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ABSTRACT

The literatureis poor in the analysesof the effects producedby corruptedbits in compressed
video bitstreams. This paper presents the restiléstransmissiorexperimentof MPEG-2 coded
video dataover a satellitelink affectedby noise,in orderto investigateunder which conditions
this type of transmissions economicallyfeasible.The signal-to-noiseatio scalability featureof
the MPEG-2 encoder was usedamducedifferent bitstreamsof the samemovie sequenceThe
scope of the study was to verify which are the best combinationdesf and channelcodingsin
the presence of attenuation on the satellite link, in order to optimizatigevidthutilisation for a
requestedmagequality. The resultsobtainedgive indicationsaboutthe datachannelcodingsto
be usedto counterthe rain fade on the transmissionlink, which is a non negligible problem
especiallywhen satellitetransmissionsre in the Ka band. Moreover,the resultshighlight the
flexibility of the scalable video coding in the examined scenario.
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1. Introduction

The Motion Picture Expert Group (MPEG) video compressionschemeshave emergedas
standardgor multimediaapplicationsamongthe many video coding schemegroposedfor the
compressiorof video signals.Compressions necessaryo reducethe transmissiorbandwidth
because an uncompressed video source may generate bitstreams at rates in the order of hundred
Mbit/s (about166 Mbit/s). A variablebit rate (VBR) encoderattemptsto keepthe quality of the

video output constantat the price of changingthe bit rate. The resultingtraffic is highly bursty,

and dependenbn the encodingschemeadoptedand on the vivacity of the movie’s scenes.The
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reduction in the bandwidth needed by VBR viddlows datacommunicatiometworksto agilely
support high quality multimedia applications.
The MPEG-2 standard has some embedded error resilience features, and leave the praader free
adopt the appropriate channel protection. For many video applications, such as wired
transmissionor reproduction from digital storage media (DSM), the channel coding is
superfluous, due to the very low bit error rate (BER). When VBR video traffiansmittedover
a satellite link, thenoiselevel, in the link budgetdesign,mustbe carefully calibratedin orderto
avoid impairments in the reconstruction of theagesreceived.In fact, the targetchannelsignal-
to-noiseratio (CSNR), andthusthe resultingBER, is chosenas a compromisebetweenquality
andcheapnessdMoreover,in satellitetransmission®ver 10 GHz, the signal attenuationdue to
rain imposesthe adoption of fade countermeasureso ensurean acceptablelevel of link
availability with a reasonable channel quality. The literature for studies @ffdogs producedby
the transmissiorchannelnoise on VBR video datais quite poor. This work is a reportof an
experiment that we carried out, which aims at replying to the following questions.

a) Given an MPEG-2 codedvideo source,what is the quality degradationof the imagein the
presence of channel noise, with different levels of BER?

b) Given a required image quality, what is the most suitable combinationof video coding
(scalable bitstream, non-scalablebitstream) and satellite channel transmissionparameters
(coding types, coding rates, bit rates)to optimise the channelbandwidthin different link
degradation conditions?

In order to provide the answers to the abquestionghe experimentinvolved the productionof
the tracesof afilm with somescenechangesnside, codedaccordingto the MPEG-2 standard
with different codingmodes.The samplesobtainedwere transmittedbetweentwo real satellite
stationsconnectedogethervia a satelliteemulator.The receivedsequencesielative to different
transmission parameters necessary to cope with the channel degradationeetblen analysed
to evaluatethe resultingvideo quality. The scenarioproducedshowedthe actual possibility of

MPEG-2 video transmission over a degraded satéhitewith limited resourcerequirementsby

adopting a fade countermeasure technigue based on both channel coding and bit rate variations.

In Sections 2 and 3 of this paper #r@vironmentgelevantto the processingof the video signal

and the satellite transmissionchain involved in the experiment are respectivelydescribed.In

Section4 the generatiorof the MPEG-2 video bitstreamis depicted,andthe experimentresults

are presented in section 5. Hints on future work and conclusions are drawn in Section 6.

2. The video environment

The MPEG compression algorithms are intenfildhe compressiorof full-motion video. They

use inter-frame compressionand can achieve compressionratios of 40:1 through exploiting

temporal correlationThe MPEG first-phasestandard MPEG-1) [13] is taggedfor compression
of 320x240full motion video at ratesof 1 to 1.5 Mbit/s in applicationssuch as interactive
multimediaand DSM. MPEG-2 standard14] is intendedfor higher resolutions,similar to the

digital video studiostandardTU-R 601 [15], EDTV, andfurther leadingto HDTV. An MPEG
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encoderusestwo basic techniques:block-basedmotion compensationfor the reduction of
temporalredundancy(inter-frame coding), and transformdomain-basedompression for the
reduction of residual spatial redundancy(intra-frame coding). Three main picture types are
defined:intra-pictures(l), predictedpictures(P), andbidirectionally-predictegictures(B). The
first ones areself-containedsincethey useonly transformcoding, and provide accesgointsto
the coded sequence where decoding can begin. They are coded without redeotmeeictures
and with only moderate compression, and are @medredictingP and B picturesin inter-frame
coding. They give the lowest compression ratios within MPE@icturesare generallyusedfor
further prediction and are coded more efficiently, using forward predictive coding, where the
actualframeis codedwith referenceto the previousframe (I or P). The compressiormratio of P
framesis significantly higher thanthe | frames.Also, P pictures are usedin the inter-frame
prediction of other P and B pictures. B pictures provigehighestdegreeof compressionThey
are codedusing two referenceframes,a pastand a future frame (I or P frames) for motion
compensation. Furthermore they are never used as a temporal reference for other frames.

2.1. MPEG-2 bitstream hierarchy

The MPEG-2video bitstreamstructureis a supersef the MPEG-1 structure,obtainedusing
some syntactic extension. One of the major differences between the two statdatdsPEG-2
capability of handling interlaced video sequences such as the ITU-R 601 format.

The MPEG-2 bitstream is a coded representaiioln P and B frames.The highestcompression
ratio can be achieved lcorporatinga large numberof B frames.A video datastreamis made
up of six layers: sequence, group of pictures (G@R)ure, slice, macroblock,andblock layer.
Each layer consists of ttappropriateheaderandfollowing lower layer. If the transmissioris at
constantbit rate (CBR) stream,at the beginningof the sequencdayer therearetwo entries:the
constantbit rate of a sequenceandthe storagecapacityneededfor decoding.Theseparameters
define the data bufferingequirementsThe transmissiorcanalsobe donein VBR mode,where
the videocodecdoesnot provide a buffering system.The sequencédieadercontainsinformation
relevantto the imagesize, the bit and frame rate, and the quantizationmatrices.A sequenceas
divided into a series of GOPs. A GOP is a flexible set of pictures, composed of a vauriabler
of I, P and B pictures,accordingto the distance(indicatedby N) betweenconsecutiventra-
pictures. Another important parameteris the distancebetweenconsecutiveP pictures, usually
indicated by M. At least one | frame as the first coded frame in the GOP is mandatopictiitee
layer containghe whole picture (or frame), that consistsof the luminanceandtwo chrominance
components. The picture header conté@mporalreferencego the codedimage,the imagetype
and information relevant tthe sourceof the image.Figure 1 showsthesefirst threelevels. The
bits corresponding to the discrete cosine transform (DCT) and the meetitorsare containedn
the next three layers: slice, macroblock, and block layers. Thdagleecontainsthe information
associatedo a portion of 16 rows of pels of the picture and consistsof a variable numberof
macroblocks. Macroblock is the basic unit of coding withicture (16x16 pixels). For a given
macroblock a coding mode is choseradanction of the picturetype. Dependingon this coding
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mode,a compensatedotion predictionof the contentsof the block, basedon pastand future
referencepictures,is formed. This predictionis subtractedrom the actualdatain the current
macroblockto form a differencesignal, which is separatednto 4 blocks of luminanceand 2
blocks of chrominancegnda DCT is performedon each8x8 block. The resulting8x8 block of
DCT coefficientsis quantizedand the two dimensionalblock is scannedn a zig-zag order to
convert it into a one-dimensional string of quantized DCT coeffici®&ua-lengthcodingis used
for the quantizedcoefficient data. A consequencef using different picture types and variable
length coding is that the overall data rate is variable.

SEQUENCE
- S >
HDR GOP GOP | .. GOP
GOP

simage size

+bit & frame rate I BB BPBBBP..

equantization matrices

PICTURE

HDR samples of the same frame

f

stemporal reference to the coded image
simage type (I, B or P)
simage source information

Fig. 1. Sequence, GOP, and picture layers

2.2. MPEG scalability

Scalablevideo is usedfor a numberof applicationswhereit is necessaryto display video at
different resolution or qualitievels. A first approacho this problemis the smulcast technique,
where a set of various contents of the sardeo sequences transmitted10]. The disadvantage
is a hightotal bit rate, sincethe informationflows associatedo different resolutionsor qualities
areindependentA lower bit rate, associatedo the samepicture quality, is possibleby using a
scalablevideo coding, wherea part of the transmittednformation, relatedto the low quality or
resolution,canbe reusedfor codingotherscales.In a scalableencodertwo or morelayersare
generatedcodedand transmitted.In the simplestcase an enhancementayer encoderutilises
information generated by an independent base layer encoder.

Scalablevideo can be appliedin the spatial,temporaland frequencydomains. Temporal and
goatial scalability deal with different temporaland spatial resolutions,respectively.Thesetwo
scalability modes are included in the MPEG-2 standard.The SNR (signal-to-noiseratio)
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scalability, a different picture quality scalability mode, has been included in the MPEG-2
standard. This latter type of scalability has been used in our experiment.

2.2.1. SNR scalability
The SNR scalability scheme is illustrated in Fig. 2.

ENCODER Base layer stream

|—>
Enhancement layer stream

DCT™ B: base layer
I+ E: enhancement layer
é) DCT: discrete cosine transform
| Q: guantisation
P TP:  temporal prediction
C: channel coding
DECODER
Base layer + +
stream 1 1 -
—[cb—e% ] —> $& -
Enhan. layer -
stream ——| C* [——Q | TP |—

Fig. 2. SNR scalability encoder-decoder schemes

It provides a base layer and an enhancement layer, which comtéyrsodedrefinementdatafor

the DCT coefficients othe baselayer. In the receiver,DCT coefficientsfrom the two layersare
decoded and summed after the inverse quantization prédessDCT summation the decoding
process is the same @sthe non scalabledecoder.Typically, in an SNR scalableencodera re-

guantization of the base layer coding error is done: the diffelmteesenthe original DCT block
and the low layer quantized block is re-quantimethg a finer quantizerstepandthen codedand
transmittedin the enhancementyer stream.The high level sideinformationis the sameas the
baselayer, and no inter-frameinformationis needed.Therefore,the enhancemenkayer mainly
contains coded DCTtoefficientsof the re-quantizedaselayer erroranda small overheadAs a
result,the increasdn the total bit rateis not large, so the enhancemeniayer is associatedo a
higher quality video representatiorthat is impossibleto reconstructwithout decodingthe base
layerin parallel. A drift error betweenthe motion compensatednagein the encoderand in the
lower layer decodercan be observed.This happensbecausein the encoderthe motion
compensation for the base layer is performed filoerdecodedpicture of the enhancementyer.
This error drift is acceptable for N=12 and M=3.

2.3. MPEG-2 video parameters
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The MPEG-2 codingusedin our experimentwas run on a 1 minute long video sample(1500
frames)extractedfrom the movie "The shelteringsky". Both non-scalableand SNR-scalable
traces wergyeneratedin orderto obtaina constantand comparablesrror-freevideo quality, the
non-scalable trace and the scalable tegler traceswere codedin VBR mode,using a reference
guantization parameter set to 3. The other video parameters we used are summarised below:
* Input picture format: ITU-R 601 (720x576 pixels) converted in 4:2:0 chroma format.

* GOP size: N = 12; distance of two consecutive P pictures: M=3.

» Structure of pictures: coded as frame picture.

» Vector search rangel5 pels/frame horizontal, aad pels/frame vertical witlscaledwindow
according to the frame distance (i.e. for P-frames the vector search winda\s ¥21]).

» Motion vector estimation:full pel exhaustivemotion estimationwith the previous defined
search window based on the reference original picture; half pel refinemalttthe 9 adjacent
positions, based on the reference coded picture.

* Quantizationof DCT coefficients:linear relation betweenthe referencequantizationparameter
and the quantizer step.

2.4. Objective video quality assessment

From the user point of view, the main metric of evaluationof video service quality is the
perceptual quality, called thmaean opinion score (MOS). The MOS is calculatedfrom the ratings
given by a sample of human observers, under controlled conditions, who judge thejiralige
The reference measures used for an objective video quality assessmeniraea tuelared error

(MSE) calculatedon the differencesignal betweenthe original andthe codedsequenceand the
peak signal to noiseratio (PSNR), defined as:

2
PSNR=10xl0gy g &22=

Thesemeasuresre not necessarilya good quality index of the subjectiveassessmerdue to a
human perception. This is expecially true when considering a error-prone envirowmenathe
channel error effects can bmited to a relatively small portion of the image,causingsomevery
annoying artefacts not highlighted from the mean MSE.

For this reason in our study we usatbtherobjectivevideo quality assessmertsystem[11] that
emulates the HVS (Humavisual System).In this method,a linear combinationis calculatedof
threecomplementaryideo quality measurementfiasedon spatialandtemporaldistortion. The
resulting quality factor (QF) is strictly correlatedwith the subjective mean opinion score:
imperceptible(5), perceptiblebut not annoying(4), slightly annoying(3), annoying(2), very
annoying (1).

3. The satellite network environment
3.1 Overview on digital satellite communications

1 The authors would like to thank Videotime for providing the movie.
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Telecommunicatiorsatellitesare mainly classifiedaccordingto the height of their orbit. GEO
(geostationanearthorbit) satellitesassumea fixed positionat an altitude of about36,000 Km,
while MEO (medium earth orbit: 10,000-20,08) and LEO (low earthorbit: 500-2,000Km)
move with respect tthe earth. The lower the altitude, the lower the power requiredto transmit,
andthe lower the possiblecoverageof eachspacecrafunit; thereforemore units are neededfor
the coverageof wide areas.The transmissionround trip delay s in the order of a quarterof
second for GEO, less than 100 ms for MEO, and 8-20 ms for LEO satellites.

Each of the receiving/transmitting chains (payload) on btberdpacecrafts calledtransponder.
The device which allows the access to the satellite channel is ealllegtation or earth terminal.
Any earthstationis composedf an antenngits mostvisible part), a receiverand a transmitter.
Multiple access is the ability of a numberof earth stationsto simultaneouslysharethe same
satellite transponder fonterchangingdata. Classicallythereare threemultiple accesdechniques
[2, 3]: frequency division multiple access (FDMA), time division multiple access (TDMA), and
code divison multiple access (CDMA). The basic problenmvolved is how to permita group of
earth stationsto sharea satellite link avoiding interferenceor collisions. The multiple access
technique used in this experiment is TDMA, because of the avadataititeequipmen{4]. Here
only one user at a time transm#isd modulateshe channelcarrierwith the maximumbase-band
signalspeed.The link budgetmustthereforeconsiderthis speed.evenif the averagebit rate of
each terminal is generally mutbwer. On the otherhand, TDMA offers many advantagessuch

as the need for a single modem per user, and flexibility.
The figure of merit of a digital link is the BER, also denote&.asvhich isthe probability thata

bit sent over a link is incorrectly received. The relationship betWgand the CSNRIependsn

the modulation and coding schemes. Such dependencies can be found in the literatiaachyr a
of modulationand coding combinationsvhenwe arein the presenceof AWGN (additive white
Gaussiannoise), i.e. thermal noise [2, 3]. Another important causeof impairmentin the
transmitting signal is interference.This is mainly due to non-linearitiesin the amplification
devices which produce intermodulation noise, and to unavoidable imperfectraasoinequency
devices such as antennas’ side lobes and polarisation discrimination. Hovestsatellitelinks
are designed in such a way as to limit interference, and then thermal noise is predominant.
The transmitted signal is attenuated by the spreading factor (scintillation), atmospdsss;and
otherlosses.The main factorscausingatmospheri@bsorptionare: uncondenseavater vapour,
rain, fog and clouds, snow aihil, free electronsin the atmosphereand molecularoxygen. At
most frequenciesof commercialinterest (up to about 6 GHz) the atmosphericabsorptionis
relatively unimportant(a few tenthsof dB). The attenuation is defined as the dB difference
betweenthe currently-receivedpower andthe power receivedunder clear sky conditions.The
attenuationincreasedo large valuesduring unfavourablepropagationconditions (fades). Rain
fadesarea major problemin transmissionsbovel0 GHz in that they attenuatethe signal and
increasethe noiselevel so worseningthe CSNR in the receiving earth station. CSNR may be
expressed in terms @&/ N, i.e. carrier power-to-noisgpowerratio, or in termsof E, / Ng (bit

energy to one-sided noise spectral density rdtmodhe restof the paperwe will considerQPSK
7
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(quaternary phase shift keyingjodulatedsignals,and denoteby link degradation the difference
between the referen¢g@2 dB) andthe currentvalueof Ep/Ng. Thereferencevalue,relativeto

clear sky conditions, allows a BER of 10

3.2. The satellite network emulated in the experiment

Figure 3 representghe test environment.The equipmentused was previously employedin
experimenton the Olympusand Italsatgeostationansatellites[9]. This time, however,instead
of using a real geostationansatellite,we useda satellite emulatorwhich introducesthe correct
round trip time and amount of noise to emulate fading situations.
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BCH encoder &

interleaver

coder & {—p»|schedulet”] Tx satellite controller

packetizer
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MPEG2 packet | O i
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delay unit
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Viterbi decoder
. 4
Wn
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Fig. 3. The satellite network environment

Taking the traces from the MPEG-2 encoder, the packet scheduler gepackigtsat given time

instantsso asto emulatethe real time data producedby a hardwareencoder.The transmission
(Tx) satellitecontrolleradjuststhe packetsendingtimesaccordingto the TDMA channelaccess
scheme,and appliesthe channelcoding to the baseband data stream.The 1/2 convolutional
encoder with the puncturing featuabows 1/2, 2/3 and 4/5 codingrateson the satellitechannel.
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Optionally, an outer BCH? encoderwith datainterleavingcan be applied on the headerfields.
Also no coding at all is possible. A base band delay unit introdbeestelliteroundtrip time of
250 ms, then the QPSK modulation of the 140 MHz intermediate frequency carrier alldis the
ratesof 8, 4, and2 Mbit/s. Eachpacketcanbe sentat individual bit and coding rates. Additive
white Gaussiamoiseis introducedat intermediatefrequencylevel, so as to give the required
value of E,, / N at the demodulator inputhe receiving(Rx) controllerdecodesand packetizes
datafor sendingto the MPEG decoderwhich, after data serialisation,reproduceghe resulting
traces of the video sequence. At this point we analysed the quality of the corrupted video stream.
We assume the following scenario.
*The video encoder can operate in only one coding mode, i.e. it can produce only scalable
scalable bitstreams. A typical example is a data base of a video-on-demand service in wigich all
bitstreams are produced with the same encoding parameters.
*The sending earth station knows:
- the channel degradation of the receiving station [5, 6];
- the target quality factor of the video service;
- the amount of channel bandwidth available for the video transmission.
All this information is used by the earth station:
- to properly selectthe suitablechannelcoding and bit rates,in orderto compensatdor the
different fade conditions;
- in case of scalable transmission, to decid¢hertonveniencef transmittingthe enhancement
layer other than the base layer.
The bandwidthallocationalgorithmfor video datais beyondthe aim of this paper;one of the
policies proposed in References [7, 8] is assumed to haveadeeted.The residualbandwidth,
not actually used by video, can be exploited to send low priority traffic.
After convolutional-encoding/Viterbi-decodinghe residual errors are distributed in bursts of
various lengthratherthanuniformly. In orderto makea comparisorbetweerthe quality of the
video sequencesbtainedwith burstand randomerror distributions, datainterleavinghas been
used as well. Moreover, an outer encoder of BCH type has been applied to the headertfyelds
to eliminateall the errors, in order to considerthe effect of headerscorruption on the video
quality. This further protection implied the use of the data interleaver.

4. The MPEG-2 encoder simulation

In our experimentghreedifferent MPEG-2 coding modeswere consideredwith and without
using the SNR scalability. Without scalability, we produced a ¢$Bigle-streantodedwith an
averagerate of 2.37 Mbit/s (here on referredto as non-scalable). In eachof the other two
simulations the SNR scalability was used to produce a base layer at@dE8R raterefined by
a VBR enhancementayer. The two combinationshave the following averagerates: 1.5
(base)+1.17enhancementMbit/s (scalablel), and 1.066 (base)+1.482enhancement)Mbit/s
(scalable?), respectively.The VBR traceswere generatedvith the quantizationstepsetto 6 in

2 Bose-Chauduri-Hocquehghem
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orderto maintainthe total channelbit rate within the limits of the hardwareat our disposal.In
Table 1 the mean PSNR, QF, and mean bit rate for the 3 different experiments are shown.

MEAN PSNR (QF) [ MEAN BIT RATE
non-scalable 39.83 (4.66)[2.37 Mbit/s
scalablel (base only ) | 35.57 (4.36)| 1.5 Mbit/s
scalablel (base+enh) | 39.81 (4.68)[1.5+1.17 Mbit/s
scalable2 (base only ) | 32.87 (4.09)]1.066 Mbit/s
scalable? (base+enh) | 39.76 (4.68)]1.066+1.482 Mbit/s

Table 1. PSNR, QF and mean bit rate used in the simulations

In Figures4, 5, and6 (whereB standsfor baseflow, andE for enhancementhe QF andthe
PSNR valuesfor the overall video sequenceare plotted versusGOP number. The final video
quality of all the codingtracesis the same.The meanbit rate is higherin the scalablecoding
modes, due to the redundancy of the overhead in the enhancement layer.
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Fig. 4. PSNR vs GOP

The advantageof the scalablecoding is generally relatedto the possibility of receiving and
decoding moving video with a different resolution or quality, having a better chatilisakion of
an equivalentsimulcasttransmissionsince the low quality information is used for the high
guality video reconstruction. As to error-prone transmission environments, a sealetdiercan
give a better performance than equivalentnon scalableone, becausat allows the organization
of information hierarchicallyinto different layersand a better protectionof the mostimportant
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ones.Channelerrorshavedifferent effectson the decodedvideo, if associatedo the baseor to
the enhancement layer.
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Fig. 5. Quality factor vs GOP
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Fig. 6. Bit rate (in Mbit/GOP) vs GOP
In fact, errors in the enhancement layer never have destructive effects because thgysuapty
the refinementof the baselayer. Another interestingcharacteristioof an SNR scalability is the
11
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possibility of the decoder discarding the high layer flow, when the bit error rate of this lay@r is
high, without provoking a dramatic reduction in the video quality.

In our experiments aansupervised MPEG-2decodel{12] is consideredat the satellitereceiver,
that isto say, the MPEG-2 decoderdoesnot acquireerror informationfrom any externaldevice
anderrorsare detectedsolely by the decoder.The MPEG family standardsare flexible in the
sensethat a lot of parametewvaluesare embeddedn the bitstream.This generality has the
drawback of making it impossible to detectorswhenthey producevalid syntaxand parameter
values.

4.1. Error detection

The syntactic rules of MPEG-2 make it possible to detect staenelerrorsby just parsingthe

bitstream. The detectable error types can be summarised into the following four classes:

» Semantic errorsomeheaderfields canassumevaluesnot consistentwith the semanticor the
specific profile/level mode.

» Variablelengthcoding (VLC) error: the variablelength or entropycodingis mainly usedfor
the quantized DCT coefficients. The MPEG-2 VLC taldlassfy the prefix rule, thatis to say
each codeword isot a prefix of any othercodeword.The VLC decodingusually usesa tree
structure, where eagbathfrom the root nodeto a terminalnodeidentifiesa VLC codeword.
The VLC decoding starts frotie root nodeand eachinput bit individuatesa binary decision
about which a child node must be selected/L&L decodingerror occurswhenthe nextinput
bit is not associated to a child node and the current node is not terminal.

* DCT coefficientsnumber:the DCT coefficientsare entropy codedusing a combinationof
VLC andrun-lengthcode,i.e. eachVLC codewordindividuatesa couple run (number of
consecutivezero DCT coefficients) length (value of the non zero DCT coefficient). The
decoderdetectsan error whenthe coefficientscounthasreacheds4 and an end-of-blockhas
not been encountered.

* Motion vectors: in addition to the above VLC decoding error (motion vectors are VLC @ded)
typical detectablesemanticerror occurswhenthe macro-blockpredictionareafalls out of the
picture area.

4.2. Error handling

When a channelerror has beendetectedduring the MPEG-2 decoding,it can be handledby
skipping the receiveddatauntil the next sync-symbolis found. The layered MPEG-2 stream
structure makes this easy, since each layer has a different 32 bits start-code whichpisesener
in other parts of the bitstream,exceptif an error occurs.All the partsof the video sequence
associated to the lost information are markefalsy, andmustbe concealedUsually a channel
error corrupts a sliceahatis the areastartingat the macroblockwherethe error occursup to the
slice end. This error is handled by forcing a re-synchronization to the next slice staiftusde.
the less destructive and more frequent error type.situationis more seriousif anerror occurs
in a header field o high level syntacticlayer like sequenceGOP or picture.In thesecaseshe
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error consequences can be temporarily extended to several consecutive pictures, anditha effect
picture freezing of the received sequence.

The goal of error concealing is moitigate the effectsof transmissiorerrorsin orderto obtainan
acceptable subjective quality of the areas associated eitaranelerror de-synchronizationThis
is possibleby exploiting availableredundancyin the decodedpicture. Different strategieshave
been adopted [16], depending on the corrupted pityype Oneis basedon spatialinterpolation
for the intra-codedpictureswhile the other usestemporalreplacementvith motion compensated
concealment, if motion information is available.

Whenerrorsarefoundin thel frames, a macroblockwhich hasbeenlost is reconstructedy
filling the 8x8 sub-blocks with values synthesised by interpolation themnearesblocksin the
top and bottonmacroblocks Sincea channelerror generallycausesa loss of datain a seriesof
macroblocks, the left and right neighbours are not used for synthesis.

When errors are found in the P and B frames, the firstistipmark the macroblocktype of the
concealednacroblock,dependingon adjacentmacroblocktypes.For P-framesi|f eitherthe top
or bottom macroblock is coded as forward prediction mthasilamagednacroblockis assigned
the forward mode. If both the neighboursare intra-codedthen the damagedmacroblock is
assignedhe intra-code,and the strategiesappliedfor intra-picturesis used. Similar strategies
apply for B frames.

Top MB
MB type  [forw back |
Bottom MB|forw [|forw forw |
[|back [|forw Intra |

Table 2. Macroblock type of concealed MB for P picture

Top MB
MB type forw back Inter intra
forw forw inter inter forw
Bottom MB || back inter back inter back
inter inter inter inter inter
intra forw back inter intra

Table 3. Macroblock type of concealed MB for B picture

Thesestrategiesare summarisedin Tables 2 and 3, respectively,where “MB” stands for
macroblock, “forw” for forward prediction, “back” for backward prediction, “inter” for bi-
directional interpolation, and “intra” for intra-coded mode.

The motion vector synthesisfollows a similar philosophy:if the top and bottom vectors are
defined, then the average of motion vectors is used for the synthesised macroblock. If ofly one
the neighbourshas valid motion vector(s) defined, then this vector(s)is used;if no motion
vectors are available then the macroblock is synthesised as specified in the intra-frame technique.
5. The results

13
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In Fig. 7 the averageQF, for non-scalableand scalable2codingswith severalsatellite channel
coding rates, is reported as a function of the VBR streams’ BER.

scalable2 channel codings

»
o
|

non-scalable
channel codings

Quality Factor
N
|

3.5
3 I I I ™ Y
1E-08 1E-07 1E-06 1E-05 0.0001 0.001 0.01

BER

Fig. 7. Average QF versus BER for non-scalable and scalable2 with different
channel coding rates of the VBR sequences.

In the graph, we highlight how the error distributions of different PE&es influence the Q&f
MPEG-2 bitstreams. The scalable coding base stream is error-free (thanks to sufficient
protection),andthe enhancemergtreamhas different FEC ratesaccordingto the labelsin the
graph. As mentioned above the residual errors, after convolutional encoding and Viterbi
decoding, are distributed in bursts whose length incre@lses the coding rate decreasesrhus,
for a given BER, the numberof the error burstsdecreasesvith the coding rate. The picture
showsthat, for a given BER, any MPEG-2 codedstreamhas a greatertolerancefor clustered
errors, so it is preferable to have fewer, even if longer, erroneous sequenceaméresulthas
beenachievedwith the experimentof the headeffields protectionwith a BCH encoder.In this
case, the better protection of headers is compensated $gréaeingof erroneoudits produced
by the data interleaver, which is needed by the BCH decodecdoerall the errors.In fact, the
headers’ protection did not produce any appreciable difference in the resulting average QF.

In the following we have considered theedto find out which is the bestvideo codingtypeto
be usedover a noisy satellitelink (amongnon-scalablescalableland scalable2).Indeed,the
base-onlyersionsof the two scalablecodingsshould be consideredas particular casesof the
base+enhancemeobdings.For example let us assumehat one of the two scalablecodingsis
chosen as the best one for this type of transmission. Then the MBE@erat the sourcewill

() Forward Error Correction. It is also used to indicate the channel coding.
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generatawo flows, onefor the baseandonefor the enhancementlata. The transmittingearth
station is themesponsibléor choosingthe bestchannelcoding and dataratefor the two flows,

and possibly for discardingthe enhancementlow. Theseoperationsare basedon real-time
measurements of the attenuation on the satellite link, matteelpgceivingstation. The decisions
of the transmittingstationinfluenceboth the QF of the receivedMPEG-2 data and the satellite
average bandwidth occupancy. In geneaaddigher channeloccupancyleadsto betterquality, so
the choice is a matter of trading off small bandwidth with high video quality.

Bit rate Coding rate Redundancy
8 Mb/s 1.1 1
8 Mb/s 5:4 1.25
8 Mb/s 3:2 1.5
8 Mb/s 2:1 2
4 Mb/s 5:4 2.5
4 Mb/s 2:1 4

Table 4. Bit and coding rate combinations used for the experiment.

In order to make such a trade off, a rationale must be chosen.We used the criterion of
maintaininga given QF while using the smallestpossiblebandwidthon the satellite channel.
Thus, the transmitting station continuously monitieslink attenuatiorand selectsfor both the
baseand the enhancementiows, bit and coding ratessuch that the QF at the receiveris not
smallerthan the targetvalue, while trying to keep the averagechanneloccupancyas small as
possible. Other criteria are possible, and are the subject of current research.

We started by analysing the @ the receivedflow asa function of the satellitechannelbit and
coding rates, and of the channel attenuation.

The channel bit and coding rate combinations used for the experiment (summarised in digble 4)
selectedfrom thoseallowed by the burst modemavailableto us, which dictated most of the
parameters chosdor the experimentln particularthe raw throughputof the video streamafter
channelcodingdoesnot exceed7.2 Mb/s, which is the maximumwe could afford given our
modem and the overhead needed by the available satellite access $¥lilriies constraintwe
chosethe parametersf the MPEG-2 encoderandthosevaluesthat afforded us the maximum
number of different channel coding choices. Each combination of chanaeblmoding ratesfor
both the base and the enhancement flows corresponds to an average bawbwietihcywhich
thus assumes discrete values. Nevertheless, representing the QF on a bandwidth-agéameation
gives a thorough insight into the behaviour of the system as the attenuation changes. Fgures 8,
and 10 show regionsof the bandwidth-attenuatioplane where the QF is comprisedof some
given threshold values. In these figuresjridicatesthe non-scalablémono), B the base,andE

the enhancement flows.

Figure 8 shows the simplest ca3be usableaveragebandwidthvaluesarethosecorresponding

to the horizontal lines, which are labelieith the relative bit and codingrates.For example the

line at 2.37 Mb/s s labelledM(8, 1/1), which means8 Mbit/s channelbit rateand1:1 coding
rate, that is, no FEC is applied. This combinationis the one with the smallest bandwidth
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occupancy.The other horizontal lines representother channel bit and coding rates, with
increasing redundancy and, consequently, increasing data protection from corruption.

Quiality factor for non-scalable method in the range [3;5]

2T " M(4,2/3)
Quiality factor
< 4.6
< 4.5
s | < 4.25
[ < 4. n M(4,4/5
SOl e gM.45)
B L - . =
= =
£
s | 3
S 5¢
| 2
B S M(8,1/2)
: :
S £
@ )
o 4 o
3]
> -
<
M(8,2/3)
3 M(8,4/5)
M(8,1/1)
0o 1 2 3 4 5 6 7 8 9 10 11 12 Fi

gure 8. Isoquality regions in the attenuation/bandwidth plane,
and paths of constant QF for non-scalable MPEG-2 coding.

The white region is the set of points (attenuatimamdwidth)whosecorrespondindQF is greater
than 4.6, out of an attainable QF of 4166 the usedMPEG-2 coding. This regionis practically
error-free, and the quality of the received data is the sathatasf an uncorruptedvideo stream.
The darkestregion is where the quality of the receiveddatais between3.5 and 3, which we
consideredas the floor QF value. As one would expect, a higher bandwidth (higher data
redundancy)gives a bettervideo quality for a given value of the satellite channelattenuation,
while a higher attenuation gives a worse video quality for a given average bandwidth.

The three thick lines are the paths that the transmitting station follows in order to meaouaisi-
constantQF, jumping from one channelcoding and bit rate combinationto the next, as the
channelattenuatiorchangesThe line for QF not lessthan4.5 is the nearestone to the top-left
cornerof the graph, with respecto the linesfor 4.0 and3.5. This visual indication shows the
increasing cost, in terms of average bandwidth, needed for maintaining a QF not smadles,than

with respect to maintaining a QF not smaller than 4.0 or 3.5.
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Figures 9 and 10 are more comptexead, becausef the non monotonicbehaviourof scalable
coding coupledwith FEC coding, and becauseof the possibleelimination of the enhancement
data flow.
Quiality factor for scalablel method in the range [3;5]
6| B(4,1/2)
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<4.6

5
2

< 4. B(8,1/2) + E(8,1/2)
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< 4.
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ol
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0 1 2 3 4 5 6 7 8 9 10 11 12
Link attenuation [dB]
Figure 9. Isoquality regions in the attenuation/bandwidth plane,
and paths of constant QF for scalablel MPEG-2 coding (see Table 1).

As in Figure 8, the white regionis the setof pointswhereQF is not smallerthan 4.6, and the
darkestregionis the floor of the video quality we choseto consider(QF=3). The numberof
possible combinations of channel bit and coding rates for the scalable video codings ithaigher
in the case of non-scalable one (13 versus 5), which translatesgreaterflexibility. Having at

its disposala higher number of possible choices for bandwidth and channel codings, the
transmittingstationcan makea betterjob of choosingthe channel bit and coding rates, while
keepingthe averagebandwidthoccupationas small as possibleand maintainingthe requested
video quality. This is particularly true when low qualities are requested, that is when th€farget
is 4.0 or 3.5. Indeed,in this case,the baseflow aloneis ableto deliver a quality betterthan 4
with both the scalable codings considered.Therefore the averagebandwidth occupancyis
generallysmallerwith scalablecodings than with the non-scalableone, where all the video
information is sent to the receiver no matter what the minimum tolerated video quality is.
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Quality factor for scalable2 method in the range [3;5]
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Figur

e 10. Isoquality regions in the attenuation/bandwidth plane,
and paths of constant QF for scalable2 MPEG-2 coding (see Table 1).

Figures 11, 12, and 13 use the paths computedin Figures8, 9, and 10 to comparethe
performanceof the three coding methodsused(seeTable 1). For eachvideo coding, given a
single target QF, the bandwidticcupiedby the transmittingearthstationis depictedfor a given
attenuation. An MPEG-2oding methodhasa betterperformancahananotherif the path of the
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formeris lower thanthe other,that is, the former usesless bandwidthfor a given attenuation
value. Even if it depends on the attenuation value, the graphs nonetheless give a clearhdea of
the best vide@woding methodis in mostconditions.In Figures1l and12, in fact, the scalable2
method is clearly the winner. Apart from a small range of attenuation values, the scalethie@
uses significantly less average bandwidth than the other methods to obtain the samenin The
reason why the scalable coding performs better thandhescalableone— for targetQF of 3.5
and4.0 — is thatthe former hasthe possibility of droppingthe enhancemerftow. Looking at
Figures 9 and 10, one can notice ttmapathsfor targetQF of 3.5 and4.0 usebase-onlyideo
codingsfor almostthe entire attenuatiorrange.This advantageover the non-scalablecoding is
more significant when the ratio between the base rate and the total flow rate is lower.

Comparison for QF = 3.5

7 L
Video coding types
6r —— non-scalable | -
------- scalablel
— — scalable2

ol

N

w

Average bandwidth [Mb/s]

N

1 2 3 4 5 6 7 8 9 10 11
Link attenuation [dB]

Figure 11. Bandwidth occupation by the transmitting earth station when maintaining a QF
not less than 3.5, for the three video codings considered.
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Comparison for QF =24.0
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Figure 12. Bandwidth occupation by the transmitting earth station when maintaining a QF
not less than 4.0, for the three video codings considered.

The situationis less definite when we considerhigh video quality. Figure 13 illustrates the
performance of the three MPEG-2 codings when the target quality is 4.5. In this casd, thene
two scalable video codings can drop @mhancemerfiow, so this advantagevith respecto the
non-scalable flow is lost. The non-scalable codmghodtakesadvantageof a smalleroverhead
(hencea smalleraveragebandwidthoccupancyyequired,but on the otherhandthe transmitting
station can use greater flexibility in handling the scalable codings, becausatitritane different
channel bit/coding rates to the base and the enhancement flows. In our experimentetfextsvo
compensate, anddeedthe threeMPEG-2 coding methodshavea very similar performancdor
attenuationdessthan about9.5 dB. The only coding usablefor attenuationgyreaterthan this
value is the non-scalable one, but this result is not particularly significant ascimsequencef
our experiment constraints, which limit the average bandwidth to 7.2 Mbit/s.
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Comparison for QF 24.5
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Figure 13. Bandwidth occupation by the transmitting earth station when maintaining a QF
not less than 4.5, for the three video codings considered.

6. Conclusions and Future Challenges

The experiment has given some interesting results. First of all, when the transmission golicy is

keep a medium quality (quality factor not lower than 3.5 at#)e MPEG-2receiver,a scalable
codingresultsadvantageouslhe advantagencreasesith the ratio of the averagetotal bit rate
overthe baseflow bit rate. Whena quality factor not lower than4.5 is required,only the non-
scalablecoding allows the counteringof morethan10 dB of link attenuatiorwithout exceeding
the maximum channel bandwidth availableur system.A higherbandwidthoccupationallows
a higher dataredundancyso it gives a bettervideo quality for a given value of the satellite
channelattenuation Scalablemethodstake advantageof droppingthe enhancementiow, when
necessaryand obtaina quality factor not lower than4 evenat deepfade levels. When higher
quality factor values are required, the intrinsic overhead of the scalable methods is baldaheed by
possibility of suitably protecting the twitows, andresultsare comparablewith the non-scalable
method. The further protectionof the headers’field usinga BCH code did not produceany
appreciabldifferencein the resultingaveragequality factor, becausehe betterprotectionof the
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headersgs compensatedby the spreadingof erroneoushits producedby the data interleaver,
which is needed by the BCH decoder to recover all the errors.

The resultsof this study do not havea generalvalidity, becausehey are strictly relatedto the
tracesof the video sequenceve examinedand, moreover,the choice of the video encoder

parameters to produce the MPEG-2 traces was obliged by the limits of the satellite chavagel we
at our disposal. Nevertheless, we think that the scenario presented can be helpful for thef design

the earthstationsandthe payloadrequiredfor VBR video transmissions.Moreover,the results
obtained encourage us to continue the investigation of the transmission of MA&#€a-2odings
on a noisy satellitelink. Our future work in this field is orientedtowardsstudying a feedback
mechanism between the earth station andiR&G-2 encoder,n orderto choosedynamicallya
scalableor a non-scalablevideo coding accordingto the fade levels detectedin real time. Of

course,someproblemsmustbe addressecdimongothers, such as the delay introducedby the

feedbackmechanismand how the probability of being at a certain fade level influencesthe

choosing of the MPEG-2 video coding.
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