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*** Start change 2 ***
5.2.2
Video

MTSI clients in terminals offering video communication shall support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile (CBP) Level 1.2.


In addition they should support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile Level 3
In addition they may support:

-
ITU-T Recommendation H.263 [22] Profile 0 Level 45.










When H.264 (AVC) is used it is recommended to transmit H.264 (AVC) parameter sets within the SDP description of a stream (using sprop-parameter-sets MIME/SDP parameter – RFC3984 [25]). Moreover, it is not recommended to reuse any parameter set identifier value that appeared previously in the SDP description or in the RTP stream.

The H.264 (AVC) decoder in a multimedia MTSI client in terminal shall either start decoding immediately when it receives data (even if the stream does not start with an IDR access unit) or alternatively no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bit stream. However, the MTSI client in terminal shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client in terminal is out of scope of the present document.
An MTSI client in terminals offering H.264 (AVC) CBP support at a level higher than Level 1.2 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminals offering video support other than H.264 CBP Level 1.2 shall also offer H.264 CBP Level 1.2.
If a codec is supported at a certain level, then all (hierarchically) lower levels shall be supported as well.
NOTE 1:
Examples of lower levels include Level 10 for H.263 Profile 0 and Level 1 for H.264 (AVC) Constrained Baseline Profile. However, as for instance Level 20 is not hierarchically lower than Level 45 of H.263 Profile 0, therefore support for Level 45 does not imply support for Level 20.

NOTE 2:
All levels are minimum requirements. Higher levels may be supported and used for negotiation.

NOTE 3:
MTSI clients in terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264 (AVC) to control the display process.

NOTE 4:
An H.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes use of this feature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in RFC 3984 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on end‑to‑end delay.

NOTE 5:
If a codec is supported at a certain level, it implies that on the receiving side, the decoder is required to support the decoding of bitstreams up to the maximum capability of this level. On the sending side, the support of a particular level does not imply that the encoder may produce a bitstream up to the maximum capability of the level.

NOTE 6:
If video is used in a session, an MTSI client in terminal should offer at least one video stream with a picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image sizes that satisfy these conditions.

*** End change 2 ***

*** Start change 3 ***

7.4.3
Video

The following RTP payload formats shall be used:

-
H.263 video codec RTP payload format according to RFC 4629 [29];


-
H.264 (AVC) video codec RTP payload format according to RFC 3984 [25], where the interleaved packetization mode shall not be used. Receivers shall support both the single NAL unit packetization mode and the non‑interleaved packetization mode of RFC 3984 [25], and transmitters may use either one of these packetization modes.

*** End change 3 ***

*** Start change 4 ***

7.5.2.2
Video

An MTSI client should follow general strategies for error-resilient coding (segmentation) and packetization as specified by each codec [22], [24] and RTP payload format [25], [29] specification. Further guidelines on how the video media data should be packetized during a session are provided in this clause.

Coded pictures should be encoded into individual segments:

-
For H.263 Profile 0, a Picture Start Code (PSC) or non-empty Group of Block (GOB) header indicates the beginning of such a segment.

-
For H.264 / MPEG-4 (Part 10) AVC, a slice corresponds to such a segment.

Each individual segment should be encapsulated in one RTP packet. Each RTP packet should be smaller than the Maximum Transfer Unit (MTU) size.

NOTE 1:
Unnecessary video segmentation, e.g. within RTP packets, may reduce coding efficiency.

NOTE 2:
RTP packet fragmentation, e.g. across UDP boundaries, may decrease transport overhead and reduce error robustness. Hence, packet size granularity is a trade-off between error robustness and overhead that may be tuned according to bearer access characteristics if available.

NOTE 3:
In most cases, the MTU-size has a direct relationship with the bearer of the radio network.

*** End change 4 ***

*** Start change 5 ***

15.3
Example Configuration of 3GPP MTSINP MO
The examples below are configurations of 3GPP MTSINP MO for selected speech, text, and video sessions in Annex A. An example of SDP offer for speech session is shown in Table A.6.1, which includes two RTP payload types for AMR-NB. Parameter values in Table 15.1 may apply to both payload types and additional SDP parameters such as max-red may be included under the Ext node as vendor extensions. Depending on the implementation, two sets of session parameters may be defined for the two payload types respectively.

Table 15.1: Example configuration of MTSINP for speech session

	Speech
	ID
	4

	
	TAG
	Undefined

	
	Priority
	2

	
	Codec
	“AMR”

	
	Bandwidth
	AS
	30

	
	
	RS
	0

	
	
	RR
	2000

	
	RateSet
	Undefined

	
	ConRef
	Undefined


An example of SDP offer for text session is shown in Table A.5.1, which includes two RTP payload types, with and without redundancy, for T.140. Parameter set with a higher priority applies to the preferred case, i.e., sending text with 200 % of redundancy while parameter set with a lower priority corresponds to the case of no redundancy. Note that the value of the TextFormat node is used in the “a=rtpmap” line for no redundancy while “red” is used in the “a=rtpmap” line for redundancy.

Table 15.2: Example configuration of MTSINP for text session
	Text
	ID
	3

	
	TAG
	Undefined

	
	Priority
	1

	
	TextFormat
	“t140”

	
	Bandwidth
	AS
	Undefined

	
	
	RS
	Undefined

	
	
	RR
	Undefined

	
	RedundancyLevel
	200

	
	ConRef
	Undefined

	Text
	ID
	4

	
	TAG
	Undefined

	
	Priority
	2

	
	TextFormat
	“t140”

	
	Bandwidth
	AS
	Undefined

	
	
	RS
	Undefined

	
	
	RR
	Undefined

	
	RedundancyLevel
	0

	
	ConRef
	Undefined


An example of SDP offer for video session is shown in Table A.4.9, which includes two RTP payload types for H.264 and H.263 respectively. Although the “b=AS” value can also be computed with the Source and PayloadSize nodes, a different value with appropriate implementation margin can be directly assigned to the AS node. If the AS, Source, and PayloadSize nodes are defined together, the AS node value should be used for setting “b=AS”. In Table 15.3, the “b=AS” values of 315 and 57 kbps, for H.264 and H.263 respectively, are computed assuming IPv4 addressing. Note that the Priority nodes of H.264 and H.263 are assigned values of 5 and 3 respectively, which shows that depending on service policy, parameters sets of lower priority may be preferred in the construction of SDP offer. If the ImageAttr node is to be defined, as for H.264 in Table A.4.9, the maximum image size in either the Send or Recv node shall not exceed the maximum size limited by the offered codec level, which is 352x288 for Baseline profile at level 1.1. 
Table 15.3: Example configuration of MTSINP for video session
	Video
	ID
	4

	
	TAG
	Undefined

	
	Priority
	5

	
	Codec
	“H264”

	
	Bandwidth
	AS
	315

	
	
	RS
	0

	
	
	RR
	2500

	
	
	Source
	300

	
	
	PayloadSize
	1250

	
	ProfileLevel
	H263
	Profile
	Undefined

	
	
	
	Level
	Undefined

	
	
	MPEG4
	Undefined

	
	
	H264
	“42e00c”

	
	ImageAttr
	Send
	“176, 144, 224, 176, 272, 224, 320, 240”

	
	
	Receive
	“176, 144, 0.5, 224, 176, 0.5, 272, 224, 0.6, 320, 240, 0.5”

	
	ConRef
	Undefined

	Video
	ID
	1

	
	TAG
	Undefined

	
	Priority
	3

	
	Codec
	“H263-2000”

	
	Bandwidth
	AS
	57

	
	
	RS
	0

	
	
	RR
	2500

	
	
	Source
	48

	
	
	PayloadSize
	250

	
	ProfileLevel
	H263
	Profile
	0

	
	
	
	Level
	10

	
	
	MPEG4
	Undefined

	
	
	H264
	Undefined

	
	ImageAttr
	Send
	Undefined

	
	
	Receive
	Undefined

	
	ConRef
	Undefined


*** End change 5 ***

*** Start change 6 ***

A.4.1
Void


	

	
















	

	









A.4.2
H.264/AVC with H.263 as fallback

In this example the SDP offer includes H.264/AVC with H.263 as fallback.

Table A.4.3: Example SDP offer for H.264/AVC with H.263 as fallback

	SDP offer

	m=video 49154 RTP/AVP 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==
a=rtpmap:100 H263-2000/90000
a=fmtp:100 profile=0;level=10


The first (preferred) offer is H.264/AVC. The packetization-mode parameter indicates single NAL unit mode. This is the default mode and it is therefore not necessary to include this parameter (see RFC 3984). The profile-level-id parameter indicates Constrained Baseline profile at level 1.2, which supports bitrates up to 384 kbps. It also indicates, by using so‑called constraint-set flags, that the bit stream can be decoded by any Baseline, Main or Extended profile decoder. The third parameter, sprop-parameter-sets, includes base-64 encoded sequence and picture parameter set NAL units that are referred by the video bit stream. The sequence parameter set used here includes syntax that specifies the number of re‑ordered frames to be zero so that latency can be minimized. The second offer in the SDP is H.263 Profile 0 (Baseline) at level 10. It is used here as a fallback in case the other MTSI client does not support H.264/AVC. The bandwidth (including IP, UDP and RTP overhead) for video is restricted to 315 kbps. A fallback to H.263 should modify that bandwidth in the SDP answer to one more suited to the H.263 level.
An example SDP answer to the offer is given below.

Table A.4.4: Example SDP answer

	SDP answer

	m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==


The responding MTSI client is capable of using H.264/AVC and has therefore removed the fallback offer H.263. As the offer already indicated the lowest level (level 1.2) of H.264/AVC as well as the minimum constraint set, there is no room for further negotiation of profiles and levels. However, the bandwidth could be constrained further by reducing the bandwidth in b=AS.
Table A.4.4a: Example SDP answer with H.263 fallback

	SDP answer

	m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:48
b=RS:0

b=RR:2500

a=rtpmap:100 H263-2000/90000
a=fmtp:100 profile=0;level=10


In this example the responding pre-Rel-10 MTSI client doesn’t support H.264 and wishes to fallback to H.263. The bandwidth is constrained further by reducing the bandwidth in b=AS.

A.4.3
Void


	

	





















	

	











	

	













	

	












A.4.4
H.264/AVC with H.263 as fallback with "imageattr" attribute
In this example the SDP offer includes H.264/AVC with H.263 as fallback.
Table A.4.9: Example SDP offer for H.264/AVC with H.263 as fallback

	SDP offer

	a=tcap:1 RTP/AVPF
m=video 49154 RTP/AVP 99 

a=pcfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==
a=imageattr:99 send [x=176,y=144] [x=224,y=176] [x=272,y=224] [x=320,y=240] recv [x=176,y=144] [x=224,y=176] [x=272,y=224,q=0.6] [x=320,y=240]

m=video 49158 RTP/AVP 100
a=pcfg:1 t=1

b=AS:57
b=RS:0

b=RR:2500
a=rtpmap:100 H263-2000/90000

a=fmtp:100 profile=0;level=10


The first (preferred) offer is H.264/AVC. The packetization-mode parameter indicates single NAL unit mode. This is the default mode and it is therefore not necessary to include this parameter (see RFC 3984). The profile-level-id parameter indicates Baseline profile at level 1.2, which supports bitrates up to 384 kbps. It also indicates, by using so‑called constraint-set flags, that the bit stream can be decoded by any Baseline, Main or Extended profile decoder. The bandwidth (including IP, UDP and RTP overhead) for video is 315 kbps. The third parameter, sprop-parameter-sets, includes base-64 encoded sequence and picture parameter set NAL units that are referred by the video bit stream. The sequence parameter set used here includes syntax that specifies the number of re‑ordered frames to be zero so that latency can be minimized. sprop-parameter-sets is constructed assuming the offered conditions and image size of 320x240, which is the largest of all offered sizes for send direction. The offering MTSI client offers four image sizes for both send and receive directions but prefers 272x224 for receive direction, which might fit the available space on its display better than the other image sizes. The second offer in the SDP is H.263 Profile 0 (Baseline) at level 10. It is used here as a fallback in case the other MTSI client does not support H.264/AVC. The bandwidth (including IP, UDP and RTP overhead) for video is 57 kbps.
An example SDP answer to the offer is given below.
Table A.4.10: Example SDP answer

	SDP answer

	m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==
a=imageattr:99 send [x=320,y=240] recv [x=320,y=240]
m=video 0 RTP/AVP 100


The responding MTSI client is capable of using H.264/AVC and has therefore set the port number in the second m-line to zero. The responding MTSI client agreed with the offered bandwidth of 315 kbps and Baseline profile at level 1.2. From the four image sizes offered, the responding MTSI client included 320x240 for both send and receive directions. Although the offering MTSI client preferred 272x224 for receive direction, the responding MTSI client might not be able to offer 272x224 or not allow encoding and decoding of video of different image sizes simultaneously. The responding MTSI client sent new sprop-parameter-sets for the video decoder of the offering MTSI client, which was constructed assuming the agreed conditions and image size of 320x240.

*** End change 6 ***

*** Start change 7 ***

A.6
SDP example with bandwidth information

This clause gives an example where the bandwidth modifiers have been included in the SDP offer.

Table A.6.1: SDP example with bandwidth information

	SDP offer

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of AS, TIAS and maxprate in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0

b=AS:345
a=tcap:1 RTP/AVPF

m=audio 49152 RTP/AVP 97 98

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=160; octet-align=1

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVP 99

a=pcfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==





The b=AS value indicates the media bandwidth, excluding RTCP, see RFC 3550, section 6.2. On session level, the b=AS value indicates the sum of the media bandwidths, excluding RTCP.

In this example, the bandwidth for RTCP is allocated such that it allows for sending at least 2 compound RTCP packets per second. The size of a RTCP Sender Report is estimated to 110 bytes, given IPv4 and point-to-point sessions. The corresponding bandwidth then becomes 1760 bps which means that compound RTCP packets can be sent a little more frequently than twice per second.

For speech sessions, the RTCP bandwidth is set to 2000 bps to give room for adaptation requests with APP packets according to clause 10.2 in at least some of the RTCP messages. This adds 16 bytes to the RTCP packet.

For video, the RTCP bandwidth is set to 2500 bps to give room for slightly more frequent reporting and also to give room for codec-control messages (CCM) [43].

Setting the RS value to 0 does not mean that senders are not allowed to send RTCP packets. It instead means that sending clients are treated in the same way as receive-only clients, see also RFC 3556 [42].

The tcap attribute is in this example given on the session level to avoid repeating it for each media type.

*** End change 7 ***

*** Start change 8 ***

A.7.2
Nonsynchronized streams

The SDP in table A.7.2 gives an example of the usage of "3gpp_sync_info" attribute at media level. In this example, the H.264 video stream should not be synchronized with any other media stream in the session.

Table A.7.2: SDP example with no requirement on synchronization

	SDP offer

	v=0

o=Laura 289084412 2890841235 IN IP4 123.124.125.1

s=Demo

c=IN IP4 123.124.125.1

t=0 0

a=tcap:1 RTP/AVPF
m=video 6000 RTP/AVP 98

a=pcfg:1 t=1

a=rtpmap:98 H264/90000

a=fmtp:98 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets= J0LgDZWgUH6Af1A=,KM46gA==

a=3gpp_sync_info:No Sync

m=video 5000 RTP/AVP 99

a=pcfg:1 t=1

a=rtpmap 99 H263-2000/90000

m=audio 7000 RTP/AVP 100

a=pcfg:1 t=1

a=rtpmap:100 AMR


*** End change 8 ***

*** Start change 9 ***

A.8
SDP example with QoS negotiation

This clause gives an example of an SDP interchange with negotiated QoS parameters.

Table A.8.1: SDP example with QoS negotiation

	SDP offer from MTSI client in terminal A to B in SIP INVITE message

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:345
a=tcap:1 RTP/AVPF

m=audio 49152 RTP/AVP 97 98

a=pcfg:1 t=1
b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVP 99

a=pcfg:1 t=1
b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==




	SDP answer from UE B to A in 200/OK message

	v=0

o=Example_SERVER2 34135268010 IN IP4 server2.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0

b=AS:345
m=audio 49152 RTP/AVPF 97

a=pcfg:1 t=1
b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==




	SDP offer from MTSI client in terminal B to A in SIP UPDATE message

	v=0

o=Example_SERVER2 34135268010 IN IP4 server2.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:60

m=audio 49252 RTP/AVPF 97

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 49254 RTP/AVPF 99

b=AS:30

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=Z0LgC5ZUCg/I,aM4BrFSAa




	SDP answer from MTSI client in terminal A to B in 200/OK RESPONSE to UPDATE message

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:78

m=audio 49152 RTP/AVPF 97

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVPF 99

b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=Z0LgC5ZUCg/I,aM4BrFSAa





The example in table A.8.1 shows an SDP exchange that reflects the signalling of negotiated QoS during initial session setup when there is only one PDP context for the whole session. The first offer-answer procedure is initiated by the MTSI client in terminal A at session setup. The second offer-answer procedure is initiated by the MTSI client in terminal B when it receives a different negotiated QoS, only 30 kbps for video, than what was indicated in the first SDP offer from A. To notify A, B sends a new SDP offer, in this case embedded in an UPDATE message, to A indicating the lower negotiated QoS bit rate. The MTSI client in terminal A responds with its negotiated QoS value to B.

NOTE:
The bit rate in the second SDP answer, 48 kbps, was deliberately chosen to show that this is a fully valid SDP answer even though the second SDP offer only defines 30 kbps. It is however recommended that the UEs choose the same bandwidths whenever possible.

The SDP offer in the SIP UPDATE message contains only one encoding format since the answerer has already removed all but one encoding format in the SDP answer to the initial SDP offer.

In this example it is assumed that the SDPCapNeg framework is not needed in the UPDATE since the RTP profile has already been chosen in the initial invitation.

*** End change 9 ***

*** Start change 10 ***

A.11
Adding a video component to an on-going video call session

The MTSI client in a terminal can add, remove and modify the media components during an ongoing MTSI session. This clause describes the SDP offer in the initial SIP INVITE message, see Table A.11.1, and the SDP in the subsequent re-INVITE or UPDATE message for adding a video stream to the ongoing MTSI video call session, see Table A.11.2. Corresponding SDP answers in the SIP 200/OK responses are also described.

The initial video call session contains one video component and one speech component. During the session, the MTSI client in terminal A adds a uni-directional video component (such as one video clip) to the ongoing video call session. The SDP content attribute “a=content:main” and “a=content:alt” are used to label the main and alternative video components respectively [81].

This example does not show how to use the content attribute in combination with the grouping attribute, nor does it show how to use the content attribute in combination with the synchronization attribute defined in Clause 6.2.6.

Table A.11.1: SDP offer/answer for setting up a video telephony session
	SDP offer from MTSI client in terminal A to B in SIP INVITE message

	a=tcap:1 RTP/AVPF

m=audio 49150 RTP/AVP 96

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVP 99

a=pcfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==




	SDP answer from MTSI client in terminal B to A in 200/OK RESPONSE message

	m=audio 49152 RTP/AVPF 96

a=acfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240
m=video 54320 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==





Table A.11.2: Second SDP offer/answer for adding one more video component
	SDP offer from MTSI client in terminal A to B in SIP UPDATE/Re-INVITE message

	a=tcap:1 RTP/AVPF

m=audio 49150 RTP/AVP 96

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVP 99

i=Main video

a=pcfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==



a=content:main

m=video 43200 RTP/AVP 100

i=Alternative video

a=pcfg:1 t=1

b=AS:128

b=RS:0

b=RR:2500

a=rtpmap:100 H263-2000/90000

a=fmtp:100 profile=0;level=45;

a=content:alt

a=sendonly

	SDP answer from MTSI client in terminal B to A in 200/OK RESPONSE to UPDATE/Re-INVITE message

	m=audio 49152 RTP/AVPF 96

a=acfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDZWgUH6Af1A=,KM46gA==



a=content:main

m=video 43200 RTP/AVPF 100

a=acfg:1 t=1

b=AS:128

b=RS:0

b=RR:2500

a=rtpmap:100 H263-2000/90000

a=fmtp:100 profile=0;level=45;

a=content:alt

a=recvonly


*** End change 10 ***
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