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1. Introduction

SA WG4 thanks RAN WG2 for the LS on “CS Voice service over HSPA” in document S4-070681.

2. Overall Description

With the given information SA4 does not feel confident to fully reply to all questions in the LS. Therefore, SA4 would like to request RAN2 to provide more information on the details of the architecture within RAN and CN and some further information on the radio link characteristics to be able to properly answer the questions by RAN2.
The envisaged architecture is not well described in detail and therefore some answers are based on anticipations/assumptions. One of the assumptions is that the existing legacy Core Network, including MSC-S and MGW and all other connected accesses, shall be used without any modification. 

Otherwise – if modifications are allowed – the de-jitter buffer could be placed on alternative places. 
Then, with the assumption that the existing legacy Core Network shall be used without modification, some questions may arise regarding the architecture, e.g. whether the existing MGW implementations, relying on certain behavior of the Iu interface, would be able to cope with the new situation. But if this assumption (MGW unchanged) does not hold, different architectures should be studied.

In addition, it is unclear which call scenarios shall be considered: MS to PSTN, MS to MS (both via CS via HSPA), MS to MS (one via legacy CS, one via CS via HSPA), etc. SA4 assumes that all call scenarios, which are quite many, shall be supported.
Based on the currently available information, SA4 would like to reply the following. 
RAN2 Question1: Does SA4 anticipate any degradation of the voice codec (Transcoder) performance if the de-jitter buffer is placed in the RAN, i.e. transparent (not visible) to the voice codec (Transcoder) ?

SA4 answer: Yes.
It is possible that the performance in general may be different compared to a case where the de-jitter buffer and the Transcoder are co-located. This difference in performance can not be predicted from the existing SA4 results. 
Thus, before being able to fully answer this question the performance of different architectural choices should be studied. Negative effects may be introduced both in terms of quality and delay. SA4, however likes to point out that it has not yet studied such a case and hence can not comment on possible implication on performance (see also answer to question 2).
RAN2 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?
SA4 answer: Yes.
SA4 would like to note that the situation may be different from the one studied within the MTSI work, since it is possible that there are several de-jitter buffers in the end-to-end path – i.e. one in the uplink RAN and another one in the (downlink) receiving side. Since the MTSI work assumed only a buffer in the receiving terminal the requirements or performance may be different.

If the MTSI de-jitter buffer is used in the RAN for the uplink, then the x % packet drop rate of this kind of de-jitter buffer will cascade with the y % packet drop rate of the downlink de-jitter buffer and may degrade the voice quality compared to the MTSI scenario. In the MTSI scenario the jitter from both up- and downlinks is handled in the receiving side (in UE) by a single jitter buffer. 
Furthermore, SA4 would like to point out that the jitter characteristics seen by the uplink buffer (in RAN) and the downlink buffer (in UE) may be different, which would imply that different requirements might be needed for de-jitter buffer in uplink and downlink.  For example, RAN2 could consider using a different de-jitter buffer on the uplink to achieve a lower x % drop rate and mitigate or avoid the problem of excessive dropped packets across cascaded de-jitter buffers.
Final comment: it makes a difference whether the de-jittering is performed by a device that is application-agnostic (RAN) compared to a device that knows the application (Codec algorithm) very well (MGW, UE).
RAN2 Question3: Does SA4 assume any negative impact on speech quality by using EEP for legacy voice codecs?


SA4 answer: Equal Error Protection per se is not necessarily negative to voice quality. Most important aspect is the resulting frame error rate and the rate of undetected erroneous frames compared to reference scenario. 
In addition, RAN2 is considering whether HSPA channels could also be used for other CS services, namely CS video.

RAN2 Question4: What implications does SA4 foresee, should other CS services (i.e, Video) be transmitted over HSPA instead of DCH?

 
SA4 would like to postpone replying to question 4 due requests to have more time to analyse the applicability of other CS services (e.g. video) to be transmitted over HSPA.
RAN2 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?

Answer: Yes.
The role of the RTP timestamp (TS) and sequence number (SN) is to provide necessary information to re-create the correct frame sequence in the receiver: TS enables putting the frames in their correct place in the timeline, while SN is used to detect the missing packets in received sequence.

Using only TS would enable successful re-creation of the frame sequence in the receiver in majority of cases. However, the correct re-creation of the frame sequence cannot be guaranteed in case of lost frame(s) in the beginning of an active speech period when relying only on TS information.
Thus, SA4 thinks that both TS and SN (or corresponding information) are needed in order not to degrade the decoder performance.
3. Actions:

To RAN2:

Provide SA4 with more information on anticipated architecture, interworking scenarios and RAN uplink performance (e.g. jitter, loss rate).
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