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Abst ract

Thi s docunent describes a payl oad type for bundl ed, MPEG 2 encoded
vi deo and audi o data that may be used with RTP, version 2. Bundling
has some advantages for this payl oad type particularly when it is
used for video-on-denand applications. This payl oad type may be used
when its advantages are inportant enough to sacrifice the nodularity
of having separate audio and video streans.

1. Introduction

Thi s docunent describes a bundl ed packetizati on schene for MPEG 2
encoded audi o and video streans using the Real -tinme Transport
Protocol (RTP), version 2 [1].

The MPEG 2 International standard consists of three |layers: audio,

vi deo and systens [2]. The audio and the video | ayers define the
syntax and semantics of the corresponding "el enentary streans." The
systens |ayer supports synchronization and interleaving of nultiple
conpressed streans, buffer initialization and nanagenent, and tine
identification. RFC 2250 [3] describes packetization techniques to
transport individual audio and video el enentary streans as well as
the transport stream which is defined at the system |l ayer, using the
RTP.
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The bundl ed packetization schene is needed because it has severa
advant ages over other schemes for some inportant applications

i ncl udi ng vi deo-on-demand (VOD) where, audio and video are al ways
used together. |Its advantages over independent packetization of

audi o and vi deo are:

1. Uses a single port per "program (i.e. bundled A/V). This may
i ncrease the nunber of streans that can be served e.g., froma VOD
server. Also, it elimnates the performance hit when two ports are
used for the separate audio and video streanms on the client side.

2. Provides inplicit synchronization of audio and video. This is
particularly convenient when the A/V data is stored in an
interleaved format at the server.

3. Reduces the header overhead. Since using |arge packets increases
the effects of |osses and delay, audio only packets need to be
smal | er increasing the overhead. An AV bundl ed format can provide
about 1% overall overhead reduction. Considering the high bitrates
used for MPEG 2 encoded material, e.g. 4 Mps, the nunmber of bits
saved, e.g. 40 Kbps, may provide noticeable audio or video quality
i mprovenent.

4. May reduce overall receiver buffer size. Audio and video streans
may experience different delays when transmitted separately. The
recei ver buffers need to be designed for the |ongest of these

del ays. For example, let’s assunme that using two buffers, each with
a size B, is sufficient with probability P when each streamis
transmtted individually. The probability that the sane buffer size
will be sufficient when both streams need to be received is P tines
the conditional probability of B being sufficient for the second
streamgiven that it was sufficient for the first one. This
conditional probability is, generally, |less than one requiring use
of a larger buffer size to achieve the same probability |evel

5. May help with the control of the overall bandw dth used by an
A/'V program

And, the advantages over packetization of the transport |ayer streans
are:

1. Reduced overhead. It does not contain systenms |ayer infornmation

which is redundant for the RTP (essentially they address simlar
i ssues).
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2. Easier error recovery. Because of the structured packetization
consistent with the application |ayer fram ng (ALF) principle, |oss
conceal ment and error recovery can be made sinpler and nore

ef fective.

2. Encapsul ation of Bundl ed MPEG Vi deo and Audio

Vi deo encapsul ation follows rules simlar to the ones described in
[3] for encapsul ation of MPEG el enmentary streans. Specifically,

1. The MPEG Vi deo_Sequence_Header, when present, will always be at
t he begi nning of an RTP payl oad.

2. An MPEG GOP_header, when present, wll always be at the
begi nning of the RTP payload, or will follow a
Vi deo_Sequence_Header.

3. An MPEG Pi cture_Header, when present, will always be at the
begi nning of a RTP payload, or will foll ow a GOP_header

In addition to these, it is required that:
4. Each packet must contain an integral nunmber of video slices.

It is the application’s responsibility to adjust the slice sizes and
the nunber of slices put in each RTP packet so that |ower |eve
fragmentati on does not occur. This approach sinplifies the receivers
whi | e sonmewhat increasing the conplexity of the transmtter’s
packetizer. Considering that a slice can be as small as a single
macrobl ock, it is possible to prevent fragnentation for nost of the
cases. |If a packet size exceeds the path maxi mumtransm ssion unit
(path-Mru) [4], this payl oad type depends on the | ower protoco

| ayers for fragnentation although, this may cause problenms with
packet classification for integrated services (e.g. with RSVP).

The video data is followed by a sufficient nunber of integral audio
frames to cover the duration of the video segnent included in a
packet. For exanple, if the first packet contains three 1/900
seconds long slices of video, and Layer | audio coding is used at a
44. 1kHz sanpling rate, only one audio frame covering 384/44100
seconds of audio need be included in this packet. Since the |length of
this audio frame (8.71 nsec.) is longer than that of the video
segnment contained in this packet (3.33 nmsec), the next few packets
may not contain any audio frames until the packet in which the
covered video tinme extends outside the length of the previously
transmtted audio franmes. Alternatively, it is possible, in this
proposal, to repeat the latest audio franme in "no-audi 0" packets for
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packet loss resilience. Again, it is the application’s responsibility
to adj ust the bundl ed packet size according to the m ninum MIU si ze
to prevent fragnentation.

2.1. RTP Fixed Header for BMPEG Encapsul ati on
The foll owing RTP header fields are used:

Payl oad Type: A distinct payload type number, which nmay be dynam c,
shoul d be assigned to BMPEG

MBit: Set for packets containing end of a picture.

timestanp: 32-bit 90 kHz timestanp representing sanpling time of
the MPEG picture. May not be nonotonically increasing if B pictures
are present. Same for all packets belonging to the sane picture.

For packets that contain only a sequence, extension and/or GOP
header, the tinmestanp is that of the subsequent picture.

2.2. BMPEG Specific Header:

0 1 2 3
01234567890123456789012345678901

I S i o T s S S S e s s T

| P | N MBZ| Audi o Length | | Audi 0 O f set |

B i aT T e e o S o S S S I T et sl o ST S S S S S S
MBZ

P. Picture type (2 bits). I (0), P (1), B (2).

N: Header data changed (1 bit). Set if any part of the video
sequence, extension, GOP and picture header data is different than
that of the previously sent headers. It gets reset when all the
header data gets repeated (see Appendix 1).

MBZ: Must be zero. Reserved for future use

Audi o Length: (10 bits) Length of the audio data in this packet in
bytes. Start of the audio data is found by subtracting "Audio
Length" fromthe total |length of the received packet.

Audio Ofset: (16 bits) The offset between the start of the audio
frane and the RTP tinmestanmp for this packet in nunber of audio
samples (for multi-channel sources, a set of sanples covering al
channel s is counted as one sanple for this purpose.)
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Audio offset is a signed integer in tw's conplenment form It allows
a ~ +/- 750 nsec offset at 44.1 KHz audio sanpling rate. For a very
|l ow video frame rate (e.g., a frane per second), this offset may not
be sufficient and this payl oad format may not be usable.

If B frames are present, audio frames are not re-ordered along with
video. |Instead, they are packetized along with video franmes in
their transm ssion order (e.g., an audio segnent packetized with a
vi deo segment corresponding to a P picture may belong to a B
picture, which will be transnmitted |ater and should be rendered at
the sane tine with this audio segnent.) Even though the video
segnents are reordered, the audio offset for a particular audio
segnment is still relative to the RTP timestanp in the packet
cont ai ni ng that audi o segnent.

Since a special picture counter, such as the "tenporal reference
(TR" field of [3], is not included in this payload format, |ost GOP
headers nmay not be detected. The only effect of this may be

i ncorrect decoding of the B pictures imrediately follow ng the |ost
GOP header for some edited video materi al

3. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [1]. This inplies that confidentiality of the media
streans is achieved by encryption. Because the data conpression used
with this payload format is applied end-to-end, encryption nmay be
performed after conpression so there is no conflict between the two
operati ons.

Thi s payl oad type does not exhibit any significant non-uniformty in
the receiver side conputational conplexity for packet processing to
cause a potential denial-of-service threat.

A security review of this payload format found no additiona
consi derations beyond those in the RTP specification

Cvanlar, et. al. Experi ment al [ Page 5]



RFC 2343 RTP Payl oad Format for Bundl ed MPEG May 1998

Appendi x 1. Error Recovery

Packet | osses can be detected froma conbi nati on of the sequence
nunber and the tinestanp fields of the RTP fixed header. The extent
of the loss can be determined fromthe tinmestanp, the slice nunber
and the horizontal |ocation of the first slice in the packet. The
slice nunmber and the horizontal |ocation can be determ ned fromthe
slice header and the first macrobl ock address increnment, which are
| ocated at fixed bit positions.

If lost data consists of slices all fromthe sane picture, new data
following the loss may sinply be given to the video decoder which
will normally repeat mssing pixels froma previous picture. The next
audi o frane nust be played at the appropriate tine determ ned by the
timestanp and the audio offset contained in the received packet.
Appropriate audio franes (e.g., representing background noi se) may
need to be fed to the audi o decoder in place of the |ost audio franes
to keep the lip-synch and/or to conceal the effects of the | osses.

If the received new data after a loss is fromthe next picture (i.e.
no conplete picture loss) and the N bit is not set, previously

recei ved headers for the particular picture type (determned fromthe
P bits) can be given to the video decoder foll owed by the new data.

If Nis set, data deletion until a new picture start code is

advi sabl e unl ess headers are nmade available to the receiver through
some ot her channel

If data for nore than one picture is | ost and headers are not

avail abl e, unless Nis zero and at | east one packet has been received
for every intervening picture of the sane type and that the N bit was
0 for each of those pictures, resynchronization to a new video
sequence header is advisable.

In all cases of heavy packet |osses, if the correct headers for the
m ssing Pictures are avail able, they can be given to the video
decoder and the received data can be used irrespective of the N bit
val ue or the nunber of |ost pictures.

Appendi x 2. Resynchroni zati on
As described in [3], use of frequent video sequence headers nakes it

possible to join in a programat arbitrary tinmes. Al so, it reduces
the resynchroni zation tine after severe | osses.
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Ful I Copyright Statenent
Copyright (C) The Internet Society (1998). All R ghts Reserved.

Thi s docunent and translations of it may be copied and furnished to
others, and derivative works that comment on or otherwi se explain it
or assist in its inplenentation my be prepared, copied, published
and distributed, in whole or in part, without restriction of any

ki nd, provided that the above copyright notice and this paragraph are
included on all such copies and derivative works. However, this
docunent itself may not be nodified in any way, such as by renoving
the copyright notice or references to the Internet Society or other
I nternet organi zations, except as needed for the purpose of
devel opi ng I nternet standards in which case the procedures for
copyrights defined in the Internet Standards process nust be
followed, or as required to translate it into | anguages ot her than
Engl i sh.

The Iimted perm ssions granted above are perpetual and will not be
revoked by the Internet Society or its successors or assigns.

Thi s docunent and the information contained herein is provided on an
"AS |S" basis and THE | NTERNET SOCI ETY AND THE | NTERNET ENG NEERI NG
TASK FORCE DI SCLAI M5 ALL WARRANTI ES, EXPRESS OR | MPLI ED, | NCLUDI NG
BUT NOT LI M TED TO ANY WARRANTY THAT THE USE OF THE | NFORMATI ON
HEREI N W LL NOT | NFRI NGE ANY RI GHTS OR ANY | MPLI ED WARRANTI ES OF
MERCHANTABI LI TY OR FI TNESS FOR A PARTI CULAR PURPCSE
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