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1. Abstract

This menpo describes a schene to packetize an H 261 video stream for
transport using the Real-time Transport Protocol, RTP, with any of
the underlying protocols that carry RTP

This specification is a product of the Audio/Video Transport working
group within the Internet Engineering Task Force. Coments are
solicited and should be addressed to the working group’s nmailing |ist
at rem conf @s. net and/or the authors.
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2.

3.

3.

Pur pose of this docunent

The I TU-T reconmendation H 261 [6] specifies the encodings used by
| TU-T conpliant video-conference codecs. Although these encodings
were originally specified for fixed data rate I SDN circuits,
experiments [3],[8] have shown that they can al so be used over
packet - swi t ched networks such as the Internet.

The purpose of this menp is to specify the RTP payl oad format for
encapsul ating H. 261 video streans in RTP [1].

Structure of the packet stream
1. Overview of the ITU T recomendati on H. 261

The H. 261 coding is organized as a hierarchy of groupings. The video
streamis conposed of a sequence of images, or franes, which are

t hensel ves organi zed as a set of Groups of Blocks (GOB). Note that

H 261 "pictures" are referred as "frames" in this docunent. Each GOB
hol ds a set of 3 lines of 11 macro blocks (MB). Each MB carries
information on a group of 16x16 pixels: |uminance information is
specified for 4 blocks of 8x8 pixels, while chroninance information
is given by two "red" and "blue" color difference conponents at a
resol ution of only 8x8 pixels. These conponents and the codes
representing their sanpled values are as defined in the I TU-R
Recommendati on 601 [7].

This grouping is used to specify information at each | evel of the
hi er ar chy:

- At the frame |evel, one specifies information such as the
delay fromthe previous frane, the inmage format, and
various indicators.

- At the GOB | evel, one specifies the GOB nunber and the
default quantifier that will be used for the MBs.

- At the MB level, one specifies which blocks are present
and which did not change, and optionally a quantifier and
notion vectors.

Bl ocks whi ch have changed are encoded by conputing the discrete
cosine transform (DCT) of their coefficients, which are then
qguanti zed and Huffman encoded (Vari abl e Length Codes).

The H. 261 Huffrman encodi ng includes a special "GOB start" pattern,
conposed of 15 zeroes followed by a single 1, that cannot be initated
by any other code words. This pattern is included at the begi nning of
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each GOB header (and al so at the begi nning of each frame header) to
mark the separation between two GOBs, and is in fact used as an

i ndicator that the current GOB is term nated. The encoding al so

i ncludes a stuffing pattern, conposed of seven zeroes foll owed by
four ones; that stuffing pattern can only be entered between the
encodi ng of MBs, or just before the GOB separator.

3.2. Considerations for packetization

H. 261 codecs designed for operation over |SDN circuits produce a bit
stream conposed of several |evels of encoding specified by H 261 and
conpani on recomendati ons. The bits resulting fromthe Huffman
encoding are arranged in 512-bit frames, containing 2 bits of
synchroni zation, 492 bits of data and 18 bits of error correcting
code. The 512-bit frames are then interlaced with an audi o stream
and transmtted over px64 kbps circuits according to specification
H. 221 [5].

When transmitting over the Internet, we will directly consider the
out put of the Huffman encoding. Al the bits produced by the Huffman

encodi ng stage will be included in the packet. We will not carry the
512-bit frames, as protection against bit errors can be obtai ned by
other means. Simlarly, we will not attenpt to multiplex audio and

video signals in the same packets, as UDP and RTP provide a nuch nore
efficient way to achieve nmultipl exing.

Directly transnitting the result of the Huffnan encodi ng over an
unrel i abl e stream of UDP dat agrams woul d, however, have poor error
resi stance characteristics. The result of the hierachical structure
of H 261 bit streamis that one needs to receive the infornmation
present in the frane header to decode the GOBs, as well as the
information present in the GOB header to decode the MBs. Wthout
precautions, this would nmean that one has to receive all the packets
that carry an image in order to properly decode its components.

If each image could be carried in a single packet, this requirenent
woul d not create a problem However, a video inmage or even one GOB by
itself can sonetimes be too large to fit in a single packet.
Therefore, the MB is taken as the unit of fragnentation. Packets
must start and end on a MB boundary, i.e. a MB cannot be split across
mul tiple packets. Miltiple MBs may be carried in a single packet
when they will fit within the nmaxi mal packet size allowed. This
practice is recomrended to reduce the packet send rate and packet
over head.

To all ow each packet to be processed i ndependently for efficient

resynchroni zation in the presence of packet |osses, sone state
information fromthe frane header and GOB header is carried with each
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t to allowthe MBs in that packet to be decoded. This state
mation i ncludes the GOB number in effect at the start of the

1996

t, the macrobl ock address predictor (i.e. the last MBA encoded

e previous packet), the quantizer value in effect prior tot

he

start of this packet (GQUANT, MMANT or zero in case of a beginning
of GOB) and the reference notion vector data (MVD) for conputing the

true

MVDs contained within this packet. The bit stream cannot be

fragmented between a GOB header and MB 1 of that GOB
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4. Spec

4.1. Us

ver, since the conmpressed MB may not fill an integer nunber
s, the data header contains two three-bit integers, SBIT and
to indicate the nunmber of unused bits in the first and | ast
s of the H 261 data, respectively.

ification of the packetization schemne

age of RTP

The H. 261 information is carried as payload data within the RTP

proto

Turletti

col. The following fields of the RTP header are specified:

The payl oad type should specify H. 261 payl oad format (see
the conpani on RTP profile document RFC 1890).

The RTP tinestanp encodes the sanpling instant of the
first video inage contained in the RTP data packet. If a
vi deo i mage occupi es nore than one packet, the tinmestanp
will be the sanme on all of those packets. Packets from
di fferent video i mages nust have different timestanps so
that franmes may be distinguished by the tinestanp. For

H. 261 video streans, the RTP tinestanp is based on a
90kHz clock. This clock rate is a multiple of the natura
H 261 frame rate (i.e. 30000/1001 or approx. 29.97 Hz).
That way, for each frane tine, the clock is just
increnented by the multiple and this renoves inaccuracy
in calculating the tinestanp. Furthernore, the initia
val ue of the tinmestanp is random (unpredictable) to make
known- pl ai nt ext attacks on encryption nore difficult, see
RTP [1]. Note that if nultiple frames are encoded in a
packet (e.g. when there are very little changes between
two images), it is necessary to calculate display tines
for the franes after the first using the timng
information in the H 261 frane header. This is required
because the RTP tinestanp only gives the display tinme of
the first frane in the packet.

The marker bit of the RTP header is set to one in the
| ast packet of a video frame, and ot herw se, nust be

of
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zero. Thus, it is not necessary to wait for a follow ng
packet (which contains the start code that term nates the
current franme) to detect that a new frame shoul d be

di spl ayed.

The H. 261 data will follow the RTP header, as in:

0 1 2 3
01234567890123456789012345678901
T S T ST S S e T S S S S S S i

RTP header

s S S i I S R R e h T Tk e S S S o T S
| H 261 header
B i aT T ST S O S it T ol STEE S U SR U S e O S S N S S

| H 261 stream... .
B ol it I R S T et S i e e s s s sl o it SRR I TR Sl e T S I SR g

The H. 261 header is defined as follow ng:

0 1 2 3
01234567890123456789012345678901
T T T T S S e T T i
| SBIT |EBIT |I|V] GOBN | MBAP | QUANT | HWD | VWD |
T I S T S S T S I o i SRt SN St S

The fields in the H 261 header have the follow ng meani ngs:

Start bit position (SBIT): 3 bits
Nunber of npbst significant bits that should be ignored
inthe first data octet.

End bit position (EBIT): 3 bits
Nunber of |east significant bits that should be ignored
in the |ast data octet.

| NTRA- frame encoded data (1): 1 bit
Set to 1 if this streamcontains only I NTRA-frame coded
bl ocks. Set to O if this streammay or nay not contain
| NTRA- frame coded bl ocks. The sense of this bit may not
change during the course of the RTP session

Motion Vector flag (V): 1 bit
Set to O if motion vectors are not used in this stream
Set to 1 if notion vectors may or may not be used in
this stream The sense of this bit may not change during
the course of the session
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GOB nunmber (GOBN): 4 bits
Encodes the GOB nunber in effect at the start of the
packet. Set to O if the packet begins with a GOB header

Macr obl ock address predictor (MBAP): 5 bits
Encodes the macrobl ock address predictor (i.e. the |ast
MBA encoded in the previous packet). This predictor ranges
fromO0-32 (to predict the valid MBAs 1-33), but because
the bit stream cannot be fragnented between a GOB header
and MB 1, the predictor at the start of the packet can
never be 0. Therefore, the range is 1-32, which is biased
by -1 to fit in 5 bits. For exanple, if MBAP is 0, the
val ue of the MBA predictor is 1. Set to 0 if the packet
begins with a GOB header

Quantizer (QUANT): 5 bits
Quanti zer value (MQANT or GQUANT) in effect prior to the
start of this packet. Set to O if the packet begins with
a GOB header.

Hori zontal motion vector data (HWD): 5 bits
Ref erence horizontal notion vector data (MD). Set to O
if Vflagis 0 or if the packet begins with a GOB header
or when the MIYPE of the |ast MB encoded in the previous
packet was not MC. HWD is encoded as a 2’'s conpl enent
nunber, and ‘ 10000° corresponding to the value -16 is
forbidden (notion vector fields range from +/-15).

Vertical motion vector data (VMWD): 5 bits
Ref erence vertical notion vector data (MVD). Set to O if
V flag is 0 or if the packet begins with a GOB header, or
when the MIYPE of the |ast MB encoded in the previous
packet was not MC. VWD is encoded as a 2's conpl enent
nunber, and ‘ 10000" corresponding to the value -16 is
forbi dden (notion vector fields range from +/-15).

Note that the | and V flags are hint flags, i.e. they can be inferred
fromthe bit stream They are included to all ow decoders to nake
optim zations that would not be possible if these hints were not

provi ded before bit stream was decoded. Therefore, these bits cannot
change for the duration of the stream A conformant inplementation
can al ways set V=1 and |=0.

4.2. Recommendations for operation with hardware codecs
Packeti zers for hardware codecs can trivially figure out GOB

boundari es using the GOB-start pattern included in the H 261 data.
(Note that software encoders already know the boundaries.) The
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cheapest packetization inplenentation is to packetize at the GOB
level all the GOBs that fit in a packet. But when a GOB is too

| arge, the packetizer has to parse it to do MB fragnmentation. (Note
that only the Huf fman encodi ng must be parsed and that it is not
necessary to fully deconpress the stream so this requires relatively
little processing; exanple inplenmentations can be found in sone
public H 261 codecs such as IVS [4] and VIC[9].) It is reconmended
that MB | evel fragnmentation be used when feasible in order to obtain
nore efficient packetization. Using this fragmentati on schene reduces
the out put packet rate and therefore reduces the overhead.

At the receiver, the data stream can be depacketized and directed to
a hardware codec’s input. |[|f the hardware decoder operates at a
fixed bit rate, synchronization nmay be nmaintained by inserting the
stuffing pattern between MBs (i.e., between packets) when the packet
arrival rate is slower than the bit rate.

5. Packet | oss issues

On the Internet, nost packet |osses are due to network congestion
rather than transm ssion errors. Using UDP, no nechanismis avail able
at the sender to know if a packet has been successfully received. It
is up to the application, i.e. coder and decoder, to handle the
packet | oss. Each RTP packet includes a a sequence nunber field which
can be used to detect packet |oss.

H. 261 uses the tenporal redundancy of video to perform conpression
This differential coding (or INTER-frame coding) is sensitive to
packet |oss. After a packet |oss, parts of the image may remnain
corrupt until all corresponding MBs have been encoded in | NTRA-frane
node (i.e. encoded i ndependently of past franes). There are severa
ways to mtigate packet | oss:

(1) One way is to use only INTRA-frame encodi ng and MB | eve
conditional replenishment. That is, only MBs that change
(beyond some threshold) are transntted.

(2) Another way is to adjust the | NTRA-frane encoding
refreshment rate according to the packet |oss observed by
the receivers. The H 261 reconmendati on specifies that a
MB is I NTRA-frane encoded at | east every 132 tinmes it is
transmtted. However, the |INTRA-frame refreshnent rate
can be raised in order to speed the recovery when the
nmeasured |l oss rate is significant.

(3) The fastest way to repair a corrupted inmage is to request

an | NTRA-frane coded i mage refreshment after a packet
|l oss is detected. One neans to acconplish this is for the
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decoder to send to the coder a |ist of packets |ost. The
coder can decide to encode every MB of every GOB of the
followi ng video frame in I NTRA-frame node (i.e. Ful

| NTRA- f rame encoded), or if the coder can deduce fromthe
packet sequence nunbers which MBs were affected by the

| oss, it can save bandw dth by sending only those MBs in
| NTRA-frame node. This node is particularly efficient in
poi nt -t o-poi nt connection or when the nunber of decoders
is low The next section specifies how the refresh
function may be inpl enent ed.

Note that the nmethod (1) is currently inplenmented in the VIC
vi deoconferencing software [9]. Methods (2) and (3) are currently
i mpl emented in the I'VS videoconferencing software [4].

5.1. Use of optional H 261-specific control packets

This specification defines two H 261-specific RTCP control packets,
"Full | NTRA-franme Request" and "Negative Acknow edgenent", descri bed
in the next section. Their purpose is to speed up refreshnment of the
video in those situations where their use is feasible. Support of
these H. 261-specific control packets by the H 261 sender is optional
in particular, early experiments have shown that the usage of this
feature could have very negative effects when the nunber of sites is
very large. Thus, these control packets should be used with caution

The H. 261-specific control packets differ fromnormal RTCP packets in
that they are not transmitted to the normal RTCP destination
transport address for the RTP session (which is often a multicast
address). Instead, these control packets are sent directly via

uni cast fromthe decoder to the coder. The destination port for
these control packets is the sane port that the coder uses as a
source port for transmitting RTP (data) packets. Therefore, these
packets may be considered "reverse" control packets.

As a consequence, these control packets may only be used when no RTP
m xers or translators intervene in the path fromthe coder to the
decoder. If such internmedi ate systens do intervene, the address of
the coder would no | onger be present as the network-I|evel source
address in packets received by the decoder, and in fact, it mght not
be possible for the decoder to send packets directly to the coder

Sone reliable nmulticast protocols use simlar NACK control packets
transmtted over the normal multicast distribution channel, but they
typically use random del ays to prevent a NACK i npl osi on problem[2].
The goal of such protocols is to provide reliable multicast packet
delivery at the expense of delay, which is appropriate for
applications such as a shared whiteboard
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On the other hand, interactive video transmission is nore sensitive
to delay and does not require full reliability. For video
applications it is nore effective to send the NACK control packets as
soon as possible, i.e. as soon as a loss is detected, w thout adding
any random del ays. In this case, nulticasting the NACK contro
packets woul d generate useless traffic between receivers since only
the coder will use them But this nmethod is only effective when the
nunmber of receivers is small. e.g. in VS [4] the H 261 specific
control packets are used only in point-to-point connections or in
poi nt-to-mul ti poi nt connections when there are | ess than 10

partici pants in the conference.

5.2. H. 261 control packets definition
5.2.1. Full INTRA-frane Request (FIR) packet

0 1 2 3
01234567890123456789012345678901
N S T
|V=2|P| MBZ | PT=RTCP_FIR | | engt h |
T T i S T S S T S S T s
| SSRC |
T S S R T S S S A

Thi s packet indicates that a receiver requires a full encoded image
in order to either start decoding with an entire inmage or to refresh
its inmage and speed the recovery after a burst of |ost packets. The
recei ver requests the source to force the next image in full "INTRA-
frame” coding node, i.e. without using differential coding. The
various fields are defined in the RTP specification [1]. SSRCis the
synchroni zati on source identifier for the sender of this packet. The
val ue of the packet type (PT) identifier is the constant RTCP_FIR
(192).

5.2.2. Negative ACKnow edgenents (NACK) packet
The format of the NACK packet is as follow

0 1 2 3
01234567890123456789012345678901
I I S i A S I i S S

| V=2| P| VBZ | PT=RTCP_NACK | | engt h

I S e Sl I I M S A U S o
| SSRC |
I I s s I i i it S S S S i S S
| FSN | BLP |
T T T S T T S i S A S S
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The various fields T, P, PT, length and SSRC are defined in the RTP
specification [1]. The value of the packet type (PT) identifier is
the constant RTCP_NACK (193). SSRC is the synchronization source
identifier for the sender of this packet.

The two renmi ning fields have the foll ow ng neanings:

First Sequence Number (FSN): 16 bits
Identifies the first sequence nunber | ost.

Bi t mask of follow ng | ost packets (BLP): 16 bits
A bit is set to 1 if the correspondi ng packet has been | ost,
and set to O otherwise. BLP is set to 0 only if no packet
ot her than that being NACKed (using the FSN field) has been
lost. BLP is set to Ox00001 if the packet corresponding to
the FSN and the foll owi ng packet have been | ost, etc.

6. Security Considerations
Security issues are not discussed in this nmeno.
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