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HDTV Transport over |IP

. The Audio/Video Transport (AVT) working group of
Internet Engineering Task Force (IETF) Is active Iin
standardizing various aspect of the transport of audio
and video over IP

. The IETF is an open standards organization

 Standards allow independently developed systems to
Interoperate and promotes technical progress
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RTP. The Real-time Transport Protoc ol

. RTP is the standard for real-time transport over IP
Video conferencing
VolP/telephony
Sreaming audio and video
Real-time e-science applications

. Published as an IETF Anternet Standard ORFC
+ RFC 3550, 3551
+ Adopted by ITUaspart of H.323
+ 3GPP mobile phones
+ Widespread use in streaming: QuickTime, Real, Microsoft



Philosophy of RTP

. The challenge:

build a mechanism forrobust, real-time media delivery above
an unreliable and unpredictable transport layer

without changing the transport layer

/ N\

Push responsibility for media Make the system robust to
delivery onto the end-points network problems; media
where possible data should be loss tolerant

4 4

The end-to-end argument Application level framing




RTP Data Transfer and Control Protocols

RTP Data Transfer Protocol: The RTP data transfer protocol
Source identification deliversa single media stream
Media identification from senderto one, ormore,
Media transport receivers
+ Padding, If necessary - Few assumptions about the
» Marking of significant underlying transport
events

_ Usually runs over UDP/IP
Sequencing

Timing recovery
+ Typically implemented in an

RTP Control Protocol: application orasa library
Time-base management - User level, not part of the
Quiality of service feedback kernel

Member identification and
management



Protocol Components

RTP Data Transfer Protocol




RIP Summary

. RTP provides a unifying framework for real-time
transport over IP

. Its design is influenced by dual core philosophies:

Application Level Faming
The End-2-end Principle

. RT3 strength lies in its flexibility:
provisonsfor defining RTP payload formatsand RTP profiles
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HDTV Transport over RIP

. RTP provides a framework for HDTV transport over IP
missing element:
+ defining the exact application level framing
RTP payload formatsfor HDTV transport

. Compressed and uncompressed HDTV have different
characteristic, requiring  different payload formats



Compressed HDTV Transport over RIP

. The choice of payload format depends on the
compression scheme

. Broadcast compressed HDTV is an MPEG-2 stream:

RFC 2550
CRTP Payl oad Format for MPEGL/ MPEGR2 Vi deoO
D. Hoffman, G. Fernando, V. Goyal , M. Civanlar

Jan 1998



Uncompressed HDTV over RTP

Two techniques:

1. Circuit Emulation - RFC 3497
¥ Very specific to SMPTE 292M

¥y Hasbeen desgned to be interoperable with existing
broadcast equipment

¥ Not flexible at all, constant rate of 1.485Gbps

2. Native packetization - RFC4175

¥ Veryflexible,can packetize any uncompressed video
¥ Only sendsactive video lines(no line blanking)



Circuit Emulation
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EAYV = End of Active Video

SAYV = Start of Active Video

LN = Line Number

CRC = Cyclic Redundency Check

r Transport a SMPTE292M signal over RTP such thatit can be

completely reconstructed on the receive side

RFC 3497

ORTP Payl oad Format for Society of Mdtion Picture and

Tel evi si on Engi neers (SMPTE) 292M Vi deoO

L. Gharai, C. Perkins, G Goncher and A. Mnki n,

March 2003



RTP Payload Format for SMPTE 292M

r Each SMPTE 292M line ispacketized into one ormore RIP packets

r SAV and EAV sighalsmust not be fragmented acrosspackets
Application of the ALFprinciple
Increaseserrorresiliency and reducesthe impact of a single packet loss

r RFC 3497 usesa 148.5 (or 148.5/1.001) MHz RTP timestamp .
Each 10bit sample can be uniquely identified

+ The RTP Sequence numberisextended by 16 bits
this 32 bit sequence number wraps in ~6hrs (1000 byte packets)

this allows the application to identify a network mishap and take
action
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 The value of line number, the field bit Fand the blanking field V
are taken from the SVIPTE 292M stream



Native Packetization

A flexible, but robust and unified packetization scheme

 Given the multitude of video formats, a more generalapproach is
needed:

RFC 4175

CORTP Payl oad Format for Unconpressed VideoO
L. CGharai and C. Perkins,
Sept enber 2005

Previoudly defined standardsvery specific:

RFC 2431
ORTP Payl oad Format for BT.656 Vi deo Encodi ngO
D. Tynan,
Oct ober 1998



RTP Payload Format for Uncompressed Video

. RFC 4175 covers a range of standard and high

definition video formats
ITU-R BT.601
SMPTE 274M
SMPTE 296 M
E

. Covers a wide range of video characteristics:
S anning techniques: interlaced, progressive
S mple sizes: 8-, 10-, 12-, 16-bit
Colorrepresentations: RGB, BGR, YCrCb, RGBA, E .
Colorsub-sampling: 4:4:4, 4:2:2, 4:1:1, 4:2:0, E .



Pixel Groups

To support application level framing, RFC 4175 introducesthe
concept of Pixel Group orpgroup

The concept of pgroup isnecessary as.
with color sub-sampling adjacent pixels share samples

for 10- and 12- bit samples sizes, the total sum of  shared samples is not
octet aligned

For4:2:2 YCbCrvideo two adjacent pixelsshare chrominance
valuesand are packed in order: Cb0-Y0-Cr0-Y1

8-bit samples -> pgroup 4 bytes
10-bit samples -> pgroup 5 bytes
12-bit samples -> pgroup 6 bytes

RFC 4175 specifiespacking orderand pgroupsfora number of
colorsub-samplingsand representations.



RTP Payload Header for Uncompressed Video
9
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To support high data rates the RTP sequence number is extended by 16
bits, creating a 32 bit sequence number

Flexible packetization scheme: each scanlineis packetized into one or
more RTP packets
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RTP and Congestion Control

 With the increase in media applications and high end
video the network community had increasingly
become concerned about congestion control for
applications that run over UDP

. The IETF now requiresthe RTP payload formats and
profiles address how they will react to congestion and
persistent packet loss



RTP Payload Formats and Congestion Control

RFC 3497:

Seciesthat use of the RTP SMPTE 292M payload format
should be limited to provisoned paths, or pathswith
guaranteed QoS

If best effort IPisused, RTPreceiversMUST monitor packet loss
to ensure that the packet lossrate iswithin acceptable
parameters:

+ If lossrate istoo high, the sender MUST leave the session.

RFC 4175:

If best effort IPisused, RTPreceiversMUST monitor packet loss
to ensure that the packet lossrate iswithin acceptable
parameters:

+ Implementing congestion controlto adapt the transmission
rate; or

+ Requiring offending senderto leave the session



RTP and Congestion Control

Two approaches:

1.  Adding congestion control mechanism to RTP
Defining new RITP profile
Application level solution

2. Running RTP over a transport protocolthat providescongestion
control:

Datagram Congestion Control Protocol
Kernel level solution



[FRC: TCP-Hiendly Rate Control

. TFRC Is "best current practice" congestion control
scheme for multimedia flows:
providesa smooth, slowly changing data rate
iIsfairto TCPflowson average

. TFRC Is an equation based congestion congestion
control scheme:
Usesthe TCPthroughput equation; and

derivesa throughput in termsof observed lossrate, RTTand
packet size

. RFC 3448 defines the TFRC mechanism, with no
assumptions about the underlying transport



RTP Profile for TCP Hiendly Rate Control

. The RTP profile for TFRC, specifieshow RTP/RTCP can be
used to support TFRC:
Data headeradditionsto the RTP Header
Receiverreport extensonsto the RTCP packets

Adjustmentsto RTCP timing rules, satisfying both TFRC and RTP
requirements

Internet-draft:
ORTP Profile for TCP Friendly Rate Control O

Ladan Gharai
October 2005



DCCP. Datagram Congestion Control Protocol

. DCCP Is a transport protocol that provides:

bidirectional unicast connectionsof congestion-controlled
unreliable datagrams

A choice of modular congestion control mechanism
referred to as CCIDs:
CCIDsO0, 1, and 4-255 are reserved
CCID2: TCP-like congestion control
CCID3: THRC congestion control
Other CCIDswillbe defined in the future.

. The DCCP protocol specification has been completed,
and the DCCP specifications are now awaiting RFC
numbers.



RTP Haming over DCCP

. Running RTPover DCCP provides kernel level
congestion control

- Some complexity in mapping RTP  over DCCP,
addressed In:

Internet-draft
ORTP and the Datagram Congestion Control Protocol (DCCP)
Colin Perkins
October 2005



Summary

Standards for HDTV transport over IP are available:
Compressed: RFC 2550, E
Uncompressed: RFC 3497, RFC 4175

Signaling protocols developed and in use by the
community are also applicable HDTV:
SP, RTSP, E

Our challenge is to develop congestion control
standards and mechanisms for best effort IP
environments:

Are suitable forinteractive audio and video

Are both network friendly and applicable to media



