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The EVS codec is being developed, in part, to advance voice quality and user experience on 3GPP packet switched networks such as HSPA and LTE.  According to the WID [1], one of the objectives of the codec is “[r]obustness to packet loss and delay jitter, leading to optimized behaviour in IP application environments like MTSI within the EPS.”  To verify that the codec meets this objective a sub-set (at least) of the testing must be conducted under IP/MTSI scenarios.  This will in turn require support for real time IP transport, and hence support for RTP packetization and jitter buffer management (JBM).  The MTSI client specification [2] already provides a minimum set of requirements for JBM, and EVS clients for MTSI should conform to those requirements.
We propose the following text to be included in the EVS Design Constraints document:

	RTP Payload Format 
	RTP payload packetization and depacketization according to an RTP payload format description shall be provided by the candidates.

A document containing the RTP payload format description shall be provided by the candidates.


	

	Jitter Buffer Management (JBM)
	A JBM solution conforming to the requirements in TS 26.114 shall be provided by the candidates.
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