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HDTV Transport over IP

! The Audio/Video Transport (AVT) working group of
Internet Engineering  Task Force (IETF) is active in
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 Protocol

! RTP is the standard for real-time transport over IP
" Video c onferenc ing

" VoIP/ telephony

" Streaming aud io and  video

" Rea l-time e-sc ienc e app lic a tions

! Published as an IETF ÒInternet Standard Ó RFC
# RFC 3550, 3551

# Adop ted  by ITU as pa rt of H.323

# 3GPP mob ile phones

# Widespread  use in streaming: Quic kTime, Rea l, Mic rosoft



Philosophy of RTP

! The challenge:
" build  a  mec hanism for robust, rea l-time med ia  delivery above

an unreliab le and  unpred ic tab le transport layer
" w ithout c hang ing  the transport layer

The end- to-end argument Applicat ion level fram ing

Push responsibility for media

delivery onto the end-points

where possible

Make the system robust  to

network problems;  media

data should be loss tolerant



RTP Data Transfer and Control Protocols

RTP Da ta  Transfer Protoc ol:
" Source identification
" Media identification
" Media transport

# Padding, if necessary
# Marking of significant

events
" Sequencing
" Timing recovery

RTP Control Protoc ol:
" Time-base management
" Quality of service feedback
" Member identification and

management

! The RTP da ta  transfer p rotoc ol
delivers a  sing le med ia  stream
from sender to one, or more,
rec eivers

" Few assumptions about the
underlying transport

" Usually runs over UDP/IP

! Typ ic a lly imp lemented  in an
app lic a tion or as a  lib ra ry

" User level, not part of the
kernel



Protocol Components
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RTP Summary

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

! Its design is influenced by dual core philosophies:
" App lic a tion Level Framing

" The End-2-end  Princ ip le

! RTPÕs strength lies in  its flexibility:
" p rovisions for defining  RTP payload  forma ts and  RTP p rofiles
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HDTV Transport over RTP

! RTP provides a framework for HDTV transport over IP
" missing  element:

# defining  the exac t app lic a tion level framing

" RTP payload  forma ts for HDTV transport

! Compressed and uncompressed HDTV have different
characteristic, requiring  d ifferent payload formats



Compressed HDTV Transport over RTP

! The choice of payload format depends on the
compression scheme

! Broadcast compressed HDTV is an MPEG-2 stream:

 RFC 2550
"   ÒRTP Payl oad For mat  f or  MPEG1/ MPEG2 Vi deoÓ
   D. Hoffman, G. Fernando, V. Goyal ,  M. Civanlar ,

Jan 1998



Uncompressed HDTV over RTP

Two techniques:

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

¥ Has been designed  to be interoperab le with existing
b roadc ast equipment

¥ Not flexib le a t a ll, c onstant ra te of 1.485Gbps

2. Native packetization - RFC 4175
¥ Very flexib le, c an pac ketize any unc ompressed  video

¥ Only sends ac tive video lines (no line b lanking)



Circuit Emulation

! Transport a  SMPTE 292M signa l over RTP suc h tha t it c an be
c omp letely rec onstruc ted  on the rec eive side

RFC 3497
" ÒRTP Payl oad For mat  f or  Soci et y of  Mot i on Pi ct ur e and

Tel evi si on Engi neer s ( SMPTE)  292M Vi deoÓ
  L.  Ghar ai ,  C.  Per ki ns,  G.  Goncher  and A.  Manki n,
  Mar ch 2003



RTP Payload Format for SMPTE 292M

! Eac h SMPTE 292M line is pac ketized  into one or more RTP pac kets

! SAV and  EAV signa ls must not be fragmented  ac ross pac kets
" App lic a tion of the ALF princ ip le

" Inc reases error resilienc y and  reduc es the impac t of a  sing le pac ket loss

! RFC 3497 uses a  148.5 (or 148.5/ 1.001) MHz RTP timestamp:
" Each 10bit sample can be uniquely identified

! The RTP Sequenc e number is extended  by 16 b its
" this 32 bit sequence number wraps in ~6hrs (1000 byte packets)

" this allows the application to identify a network mishap and take
action



RTP Payload Header for SMPTE 292M

! The va lue of line number, the fie ld  b it F and  the b lanking  fie ld  V
are taken from the SMPTE 292M stream

   0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
|  V | P| X|    CC  | M|       PT     |  sequence# ( l ow bi t s)           |
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
|                            t i mest amp                          |
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
|                               SSRC                             |
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
|      sequence# ( hi gh bi t s)      | F| V|  Z |         l i ne           |
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
|                                                                |
.                           SMPTE 292M dat a                      .
.                                                                .
+- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +



Native Packetization

A flexib le, but robust and  unified  pac ketiza tion sc heme

! Given the multitude of video forma ts, a  more genera l approac h is
needed :

RFC 4175
" ÒRTP Payl oad For mat  f or  Uncompr essed Vi deoÓ
   L.  Ghar ai  and C.  Per ki ns,
   Sept ember  2005

! Previously defined  standards very spec ific :

RFC 2431
" ÒRTP Payl oad For mat  f or  BT. 656 Vi deo Encodi ngÓ

      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 296M

" É

! Covers a wide range of video characteristics:
" Sc anning  tec hniques: interlac ed , p rogressive

" Samp le sizes: 8-, 10-, 12-, 16-b it

" Color rep resenta tions: RGB, BGR, YCrCb, RGBA, É .

" Color sub -samp ling : 4:4:4, 4:2:2, 4:1:1, 4:2:0, É .



Pixel Groups

! To support app lic a tion level framing, RFC 4175 introduc es the
c onc ep t of Pixel Group  or pgroup

! The c onc ep t of p group  is nec essa ry as:
" with color sub-sampling adjacent  p ixels share samples
" for 10- and 12- bit samples sizes, the total sum of   shared samples is not

octet  a ligned

! For 4:2:2 YCbCr video two ad jac ent p ixels sha re c hrominanc e
va lues and  a re pac ked  in order:  Cb0-Y0-Cr0-Y1

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

! RFC 4175 spec ifies pac king  order and  pgroups for a  number of
c olor sub -samp lings and  rep resenta tions.



RTP Payload Header for Uncompressed Video

! To support high data rates the RTP sequence number is extended by 16
bits, creating a 32 bit sequence number

! Flexible packetization scheme: each scan line is packetized into  one or
more RTP packets

     0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      |  V | P| X|    CC  | M|     PT       |            Sequence number      |
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      |                            Ti me St amp                          |
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      |                              SSRC                              |
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      |      Ext ended sequence no      |         Lengt h                 |
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      | F|         Scan Li ne No         | c |         Scan Of f set           |
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +

        |           Lengt h               | F|         Scan Li ne No         |   
      +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +
      | c |         Scan Of f set           |                                .

       +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +- +      .                         .  
      .                  Two ( par t i al )  l i nes of  v i deo dat a             

     +- - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - +
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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 requires the RTP payload formats and
profiles address how they will react to congestion and
persistent  packet loss



RTP Payload Formats and Congestion Control

RFC 3497:
"  Spec ies tha t use of the RTP SMPTE 292M payload  forma t

should  be limited  to p rovisioned  pa ths, or pa ths with
guaranteed  QoS

" If best effort IP is used , RTP rec eivers MUST monitor pac ket loss
to ensure tha t the pac ket loss ra te is within ac c ep tab le
parameters:

# If loss ra te is too high, the sender MUST leave the session.

RFC 4175:
" If best effort IP is used , RTP rec eivers MUST monitor pac ket loss

to ensure tha t the pac ket loss ra te is within ac c ep tab le
parameters:

# Imp lementing  c ongestion c ontrol to adap t the transmission
ra te; or

# Requiring  offend ing  sender to leave the session



RTP and Congestion Control

Two approaches:
1. Add ing c ongestion c ontrol mec hanism to RTP

" Defining  new RTP p rofile

" App lic a tion level solution

2. Running  RTP over a  transport p rotoc ol tha t p rovides c ongestion
c ontrol:

" Da tagram Congestion Control Protoc ol

" Kernel level solution



TFRC: TCP-Friendly Rate Control

! TFRC is "best current practice" congestion control
scheme for multimedia flows:

"   p rovides a  smooth, slowly c hang ing  da ta  ra te

"   is fa ir to TCP flows on average

! TFRC is an equation based congestion congestion
control scheme:

" Uses the TCP throughput equa tion; and

" derives a  throughput in terms of observed  loss ra te, RTT and
pac ket size

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



RTP Profile for TCP Friendly Rate Control

! The RTP profile for TFRC, specifies how  RTP/RTCP can be
used to support TFRC:

" Da ta  header add itions to the RTP Header

" Rec eiver report extensions to the RTCP pac kets

" Ad justments to RTCP timing rules, sa tisfying  both TFRC and  RTP
requirements

Internet-draft:
ÒRTP Profile for TCP Friendly Rate Control Ó
 Ladan Gharai
 October 2005



DCCP: Datagram Congestion Control Protocol

! DCCP is a transport protocol that provides:
"  b id irec tiona l unic ast c onnec tions of c ongestion-c ontrolled

unreliab le d a tagrams

! A choice of modular congestion control mechanism
referred  to as CCIDs:

" CCIDs 0, 1, and  4-255 a re reserved
" CCID2: TCP-like c ongestion c ontrol
" CCID3:  TFRC c ongestion c ontrol
"  Other CCIDs w ill be defined  in the future.

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



RTP Framing over DCCP

! Running RTP over DCCP provides kernel level
congestion control

! Some complexity in mapping RTP  over DCCP,
addressed in:

Internet-draft
ÒRTP and the Datagram Congestion Control Protocol (DCCP) Ó

Colin Perkins
October 2005



Summary

! Standards for HDTV transport over IP are  available:
" Compressed : RFC 2550, É
" Unc ompressed : RFC 3497, RFC 4175

! Signaling protocols developed and in use by the
community are also applicable  HDTV:

" SIP, RTSP, É

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

" Are suitab le for interac tive aud io and  video
" Are both network friend ly and  app lic ab le to med ia


