), and (7), one obtains

𝑃 (u𝑒,𝑛, s𝑒,𝑛∣y𝑒,𝑛
𝑏 ,y𝑒,𝑛

𝑢 ,y𝑒,𝑛
𝑠 ,y𝑒,𝑛

𝑟 ,h)
∝ 𝑃 (u𝑒,𝑛, s𝑒,𝑛)𝑃 (y𝑒,𝑛

𝑢 ∣u𝑒,𝑛)
𝑃 (y𝑒,𝑛

𝑠 ∣s𝑒,𝑛)Φ(h,u𝑒,𝑛, s𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐),

(8)

with

Φ(h,u𝑒,𝑛, s𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐) =∑

b𝑒,r𝑒,𝑛

𝑃 (b𝑒, r𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐∣h,u𝑒,𝑛, s𝑒,𝑛). (9)

In (8), 𝑃 (u𝑒,𝑛, s𝑒,𝑛) represents the a priori probability of
sequence [u𝑒,𝑛, s𝑒,𝑛], which is null if [u𝑒,𝑛, s𝑒,𝑛] /∈ Ω𝑒,𝑛

[𝑢,𝑠].
As for the valid sequences, they are assumed to be equally
likely a priori, i.e., 𝑃 (u𝑒,𝑛, s𝑒,𝑛) = 1/∣Ω𝑒,𝑛

[𝑢,𝑠]∣. Consequently,
the metric ℳ𝑒 associated to a valid sequence in group 𝑒 is
given by

ℳ𝑒([u𝑒,𝑛, s𝑒,𝑛] ∈ Ω𝑒,𝑛
[𝑢,𝑠]∣h,y𝑡) = 𝑃 (y𝑒,𝑛

𝑢 ∣u𝑒,𝑛)𝑃 (y𝑒,𝑛
𝑠 ∣s𝑒,𝑛)

Φ(h,u𝑒,𝑛, s𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐),

(10)
where 𝑃 (y𝑒,𝑛

𝑢 ∣u𝑒,𝑛) and 𝑃 (y𝑒,𝑛
𝑠 ∣s𝑒,𝑛) are the likelihoods of

u𝑒,𝑛 and s𝑒,𝑛 respectively.

C. Implementation Issues and Complexity

In (10), Φ(h,u𝑒,𝑛, s𝑒,𝑛,y
𝑒
𝑏 ,y

𝑒,𝑛
𝑟 ,y𝑐) is a sum the com-

plexity of which is 𝒪(2ℓ(b𝑒)+ℓ(r𝑒,𝑛)). Consequently, the eval-
uation complexity of (5) for all [u𝑒,𝑛, s𝑒,𝑛] ∈ Ω𝑒,𝑛

[𝑢,𝑠] is

𝒪(∣Ω𝑒,𝑛
𝑢 ∣⋅∣Ω𝑒,𝑛

𝑠 ∣⋅2ℓ(b𝑒)+ℓ(r𝑒,𝑛)). ∣Ω𝑒,𝑛
𝑠 ∣ depends on the number

of bits taken into account at the 𝑛-th steps and may thus
be upper bounded by a constant. The main difficulty comes
from ∣Ω𝑒,𝑛

𝑢 ∣, which is growing exponentially with 𝑛. To limit
the complexity increase, at each step, only the 𝑀 most
probable sequences belonging to Ω𝑒,𝑛

[𝑢,𝑠] are kept and stored in

re,Nebe

be
re,1

be
re,2

h c

h c

h c

x

Step 1

Step 2

Step Ne

se,1

ue,Ne

ue,2 se,2

se,Ne

ae

Fig. 5. Evolution of the partitions through the sequential decoding steps for
the 𝑒-th group.

Ω𝑒,𝑛+1
𝑢 . The parameter 𝑀 allows to tune the trade-off between

complexity and efficiency.
Figure 5 illustrates the evolution of parts b𝑒, u𝑒,𝑛, s𝑒,𝑛, and

r𝑒,𝑛 through the different steps. The flowchart of the decoding
algorithm is depicted in Fig. 6 and explanations are given in
the following. Note that the metric ℳ𝑒([u𝑒,𝑛, s𝑒,𝑛]∣h,y𝑡) is
computed using (10). A each step, one obtains a suboptimal
algorithm the complexity of which becomes 𝒪(2ℓ(b𝑒)+ℓ(r𝑒,𝑛)),
mainly due to the evaluation of Φ in (10). Section IV describes
optimal and suboptimal reduced-complexity algorithms for
determining Φ and ℳ𝑒.

Let 𝑁𝑒 be the number of steps necessary to reach the end
of group 𝑒. The number of bits ℓ(s𝑒,𝑛), for 𝑖 = 1 . . .𝑁𝑒, must
thus be adjusted such that

𝑁𝑒∑
𝑖=1

ℓ(s𝑒,𝑖) = ℓ(a𝑒), (11)

for all 𝑒 = 1 . . . 𝐸. In practice, the first 𝑁𝑒−1 decoding depths
are set to a constant value and the last one, i.e., ℓ(s𝑒,𝑁𝑒), is
chosen so that (11) is satisfied.

We now describe the complete sequential decoding algo-
rithm for the 𝑒-th group. At initialization (𝑛 = 1), Ω𝑒,1

𝑢 = ∅.
Afterwards, at each step 𝑛 > 1, the algorithm explores the
new branches (on ℓ(s𝑒,𝑛)-bit depth) and only preserves the
𝑀 most probable extended sequences [u𝑒,𝑛, s𝑒,𝑛]. These 𝑀
sequences are temporarily stored in a stack (corresponding to
Ω𝑒,𝑛+1

𝑢 ), before being extended again at the next step.
In Section V, this algorithm is applied to the decoding of

H.264/AVC CAVLC sequences.

IV. PRACTICAL EVALUATION OF THE MAP METRIC

For the sake of simplicity, the exponents 𝑒 and 𝑛 are
omitted in what follows. Moreover, Φ(h,u, s,y𝑏,y𝑟,y𝑐) and
ℳ([u, s] ∈ Ω[𝑢,𝑠]∣h,y𝑡) are replaced by Φ and ℳ([u, s]).

In (10), only the computation of Φ requires a large com-
plexity. Assuming that the bits of b and r are i.i.d. and do not
depend on h, u, and s, (9) becomes

Φ =
∑

b

∑

r

𝑃 (b)𝑃 (y𝑏∣b)𝑃 (r)𝑃 (y𝑟∣r)𝑃 (y𝑐∣ℱ([h,b,u, s, r])).

(12)

Assuming that all b and all r are equally likely a priori,
the evaluation of (12) requires summing the product of the
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likelihoods related to b, r, and their corresponding CRC, over
the 2ℓ(b)+ℓ(r) combinations of b and r. In this section, two
reduced-complexity methods are proposed for evaluating (10)
based on two evaluations of Φ. The first one provides an exact
evaluation of ℳ, whereas the second results in an approximate
(but faster) evaluation of the metric.

A. Exact Computation

The CRC can be evaluated recursively over the data d, as
shown by (2). More precisely, the value of the CRC associated
to the first 𝑗+1 bits of d (in short, at time 𝑗+1) only depends
on the value of the CRC at time 𝑗 and on the 𝑗+1-st bit of d.
Each value of the CRC at time 𝑗 leads to two different values
of the CRC at time 𝑗 + 1. Consequently, the evolution of the
CRC values according to the bits of d can be described by
a trellis. In this trellis, states correspond to the 2ℓ(c) possible
values of the CRC. Transitions are determined by the bits of
d. At each time 𝑗 = 1 . . . ℓ(d), we study the contribution of
𝑑𝑗 (the 𝑗-th bit of d) to the global CRC.

In our case, d = [h,b,u, s, r]. The header h is assumed
to be known and we want to find the best combination of
[u, s] ∈ Ω[𝑢,𝑠] by taking into account the redundancy of the
code (given by c). The trellis is thus applied to the portions b,
r, and c for given h, u, and s. This trellis consists in grouping
combinations of b and r giving the same value of the CRC.

Consequently, (12) may be rewritten as

Φ =
∑

c

𝑃 (y𝑐∣c)
∑

b,r∣ℱ([h,b,u,s,r])=c

𝑃 (b)𝑃 (y𝑏∣b)𝑃 (r)𝑃 (y𝑟∣r).

(13)

In the sequel, the state associated to a possible value c′ of
CRC is denoted by 𝑆(c′), c′ being the binary representation
of 𝑆(c′) ∈ {0 . . . 2ℓ(c) − 1}. For instance with a 3-bit CRC, if
c′ = [1, 0, 1] then 𝑆(c′) = 5. After some derivations, one can
show that (13) may be generalized as follows (see Appendix)

Φ =
∑
c′

[ ∑
b∣ℱ([h,b,0,0,0])=c′

𝑃 (b)𝑃 (y𝑏∣b)
]

[∑
r
𝑃 (r)𝑃 (y𝑟 ∣r)𝑃 (y𝑐∣c′ ⊕ℱ([0,0,u, s, r]))

]
=

∑
c′

𝛼(𝑆(c′)) ⋅ 𝛽(𝑆(c′ ⊕ℱ([0,0,u, s,0]))),

(14)
with

𝛼(𝑆(c′)) =
∑

b∣ℱ([h,b,0,0,0])=c′
𝑃 (b)𝑃 (y𝑏∣b), (15)

𝛽(𝑆(c′′)) =
∑
r

𝑃 (r)𝑃 (y𝑟 ∣r)𝑃 (y𝑐∣c′′ ⊕ℱ([0,0,0,0, r])),

(16)

for all c′, c′′ ∈ 𝐺𝐹 (2)ℓ(c). In (15), 𝛼(𝑆(c′)) represents
the sum of the probabilities associated to the combina-
tions of b reaching state 𝑆(c′) when starting from state
𝑆(ℱ([h,0,0,0,0])). In (16), 𝛽(𝑆(c′′)) denotes the sum of
the probabilities associated to all combinations of [r, c′′ ⊕
ℱ([0,0,0,0, r])] when starting from state 𝑆(c′′). In fact, the
evaluation of Φ using (14) is efficiently performed using the

BCJR algorithm for block codes [2], [33]. Thus, 𝛼(𝑆(c′)) and
𝛽(𝑆(c′′)) are easily evaluated recursively as follows

𝛼𝑗+1(𝑆(c
′)) = 𝑃 (𝑏𝑗+1 = 0)𝑃 (𝑦𝑏𝑗+1 ∣𝑏𝑗+1 = 0)𝛼𝑗(𝑆(c

′))
+ 𝑃 (𝑏𝑗+1 = 1)𝑃 (𝑦𝑏𝑗+1 ∣𝑏𝑗+1 = 1)

𝛼𝑗(𝑆(c
′ ⊕ 𝝅(𝑏𝑗+1))),

(17)
with the boundary conditions (at 𝑗 = 0)

𝛼0(𝑆(c
′)) =

{
1 for c′ = ℱ([h,0,0,0,0])

0 for all c′ ∕= ℱ([h,0,0,0,0])
, (18)

and

𝛽𝑗−1(𝑆(c
′′)) = 𝑃 (𝑟𝑗 = 0)𝑃 (𝑦𝑟𝑗 ∣𝑟𝑗 = 0)𝛽𝑗(𝑆(c

′′))
+ 𝑃 (𝑟𝑗 = 1)𝑃 (𝑦𝑟𝑗 ∣𝑟𝑗 = 1)𝛽𝑗(𝑆(c

′′ ⊕ 𝝅(𝑟𝑗))),
(19)

with the boundary conditions (at 𝑗 = ℓ(r))

𝛽ℓ(r)(𝑆(c
′′)) = 𝑃 (y𝑐∣c′′), for all c′′ ∈ 𝐺𝐹 (2)ℓ(c). (20)

The equations in (17) and (19) are the key for computing
𝛼(𝑆(c′)) with a forward recursion over the bits of b and
𝛽(𝑆(c′′)) with a backward recursion over the bits of r.
After ℓ(b) iterations, 𝛼ℓ(b)(𝑆(c

′)) = 𝛼(𝑆(c′)), and after
ℓ(r) iterations, 𝛽0(𝑆(c

′′)) = 𝛽(𝑆(c′′)).
Finally, substituting (14) in (10), one obtains

ℳ([u, s]) =
∑
c′

𝛼(𝑆(c′)) ⋅ 𝑃 (y𝑢∣u)𝑃 (y𝑠∣s)⋅
𝛽(𝑆(c′ ⊕ℱ([0,0,u, s,0])))

= 𝑃 (y𝑢∣u)𝑃 (y𝑠∣s)∑
c′,c′′∣c′′=c′⊕ℱ([0,0,u,s,0])

𝛼(𝑆(c′)) ⋅ 𝛽(𝑆(c′′)).
(21)

The evaluation of ℳ([u, s]) consists in summing the proba-
bilities associated to the 2ℓ(c) paths linking state 𝑆(c′) to state
𝑆(c′′), such as c′′ = c′ ⊕ℱ([0,0,u, s,0]).

The steps for evaluating the global metric (10) with the
above mentioned method are summarized below:

Step 1: Initialize 𝛼0(𝑆(c
′)) and 𝛽ℓ(r)(𝑆(c

′′)) according to
(18) and (20).
Step 2: Compute 𝛼𝑗(𝑆(c

′)), for all c′ ∈ 𝐺𝐹 (2)ℓ(c) and for
all 𝑗 = 1 . . . ℓ(b), by using (17) in a forward way (partial
BCJR forward step).
Step 3: Compute 𝛽𝑗(𝑆(c

′′)), for all c′′ ∈ 𝐺𝐹 (2)ℓ(c) and for
all 𝑗 = ℓ(r)−1 . . . 0, by using (19) in a backward way (partial
BCJR backward step).
Step 4: For each [u, s] ∈ Ω[𝑢,𝑠], compute the metric ℳ([u, s])
by using (21), recalling that 𝛼(𝑆(c′)) = 𝛼ℓ(b)(𝑆(c

′)) and
𝛽(𝑆(c′′)) = 𝛽0(𝑆(c

′′)).

Hence, one step of the sequential decoding is performed
with a complexity 𝒪((ℓ(b) + ℓ(r) + ∣Ω[𝑢,𝑠]∣)2ℓ(c)), compared
to 𝒪(∣Ω[𝑢,𝑠]∣2ℓ(b)+ℓ(r)) for a decoding with a straightforward
metric computation.

Remark 1: As presented above, the decoding of x requires
repeating steps 1 to 4 for each portion [u, s] in x since
the portions b and r change according to the position of
[u, s]. To optimize the global decoding, as soon as y𝑡 is
received, 𝛼𝑗(𝑆(c

′)) and 𝛽𝑗(𝑆(c
′′)) may be computed, for

all c′, c′′ ∈ 𝐺𝐹 (2)ℓ(c) and for all 𝑗 = 0 . . . ℓ(x), and
may be stored in matrices A and B. This is equivalent to
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perform a complete BCJR algorithm over x: the forward step
is performed on b = x and the backward step on r = x.
The global decoding of x begins after this step. As explained
previously, each portion [u, s] is sequentially decoded by
using (21) in which the values of 𝛼(𝑆(c′)) and 𝛽(𝑆(c′′))
are extracted from A and B depending on the position of the
current portion [u, s].

Note that in this case, steps 1 to 3 are performed once as a
preamble, and step 4 is performed repeatedly for each [u, s]
in x.

B. Approximate Computation

In practice, most CRCs are larger than 16 bits and the
complexity 𝒪(2ℓ(c)) is too large to allow a real-time im-
plementation of the method presented in Section IV-A. An
approximate computation consists in splitting the CRC into
𝑚𝑏 partitions of ℓ(c)/𝑚𝑏 bits, each partition being assumed
statistically independent from the others. A trellis is thus
associated to each of the 𝑚𝑏 partitions. Thus, y𝑐 may be
written as y𝑐 = [y𝑐1 . . .y𝑐𝑚𝑏

]. Using the independence
approximation, as explained with more details in [20], the
global metric in (21) becomes
ℳ([u, s]) = 𝑃 (y𝑢∣u)𝑃 (y𝑠∣s)∏𝑚𝑏

𝑚=1

∑
c′𝑚,c′′𝑚∣c′′𝑚=c′𝑚⊕ℱ𝑚([0,0,u,s,0])

𝛼𝑚(𝑆(c′𝑚)) ⋅ 𝛽𝑚(𝑆(c′′𝑚)),

(22)

where 𝛼𝑚(𝑆(c′𝑚)) and 𝛽𝑚(𝑆(c′′𝑚)) represent the probabili-
ties associated to states 𝑆(c′𝑚) and 𝑆(c′′𝑚) respectively, for
c′𝑚, c′′𝑚 ∈ 𝐺𝐹 (2)ℓ(c)/𝑚𝑏 , in the 𝑚-th trellis.

The total complexity for evaluating (22) is now 𝒪((ℓ(b)+
ℓ(r)+∣Ω[𝑢,𝑠]∣)𝑚𝑏2

ℓ(c)/𝑚𝑏), at the cost of a slightly suboptimal
performance.

Remark 2: To reduce the complexity of the global decoding
of x, we can apply the principle introduced in Remark 1
to the new method. In this case, the algorithm generates
first the 𝑚𝑏 submatrices A𝑚 and B𝑚 associated to partition
c𝑚. During the decoding, the values of 𝛼𝑚(𝑆(c′𝑚)) and
𝛽𝑚(𝑆(c′′𝑚)) in (22) are extracted from A𝑚 and B𝑚 according
to the position of the current portion [u, s].

C. Decoding complexity

From the two previous sections, one may evaluate the
computational complexity for evaluating (10) as 𝒪((ℓ(b) +
ℓ(r) + ∣Ω[𝑢,𝑠]∣)2ℓ(c)) with the exact computation and as
𝒪((ℓ(b) + ℓ(r) + ∣Ω[𝑢,𝑠]∣)𝑚𝑏2

ℓ(c)/𝑚𝑏) with the suboptimal
algorithm.

A careful comparison for the decoding of an erroneous
payload x depends on the choice of several parameters, which
which also have an impact on the performance. It is shown in
the simulation section below that significant improvements can
be obtained with respect to the classical reception algorithm
even when the complexity is reduced by a factor larger than
4.106, compared to an optimal decoding algorithm.

A payload x is divided in 𝐸 groups, each group 𝑒 is pro-
cessed iteratively in 𝑁𝑒 steps. At each step 𝑛 of the decoding
of the 𝑒-th group, ℓ (s𝑒,𝑛) ≈ ℓ (x) /𝐸/𝑁𝑒 bits are thus de-
coded. As Ω𝑒,𝑛

[𝑢,𝑠] contains only the valid sequences obtained by
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sequences and their
associated metrics
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Fig. 6. Proposed sequential decoding scheme.

concatenating the sequences in Ω𝑒,𝑛
[𝑢] with the 2ℓ(s𝑒,𝑛) possible

sequences s𝑒,𝑛, one has ∣Ω𝑒,𝑛
[𝑢,𝑠]∣ ≈

∣∣∣Ω𝑒,𝑛
[𝑢]

∣∣∣ .2 ℓ(x)
𝐸.𝑁𝑒 = 𝑀.2

ℓ(x)
𝐸.𝑁𝑒 ,

since in Ω𝑒,𝑛
[𝑢] , only the 𝑀 best candidates are kept, see Fig. 6.

Finally, since ℓ(b) + ℓ(r) ≈ ℓ(x), the decoding complexity is

𝐶e = 𝒪
(
𝐸.𝑁𝑒.

(
ℓ(x) +𝑀.2

ℓ(x)
𝐸.𝑁𝑒

)
2ℓ(c)

)
(23)

when the exact computation is performed for evaluating (10)
and

𝐶e = 𝒪
(
𝐸.𝑁𝑒.

(
ℓ(x) +𝑀.2

ℓ(x)
𝐸.𝑁𝑒

)
𝑚𝑏2

ℓ(c)/𝑚𝑏

)
(24)

when the suboptimal algorithm is used. The tuning parameters
are thus 𝐸, 𝑁𝑒, 𝑀 , and 𝑚𝑏 in the case of the suboptimal
algorithm.

Considering a large (but not too large) value of 𝐸, i.e., con-
sidering many groups reduces the computational complexity.
The price to be paid is an increased overhead, since more
position markers are required to localize these groups. The
number of decoding steps 𝑁𝑒 of a group has also to be
optimized to minimize the decoding complexity. When 𝑀 is
increased, the decoding complexity increases, but since more
candidates are kept in Ω𝑒,𝑛

[𝑢] , the decoder may perform better.
The role of 𝑚𝑏 has already be discussed in Section IV-B.

V. SIMULATION RESULTS

In the extended profile of H.264/AVC [13], an error-
resilience mode is provided. In this mode, the compressed
picture data are classified according to their influence on the
video quality. Three partitions are defined:

∙ Partition A contains the headers and the motion vectors
of each encoded picture.

∙ Partition B consists of the texture coefficients of INTRA
coded blocks.
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∙ Partition C contains the texture coefficients of INTER
coded blocks.

This stream decomposition allows an adaptation of the
protection to the sensitivity of the partition to be sent. After
compression, each partition is encapsulated in a Network
Abstraction Layer Unit (NALU) which is delivered to the RTP
layer. In our simulation, packets associated to the A partition
are assumed heavily protected and correctly interpreted at the
receiver. On the other hand, B and C packets are transmitted
over a noisy channel and are corrupted by transmission errors.
As previously mentioned, these packets contain the texture
coefficients of the various 4 × 4 blocks of a picture. These
blocks are encoded in CAVLC [25].

In this paper, we focus on the decoding of the CAVLC
sequences included in the B and C packets. Each CAVLC
sequence is considered as an independent group of codewords
which can be separated from the others by using the position
markers, transmitted as side information (see Section III-A).
Consequently, the group-based sequential decoding method
of Section III may be used for their estimation. Note that
in H.264/AVC, the CAVLC sequences are not totally inde-
pendent (adaptive context) but the existing dependencies are
indeed small and are neglected here. The performance of
the presented method has been evaluated by simulations and
compared to that of two other decoding methods: a standard
decoding method and a classical robust decoding method
(exploiting only the source properties).

The simulated system consists of a transmitter, a channel,
and a receiver. The transmitter uses repeatedly the 5 first
pictures of Foreman.cif with the IPPPP frame structure and
generates the encoded partitions using the CAVLC H.264/AVC
video coder. Video packets (partitions) are then processed by
the protocol stack defined in Fig. 1. At the MAC layer, IP
packets are fragmented in several MAC packets of variable
payload size. A CRC of 4 bytes, consistent with the 802.11
standard, is added at the end of each MAC fragment. At the
PHY layer of the transmitter, the data are encoded by the
convolutional channel coder of the 802.11𝑎 standard [12].
Next, the coded PHY packets are mapped onto BPSK symbols
before being sent over the physical medium. To improve the
decoding performance, the aforementioned position markers
are sent as side information, indicating the location of each
4 × 4 encoded texture block in B and C packets. This side
information is transmitted in a specific NALU and the markers
are compressed using the Exp-Golomb coding of H.264/AVC.
The overhead due to the transmission of this redundancy
represents about 30 % of the total bitrate. The channel does
not degrade the data contained in A packets nor the side
information. On the other hand, it does add a white Gaussian
noise to the other packets. At the receiver, the data are
processed by a SISO channel decoder (BCJR algorithm) and
are then delivered to the APL layer (following the permeable
mechanism explained in Section II). At the APL layer, three
different decoders are considered:

1) A standard decoder performs hard decisions on the
received soft data and makes usage of position markers
to decode each block.

2) A robust decoder uses the source properties, the soft
data as well as the position markers, but does not use the
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with MAC payload size of 120 bytes and deactivated channel coder/decoder
at PHY layer.
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decoders, with MAC payload size of 120 bytes and deactivated channel
coder/decoder at PHY layer.

redundancy provided by the CRC. This decoder exploits
the algorithm depicted in Section III, but the metric
in (10) does not include the term Φ.

3) A CRC-robust decoder combines all the previous
sources of redundancy along with the CRC properties
through the decoding method presented in Sections III
and IV.

Note that, in our simulations, the two robust decoders use
the same stack size 𝑀 = 20 and the same default decoding
depth ℓ(s) = 4 bits. The size of a group is 11 bits in
average. The CRC-robust decoder uses the suboptimal method
presented in Section IV-B. For this purpose, the CRC is split
into 4 blocks of 8 bits, this allows to reduce the decoding
complexity by a factor of more than 4.106. The decoding
complexity of the exact algorithm is not manageable in this
context and is thus not considered.
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Fig. 9. Image block error rate (IBER) vs SNR for the standard, robust,
and CRC-robust decoders. In this case, the 802.11𝑎 channel coder/decoder
is considered at PHY layer and the MAC layer protocol of the transmitter
generates 120-byte MAC payload.

Figures 7 to 10 show the evolution of the Image Block
Error Rate (IBER) and of the Peak Signal to Noise Ratio
(PSNR) of the decoded video as a function of the SNR for
the three different decoders, with and without channel coding.
In Figs. 7 and 8, the channel coder/decoder at PHY layer
was deactivated. In all figures, the standard, robust, and CRC-
robust decoders are compared for a MAC payload size of
120 bytes.

We can notice that in terms of IBER, the standard decoder
is outperformed by the two robust decoders independently
of the presence of the outer channel code. Moreover, the
two robust decoders are equivalent for low SNRs and the
CRC-robust decoder outperforms the classical robust decoder
above a given SNR threshold. In this region, the coding gain
increases with the SNR. This behavior is specific to channel
decoding performance: the CRC plays the role of an error-
correcting code above this threshold. In our simulations, the
threshold is about 8.5 dB in Fig. 7, and 1.8 dB in Fig. 9.

In terms of PSNR, the behavior is almost similar. However,
when the channel conditions are good enough, the difference
in IBER does not translates in PSNR improvements, since the
number of erroneous blocks is very small for all decoders.
As a result, the CRC-robust decoder improves over the robust
decoder only in a specific SNR range (from 8 dB to 12 dB
without channel code and from 1.8 dB to 3.8 dB with a
channel code).

Globally, the comparison between Figs. 7 and 8 on one side
and Figs. 9 and 10 on the other side, shows that the presence
of the convolutional code at PHY layer reduces largely the
improvements brought by robust decoders, but that significant
improvements are still observed. The robust decoders provide
improvements as soon as the convolutionnal code leaves some
(and not too many) uncorrected errors in the bitstream.

Figure 11 illustrates the 5-th image of the Foreman.cif
video sequence, along with its reproductions obtained after this
image is transmitted and decoded by the standard, robust and
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Fig. 10. Decoded image quality (PSNR) vs SNR for the standard, robust,
and CRC-robust decoders. In this case, the 802.11𝑎 channel coder/decoder
is considered at PHY layer and the MAC layer protocol of the transmitter
generates 120-byte MAC payload.

CRC-robust decoders respectively. In this figure, the channel
coder/decoder is considered. This result was obtained with a
payload size of 120 bytes and at an SNR of 2.8 dB for which
the PSNR of the standard, robust and CRC-robust decoders
are 29, 35 and 38 dB respectively (see Fig. 10). Obviously,
the image obtained with the standard decoder contains many
artifacts and is of a very poor quality. On the other hand,
the robust decoder strongly improves the quality even though
some distortions are still visible. Finally, no visual difference
may be noticed between the original image and the image
obtained by the CRC-robust decoder.

VI. CONCLUSION

In this paper, we have presented a MAP estimator for robust
video decoding. The decoder jointly exploits the inherent
source coder information along with the MAC layer CRC
redundancy. The implementation of this MAP estimator was
shown to be a combination of a sequential decoding algorithm
along with the BCJR algorithm for obtaining appropriate
metrics. We applied this method to H.264/AVC decoding of
CAVLC sequences. Simulation results show that the informa-
tion carried by the CRC does improve the decoding efficiency.
More precisely, joint use of CRC and source properties be-
comes interesting above a certain threshold. It should be noted
that, the bitrate used for transmitting the side information is
rather high (about 30 %) in the presented experiments. We are
currently working at reducing this overhead. One possibility
is to consider position markers indicating, e.g., the location of
each macroblock of 16× 16 pixels.

The proposed method could readily be applied to H.264
with a Context Adaptive Binary Arithmetic Coder (CABAC)
as entropy code. Nevertheless, the residual redundancy left by
the CABAC in the compressed bitstream is less than that left
by the CAVLC. The performance improvement provided by
the robust decoders would probably be less significant.
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Fig. 11. 5-th image of Foreman.cif obtained after (a) error-free decoding, (b) standard decoding, (c) robust decoding, and (d) CRC-robust decoding for a
SNR of 2.8 dB and a MAC payload size of 120 bytes, with channel coding.

APPENDIX

Below, we detail the derivation of (14). Assuming that the
bits of b and r are i.i.d. and do not depend on h, u, and s,
Φ in (9) may be developed as follows

Φ =
∑
b,r

𝑃 (b)𝑃 (y𝑏∣b)𝑃 (r)𝑃 (y𝑟 ∣r)
𝑃 (y𝑐∣ℱ([h,b,u, s, r]))

=
∑
r
𝑃 (r)𝑃 (y𝑟 ∣r)

∑
b

𝑃 (b)𝑃 (y𝑏∣b)
𝑃 (y𝑐∣ℱ([h,b,u, s, r]))

(25)

In (25), the sum over b is a sum over all the possible values
that b can take, each value corresponding to a path in the
trellis. On the other hand, any possible path b ends up at a
state 𝑆(c′) ∈ {0 . . . , 2ℓ(c) − 1} (i.e., one of the 2ℓ(c) possible
states). As a result, summing over all the possible paths b is
equivalent to summing over all the paths b that end up at state
0, and all the paths that end up at state 1, ..., and all the paths

that end up at state 2ℓ(c) − 1. Hence, (25) becomes

Φ =
∑
r
𝑃 (r)𝑃 (y𝑟 ∣r)

∑
c′

∑
b∣ℱ([h,b,0,0,0])=c′

𝑃 (r)𝑃 (y𝑟 ∣r)
𝑃 (y𝑐∣c′ ⊕ℱ([0,0,u, s, r]))

=
∑
c′

∑
b∣ℱ([h,b,0,0,0])=c′

∑
r
𝑃 (b)𝑃 (y𝑏∣b)𝑃 (r)𝑃 (y𝑟 ∣r)

𝑃 (y𝑐∣c′ ⊕ℱ([0,0,u, s, r]))

=
∑
c′

[ ∑
b∣ℱ([h,b,0,0,0])=c′

𝑃 (b)𝑃 (y𝑏∣b)
]

[∑
r
𝑃 (r)𝑃 (y𝑟 ∣r)𝑃 (y𝑐∣c′ ⊕ℱ([0,0,u, s, r]))

]
=

∑
c′

𝛼(𝑆(c′)) ⋅ 𝛽(𝑆(c′ ⊕ℱ([0,0,u, s,0]))),

with

𝛼(𝑆(c′)) =
∑

b∣ℱ([h,b,0,0,0])=c′
𝑃 (b)𝑃 (y𝑏∣b),

𝛽(𝑆(c′′)) =
∑
r

𝑃 (r)𝑃 (y𝑟 ∣r)𝑃 (y𝑐∣c′′ ⊕ℱ([0,0,0,0, r])).
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