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1. Introduction

Thank you for involving SA4 in the discussion on the UL and DL scheduling solutions for LTE. SA4 supports your view that speech communication will be an important service in LTE and welcome your effort to specify optimized solutions for scheduling RTP speech traffic. 

SAE/LTE work has not yet started in SA4. Nevertheless SA4 studied the questions and can provide you with some answers. Currently SA4 is working on specification TS 26.114 IMS Multimedia Telephony, Handling and Interaction (MTSI-HI).This specification deals with several aspects that are addressed in your liaison. 

The following text contains also the elucidating text of your LS (marked in italics) to make the answers better understandable.  

2. Discussion of Questions

a. Required VOIP scheduling flexibility
RAN2 is assuming that voice will normally be transported by RTP and use relatively stable packet sizes transmitted with a relatively stable inter-packet-period
. Thanks to these stable characteristics, an optimized scheduling approach might be possible during a “steady phase”. 

RAN2 also assumes that, as for UMTS, that it cannot be excluded that RTCP would be mapped to the same SAE  bearer as the voice packets. Arrival of an RTCP packet will result in a sudden increase in required throughput in order to keep the delay for the next RTP packets low. In addition RAN2 assumes that it cannot be excluded that once in a while there will be packets with a larger or full IP header (ROHC going back to a lower order compression state). 

As a result of the above, RAN2 assumes that although it might be possible to handle the UE with relatively stable radio resources tuned to the used codec during a “steady phase”, still it should be possible to quickly provide additional resources to a UE for handling additional traffic like RTCP or full header packets.
Question 1 [SA2][SA4]: SA2 and SA4 are kindly requested to confirm/correct the above RAN2 assumptions.
SA4 confirms the given assumptions. 

b. Optimised “steady phase”

b.1 Frequently used codecs
In order to allow certain scheduling optimisations, it is the RAN2 view that knowing the result of the codec negotiation - at least for some codecs used very frequently by the operator - would be highly beneficial. This includes information like the codec-set in order to optimise the set of pre-defined radio resource block sizes.

An optimized scheduling solution might further benefit from more detailed information e.g.:

· it would be preferable if instead of a codec set only one codec would be indicated to the eNB;

· most useful for the eNB would be to be informed about the typical packet sizes after header compression (in order to remove any impact of differences in ROHC compressor implementation);

How much mechanisms specific to a given codec type will be standardized will be looked at when considering specific solution proposals (pros vs cons).
Question 2 [SA2]: 
Will it be possible to make the indicated codec characteristics, including codec type, codec rates and resulting PDU sizes, known to the e-UTRAN (e.g. some companies believe that this information will form part of the QoS label) ?

(No answer from SA4)

Question 3[SA4]:
What would be the main codec(s) that are expected to be used for E-UTRAN?

3GPP SA4 has specified AMR narrowband and AMR wideband codecs for speech communication. The MTSI-HI specification foresees AMR-NB as mandatory codec for speech communication including all 8 modes and source controlled rate operation. 

MTSI terminals offering wideband speech communication at 16 kHz sampling frequency shall support AMR wideband codec ‎including all 9 modes and source controlled rate operation. 

In addition MTSI-HI specifies the following default codec mode set Config-NB-Code=1 {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9 and AMR-NB4.75} and codec mode set Config-WB-Code=0 {AMR-WB12.65, AMR-WB8.85 and AMR-WB6.60 that should be used unless the session-setup negotiation determines that other codec modes shall be used.
It is expected that the default codecs modes mentioned above will be used also for speech services in SAE/LTE. Therefore SA4 recommends that RAN2 uses the set of default codecs mentioned above for the RTP scheduling optimization. In addition it can be mentioned that it was proposed at SA4#42 to make AMR-WB a mandatory codec for all 3GPP MTSI terminals supporting SAE/LTE. But this requires further considerations by SA1.

b.2. Unknown codecs
RAN2 assumes that it will be necessary to anyway support codecs whose characteristics are not known in detail. For example, in cases where new codecs have been introduced to the system and the eNodeB have not been configured for optimised support of the codec and therefore the eNodeB would need to rely purely on basic QoS parameters (e.g. GBR and MBR). 

RAN2 further assumes that when a user uses a voice application over the Internet without any corresponding IMS signalling, the E-UTRAN will need to handle this type of traffic without having any detailed information on the voice codec (e.g. over default non-GBR bearer)

Question 4 [SA2][SA4]: 
SA2 and SA4 are kindly requested to confirm/correct the above RAN2 assumptions. 

If no further information can be obtained form the session set up procedure the eNodeB would rely only on the basic QoS parameters. If codec characteristics can be obtained during session set-up (question 2 directed towards SA2), eNodeB can take these into consideration. 

It has to be clarified also, what is meant by “unknown codecs”. All codecs supported by an RTP payload format are known codecs. Many parameters of the codecs are signaled in the SDP during session set up and in the RTP payload header.  

SA4 supports to optimize the RTP scheduler for the specified bitrates and traffic characteristics by conveying the information about the used codec to the eNB. However this should not exclude that the scheduler design is also efficient for various codec types.
c. Codec(set) change
If the E-UTRAN is informed about codec(set) details, it is the understanding of RAN2 that end-users might renegotiate a new codec(set) during a call, in which case the E-UTRAN would need to be informed about the new codec(set) and be able to adjust the semi-persistent scheduling to this new codec(set).

Question 5 [SA2][SA4]: 
SA2 and SA4 are kindly requested to confirm/correct the above RAN2 understanding. What are the criteria to change the codec ? How frequent would a codec change typically be executed ?

SA4 supports concepts where the codecs are negotiated only during session initiation. Although SIP does allow a re-negotiation of the codec used for a particular media type, we believe it highly unlikely that a codec change will happen during the session. 

However, since both AMR and AMR-WB has the possibility to change the codec mode in-band during a session, such behavior should be assumed. The allowed codec modes to be used during the session is agreed during session set-up and any design should assume that changing codec modes will happen without any SIP signaling. The change of codec mode can happen very frequently dependent on the chosen speech frame packetisation and further parameters. The mode change is signaled in-band with the RTP packet stream. 

d. Consequence of speech packet bundling

RAN2 is considering techniques to make the scheduling more efficient by bundling several speech packets destined to one user and transmitting them together. Such an approach will introduce additional transport delay, e.g. when bundling 2 speech packets together, the first packet will be delayed by an additional 20ms on top of the normal transport delay. In case of bundling 3 speech packets, 40ms additional delay will be experienced.
Question 6 [SA4]: 
In R2-062001/S4-060353, SA4 indicated a delay figure of 100ms for VoIMS. However it is not clear to RAN2 to which part of the transport this figure is applicable. I.e. RAN2 would like to understand what the one-way transport delay budget would be for voice traffic in E-UTRAN while still resulting in an acceptable MOS. 
The MTSI-HI specification provides methods and recommendation on the bundling of packets. The one-way transport delay depends on several optimization parameters as the design of the application foresees a jitter buffer. For the bundling in RTP packet the MTSI specification gives recommendation for different access technologies (20ms – 80 ms). For LTE this has not yet been defined by SA4.      
Question 7[SA4]:
What average packet error rate is required for packet bundling to achieve the same MOS as non-bundled traffic assuming a non-bundled speech packet error rate of 1%?

To answer this question corresponding listening tests have to be carried-out, as the MOS is a subjective quality assessment criteria. The configuration you describe has not yet been evaluated in listening tests. The results of the listening tests would also depend on the given LTE error profile.  

e. VOIP Rate Control
RAN2 is also considering proposals to allow the access network to control selected UL and DL code rates, similar to the CS rate control procedures available in UMTS. These proposals would require information about the codec and codec rate to be available within the access network. The proposals discussed were presented within the context of UTRAN but many of the issues seem to be applicable to both UTRAN and E-UTRAN.

Question 8 [SA2]: 
RAN2 would like SA2 to answer question 2 also in respect to UTRAN.

(No answer from SA4)
Question 9 [SA4]: 
RAN2 would like to understand from SA4 what mechanisms are currently available to control codec rate, whether it is guaranteed that all UEs will support such mechanisms and likely response times for the mechanisms.
AMR payload format supports a SDP format parameter for signaling the mode change capability. Different examples are elucidated in the MTSI-HI specification. 
Question 10 [SA4, SA2]: 
RAN2 would the view of SA2 and SA4 whether it would be feasible for the access network to have some control of codec rate for load control on the radio. E.g. would it be possible for the RAN to configure the codec rate at radio bearer establishment
IMS is in control of the codec configuration. Therefore SA2 is responsible to define the necessary signaling between EUTRAN and IMS. The SA4 specifications provide the required functionality for adapting the codec rate.
3. Actions

To RAN2 groups:

ACTION: 
RAN2 is kindly requested to take the given answers into account.

4. Date of Next TSG-SA4 Meetings:
TSG-SA4 Meeting #43
23rd — 27th April 2007 
location TBD

TSG-SA4 Meeting #44 
25th — 29th June 2007
Helsinki
� dependant on whether there is a talk-spurt or silence period





