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1 Introduction

In RAN2 #59 meeting, we proposed to introduce the possibility of handling CS U-plane data over HSPA in R2-073487 and as a result of offline disucssion a new WI (RP-070765) on CS voice service over HSPA was agreed in RAN#37. During the offline discussion, it was identified that the delay will be introduced in the air interface to get the benefit of HSPA scheduling and L1 retranmission just like VoIP. 

In this document, we show how de-jitter buffer and adaptation unit which have been studied by SA4 for VoIP can be reused for CS voice over HSPA case.

2 De-Jitter Buffer for VoIP and for CS over HSPA
Various studies related to the de-jitter buffer for VoIP (JBM: Jitter Buffer Management in SA4 terminology) have been conducted by SA4 and Figure 1 shows an example structure of an MTSI (Multimedia Telephony Service for IMS) speech receiver. Delay_and_error_profiles and JBM_evaluation_files can be found with TS26.114 and they are supposed to be used to evaluation JBM implementation.
Also some companies recently conducted studies on characterisation of VoIMS over HSDPA/EUL and the study result has been included in the TR26.935.
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 Figure 1: Example structure of an MTSI speech receiver

It is important to note that the reason for the delay in the air interface (i.e, scheduling and L1 retransmission) is exactly same between CS Voice over HSPA and VoIMS as the same transport channel will be used. From the delay point of view, only difference is that less end-to-end delay is expected for CS Voive over HSPA as the IP backbone delay will not be added due to the fact that Iu CS interface will be used between RNC and CN. Thus all the studies for VoIMS JBM designs conducted by SA4 can be applied for de-jitter buffer design of CS Voice over HSPA as they are.

Considering how the de-jitter buffer works for VoIMS, there are some points to be considered.
1. JBM for VoIMS utilizes timing information (TS and SN
) in RTP but CS AMR frame doesn’t carry timing information. Additionally AMR decoder expects a packet every 20ms.
2. As shown in Figure 1, in case of VoIMS the buffer and the adaptation unit can be considered on the same layer as the speech decoder while in case of CS voice over HSPA, having the buffer and the adaptation unit on the telecom layer is more appropiate as the delay will be generated on this layer. And to minimize the impact to speech decoder, de-jitter buffer management shall generate speech frame every 20 ms.
Thus to utlize VoIMS de-jitter buffer design for CS voice over HSPA, TS and SN information should be provided to buffer as in RTP.
To emulate TS, it is proposed to utilize PDCP layer. This means to define new PDCP AMR Data PDUs where first 3 bits distinguish AMR packets and the 5 bits are utilized for TS. Thus the header size will be 1 octet. And to emulate SN of RTP, it is proposed to utilize SN in RLC UMD frame as it is.

	PDU type
	AMR counter

	Data 

	


Figure 2: PDCP AMR Data PDU format
Every 20 ms, one AMR frame is provided to the PDCP by the higher layer, and the AMR counter increases with each received AMR frame. If the AMR frame is type No_Data, no PDCP PDU will be generated for the PDCP. Thus nothing will be transmitted in the air interface. This will normally take place during silence periods. During non-silence periods, usually one PDCP PDU will be passed to RLC layer every 20ms.

At the receiver side, de-jitter buffer mangement will be responsible for forwarding AMR frames every 20 ms sychromosely to the AMR decoder. In case de-jitter buffer managment detects the silent period, no data or lost packet based on AMR counter and RLC Sequence number, it will locally generate No_Data or Speech lost packet appropriately. Then error concealmenst mechanism can utilize this information.
3 Conclusion and Proposal
This contribution shows the similarity between jitter handling in VoIMS and in CS voice over HSPA. This contribution also suggests AMR counter to mimic RTP TS and describes the usage of AMR counter at the sender side as well as at the receiver side.
It is proposed to proceed with the working assumption that the jitter study for VoIMS in SA4 can be directly applied for CS voice over HSPA.
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