SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston Motion Video Coding or cket-Switching Netw orks An Integra ted Appr ch Mic hael Gilge and Riccardo Gusell In tern ati onal Computer Science Institut 1947 Cen ter Street #600, Berk el ey Californi 94704 email: gilge@icsi .b er ele .ed u, gusell a@tenet .b erk el ey .edu ABSTRA CT The adv an tages of pac et video, constan image qualit service in tegration and statistical ulti plexing, are ershado ed pac et loss, dela and jitter. By in tegrating net ork-con trol in to the imag data compression algorithm the strong in teractions et een the co der and the net ork can exploited and the ail able net ork bandwidth can used est. In order to enable video transmission er to da y’s net orks without reserv ation or priorities and in the presence of high pac et loss rates, congestion oida nce tec hniques need to emplo ed. This is ac hiev ed through rate and o con trol, where feedbac from the net ork is used to adapt co ding parameters and ary the output rate. rom the co ding oin of view the net ork is seen as data bu�er. Analogously to constan bit rate applications, where con troller measures bu�er fullness, attempt to oi net ork congestion (eq. bu�er er o w) mo nitoring the net ork and adapting the co ding parameters in real-time. 1. INTR ODUCTION The transmission of video er pac et-switc hing net orks enables no el applications based on the in tegration of sev eral services in to commo format. It is eliev ed that the in tegration of audio, video, and discrete data in to ul t im edia -w orkstations connected pac et-switc hi ng net orks will ha as uc impact as the in tro duction of the ersonal computer itself. Con en tiona ll only circuit-switc hing, application-sp eci�c net orks ha een used for video, e.g. CA TV. Usage of these constan t-rate hannels for ariabl e-rate transmission results in asted capacit since the hannel has to accomm date orst-case rates. Using pac et-switc hi ng net ork, video deliv ery with ariabl rate and constan qualit can ac hiev ed e�cien tly virtue of statistical ultipl exing 20 thorough analysis and mo delli ng of statistical ul t iplexing is giv en in pap er Maglaris et al. 23 In order to exploit the adv an tages of pac et video, service in tegration, constan qualit and statistical ulti plexing, the follo wing problems asso ciated with the transmission of video er pac et-switc hing net orks ha to ercom e: First is the discrepancy et een the data rates that can accommo dated to da y’s computer systems and net orks on the one hand, and the alues asso ciated with real-time video that ha to bridged through data compression tec hniques on the other hand. ortunately images con tain lot of redundan and irrelev an informa tion that can successfully exploited sev eral compression algorithm s. Secondly the service of con tin uous media is asso ciated with certain end-to-end requiremen ts in terms of bandwidth, dela and jitter that are not met to da y’s pac et-switc hing net orks or computer systems. The general directions of researc that are curren tly pursued can categorized in to classes: The �rst approac aim at extending curren op erating systems and net ork proto cols to pro vide erformance guaran tees 24 These sc hemes necessitate admi ssion con trol and will not in service in the near future on broad scale. The other approac adapts the con tin uous-m edia stream to the giv en systems, in whic service is not guaran teed but is deliv ered on est-e�ort basis. In these systems, pac et loss, for example, has to comp ensated for the receiv er. This leads to complex problem, ecause not only are oth hannel capacit and data rate aria ble, but they also in teract. Sev eral researc hers ha egun in estigating video co ding algorithms for transmission of video er pac et-switc hi ng net o rks. Their ork oin ts out the adv an tages of constan image qualit and bandwidth sharing statistical Riccardo Gusella is curren tly with Hewlett-P ac ard Lab oratories, 1501 age Mill Road, alo Alto, CA 94304 SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston ul t iplexing they prop ose that redundancy and error correction proto cols emplo ed to deal with pac et loss; but, in general, they fail to pro vide adequate solutions to the net ork congestion problem. In the literature observ ed that either an image data compression viewp oin or net orks viewp oin is tak en: image co ding algorithms are mostly sim ula ted using greatly simpli �ed net ork mo dels, e.g. �xed pac et loss rate, and/or they assume the existence of net ork services not et widespread suc as net orks, whic resp ect di�eren pac et priorities or o�er classes of service 17 and/or net orks that guaran tee the deliv ery of certain ercen tage of the pac ets 10 Net ork issues, on the other hand, are mostly based on mo dels of the video source, e.g. Mark mo dels 23 Among the tec hniques prop osed for pac et video co ding are ector quan tization 1 subband co ding 17 motion- comp ensated in terframe co ding 26 o-l er co ding 10 yram ida enco ding 28 discrete cosine transform 20 and DPCM 30 go erview of new imag co ding results for TM net orks can found in the recen Image Comm uni cation journals 13 Net ork issues, whic are also partly discussed in the literature cited ab e, are error reco ery congestion con trol 15 statistical analysis and mo delling of pac et loss 22 and haracterization of video sources 25 Although the utual dep endency of video co ding and pac et net orks has already een oin ted out sev eral researc her 18 no satisfactory solutions ha een prop osed so far. Since hannel bandwidth aries with net ork load conditions, minim um pac et loss will ac hiev ed senders that can adjust dynamicall their maxim um transmission rates to matc the hannel bandwidths. Motion video compression algorithms are suited to pro duce suc hanging maxi um transmission rates as sev eral compression parameters can aried in resp onse to congestion signals from the net ork. Th us, prop ose an in tegrated approac to motio video co ding for pac et-switc hing net orks: the co ding algorithm and the net ork (through net ork estimator) are part of feedbac lo op that seeks to o id net o rk congestion. Unlik other approac hes that try to main ta in constan picture qualit our sc heme pro duces lo er receiv ed signal qualit when the net ork load increases. Ho ev er, in general, use bandwidth more e�cien tly since co ding agen ensures est image qualit for giv en bandwidth. Section of this pap er in tro duces the general notion of feedbac comm unicatio system and their applicabilit to pac et video. This leads to net ork-i tegrated solution where the net orks serv es as data bu�er. The main comp onen ts of this system video co ding agen and net ork estimator are discussed in section 3. The results of exp erimen ts with real-time soft are co der that uses lo cal-area net orks in terconnected routers to transmit video frames are rep orted in section 4. 2. FEEDBA CK COMMUNICA TION SYSTEM One of the great promises of ariable bit rate co ding is constan image qualit Unlik in constan bit rate en vironmen ts, where the qualit of demanding scenes ma sev erely degraded in order to sta elo line bit rate, pac et net orks o�er capacit on demand. This adv an tage is ershado ed the ossibilit of pac et loss, whic ma a�ect image qualit at the receiv er ev en more sev erely than normal co ding artifacts, and the ariabil it of pac et dela ys, whic ma mak it di�cult to use pac et-switc hing net orks for in teractiv applications. Data transmission proto cols ercom pac et loss retransmission at the cost of added dela and net ork load. Retransmission of lost pac ets for in teractiv services, e.g. video conferencing, is already infeasible ecause of large end-to-end comm unicatio ns dela Retransmission should o ided for con tin uous media services altogether ecause of the ossibilit of ositiv feedbac on net ork capacit y: frequen retransmissions can increase net ork saturation and cause increased pac et loss 14 Dep ending on the size of the bu�er space ail abl e, long pac et dela ma observ ed in place of pac et loss. Due to the men tioned real-time haracteristic of con tin uous media, dela ed pac ets ust discarded, resulting in asted net ork capacit In order to tak adv an tage of to da y’s computer net orks, whic do not o�er an bandwidth guaran tees and do not supp ort di�eren classes of service, as required man prop osed co ding algorithms, ha to �nd y to lo er the high pac et loss rates and long dela ys that can ccur in pac et-switc hing net orks. The pac et loss rate pro duced noise has een rep orted in the range from 10 for copp er connections to 10 12 for optical connections. Ho ev er, pac et loss due to bu�er er o can as high as 10 or ev en higher, under sev ere congestion and can ccur in an net o rk. mak matters ev en orse, pac et loss frequen tly ccurs in bursts. Another factor that mak es feedbac comm uni cation so imp ortan is the fact that the in tro duction of gigabit-sp eed net orks do es not solv the congestion problem; on the con trary the co existence of lo w- and high-sp eed net orks results in sp eed mism atc and increases the hances of congestion 16 SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston Error correction sc hemes are only useful for small um er of bit errors. Once the maxim um um er of correctable errors is exceeded, error correction fails. or pac et loss, la ered co ding sc hemes in com binati on with error concealmen tec hniques ha pro en to ery e�ectiv e. Ho ev er, tec hniques lik error correction or redundan transmission strongly erlapping co ding la ers are coun terpro ductiv to the goal of compact data represe tation and e�cien hannel utilization. Since pac et loss is lik ely to impact image qualit uc more than an increased compression ratio, argue that co ding algorithm should adapt to the net ork load conditions in the �rst place. It can exp ected that imag qualit will ene�t more from congestion o idance than from the strict adherence to the constan qualit through ariable bit rate principle. End-to-end services are supp osed to op erate at wide range of data rates. This prop ert is required in order to realize di�eren qualities of service, but can also exploited for congestion oi dance. In addition to data rates hanges caused the ariabl informa tion con ten of video scenes, ariabil it ma arti�cially increased hanging the co ding parameters during data transmission. This of course necessitates exible co ding sc heme, one that op erates at range of compression factors, and de�ned in teraction et een the application and the net ork. The idea is that the erformance of the net ork hannel (and system in general) at ev ery instan in time determines the qualit of the con tin uous media service. This graceful degradation of the imag qualit as the net ork load increases can realized. sc heme that negotiates constan tly the data rate et een the net ork and the co der is depicted in Fig. The co ded video data ma comm unicated to the net ork standardized description, as indicated the term ’VideoP ostScript’. The building blo ks can in terpreted as agen ts for the application and the net ork resource resp ectiv ely Notice that in curren approac h es, these agen ts do not talk to eac other: the co der sends data blindly in to the net ork, exp ecting timely and complete deliv ery at the receiving end. Clearly without an kno wl edge of whether pac ets are receiv ed at the deco ding end, or are dropp ed along the the resulting picture qualit ust far orse than what could ac hiev ed at the same bandwidth with informati on ab out the ail able resources er time. Fig. feedbac comm unication system pro vides information ab out net ork congestion. The rate-con trol pro- to col adapts co ding parameters in real-time in order to oid pac et loss. The net ork estimator informs the co ding agen ab out the curren status of the net ork means of rate-con trol proto col. The feedbac initiates long-term hanges in the co der output rate. Means and strategies for adapting co ding parameters are discussed in section 3.1. In addition, in order to adapt the short-term rate of the sender to that of the receiv er, com bine rate con trol with o con trol, whic is explained in section 3.2. The feasibilit of rate and o w-con trol strategies for net ork congestion con trol has een in estigated 15 1 and sho wn to e�ectiv for pac et loss reduction. The approac prop osed here do es not necess arily in al ida te the notion of constan qualit Instead, ulti rate service attempts to reac the optim um imag qualit that is ossible giv en the hannel capacit 26 Rate con trol cannot totally eliminate pac et loss, and other tec hniques, as for example la ered co ding and error concealmen t, are needed in com bi nation. Note that this approac do es not assume or is restricted to an kind of hannels: for net orks with guaran teed erformance rate con trol reduces to selection of the qualit of service; net orks that o�er di�eren classes of service will lo er the impact of rate con trol. SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston 3. NETW ORK-INTE GRA TE VIDEO CODER feedbac comm unications system can implem en ted in tegrating the net ork in to the video co der design. This approac is in con trast to man sc hemes published so far, that disregard the in teraction et een the co der and the net o rk. attempt to ac hiev congestion con trol in la ers: at the net ork la er, o con trol is emplo ed in order to oi short-term congestion. or long-term congestion oi dance, rate-con trol sc heme is impl em en ted at the application la er: based on information ab out the curren status of the net ork co ding parameters are adapted accordingly The structure in tro duced in the follo wi ng subsections emplo ys video co ding agen and net ork estimator. The co ding agen reacts to informa tion gathered the net ork estimator and adjusts the co der output rate accordingly practical implem en tation is �nally describ ed in section 3.3, whic compares the net ork to data bu�er. 3.1 Video Co ding Agen In con trast to audio comm unicatio n, video comm unicati on is in fact ery ell suited for ariable data rate approac hes. This follo ws from the high amoun of compressibilit (redundancy and irrelev ancy) of digital video data. Redundancy ccurs ecause of the high correlation of spatial/temp oral adjacen picture elemen ts. The digital image data also con tains irrelev an information, whic the um an observ er is not capable of erceiving, e.g. due to masking, or not in terested in receiving. Besides, video ma presen ted at man di�eren qualit lev els, ev en at the lo est lev el, pro vidi ng still ery aluabl visual inform ation. Due to the discrete temp oral nature of video, in con trast to audio, video also allo ws pla ybac at ariable frame rates. As last measure, video can alw ys frozen. Initial exp erimen ts with ariable qualit y/v ariabl frame rate ha already een rep orted 25 The results indicated that although the frame rate as aried, sub jectiv ev aluati on as fa orabl as compared to constan frame rate and bit rate. Fig. The co ding agen orc hestrates setting of co ding parameters in order to satisfy rate constrain ts and ensure the est ossible picture quali ultirate video service can implem en ted mo dif ying one or man of the parameters depicted in Fig. Most of the prop osed imag co ding sc hemes ary only one or ery small um er of the ossible parameters, or do not all for parameter hanges during op eration. In order to arriv at go comprom ise et een constan image qualit and the e�ect of pac et loss, it migh ho ev er necessary to increase the range of reac hable data rates that can adjusted through rate con trol 21 An ev en stronger argumen is the capabilit of ac hieving ul tirate service: the same co ding sc heme can used for di�eren lev els of qualit from videophone to broadcast qualit Ev en inside the same category di�eren qualit lev els are ossible and ma selected the user according, for instance, to cost constrain ts. The follo wing list sho ws the yp of ’con trol-knobs’ that are to in uenced the rate-con trol informa tion and that can adjusted to ac hiev arying output rate qualit of service: Spat ial Resolut io n: Digital imag es are sampled at rate with resp ec to the highest spatial frequencies that are to conserv ed. Pyramidal or subband co ding sc hemes represen images at arying lev els of spatial resolution through lo wpass �ltering and subsampling, This e�ectiv ely reduces the um er of pixels to co ded for lo resolution ersion of the image. SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston em oral Resoluti on The same approac can used to reduce temp oral resolution. Again, the initial temp oral sampling done camera for eac frame already constitutes reduction in the amoun of data with resp ect to the capabilities of the uman visual system. urther reduction is ossible temp oral �ltering and subsampl ing, ev en without artifacts, dep ending on the sp eed of motion in the scene. the receiv er site, frames are either simply rep eated, linearly or motion-ada ptiv ely in terp olated. As an extreme measure, the displa ma frozen, hanging from motion to still video mo de. Color Rendit io n: Color informati on is e�ectiv ely pro vided enhancing the lumina nce color hromi nance com onen ts, e.g. YUV or YIQ. Human visual erception is already exploited spatial subsampling of the color com onen ts. The amoun of color informati on can reduced further coarse quan tization of the hromi nance com onen ts, do wn to B/W-only transmission. Compress ion Mo de: All the ab measures can com bined with arious compression tec hniques that exploit the high correlation of spatial/temp oral adjacen picture elemen ts and prop erties of the um an visual system. Im pro ed co ding e�ciency i.e. higher data compression, is in general connected with higher computational com plexit and is also more sensitiv to pac et loss; examples are in trafram vs. in terfram co ding. Compress ion aramet ers: or eac of the mo des men tioned ab e, ulti tude of parameters determine the co der output rate and the resulting image qualit Examples are the quan tization parameters used in transform co ding and the resolution of the motion ectors for motion-com ensated prediction. giv en rate or certain reduction in co der output rate can ac hiev ed ariet of di�eren parameter settings. It is the exp ertise of system designer together with sub jectiv ev aluation of the obtained image qualit at the receiv er that helps deciding on the optim um parameter selection for giv en application. Our video co ding agen imple m en ts exible co ding sc heme that o�ers selectable qualit of service and can react up on rate-con trol commands graceful degradation. It is the resp onsibilit of this agen to con trol the parameters in that observ es the data rate or cost constrain ts and at the same time yields the est picture for that rate. In that sense the video co ding agen has to act lik an exp ert on video co ding and orc hestrate the parameter setting accordingly 3.2 Net or Estimator The purp ose of the net ork estimator is to monito the tra�c on pac et-switc hing net ork and to estimate the bandwidth of the hannel used the co ding algorithm, Fig. The co dec in turn will use this informatio to regulate its maxim um output rate. The propagation dela of end-to-end feedbac sev erely limi ts its use for video comm uni cation. Instead, the net ork estimator, based on its kno wledge of the state of the net ork, can pro vide instan feedbac to the co der. An in telli gence in the net ork itself can used to enhance the accuracy of the state estimation pro cess. Fig. The net ork estimator monitors the net ork data o w, eeps trac of pac et loss, and pro vides instan feedbac to the co der. In pac et-switc hing net orks that o�er no admission con trol, i.e. net ork that do not imp ose an restriction on input tra�c, temp orarily excessiv o�ered load will cause congestion at the ottlenec links. Congestion results in pac et loss due to lac of bu�er space. net ork that carries real-time informatio ust limi the um er of hannels that are op en, otherwise, ev en if congestion do es not dev elop, the throughput on eac of the existing hannels is reduced elo lev el at whic the hannels can pro vide acceptable service. In addition, no con trol on the um er of op en hannels ma also result in dela ys that are in tolerable real-time applications. Conceiv ably an in tegrated net o rk will ha sev eral classes of services. Admission con trol ma only applied to those classes, whic are giv en higher priorit SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston Although the most commo cause of net ork congestion is input erload, congestion can also dev elop in cases, in whic the total input tra�c is elo the net ork capacit This can ccur for instance ecause of improp er routing that conglomerates most tra�c through few lo w-capacit links, or ecause tra�c clusters inside the net ork pro ducing pac et trains that tra el together. Con trolli ng congestion through o con trol has long een een fundamen tal researc issue in net ork design Recen new approac hes include ork on proto col timers 14 feedbac from routers that results in proto col-header bit eing set when the queue length on router exceeds maxim um predetermined alue 27 new queuing disciplines suc as stop-and-go 11 and feedbac on the utilization of net ork ottlenec ks obtained from the ac kno wledgem en ts receiv ed in resp onse to pac ets sen as pair 19 In addition, in order to address o and congestion con trol, but mainl to pro vide new mec hani sm for the deliv ery of real-time streams, researc hers ha egun exploring the notion of net orks that preserv or ound pac et jitters 24 In these net orks, routers or TM switc hing no des run algorithm to ensure that pac ets pro duced selected real-time, rate-con trolled sources are deliv ered within the required ounds without altering signi�can tly the spacing et een subsequen pac ets. Jitter-con trol algorithm ypically rely on globally sync hronized clo ks. Whereas these approac hes lo ok orth in estigating, man feel that the complexities of the prop osed designs will mak the net o rk di�cult and exp ensiv to manage. Nev ertheless, do not discoun that in the future there ma sp eci�c net o rk supp ort for con tin uous media. Our approac addresses the case of transmission of video streams er to da y’s net orks and future net orks that will not pro vide sp eci�c supp ort for real-time transmission. Ho ev er, if the net ork is op erated with high utilization, admission con trol ecomes necessary in order to guaran tee at least minim um grade of service for real-time hannels. cannot use reliable proto cols in connection with real-time, in teractiv video ecause of the stringen dela requiremen of video frame deliv ery But hannel o w-m onitori ng (e.g., if the net ork can pro vide senders with informati on ab out the throughput and dela erformance of its hannels) can exploit the adaptabilit of moti on-vi deo compression algorithm in order to pro vide etter net ork resource utilization and reduce (and ossibly elimi nate) pac et loss on these hannels. Flo monitori ng will easier on smart net orks, net orks that main ta in er hannel state informa tion, or that erform er hannel queuing. But it can erformed also on to da y’s dum net o rks, suc as mesh of lo cal-area net orks connected IP routers that handle pac ets through single queue in �rst-in-�rst-out fashion. Flo w- m oni toring tec hniques can divided in to classes: tec hniques that do not require net ork co op eration and rely exclusiv ely on end-to-end feedbac signals, and tec hniques in whic the net ork itself pla ys role. End-t o-end tec h ni ques: Flo w-m oni toring requires the co op eration of the receiving station. The co op eration can activ if the receiving station pro vides the sender erio dically with informatio that the sender can use to estima te the hannel bandwidth. It can passiv if it is the sender who requests some feedbac from the receiv er from time to time. Net ork-agen tec hn i ques: These tec hniques in ol the direct participation of net ork agen ts, whose task is to monitor the o and pro vide feedbac to the senders, who should reduce their hannel rates if they are to o id pac et loss. The feedbac ma tak the form of \source quenc h" messages, or can comm unicated means of header bits that the net ork agen can toggle. Because of its nature, this tec hnique can only activ e. Flo w- m oni toring can also divided in to classes according to the mec hani sm used to implem en it. Wind w-based mec hani sm s: In this class, the sender rate is regulated windo (measured in pac ets or ytes), whose size is hosen at connection-establishmen time. The windo is closed as pac ets are sen t; it is op ened as ac kno wledgem en ts are receiv ed. If the windo decreases to zero, the source will stop sending pac ets. windo mec hanism requires the activ participation of the receiv er. If the pro duct of the round-trip hannel dela and the maxi um hannel bandwidth is greater than the windo size, then the windo size determines the hannel throughput. Th us, in high-sp eed net orks, windo w-renegotiation sc heme ma allo comm uni cating clien ts to increase their throughput. Con ersely if the windo ecomes to large ecause of congestion that dev elops in the net ork, windo w-renegotiation ma decrease the hances of pac et loss. Rate-b ased mec hani sms: In this class, the sender and the receiv er agree on pac et rate, whic is main tai ned the sender without the need for the receiv er to ac kno wledge eac pac et. Mec hanisms to hange the o are required if comm unicatio clien ts an to protect themselv es from pac et loss caused hannel erloa d, or if they need to comm uni cate at higher data rate, when the net ork allo ws it. SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston Flo w- m oni toring tec hniques and mec hanism can com bined to pro duce um er of sc hemes whic comm u- nication clien ts can obtain net ork status informati on. In windo sc heme based on end-to-end ac kno wledgem en ts an activ tec hnique the sender renegotiates the windo size based on estimated round-trip times obtained with the ac kno wl edgemen ts. (Notice that dep ending on the yp of net ork, windo renegotiation ma simply completely lo cal op eration.) windo sc heme can emplo ed with (passiv e) erio dic pac et prob es, whose net ork utilization estimates are used to hange the windo size. The length of in terv al et een successiv prob transmissions will ha to studied. In sp ecial form of this metho d, pair of pac ets are sen bac k-to-bac k. The time in terv al et een the receipt of the corresp onding ac kno wledgem en ts is prop ortional to the load in the net ork’ ottlenec k. Finally windo sc heme can used in asso ciation with net ork-agen tec hniques. In this sc heme windo renegotiation ccurs under direct resp onse from net ork pro vided signals. ac et rate o w-m oni toring sc hemes can based on end-to-end informa tion from the receiv er, whic can monitor the receiv ed pac et jitter and signal the sender to decrease its rate. ac et rate sc hemes can com bined with passiv prob es in order to obtain the inform ation necessar to hange the rate. They also ork with net ork-agen tec hniques under setup in whic the net ork could inform the transmitter that it is time to reduce the o sending ’sour quench’ message. In resp onse to o w-m onitori ng noti�cations, whether they are pro vided the receiv er or the net ork itself, the com pression algorithm can hange its output data rate accordingly The feedbac signals are a ila ble at the transmitter with some dela after the time they are originated. The compression algorithm will also add some dela as in general it will tak �nite amoun of time to switc to new regime. The e�ects of these dela ys on the stabilit of the con trolling tec hniques will ha to studied in detail. In the exp erimen tal system ha designed, pro vide o monitoring at lev els: the OSI ransp ort and Presen tation la ers. the ransp ort la er the main issues are reducing the burstiness of the sender stream, limiti ng the um er of pac ets tra ell ing as train, and adapting the short term rate of the sender to that of the receiv er. the Presen tation la er the main goal is to mo dulate the rate pro duced the co ding algorithm so that some measure of net ork congestion is reduced. The o w-m onitori ng tec hniques selected in the exp erimen tal system will describ ed in section 4.2. 3.3 Net or as Bu�er Con en tiona video co ding sc hemes for constan data rate atten the ariabl co der output rate, whic is caused uctuation in the informati on con ten of the video stream, means of bu�er op erating as leaky buc et, Fig. The amoun of data in the bu�er is monito red con troller, whic adapts one or more co ding parameters in order to prev en the bu�er from er o wi ng. Bu�ers ha also een used in connection with pac et video and ariabl data rate 28 In general, an bu�er increases the dela of the pro cessing hain from sender to receiv er, whic is esp ecially critical for in teractiv services. Fig. Con en tional bu�er implemen tation: bu�er attens output rate; bu�er fullness con trols co ding parameters. With pac et-switc hing net orks the output rate ma ary and no bu�er is needed 21 therefore replace the bu�er the net ork as sho wn in Fig. No w, pac et loss inside the net ork is equiv alen to bu�er er o in the previous case. As ha men ti oned, the ast ma jorit of pac et losses inside the net ork is caused congestion. In this mo del, the con troller has to estimate the net ork erformance and to pro vide feedbac signal that indicates the state of the net ork and congestion situations. This feedbac signal is used as efore to adapt the co ding parameters SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston in real-tim in that oi ds congestion and asso ciated pac et loss. Note that in con trast to the leaky buc et bu�er case, the net ork is non-linear, ariable-capacit and ariable-rate leaky buc et. Fig. Net ork as bu�er: pac et loss equals to bu�er er o w co ding parameters are adapted according to the o w- con trol commands issued the net ork estimator. The use of an input bu�er efore the net ork has een sho wn to impractical ecause of the long duration of data eaks in video scenes and therefore large bu�er requiremen ts Emplo yi ng the net ork itself as bu�er not only guaran tees smallest ossible dela ys, it also allo ws to use the same to ols and approac hes that are con en ti onal ly used for bu�er design to used in this case. 4. EXPERIMENTS Sev eral problems mak the implem en tation of the prop osed feedbac system particular hard: net ork and application do in teract; if the output rate increases due to higher informati on con ten in the scene, the lik eli ho of net ork congestion and therefore pac et loss also increases. This and other complex in teractions are not accoun ted for in net o rk mo dels. Most researc hers designing co ding algorithm for pac et video use �xed pac et loss rates and sim ula te the net ork randomly discarding pac ets 18 �xed loss rate is ho ev er ery unlik ely as pac et loss usually ccurs in bursts. Therefore, in order to get realistic results, decided to use actual pac et transmission on testb ed consisting of lo cal area net orks connected gatew ys. 4.1 Real-ti me Video Co ding Because of our approac necessitate imag co ding algorithms capable of running in real-time. Since had no dedicated co ding hardw are, had to impl em en rather simple algorithm in soft are to pro vide adequate compression and means of adaptivit and that ould run in real-time on Sun SP AR Cstation 2. selected ypical videophone imag format (CIF) with 352 pixels er line, 288 lines, bit er pixel blac and white, and no in terlace. frame rate of 30 frames er second (fps) ould giv only 33 ms pro cessing time, therefore temp oral subsampling factor of as used, i.e. 15 fps, corresp onding to source bit rate of 12 Mbits/s. The main factor in obtaining substan tial imag co ding gain is the strong correlation of spatial and temp oral adjacen pixels. Considering in trafram co ding only spatial correlation can exploited if homog eneous regions of the imag are represen ted single gra alue. simple solution is pro vided quadtree co ding sc heme 29 Because it is highly unlik ely that ery large regions in the ima ge are homogeneous, �rst sub divide the whole ima ge in to blo ks of size 16 16 pixels. Based on splitting criterion, e.g. ariance of the pixels, eac blo is then recursiv ely sub divided in to square subblo ks of equal size. The splitting pro cess is con trolled threshold: if the ariance of the gra alues of blo is elo the threshold, the splitting stops and the curren blo is represen ted the mean lumin ance alue. The smallest blo size of pixels is not further sub divided. The algorithm as describ ed, leads to natural recursiv implem en tation. Real-time sp eed as reac hed through ottom-up pro cessing, whic oids ulti ple calculation of the splitting criterion and the erhead connected with recursiv co de. Additionally linear error measure as used, whic can implem en ted without oating oin ul t ipli cations or divisions: if the mean alue of eac of the subblo ks do es not di�er from the mean alue of the com b ined blo more than the threshold, the subblo ks are merged and represen ted the mean alue of the com b ined blo k. or the giv en imag size, the algorithm executes in appro xim ately 35 ms er frame. Dep ending on the threshold and the image con ten compression factor et een and 30 is reac hed, main tai ning go image SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston qualit Decompression times at the receiv er are sligh tly higher, appro xim ately 38 ms, ecause of longer mem ory write cycles. Robustness against pac et loss is one ma jor factor fa o ring la ered co ding sc hemes. Subband co ding is often cited in this con text, ecause lost data in the higher frequency bands causes only sligh impairm en ts, e.g. lost detail. The baseband in subband co ding, ho ev er, is ery sensitiv to pac et loss ecause it carries most of the informatio n. Solutions to this problem circle around sc hemes lik guaran teed transmission of the baseband data, high priorit of pac ets con taining baseband data, and replacemen of missing areas the previous frame. The �rst solutions call for sp ecial net ork proto cols, while the last solution yields unacceptable artifacts in the presence of motio n. etter solution are error concealmen tec hniques 31 in particular tec hniques that exploit the correlation et een co ding la ers, as rep orted ang and Ramam orth 32 seem ery promising and question the priorit y/g uaran tee approac prop osed man researc hers. In order to mak the simple co ding sc heme prop osed ab robust against pac et loss and enable error concealmen t, under the constrain that this should run in real-time in soft are, simple in terlace sc heme is used as in con en tional television, eac frame is split in to �elds, using dd and ev en lines, resp ectiv ely Eac �eld is co ded separately Missing lines, caused pac et loss, are in terp olated from the adjacen lines of the other �eld. The loss of oth �elds at the same lo cation is ery unlik ely virtue of the congestion oi dance principles emplo ed. In summ ary the prop osed sc heme erforms extremely ell, giv en its simpli cit Ev en without explicit la ering, robustness against pac et loss as ac hiev ed and together with error concealmen pac et loss has mini m al impact on picture qualit Although computational constrain ts do not allo to implem en more complex la ered co ding sc heme without dedicated hardw are, the obtained results are useful and serv as orst-case estimate: if video qualit is acceptable despite the simple co ding algorithm more complex sc hemes will erform ev en etter, assuming equal rate-adaptation capabilities. 4.2 ransp ort La er Flo Con trol The ransp ort proto col used in the exp erimen tal system is windo o w-con troll ed proto col. use the term ’p ackets’ for the individual proto col messages; compressed video frame requires the transmission of sev eral pac ets. Eac pac et is mark ed with sequence um er, and con tains timestam �eld, �lled the sender with the transmission time. The use of the timestam �eld will describ ed later. The receiv er ac kno wledges eac deliv ered pac et sending bac message with the same sequence um er and timestam p. The windo w, mai tained the sender, is expressed in terms of the maxim um um er of pac ets that can outstanding at an giv en time. After transmitting pac et, the sender decrease the windo one. If the windo is zero, no pac et is transmitted. Up on receiving an ac kno wl edgm en the sender op ens the windo one. ac ets and ac kno wledgem en ts can lost; therefore, if no measures ere tak en, the windo ould progressiv ely shrink to zero. Since our lo cal-area net orks do not reorder messages, simply compare the sequence um er in eac ac kno wl edgemen with the exp ected sequence um er, that is the sequence um er of the previous ac kno wl edgemen plus one. can detect if um er of messages or their ac kno wledgem en ts are lost comparing the returned sequence um er with the exp ected sequence um er; then op en the windo accordingly In net orks that reorder messages, the proto col la er ould ha to eep list of transmitted pac ets with timestam ps, and timeout those that are not ac kno wledged within ound that dep ends on the round-trip time. Under sev ere congestion conditions all pac ets or ac kno wledgem en ts in windo can lost. The proto col imple m en tation that ha so far describ ed ould deadlo in suc circumstance as the sender ould aiting for ac kno wledgem en ts that nev er come. solv this problem using the timestamps to estimate the round trip time and setting timer prop ortional to it when the windo ecomes zero. If the timer expires efore receiving an ac kno wl edgm en forcibly op en the windo and send ’pr ob e’ pac et. Since timers are based on round-trip time, with high degree of con�dence, expiration of timer indicates pac et loss. The main purp ose of the o w-con trol led proto col is to oi that fast sender o the receiving mac hi nes or gatew ys along the In other ords, o con trol is metho for reducing the burstiness of the sending stream and to force the sender to adapt to the sp eed of the receiv er. The same goal could ac hiev ed sc heme in whic the sender ould transmit frame’s pac ets in equally spaced in terv al during the frame time. There are at least reasons for preferring windo w-con trol sc heme at the ransp ort la er. First, it has �ner degree of gran ularit SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston 10 and can adapt to mom en tary net ork congestion more quic kly and, second, it do es not require the sender to handle timers, resulting in soft are simpler to write and mai tain. As will discuss next, also use rate con trol at the Presen tation la er. In order to couple proto col storage managem en and visualization pro cessing, mo di�ed the comm uni cation subsystem so that it could receiv pac ets async hronously Assuming that pac et arriv es while the receiv er is decompressing previous pac et, an in terrupt is generated (though the actual deliv ery mec hanism is UNIX signal), and the pac et placed in to ork queue. An imp ortan adv an tage of this mec hanism is that ac kno wledgem en ts can no sen according to more sophisticated olicies. or instance, with this sc heme, it is conceiv able that the receiv er, instead of the sender, main tai the proto col windo w. 4.3 Presen tati on La er: Rate Con tr ol The Presen tation la er proto col is in tended to mo dulate the rate pro duced the co der in order to adapt to the a rying maxim um bandwidth a il able er the transmission hannel. Whereas the ransp ort-la er o w-con trol mec ha nism op erates within time in terv als comparable to the round-trip transmission time of eac pac et, rate con trol at the Presen tation la er is mean to react to longer-term uctuations in the hannel bandwidth. Dep ending on the structure of the net ork routers, lo er e�ectiv bandwidth results in longer dela ys and ma result in higher pac et losses. the ransp ort la er the rate is adjusted requesting ariati on in the compression ratio according to some con trol metric that estimates the erformance of the net ork. Dep ending on the yp of net ork, sev eral di�eren metrics can used. One suc metric regulates the rate according to the um er of pac et losses in the unit time. This is particularly useful when gatew ys ha lim ited mem ory for net ork bu�ers and high input tra�c translates in to bu�er er o ws. ac et loss are easily detected our net ork agen t, since ac kno wl edgemen ts carry sequence um ers. second yp of metric, one that reacts to long net ork dela ys, is also an imp ortan olicy This olicy is more e�ectiv on net orks that ha routers with large bu�er areas; in these net orks congestion increases the dela ys to lev el at whic they can in tolerable to video applications, long efore pac ets egin eing discarded. Dela ys a�ect video deliv ery in ma jor ys: �rst, dela ed frames pro duce jerky motion and reduce image qualit Second, ev en though one could eliminate dela aria tions adding substan tial bu�er at the receiv er, long dela ys mak it imp ossible to use these comm unication hannels for in teractiv video applications. In order to detect excessiv dela ys, our proto col uses the timestamp �eld in the proto col header. Since the timestam is copied bac in the ac kno wl edgemen ts, time calculations are computed at the sender and do not need sync hronized clo ks. Because of our decisions ab out the format of the frames and the real-time compression sc heme, pro duce compressed data rate in the order of 10 kb ytes/frame. As video data is enco ded the compression algorithm the system hec ks at blo oundaries for the amoun of data pro duced. Whenev er the accum ul ated data reac hes the pac et capacit or at the end of eac frame, pac et is assem bled and shipp ed to the receiv er. In order to reconstruct the fram regardless of losses, the Presen tation la er proto col at the receiv er pro vides the frame um er and the starting blo um er for eac pac et. the time of this writing, ha not fully estimated the e�ectiv eness of our estimators of net ork congestion. the conference will presen results and lessons learned from exp erience with the system. 5. CONCLUSIONS The describ ed approac aims at con trolling in real-time the amoun of data pro duced in an attempt to o id pac et loss and dela ys to long to supp ort in teractiv pac et video. In estigati ons ha sho wn that alm ost all pac et losses are caused net ork congestion and in ternal bu�er er o w. Con trol-theoretic analysis has also pro en that congestion oida nce is feasible. In an case pac et loss cannot totally oi ded, but due to the reduced um er of pac et losses, la ered co ding and error concealmen can more e�cien t. Our exp erimen ts also ga insigh from di�eren viewp oin t: the ai la ble resources in terms of erage net o rk capacit and pro cessing er ha to balanced against the computational complexit of the co ding SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston 11 algorithm the proto col, and the output rate of the co der. Data compression algorithm help transform net ork load in to computational load; exp erimen ts without data compression pro ed the net ork and the proto cols to the ottlenec ks, limi ting the frame rate to elo frames er second. Complex compression sc hemes yielding higher compression factors ould result in ev en slo er frame rates for the giv en hardw are. Only the com bina tion of the compression algorithm in tro duced ab together with Ethernet net orks ould deliv er the est erformance of 15 fps for the giv en hardw are and ima ge size. 6. REFERENCES 1. R.C. Brainard, J.H. Othmer, "T elevision compression algorithm and transmission er pac et net orks," SPIE, Adv ances in Image Co ding, ol. 1001, pp. 973-978, Cam bridge, MA, No v. 1988. 2. H.S. Chin, J.W. Go dge, et al., "Statistics of video signals for viewphone-t yp pictures," IEEE Journal on Selected Areas in Comm unications, ol. 7, no. 5, pp. 826-832, June 1989. 3. J.C. Darragh, R.L. Bak er, "Fixed distortion subband co ding of images for pac et-switc hed net orks," IEEE Journal on Selected Areas in Comm unications, ol. 7, no. 5, pp. 789-800, June 1989. 4. G. Demos, "Digital comm unications net ork in teractions with real-time ima gery data," DemoGraFX, priv ate comm uni cation, No v. 1990. 5. J. Escobar, D. Deutsc h, and C. artridge, "A ulti- service o sync hronization proto col," BBN ec hnical Rep ort, Marc 1991. 6. D. errari and D. C. erma, "A sc heme for real-time hannel establishmen in wide-area net orks," IEEE Journal on Selected Area in Comm unicatio ns, ol. SA C-8, n.3, pp. 368-379, April 1990. 7. M.W. Garrett, M. etterli, "Join source/c hannel co ding of statistically ul tiplexed real-time services on pac et net o rks," Submitted to IEEE Journal Selected Areas in Comm unications, Dec. 1990. 8. M.W. Garrett, M. etterli, "Congestion con trol strategies for pac et video," 4th In ternational orkshop on ac et Video, pp. 1-6, Ky oto, Japan, Marc 1991. 9. M. Gerla and L. Kleinro k, "Flo con trol: comparativ surv ey ," IEEE ransactions on Comm uni cations, 1980, pp. 553-574. 10. M. Ghan bari, "Tw o-la er co ding of video signals for VBR net orks," IEEE Journal on Selected Areas in Comm unicatio ns, ol. 7, no. 5, pp. 771-781, June 1989. 11. S.J. Golestani, "Congestion-free transmission of real-time tra�c in pac et net orks," Pro ceedings of INF OCOMM, 1990, pp. 527-536. 12. T.R. Hsing, "Video compression tec hniques: Net orking asp ects," In tl. Symp. on Circuits and Systems, pp.223-226 Esp o, Finnland, June 1988. 13. Imag Comm uni cation, Sp ecial Issue on "Video Co ding for TM Net orks, art I+I I, ol. 3, no. 2-4, June and Septem er 1991. 14. V. Jacobson, "Congestion o idance and con trol," CM Pro ceedings SIGCOMM ’88, pp. 314-329, August 1988. 15. R. Jain, "A dela y-based approac for congestion oi dance in in terconnected heterogeneous computer net orks," Computer Comm unications Review, ol. 19, no. 5, pp. 56-71, Oct. 89. 16. R. Jain, "Myths ab out congestion managem en in high-sp eed net ork," Digital Equipmen Corp oration, ec hnical Rep ort no. 726, Oct. 1990. 17. G. Karlsson, M. etterli, "Subband co ding of video for pac et net orks," Optical Engineering, ol. 27, no. 7, pp. 574-586, July 1988. 18. G. Karlsson, M. etterli, "P ac et video and its in tegration in to the net ork arc hitecture," IEEE Journal on Selected Areas in Comm uni cation, ol. 7, no. 5, pp. 739-751, June 1989. 19. S. Kesha v, "A con trol-theoretic approac to o con trol," In ternational Computer Science Institute, ec hnical Rep ort, no. 91-015, Marc 1991. 20. F. Kishino, K. Manab e, et al., "V ariabl bit rate co ding of video signals for TM net orks," IEEE Journal on Selected Areas in Comm uni cations, ol. 7, no. 5, pp. 801-806, June 1989. 21. S.H. Lee, L.T. u, ariable rate video transp ort in broadband pac et net orks," SPIE Pro ceedings, Visual Comm unicatio ns and Image Pro cessing, ol. 1001, pp. 954-964, Cam bridge, MA, No v. 1988. 22. D.-S. Lee, K.-H. Tzou, et al., "Con trol analysis of video pac et loss in TM net orks," SPIE, Visual Comm unications and Image Pro cess ing, ol. 1360, pp. 1232-1243, 1990. 23. B. Maglaris, D. Anastassiou, et al., "P erformance mo dels of statistical ulti plexing in pac et video comm unica- tions," IEEE ransactions on Comm unicatio ns, ol. 36, no. 7, pp. 834-844, July 1988. 24. M. Moran, B. ol �nger, "A con tin uous media data transp ort service for real-time comm unicatio in high sp eed net o rks," orkshop on Con tin uous Time Media, Carnegie Mellon Univ ersit June 1991. 25. M. Nom ura, T. ujii et al., "Basic haracteristics of ariable rate video co ding in TM en vironmen t," IEEE Journal on Selected Areas in Comm unicatio ns, ol. 7, no. 5, pp. 752-760, June 1989. 26. A. Puri, R. Ara vind, "An in terframe co ding sc heme for pac et video," SPIE, Visual Comm uni cations and Image Pro cessing IV, ol. 1199, pp. 1610-1619 1989. SPIE conference on Visual Comm unications and Image Pro cessing, 10-13 No em er 1991, Boston 12 27. K. K. Ramakrishnan and R. Jain, "A binary feedbac sc heme for congestion oi dance in computer net orks," CM TOCS, ol. 8, no. 2, pp. 158-181, Ma 1990. 28. L. Salgado, A. Sanz, "Pyramidal enco ding for pac et video transmission," SPIE, Visual Comm unicatio ns and Imag Pro cessing, ol. 1360, pp. 1822-1833, 1990. 29. S.L. anim oto, T. vl idis, "A hierarc hical data structure for picture pro cessing," Computer Graphics and Image Pro cessing, no. 4, pp. 104-119, 1989. 30. W. erbiest, L. Pinno o, "A ariabl bit rate video co dec for async hronous transfer mo de net orks," IEEE Journal on Selected Areas in Comm unications, ol. 7, no. 5, pp. 761-770, June 1989. 31. M. ada, "Selectiv reco ery of video pac et loss using error concealmen t," IEEE Journal on Selected Areas in Comm unicatio ns, ol. 7, no. 5, pp. 807-814, June 1989. 32. Y. ang V. Rama m orth "Imag reconstruc tion partial subband images and its application in pac et video transmission, Sp ecial Issue on "Video Co ding for TM Net orks, art I, Signal Pro cessing: Image Comm unicatio n, ol. 3, no. 2-3, pp. 197-230, June 1991.