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1 Introduction

This contribution includes a proposal for the specification of speech jitter buffer functional requirements for the voice media in MTSI terminals. The text included here is written in change request style to simplify inclusion in the MTSI-MHI TS [1].

2 Proposal

Approve the proposed text to be included in the MTSI-MHI TS [1].

--- Start change 1 ---

7.2
Speech
The requirements for the speech jitter buffer operation are divided into two parts; functional requirements and performance requirements. The functional requirements show mandatory basic functionality which is needed to support all sessions that can appear IMS Multimedia Telephony. They make sure that the speech jitter buffer can operate according to the negotiated session characteristics. They do no target specific performance criteria but ensure alignment with the speech jitter buffer design and the media parameters that can be negotiated in the session set-up. The minimum performance requirements target the quality impact of the speech jitter buffer operation. They ensure that the speech jitter buffer implementation meets a minimum quality level and makes the service quality predictable on a vendor-agnostic level. 

The overall goal of the specification is that the speech jitter buffer shall be able to function properly using any IP-based transport network. Hence, the design of the jitter buffer must be robust enough and not seize to function even if the transport conditions become severely degraded.

The overall design goals of a speech jitter buffer used in IMS Multimedia Telephony shall be:

1. To minimize the speech jitter buffer fill level at all times while still following the minimum performance requirements of jitter buffer induced decoder concealment operations.

2. To increase the buffer fill level in order to avoid growing late losses and re-bufferings if the limit of jitter buffer induced concealment operations cannot be met. 

Both the functional requirements as well as the minimum performance requirements are written treating the speech jitter buffer being frame-based, i.e. that RTP payload de-packetization is made in another functional entity in the UE and that the speech jitter buffer receives speech frames from the de-packetization.

7.2.1
Functional requirements for jitter-buffer handling
The functional requirements for the speech jitter buffer handling guarantees basic jitter buffer operations which shall be the same for all speech jitter buffer implementations used in IMS Multimedia Telephony clients. A jitter buffer implementation used in IMS Multimedia Telephony must support the following requirements but is not limited in functionality to these requirements. They are to be seen as a minimum set of functional requirements supported by every speech jitter buffer used in IMS Multimedia Telephony.

A speech jitter buffer used in IMS Multimedia Telephony shall:

· support all modes of AMR-NB,

· support all modes of AMR-WB if wide-band speech is supported,

· have a maximum buffer depth of at least 20 speech frames
,

· support source-controlled rate operation as well as non-source-controlled rate operation,

· be able to receive the de-packetized frames out-of-order and present them for decoder consumption in order,

· be able to receive duplicate speech frames. If duplicate frames are received encoded at different rates, only the frame encoded with the highest rate shall be presented to the decoder for consumption. If duplicate frames are received encoded with the same mode, only one of them shall be presented to the decoder,

· be able  to handle clock drift between the encoding and decoding end-points,

--- End change 1 ---
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� The maximum buffer depth criteria indicates how large the jitter buffer can be made at the start, or during, an IMS Multimedia Telephony session. 20 speech frames corresponds to a jitter magnitude of 400 msec which is equal to the upper end-to-end delay limit stated for conversational services n 3GPP.





