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1. Introduction

The MTSI Workplan document (S4-AHM017) identifies a work item for session and media adaptation that includes the dropping and adding of media components.

This contribution proposes procedures that will enhance the user experience when media components (i.e., speech, video, or real-time text media streams) are removed or added during an active multimedia telephony session.

2. Codec Continuity for Active Media Components
When an existing media component (RTP payload type) is removed or a new media component is added to an existing multimedia telephony session, the terminals use the SIP re-INVITE method to indicate modifications to the particular media component (see Figure 1).  Once the negotiation is successfully completed, the terminals then switch in or switch out the corresponding codecs.
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Figure 1 Call Flow for Adding Video Component to Voice-over-IP Call

During this session modification the terminals should maintain uninterrupted service continuity for the media components that are not added or removed.  

For example, if the video media component is added to an existing Voice-over-IP session as shown in Figure 1, the speech media component should continue without interruption.  If the speech codec is changed during this transition the user can experience an interruption in the speech due to codec switching and resetting of buffers and other stateful algorithms in the speech processing.
To prevent such interruption, QUALCOMM proposes that when a media component is added or removed, the codec(s) for the unmodified component(s) (i.e., those that are not added or removed) should not be changed.  
Proposal
During the session renegotiation to add or remove media components the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media component(s) that is (are) not being added or removed.
3. Fast Media Synchronization

As described in [1], the RTCP Sender Reports can be used by the RTP receiver to synchronize the playout of media from different RTP media components.  Each RTP packet carrying media contains a timestamp representing the sampling time of the first octet of the media data.  However, since the initial value of the timestamp is random for each component, the RTP receiver can not synchronize the playout of these components until it understands the relative offsets of the components’ timestamps.  This information is contained in the RTCP Sender Reports of the media components.
Therefore, until an RTP receiver receives the first RTCP Sender Reports for all the media components it is receiving, the RTP receiver can not accurately synchronize the playout of these media components.  

The RTP sender should send RTCP Sender Reports for newly added media components as early as possible to minimize the amount of time that the receiver is unable to accurately synchronize the components, 

Proposal
To enable quick media synchronization when a new media component is added or a multimedia telephony session is initiated, the RTP sender should send RTCP Sender Reports for all newly started media components as early as possible.
4. Summary of Proposals

Codec Continuity

Add the following text to section 6.4 (Session Control Procedures) of TS 26.114:

During the session renegotiation to add or remove 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 is (are) not being added or removed.
Fast Media Synchronization

Add the following text to section 6.5.5 (Media synchronization) of TS 26.114: 

To enable quick media synchronization when a new media component is added or a multimedia telephony session is initiated, the RTP sender should send RTCP Sender Reports for all newly started media components as early as possible.

5. References

[1] IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications", Schulzrinne H. et al., July 2003. 
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