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1 Introduction 

This contribution proposes an additional section for the TR on jitter management characterisation and TS on multimedia telephony for IMS discussing requirements and recommendations for the jitter management functionality.  We propose the following text to be included in the relevant parts of the TR and TS. 

2 General requirements and recommendations
The general responsibility of the jitter buffer management functionality in a VoIP receiver consists of taking care of the appropriate actions to make sure that changes in the transmission delay or jitter behaviour do not unnecessarily degrade the voice quality. In case of fixed buffering scheme this implies that the buffering delay needs to selected in such a way that the amount of frames arriving late stays below acceptable limit, but at the same time the delay contribution due to jitter buffer delay needs to be kept within reasonable limits.
In case an adaptive buffering scheme is employed, the same considerations as for fixed buffering scheme apply, but additional emphasis needs to be paid to ensure that actions taken to adapt the buffering operation during a session do not cause additional unnecessary voice quality degradation. Furthermore, also e.g. the computational complexity provided by the adaptation scheme and system level impacts need to be taken into account
2.1 Voice quality requirements

The general voice quality requirement is to maintain the CS speech quality also in the PS domain. In addition, the voice quality provided by the adaptive buffer management scheme must provide voice quality better than or equal to the fixed buffering scheme with comparable (mouth-to-ear) delay in the same transmission conditions. 
2.2 Computational complexity

In case the time scaling of active speech is required to facilitate buffer adaptation, especially shortening of the speech signal for decreasing the buffering delay may introduce temporarily increased processing load. Therefore, special consideration needs to be given to the complexity of the actions taken to reduce buffering delay. It is recommended that the peak complexity of the buffer management & adaptation algorithm does not exceed twice the peak complexity of the AMR speech decoder.
2.3 Algorithmic delay

The jitter management scheme must not introduce any additional algorithmic delay. 
2.4 Functional recommendations
Since time scaling of speech can be always expected to introduce some quality degradation and possibly also intelligibility problems, the recommended approach is to avoid scaling of active speech. Only a significant change in jitter or delay conditions should invoke the buffer adaptation, and hence, the time scaling process during active speech. Furthermore, it should be noted that the end-to-end path may contain several jitter buffer management entities. Therefore, the design of jitter adaptation algorithm and time scaling functionality needs to take into account the possibility of cascaded tools.
Furthermore, the network analysis and buffer adaptation control logic are recommended to include at least the following basic functionality:

· Jitter estimation

· Delay spike detection

· Clock skew detection

Please refer to e.g. [1] for the detailed discussion on features listed above.

3 Conclusions

It is proposed to adopt the section discussing requirements and recommendations in the TR on jitter management characterisation TS on multimedia telephony over IMS.
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