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Discussion and Decision

1
Introduction
In RAN2 #59bis meeting, RAN2 sent an LS (R2-074545) to SA4 to ask whether de-jitter buffer study for VoIP which has been conducted by SA4 could be refered for CS voice over HSPA. In RAN2 #60 meeting, SA4 answered that the de-jitter buffer system study for VoIP cannot be directly refered for CS over HSPA and raised some questions in their reply LS (R2-075227). This contribution is aiming to answer the questions and to propose the base of LS reply to SA4.
2
Discussion
When the LS reply from SA4 (R2-075227) was discussed, RAN2 agreed that the feedback to SA4 should include Architecture, Call scenarios and RAN UL performance (e.g, jitter, loss rate).

2.1
Architecture

Even though, SA4 had a lot of questions related to impact on MGW, RAN2 has never intended to impact CN node for CS over HSPA. For the frame loss in the RNC and impact to the MGW, as RNC will have the full control on maximum delay and frame error rate, once the packet is delivered to the de-jitter buffer in RNC, no packet will be dropped. As a matter of the fact, the frame loss can be better controlled with E-DCH than with DCH due to HARQ. Thus the target frame loss configured for the connection can be maintained more reliably with HSPA than with DCH. Furthermore, all CN relevant CS voice features (e.g. TFO, TrFO, wAMR, etc.) are untouched and can be used as they are. Therefore it is proposed to reply to SA4 that there will not be any impact to CN including MGW. 
Conclusion: No impact to CS CN node. And any legacy CS CN node could be used as they are without limitations in any voice call mode.

2.2
Call scenarios

In the LS from SA4, it is written as below:  

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.
The CS voice over HSPA should be considered as a CS call because only difference between “CS voice over DCH” and “CS voice over HSPA” is on which transport/physical channel between RNC and UE the call is mapped. Thus the answer should be that all call scenarios are considered. As discussed in 2.3, in case both CS voice over E-DCH and CS voice over HSDPA are used, the operating parameters will be configured by different RNCs independently and depending on the operating parameters, the maximum delay for UL and DL will be decided independently. Thus whether one half of the call is PSTN or CS voice over DCH or CS voice over HSPA will not affect the de-jitter buffer on the other half of the call but it will just produce a fixed delay.
For the case where both UL and DL are CS over HSPA, the details are discussed in 2.3 below.
Conclusion: All call scenarios are considered as any other CS calls.

2.3
Delay Characteristic and loss rate

Both for UL and DL, the delay jitter is caused by scheduling and HARQ and the maximum delay and frame error rate after HARQ are controlled by the RNC. For CS over HSPA, as UL and DL scheduling parameters are set by different RNCs independently and each leg will have its own de-jitter buffer, the delay charateristic and loss rate should be considered separately. It should be also noted that as the maximum delay variation is expected to be slightly smaller than the maximum delay, in this contribution, “the maximum delay” and “maximum delay variation” are considered to be the same to simplify the explanation.
2.3.1
UL Delay Introduced by CS voice over e-DCH
In case of E-DCH, 10ms TTI and 2ms TTI can be considered as below.
· 10 ms TTI

· Target 10…33% initial Tx BLER, max 1 retransmission, residual BLER < 1%
( radio interface delay: 50 ms = 10ms TTI + 40ms jitter

· 2 ms TTI

· Target higher initial Tx BLER than with 10 ms TTI

· Typical assumption is max 3 retransmissions with residual BLER < 1%
· To reduce maximum delay and to increase Uplink DPCCH gating gains a maximum of one or two retransmissions could also be used. This is a configuration parameter under the RNC’s control.
( Radio interface delay: 18 ms = 2ms TTI + 16ms jitter  - Max 1 retransmission
  34 ms = 2ms TTI + 32ms jitter  - Max 2 retransmissions
  50 ms = 2ms TTI + 48ms jitter  - Max 3 retransmissions
It can be concluded that the radio delay created by CS over E-DCH is ~18..50ms depending on network setting while CS over DCH create 20ms fixed delay. It should be also noted that for UL as the RNC sets the operating parameters (TTI and the maximum number of retransmissions), which will decide the maximum delay, and has the de-jitter buffer, the RNC can set the scheduling parameter taking into account its de-jitter buffer capacity. And in terms of end-to-end delay, CS over E-DCH will produce a fixed delay toward a CN as de-jitter buffer will compensate the delay jitter in the air interface.
In addition, just as is the case for uplink DCH, also for E-DCH the experienced BLER is under the control of the RNC.

Conclusion: UL delay toward a CN will be fixed and RNC should set the E-DCH operating parameters based on its de-jitter buffer capacity with a maximum delay up to 50ms. All packets that get successfully delivered over the air interface will thus arrive in time to the de-jitter buffer and there is close to zero packet loss caused by the de-jitter buffer.
2.3.2
DL Delay Introduced by CS voice over HSDPA
For DL, 2ms TTI will be used in case of CS voice over HSDPA. 
· At maximum one retransmission with target residual BLER < 1%
( Maximum radio interface delay: 14 ms (without scheduling delay included). In case 2 retransmissions is used, the delay would be 26ms.

In case of HSDPA, the scheduling delay budget is trade-off with the capacity. (i.e, Longer maximum allowable scheduling delay translates to somewhat larger capacity.) The UE de-jitter buffer needs to compensate the delay (and delay variance) introduced by scheduling and HARQ. 
Typical HSDPA voice scheduling delay budget could be 50ms – 80ms. However even up to 150ms can be considered in case that the capacity is a higher role in operator’s network with an expense of larger delay that may degrade user experience. In any case, this discard timer defining the maximum packet delay will be set by RNC and the network has a full control on it. This value is delivered to NodeB and NodeB scheduler will schedule the DL packet accordingly.  Thus operator can choose the HSDPA scheduler delay budget freely according to their interest. (Shorter delay or larger capacity gain). However a maximum delay needs to be defined in order to define proper de-jitter buffer memory sizes in the UE. 
Conclusion: Maximum DL delay can be controlled by network based on operator’s policy. (i.e, delay or capacity). Maximum UE de-jitter buffer memory size needs to be defined.

2.3.3
End-to-end delay Aspects.
Besides the delay in the air-interface, there are many factors influencing the end-to-end call delay. (i.e, NodeB processing time, Iub transmission delay, RNC processing time). In general, it is known that the processing efficiency for HSPA is better than DCH. One measurement test in a live network today shows that DCH RTT over PS core is ~150ms (with 64kbps/64kbps DCH allocation) while HSPA RTT over PS core was ~50ms. Considering this result, the delay introduced by HSPA approximately upto 100ms delay can be somewhat compensated by HSPA implementation and interfaces (proven by RTT improvement) comparing to CS Voice over DCH using 20 ms TTI in both UL and DL.
And as discussed in 2.3.1 and 2.3.2, the de-jitter buffer in RNC only compensates UL delay and the de-jitter buffer in UE only compensates DL delay. Thus they should be condisdered independently.
However not to endanger the speech quality due to the too long E2E delay because of independent de-jitter setting for UL and for DL, it should be considered what is the acceptable maximum delay for UL and for DL from E2E delay point of view.
Let us consider a MS-MS call in the same PLMN.  With CS mapped on DCH, a mouth to ear delay can be
20ms air interface UL + 100 ms processing (RAN/CN) + 10ms transmission on lines + 20ms air interface DL = 150ms 

Same call on CS over HSPA:

50ms air interface UL + 30 ms processing (RAN/CN) + 10ms transmission on lines + 80ms scheduling delay DL + 26 ms air interface DL = 186 ms 

36ms longer mouth to ear delay than with CS over DCH. SA4 to be asked if this additional delay is acceptable from SA4 point of view. 
Conclusion: UL and DL operating and scheduling parameters below maximum delay can be chosen independently and based on operator’s policy. Not to endanger overall E2E delay, maximum DL delay should be up to 106ms (used for scheduling and air interface delay).
3
Conclusion
Conclusion: No impact to CS CN node. And any legacy CS CN node could be used as they are without limitations in any voice call mode.

Conclusion: All call scenarios are considered as any other CS calls.

Conclusion: UL delay toward a CN will be fixed and RNC should set the E-DCH operating parameters based on its de-jitter buffer capacity with a maximum delay up to 50ms. All packets that get successfully delivered over the air interface will thus arrive in time to the de-jitter buffer and there is zero packet loss caused by the de-jitter buffer
Conclusion: Maximum DL delay can be controlled by network based on operator’s policy. (i.e, delay or capacity) Maximum UE de-jitter buffer memory size needs to be defined. 
Conclusion: UL and DL operating and scheduling parameters below maximum delay can be chosen independently and based on operator’s policy. Not to endanger overall E2E delay, maximum DL delay should be up to 106ms (used for scheduling and air interface delay).
4
Proposal
It is proposed to agree on the conclusion listed above.  Especially it is proposed to agree that maximum UL delay is up to 50ms and maximum DL delay is up to110ms. (Rounding up from 106ms) It is also proposed to send an LS to SA4 to contain the conclusions above. Based on the the conclusion on delay characteristic and loss rate, it is proposed to include the statement in LS saying that SA4 doesn’t need to study on de-jitter for CS voice over HSPA further. However it is proposed to include a question to SA4 in LS if maximum 36ms additional E2E delay comparing to CS over DCH is acceptable from speech quality point of view.
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