UNIT [l

Dr. NANDHINI VINEETH



Layered Video Coding

* Receivers are heterogeneous in RT MM trans.
* Layer media streams is an adv option

 Source distributes multiple level of qual simul across multi n/w channels.
* Receivers tune its recep rate by adjusting number of layers it receives

e Same signal actually delivered heterogeneously to diff set of receivers at
diff levels of quality using heterogeny set of rates.

* Two sub problems are to be solved: Layered compression problem and
layer transmission problem.

e A compr sche that allows us to generate multi levels of quality using mul
layers simu with a n/w deli mode that selec deli a subset of layers to indi
receivers



Layer compression problem:

One approach- encode the video signal with a set of independent encoder each
producing a diff output rate. This is Simulcast.

Adv: we can use exis codecs or compre algo as system components.
Figure expln

It produces multirate set of signals that are indep of one another.

Each layer provides impr quality but does not depend on subordi layers

Fig shows different resolution, refinement can occur based on frame rate or signal
to noise ratio

Video signal is dup to a bulk of inde encoders which compress them to a diff rate
and diff quality

Decoder rx them inde of other layers.

le. Each layer of video rep a resol or quality is coded inde.

A single layer decoder can decode any layer

Avail BW is portioned dep on the quality desired for each inde layer
Inde Deco are used to decode each layer



Layered Coder

* Explores correlation across subflows to achieve better overall
compression

* |/p sighal is compressed into discrete layers arranged in a hier that
provides progressive refinement

* If only first layer is received, lowest quality version is produced by
decoder.

* If two layers are received, the second layer info is combined with the
first layer info to provide improved quality.

* Quality increases with the number of layers received.



Figure 6.28

Simulcast coder.
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Figure 6.30 Conceptual structure of a layered video.
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Figure 6.29 Rate distortion characteristics.



 Distortion is the quality degradation between constructed and orig signal

* The graph gives a rough comparative sketch of Ideal coder, real coder, a
layered coder and simulcast coder

* |deal coder curve rep theor lower bound on distortion achievable as a
function of rate.

 Real coder is close to Ideal

* The layer represent gives the adv that both the enco and deco shows a
similar distortion rate.

* In Layered scheme, to move from pt 1 to 2, encoder does an incremental
computation whereas in real coder- computations need to be done from
scratch

* The worst overhead is with simulcast as every layer has an increasing
complexity as it involves more data from scratch.



* |p video compressed by a layered vc produ a set of logically distint op
strings. The decoder module D is cap of dec any cumulative set of bit strings.
Each addn string produces an improvement.

* Multicast heterogeneity problem can be solved by combing layered
compression with layered transmission.

* |[n simulcast the encoder does create diff layers where each layer is tx on a
diff n/w channel.

* N/w fwds no of layers that each phys link supp

* Each user gets the best what the n/w can deliver

* Selec drop by n/w

* First intro in ATM N/w

* Lower layers contain low reso info whereas the high contain fine info

* This enables the integr of video telephony and bx video services

* |f the bw is premium, even the lower layers can give desired quali

* IN bx appln integ of lower and higher layers happen to satisfy receivers



Error Resilience Approach

* ER Tech for RT video tx over unreli n/w incl
e proto and nw envn and their char
e enco err resil tools,
e decoder error conceal tech
* ones that require coop among enco, deco and nw

* Figure expln- Video Comm systems
* Video compressed to reduce data rate
* Division into fixed /variable size pkts
e Direct tx if non erroneous, else channel encoding using FEC
* Many applns use this FEC as adaptation layer
* Redundancy of bits can be intro either in source or channel encoder

* Shannon info theory states that one can separately design the source and channel coders to
achieve error-free delivery of compare bit stream as long as source is represented by a rate
below the channel capacity. So the source coder needs to be given compression and the channel
coder redundancy.

* The redundancy should be in such a way that missing bits should not cause distortion
* Predictive coding loop and variable length coder plays a major role



Error Resilience Approach
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Video communication system.



Error Resilience Approach: Error — Resilient
Encoding

* Mechanisms for taking care of tx errors can be cate into
* Those introduced at source and channel encoder

* Those invoked at decoder upon detection of errors

* Those that require interactions between the source encoder and the decoder
so that encoder adapt its operation based on the feedback given by decoder

* Error — Resilient Encoding
* Redundancy — inefficient
* Hence smallest amt of redundancy is the target
* Variable length coder to rep symbols.

* Bit errors can make current codeword as well others that follow also
undecodable



Error — Resilient Encoding

e Soln: Resync markers
* RVLC much better than VLC — used in Mpeg 4 and H.263

* Use of spatial prediction for DC coefficients and motion vectors will also cause
error propagation

 Solution is Intracoded pictures(l Frames)

* Sometimes inefficient- delay is the criteria

* Indep Segment Decoding - (Recollect GOB 3 dep on prev GOB3 ONLY)
 BASE LAYERS AND ENHANCEMENT LAYERS

* Unequal error protection is required

* Base layers are protected strongly
* Assigning a more reliable subchannel
e Stronger FEC codes
* Allowing more retx



Error — Resilient Encoding

* Multiple Description Coding:
* As Layer coding, this tech divides a service into sub streams known as
descriptions but all descriptions are correlated and have simi importance.
* They share some fundamental info about the source
* This correlation also decides rate of redundancy in MDC
* Adv: does not requi special provisions in n/w to provide a reliable channel.

e LC uses hierar, decorrelating decomposition, MDC uses non hierarchial,
correlating decomposition



Error — Resilient Encoding

* Objective of ER- enhance robustness of compressed video to packet
loss.

 Stdized ER encoding schemes incl resync marking, data partitioning
and data recovery

 With MDC, robustness is seen as even if one description is received
and the others are lost, it can still reconstruct video with acceptable
quality. When more descriptions are received, quality is more

* Design of the descriptions support better compression



Error — Resilient Encoding:
Decoder Error Concealment

e Recovery or estimation of lost info due to tx errors

* Three types of info need to be looked into a damaged MB

e Texture information — includes a pixel and DCT Coefficients value for the orig
block or predicted block

* Motion estimation- consisting of Motion Vectors for a MB eitherin P or B
mode

* Coding mode of MB.

* Effective approach is to copy the corr MB in the prev decoded frmae,
based on MV for this MB

* Temporal Prediction combined with spatial prediction reduce the
effect of errors in estimated motion vector.



Another aIE)proach is to interpolate pixels in damaged blocks from pixels correctly rx block
as alll block in same row writes into the same packet/may be in the prev row/ boundary
pixels

Replace a block with another with the same DC coeff (mean value)
Interleaved packet mechanism — when used may result in damage in every other block

S|Ioatial interpolation approach — challenge is to determine an appropriate interpolation
filter as well it drops DCT coeff

Another way for Sl is by using spatial Interpolation using projection onto convex
set(POCS)- formulate each constraint about the unknowns as a convex set.

* Optimal soln is the intersection of all the convex sets obtained by recursively projecting a prev soln
on to indi convex sets

* To recover an image block, the spatial smoothness criterion is formulated in the freq domain by
requiring the DFT of the recovered block to have energy only in sev low freq coeff

* |f damaged block is believed to contain an edge in a particular direc, DFT coeff can be distri along a
low pass along the edge direction and all pass in the ortho direction. May not be suitable for RT

appin



Error Resilent Entropy code

* Resync is provided to avoid error propagation

* le. Insertion of special syn codewords (length longer than max VLC codeword) into the bit stream. Sync code recog here

* Alternate approach- Error Resilent Entropy code(EREC)

* Rearranges var length blocks into fixed length slots of data prior to transmission.

* Each VLC must have a prefix code which can help in decoding of the block without ref to prev or future blocks

* Total length of the frame is T=5i=1..N (si) N-no of slots si- length of slots in bits. All values are known to encoder as well decoder
* N slots data can be tx sequ without risk of loss of sync

* EREC reorg bits of each block into EREC slots.

* Decoders are able to determine the end of each var length block

* |n absence of errors, direct decode

* If Errors- If it find block end before the slot end, it knows that the rest of the bits in that slot belong to other slot.(Detection and
Recovery is easy here as the end is known)

If block end is seen after the slot, the bits have entered into the other slot (Recovery is complex)



Real Time protocols

End to end protocols for appins tx RT data such as audio/video, simulation data over multicast or unicast
network services.

Designed to satisfy the needs of multiparty multimedia conferences

Functions — determination of media coding, synchronization, framing, error detection, encryption, timing and
source identification.

Does not address resource reservation and does not guarantee QoS for real time services.

Does not provide mech to ensure timely delivery of data or guaranteed delivery but relies on lower layer
services

Does not guarantee delivery or prevent out of order delivery

Header carries the sequence numbers to allow the end system to reconstruct the sender’s packet sequence, but
can be used to properly place the packet in video decoding

Makes use of n/w proto ST-Il or UDP/IP for the delivery of data
Relies on underlying protocol for demux

Profiles are used to specify certain parts of the header for parti set of ar)plns. This means that particu media
info is stored in an audio/video profile such as set of formats and default mapping of these formats

Used in some Mbone tools for ex nv. This is a packet video program used to support visual interaction in tele
conferencing over Mbone. Nv does all network I/O, RTP the processing and the X window system does the
interaction



Real Time Control Protocol(RTCP)

* RTP has a Companion protocol(RT-Control Protocol) to convey info
about the participants of a conference.

 RTP and RTCP have sep ports

* Monitoring:
* Used for monitoring of QoS and for conveying information about the
participants in an ongoing session.

* Monitoring is done by an application called QoS monitor which receives the
RTCP messages.

* Estimates the current QoS for monitoring, fault diagnosis and long-term
statistics

* Loosely Controlled Sessions



Resource reservation Protocol (RSVP)

Protocol which transfers reservations and keeps a state at the intermediate nodes. Does not have a data transfer component. RSVP messages are

nn

sent as IP datagrams, and the router keeps “soft state””, which is refreshed by periodic reservation messages, which are deleted after a certain
time out if not refreshed

Specified by IETF to provide one of the compo for integ services on Internet.

For inte IN INTERNET, 4 components need to be implem

* Packet scheduler, admission control routine, classifier and the reservation set up protocol

Designed to satisfy the foll requirements
* Must acco heterogeneous service needs
* Must give flexi control for reservations that can be shared along the branches of the multicast delivery tree
*  Must accommodate elem act such as adding one sender and or receiver to an existing set, or deleting one
* Must be robust enough to scale well to large multicasting groups

* Must provide for adv reservation of resources, and for preemption that this implies
Reservation specifies the amt of resources to be served for all or some subset of packets in a particular session.

Internet arch demands that all flow related states should be in end system- fundamental change to Internet model is introduced by making the
resource reservation requirement to add the flow speci control state in the routers

Resource quantity is specified by flow-spec parameterizes the packet scheduling mech
The pkt subset to receive these resources is specified by a filter-spec. This defines a pkt filter that is instantiated in the classifier
Provides a very gen facility for creating and maintaining a distributed reservation state across the mesh of a multicast delivery path

Receiver — oriented ie, the sender starts but the actual reser of resources is perfomed by the rx to support heterogeneous rec in multicast group



Distance Vector Multicast Routing Protocol

* Mbone is the multicast backbone- Internet segment which is helpful in
providing IP multicast routing service

* Collection of unix ws running a routing daemon called mrouted —
implementation of Distance Vector Multicast Rp

e Layered on top of INT’s unicast topology.

* Conn bw the Mbones unix ws is provided by same internet links used for
the usual applns. (No special conn/links)

. Tu?]peling is used to give the non —multicast router have a feel on regular
traffic

* Conf sess and other INternet tech meetings can be multicast and remote
users can listen to talks and ask the speaker questions (two way
interaction)



Decoder error concealment

* Recovery or estimation of lost info due to transmission errors.

* Three types of information may be needed to estimate in a damaged MB: texture information, including
* the pixel and DCT coeff values for either an original image block or a predictive error block.
* Motion estimation for an MB in either P or B mode
* Coding mode of MB.

* Another approach is to copy the previously decoded frame based on MV for this MB. Perfo is based on the
availability of MV

* Temporal prediction can be combined with spatial interpolation

* From pixels in adjacent correctly received blocks

* Boundary pixels can be used for interpolation.

» Estimate the DC coefficient of a damaged block and replace by a constant equal to the estimated DC value
* DC value can be estimated by averaging the values in surrou block

* One way is by an interleaved packetized m



Multimedia across |P Networks

* Multimedia merges comm, computing and info processing into an
interdisciplinary field.

 |P Based data networks reach millions anytime, anywhere

* These work on enh produc, reduction of costs and increase in
business agility

* Challenges are faced in the deli of mm appln in a cost effec,
ubiquitous and quality gua manner



MAIP: Video transmission across ip networks

* Video transmission across ip networks

e Sending video across IP has essentially two main compo: video data compre and design of comm
proto

* Oneappristo design low bit rate coders protecting the resulting bit stream with channel codes and
using one of the std Internet Protocols to tx resulting data stream.

* If the source bit rate is low enough and the channel is not too congested, using TCP is
possible where no errors occur and there is no need of channel codes. Otherwise udp is
used with a const packet injection rate and low redundancy channel codes are used to
protect against infreq pkt loss

* Design of good compression algo deals with all.

* n./w is assumed as a black box or a fixed standard pipe with no differentiation of packets
at the socket level or lower.

* Main drawback: it does not deal well with the time varying nature of the channel-
severely underused by using a low bit rate coder.

* High in]J'ect rates show fluctuations in the packet loss rate making it diffi to guarantee a low
prob ot decod error.

* A careful matching of Reed Solomon ¢odes to.the importance of diff portions of an MPEG-
2 stream has been proposed
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MAIP: Video transmission across ip networks

* Another appr- designing new transport proto, but by using either std video coding
algcr)] generating a fixed syn for the compressed bit stream by using layered coding
tec

 Adv:

* Flow Control becomes a part of the protocol

* As bit stream syntax is known, it is possi to put all data belonging to a motion trajectory into a
packet. If lost, entire path data is lost and hence error propagation is reduced

» Selec Retx of pkts possible dep on whether the intracoded blocks are present or not
* Design of good comm proto becomes imp here. Coder can be one from the std-H.26x or
MPEG-x
e Disadv:
* Limiin performance by the nature of the coder used

* Video coders based on multiresolution tech are inherently mismatched to a network
providing no form of pkt differentiations

* When protocols are not able to ensure error free transmissions, lack of robustness in coders
causes the quality of decoded signals



* Design of the interf bw networks and appln is a problem
* One done is leaky bucket controlled in ATM networks

* Video across ATM is interesting because of two reasons:
 ATM is the canditate tx tech for future BISDN all the way to end user
* Give QoS guarantees for applications.

e Curr IP N/w given only best effort appro — no QoS guarantee given — hence
no contract bw source and the network.- no policing mechanism



MAIP: Traffic specification for MPEG Video tx

* Integrated services Internet by IETF Integrated services shows best effort dg deli and addn
enhanced QoS deli classes exists.

* Two are formally specified — Guaranteed service and controlled load service.
* GS- prov ensured level of BW, firm eed, no queueing loss for confirming packets in a data flow.

. golntrolled Load service- intended for adap RT applications, tolerating a certain amt of loss and
elay

* Sources need to declare the offer traffic char — Tspec and admn control rules ensure that req are
accepted only if suffi net resources are available

. ?lervice- specific policing actions have to be employed within the net so that non confirming data
OWS.

Policing- token bucket device- non confirming pkts are marked and fwded as best effort traffic
Traffic specification is a ref pt allowing the source and the nw to pursue sep two targets:

To provide the agreed Tspec (Source)

To allo source requ and to police source traffic (network)



MAIP: Traffic specification for MPEG Video tx

* |t becomes nece to include some capa to calcu Tspec para in the source so that the
traffic is reshaped according to agreed upon values

* The Tspec parameters:
* Peak rate — in bytes of IP pkt/sec spec max rate —during bursty traffic
* Token bucket depth measured in bytes
Bucket rate of the token bucket measured in bytes of Ip packets/sec
Mini policed unit(m) measu in bytes —min size of n/w pkts. All <m also treated as m
Max IP pkt size

* Video source can be modeled as a switched batch Bernoulli process(SBBP) taking into
account both intra and inter — GOP correlations.

A model is run to check with a sample input, suitable token bucket size at access point
and what is the expected output.

e With the result, various para are set to guaran both the upper bound for loss prob and
the average delay suff- upper bound for marking prob in the token bucket at the netw
acce point



MAIP: Bandwidth Alloc Mech

MM applns requ the tx of RT stream across the n/w.

* Pay-per view movies, dist learning, digi lib —examples

* Exhibit bit rate variability, demands performance from the network-bw and loss rate

* Premium services- BW alloc based on stream peak rate

* Alot of BW may be wasted even with smoothing tech which may result in lower QoS

* Another approach — Dynamic bw alloc compa to fixed

 When source demands addn bw, issues are faced as guaranteed services cannot be given

* Many works on this-
1. Regeneration mechanism
2. Peak rate to premium services which reduces the peak rate alloc to others -BAM

3. Rxrequavideo, composed of N frames from sender. Discrete time model - One time unit —between succ
frames are incl. a(i)- amount of data sent at time i, band(i)=max{a(j), f‘>=’|‘}. Addn BW prob is solved.
Dealloc before the time slot the addn time allotted. Overhead by dealloc is small

BW U=Yi=1to N a(i) / >i=1 to N band(i)
BW is greater than BAM



MAIP: Fine grained scalable video coding for

Multimedia Across ip

* FGS

* FGS (Fine Granular Scalability) was first intro to MPEG-4, there were 3
proposals- Waveform, dct and matching pursit based. Similar results were
observed.

 Strikes a good balance bw coding eff and scalability

Good resilence during pkt loss

* Many versions showing improvement

* 3 aspects-

e 1.averysimple residual compu appr —better performance

» 2. adaptive quant appr resulted in two FGS-based video coding tools

* 3. a hybrid all- FGS scalability struc. This enables quality, temporal or both temporal-SNR
scalable video coding and streaming

* To mleet the above, FGS encoding is designed to cover any desired bw range when scal stru is
simple
Figure to be explained



MAIP:Fine grained scalable video coding for
Multimedia Across ip

e Target is to give streaming in Internet equivalent to TV bx
* Challenge: scalability

* Requirements

* Soln must enable a streaming sever to perform mini RT proc and rate control
when outputting a large number of simul unicast streams

Highly adaptable to unpred bw vari because of heterogenous access tech of
rx or due to dynamic changes in nw condn

Low complexity decoding and low memory requirement
Supp unicast and multicast appln
Resilient to pkt loss events









MOBILE NETWORKS

* Large no of users require simul high data rate access for appln of wireless moile
internet and ecommer

* Large bw, guar qos and ease of deployment with recent adv in semiconduc tech
make this attract soln for broadband service deli

* 1G- analog system(1980s)
* 2G- GSM (Global system for mobile comm)-1990

* 3G mobile systems known as UMTS-Universal Mobile Telecommunications
Service-interesting devel

* IMT(Intn Mobile Telecomm)2000 -3G(2001)- plays a keg role of the mobile
telecom infrastructure for providin% mm services supp by user bit rates upto
2Mbps-full mobility capability but limi data rates

* 4G- research on wireless access and WLAN System - target higher data rates
with fixed systems — IP capable - A flexi mobile termi with multimode functions



MOBILE NETWORKS

e Using GSM ex, atleast two clear trends can be seen in contn enhan f the
system

 Basic speech service is developing with enhancements in quality / capacity
performance

* Available data rates are incr making live video tx and mm realistic

Speech transmission in GSM

 Domi serv is basic telephony service

 GSM improved std schemes- Enhanced Full rate(EFR) and Adaptive Multirate(AMR)
* EFR- provides speech quality equi to that of a wireline tele ref

* Full rate- 22.8kbps- 12.2 Kb/s for speech coding and 10.6kbps for error protec

* Speech coding is based on Algebraic Code Excited Linear Prediction(ACELP) algo

* Perfo can be enhan by using a diff capa alloc bw source and channel coding in severe
channel error condn



MOBILE NETWORKS

* GSM AMR codec oper in FR(22.8 kbps) and half rate (11.4kbps) adap
source coding and channel coding

* Better effn is achieved here — when a good channel condn is
encountered it switches to a FR mode

* This is done by link adaptation with inband codec mode control and
transmission of channel quality meas data



MOBILE NETWORKS-Video across GSM

 The data rate of 9.6kbps of GSM circuit- swit are insuff for RT TX

e High data rate GSM use single slot data rate from 9.6kbps to14.4 kbps as well use of
multiple data tx slots for one conn. Data rate of 28.8kps can be achieved. —suff for simple
video telephony

 Compression is another area to improve effn
* Figure explanation

* Input video -l (x,y) sent to PEC block where e (x,y) along with the motion estimation is
sent to the decoder

* In decoder- nth frame of the sequence is reconstructed by predicting each segment and
then by adding the rec predic error, | (x,y) =P, (X,y)+ En(x,yx’
* Motion Estimation:

* Segmentation starts by splittinf 32 X 32 blocks in quad tree fashion- as long as suff motion esti
perfo improvement is obtaine

* Smallest possible number of motion coeff — affine motion model
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Mobile ATM

* Defines the design functions of control/signaling

* Mobile user in ATM can comm with either another mobile user or atm end
user-VC established

AP TO AP-Handover required

* An efficient switchover from old data path to new data path required —fast
enough

* No cell is lost- cell sequence preserved
e Cell buffering — uplink and downlink

* When mobile cells may not completely reach AP, hence buffering. When conn
is up, it sends all the buffered cells. Downlink cells are buffered by AP.



Mobile ATM

* When a mobile ATM connects with another ATM endpoint — two location
management schemes are important- mobile scheme, location register
scheme

* In mobile scheme when user moves, reachability updates propagate only in
a limited region. If a call origi in the same region, a conn is established to
the mobile. If a switch outside the region originates the call, it connects
first to home agent which then fwds the call to the mobile. This scheme
dec no of signalling messages during a local handover.

* In loc register scheme, an exp search is required prior to the establishment
of conn. A hierarchy of loc registers which is limited to a certain level is
used



Mobile IP

* This invo comm bw devices(initiated by human/automatic)
* This may be satellite GPS comm to end devices
* Fixed devices work with same IP. Mobile devices have to be assigned new numbers

* Mobile Ip is a std protocol that builds on IP by making mobility transparent to
applications and higher level pro like TCP

* Every device has two addresses- home addresses and a core address that changes based
on the point of attachment

* Routers fwd packets from incoming interfaces to outgoing
* Challenge- higher layers like TCP dep on IP address +port number
e So two addresses are used- home address and care of address (mobile)

* Home agent is the node which takes the responsi of buffering the packets to be sent to
the mobile node’s care of addr

* Any change in care of addr is intimated by the mobile node to the home agent



Once the packet has reached the mobile node, the destn IP is changed to home addr for
TCP to work better.

Summary: Three sep mechanisms
* Discovering the care of address
* Registering the care of address
* Timing to the care of address

Foreign agent helps in the conn of mobile node to the home agent. Agent advertisement
-Functions:

* Allows for the data detection of mobile agents

* Lists one or more avai care of addresses

* Informs mobile node about spe features like alternative encapsulation techniques

* Let mobile nodes know their network number and status of their link to Internet

* Let the mobile node know whether the agent is a home agent or a foreign agent or both.
* Three figures are to be explained

Network Address Translation in case of private networks
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