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1. Overall Description

At RAN #37 meeting, a new WI (RP-070765) on CS Voice Service over HSPA was created and the objectives are well described in the attached WID.
The motivation of this WI is to enable HSPA related improvements with Rel-7 baseline for CS 
Services with a main target for voice. Due to the nature of HSPA transmission and in order to achieve similar capacity gain as VoIP, the radio layer will generate some delay jitter (the same delay as assumed for VoIP over HSPA due to the scheduling, L1 retransmission, etc) when compared to DCH. To manage this jitter and to isolate the impact to the RAN, RAN2 is considering to use a de-jitter buffer in the RAN layer (i.e, de-jitter buffer in UE for DL and one in RNC for UL). 
RAN2 is considering to use the Jitter Buffer Management (JBM) related studies that have been conducted by SA4 during MTSI work as a reference for the de-jitter buffer used by CS voice over HSPA and would like to take advantage of the experience gained in this study. Contrary to the assumptions of the JBM studies, CS voice over HSPA aims on re-using legacy CS voice codecs in UL and DL. As a consequence, interaction/feedback between the speech decoder and the de-jitter buffer system is not possible, especially for the UL where the de-jitter buffer would be placed in the RNC.
To be able to re-reuse the legacy CS voice codecs, the intention of RAN2 is that the de-jitter buffer system in RAN layer will generate AMR frames every 20ms for CS voice codecs in case the service is active and to maintain the timing of the AMR packets (e.g, RAN generates AMR frame every 20ms to CS core network for UL if it is not during SID period.). 
Similar to VoIP, RAN2 chooses equal error protection (EEP) for CS voice over HSPA. As a consequence the delivery of erroneous voice packets from the RAN is different compared to CS voice over DCH. CS voice over DCH provides erroneous AMR frame to the speech decoder while CS voice over HSPA will not. However the overall frame error rate of CS voice over HSPA will be better than CS voice over DCH.  
Question1: Does SA4 anticipate any degradation of the voice codec performance if the de-jitter buffer is placed in the RAN, i.e. transparent to the voice codec?

Question2: Does SA4 see any problems by re-using the outcome of the JBM studies performed by SA4 for CS over HSPA under the assumption that feedback information between legacy speech decoder and the de-jitter buffer is not available?
Question3: Does SA4 assume any negative impact on speech quality by using EEP for legacy voice codecs? 
In addition, RAN2 is considering whether HSPA channels could also be used for other CS services, namely CS video.

Question4: What implications does SA4 foresee, should other CS services (i.e, Video) be transmitted over HSPA instead of DCH? 
RAN2 also understands that the JBM related studies utilizes two timing information in RTP protocol (i.e, TM and SN) and SN is used to detect a lost packet.

Question5: Is the role of SN very significant for the speech decoder performance? What will be the consequence in case SN is not used in the de-jitter buffer system for CS service over HSPA?
Unless SA4 identifies any big concern, RAN2 would like to re-use the SA4 works on JBM as a reference for CS service over HSPA.
2. Actions:

RAN2 kindly ask SA4 to provide answers/opinions on the questions listed above. RAN2 would also welcome feedback, if SA4 have concerns on issues not considered herein.
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