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*** Start change 2 ***

5.1
Media components

The Multimedia Telephony Service for IMS supports simultaneous transfer of multiple media components with real-time characteristics. Media components denote the actual components that the end-user experiences.

The following media components are considered as core components. Multiple media components (including media components of the same media type) may be present in a session. At least one of these components is present in all conversational multimedia telephony sessions.

-
Speech: The sound that is picked up by a microphone and transferred from terminal A to terminal B and played out in an earphone/loudspeaker. Speech includes detection and generation of DTMF signals.

-
Video: The moving image that is, for example, captured by a camera of terminal A, transmitted to terminal B and, for example, rendered on the display of terminal B.

-
Text: The characters typed on a keyboard or drawn on a screen on terminal A and rendered in real time on the display of terminal B. The flow is time-sampled so that no specific action is needed from the user to request transmission.

The above core media components are transported in real time from one MTSI client to the other using RTP (RFC 3550 [9]). All media components can be added or dropped during an ongoing session as required either by the end-user or by controlling nodes in the network, assuming that when adding components, the capabilities of the MTSI client support the additional component.

NOTE:
The terms voice and speech are synonyms. The present document uses the term speech.

*** End change 2 ***

*** Start change 3 ***

6.3
Session control procedures

During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed.

An MTSI client in terminal may support multiple media components including media components of same media type. An MTSI client in terminal may support adding media component to an on-going session which already contains a media component of the same media type. If an MTSI client in terminal needs to have multiple media components of same media type in a single MTSI session, then the MTSI client in terminal should use the SDP content attributes as defined in [xx] for identifying different media components. An SDP example for adding a second video stream to an ongoing video telephony session is given in Annex A.xy.
The content attribute can be used in combination with the group attributes defined in RFC 3388 [48] and also in combination with the synchronization attributes defined in Clause 6.2.6, for example to identify two (or more) media components are related to each other and if synchronization is needed.

*** End change 3 ***

*** Start change 4 ***

A.xy
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.xy.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.xy.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 [xx].
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.xy.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:48
b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

	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:48
b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000
a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


Table A.10.2: 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:48
b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

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:48
b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

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 4 ***
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