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1.
Opening of the meeting

The 3GPP SA4 SQ SWG Chairman, Paolo Usai, chaired the Teleconference on Performance Characterization of VoIMS over HSDPA\EUL channels, 10th October, 2005, 11:00 – 13:00 am EST. 
Participants: Mr. Paolo Usai (Chair, ETSI), Mr. Ken Crisler and Mr. Stephen Kendall (Motorola), Mr. Hari Garudadri and Mr. Naveen Srinivasamurthy (Qualcomm Europe S.A.R.L.), Mr. David Huo (Lucent Technologies), Miss Catherine Quinquis (France Telecom), Mr. Thomas Stockhammer (BenQ, 3GPP-guest status), Mr. Imre Varga (Siemens), Mr. Ramakrishna Vedantham (Nokia).

2. 
Scope of the teleconference
The scope of the teleconference was to progress the Work Item on Performance Characterization of VoIMS over HSDPA\EUL channels.
3.
Discussion of available documents
The Chairman reminded  that the WID SP-050089 stated that SA4 would have to produce an Annex to the existing TR 26.935 "Packet Switched (PS) conversational multimedia applications; Performance characterization of default codecs" including a Test Plan for  the Performance Characterization of VoIMS over HSDPA\EUL channels (and that the CR will be for Release 7).
To the purpose, TD S4-050579 Working Document on the Performance Characterization of VoIP over  HSDPA/EUL v. 0.01 was produced at SA4#36 meeting, and such permanent document represented the state of the art as regards the progress reached so far in SA4 concerning the Work Item on Performance Characterization of VoIMS over  HSDPA/EUL channels.

Three documents were made available for the discussion during the teleconference.
Mr. David Huo presented TD S4-040683 Open Issues on the Simulation for the Speech Test, from Lucent Technologies. The document highlighted the open issues regarding the test conditions and the simulator that are to be resolved. It was reminded that one codec at a time would be included in the testing, i.e. no switching effects would be tested.

 The following components would enable a real time simulation, or a partial real time simulation of the connection needed to conduct conversational tests for the Performance Characterization of VoIMS over  HSDPA/EUL channels.
· IP: IP core network covers IPv6 wired network 

· RN: radio network covers physical layer up to RLC, and 

· VoIP: voice over IP application covers AMR/RTP/IP/PDCP.   

By partial real time simulation is meant that traces could be produced off-line for each component and used during the subjective conversational tests. It was pointed out that the packet switched channels HSDPA/HSUPA are supposed to be different than pure DCH used in the previous exercise that was conducted to produce TR 26.935, which would require a specific design of each component of the simulator.
As regards the IP core network component two approaches were discussed, i.e. whether to consider given networks or a just model for "delay & packet losses", provided such model exists and is adequate for the purpose. Motorola anticipated some input could be provided by them to progress this aspect of the simulator. Examples of such software were given for each approach.
As regards the RN component, currently, RABs are defined in RAN2 as

· 63: Conversational/Speech/UL:38.8 DL:38.8/PS

· 64: Conversational/Speech/UL:16.8 DL:16.8/PS

In principle, two simulators are needed, 

· one RN simulator for the downlink and 

· another RN simulator for the uplink,  

respectively. 

They can be developed and tested in dependently, and then coupled in the simulation to incorporate the signalling between the two links for a conversational connection.

As already mentioned, traces are need unless real time simulation is deployed. The outcome expected from the RN simulation are two simultaneous traces of RLC PDU in both directions, DL and UL. It was pointed out that details of the RABs with adequate configuration for our purpose are still being worked out in RAN1/RAN2/RAN5.

As regards the VoIP component, it comprises RTP/IP/PDCP and can be developed stand-alone; it should be running in real time for the period determined by the lower layer component simulators.  An implementation of ROHC is needed, albeit with some simplification possibly, e.g. selecting a subset of the functionality from the ROHC protocol. Therefore, agreement is needed in SA4 on the details.
Finally, it was pointed out that working assumptions should be agreed to enable a cross check by multiple developers of the simulator; also the interface between the simulator and the test lab should be specified, and the test plan should be further detailed.
Siemens anticipated their contribution on the above aspects.

Mr. Hari  Garudadri presented TD S4-040684 Testing methodology for VoIP clients for 3GPP packet switched services, from Qualcomm Europe S.A.R.L.. This contribution proposed a testing methodology for evaluating VoIP clients operating over HSDPA/EUL. The term VoIP client is used to include speech encoder and RTP packetization on the sender side; a jitter buffer management (JBM) scheme and speech decoder on the receiver side.

When evaluating the user experience in VoIP services, it is essential to have a “repeatable process” that exercises JBM schemes operating with a given speech codec, such as AMR and AMR-WB.
The network simulator introduces packet losses and transport related delays to the RTP stream. The output of the RTP network simulator (or the received packet stream) is used by a VoIP client to generate the PCM output. 
In this contribution Qualcomm also proposed a “network↔client interface” module which simulates (i) the non-periodic arrival of speech packets in a VoIP application and (ii) the periodic output of decoded speech from the speech decoder.

The network simulator uses a channel delay profile to introduce packet losses and packet delays to the encoded RTP packet stream. An LS has been sent to RAN to provide SA4 with typical delay profiles.

Both periodic and non-periodic arrival of speech packets at a VoIP receiver are simulated.

One parameter which has to be specified for comparison testing is the maximum size of the de-jitter buffer e.g., 20ms, 40ms, 60ms and 80ms.

It was pointed out that this contribution could be seen as offering a simplified version of the simulator described in TD S4-040683, or as a useful tool to the development of the simulator, as well as a good input for other work items in progress in SA4.
Mr. Hari  Garudadri presented TD S4-040685 SA4 Simulator for Packet-Switched Services, from Qualcomm Europe S.A.R.L. 
At SA4#36, it was decided to merge the simulators proposed in TD S4-050495 and TD S4-050560 into a single simulator which could be used as the SA4 Simulator for Packet-Switched Services; TD S4-050605 identified the features from the two simulators to be integrated into a single simulator. 
This contribution provided a merger of the two simulators.

Comments : it was pointed out that the simulator for dedicated channels including MBMS can be used for packet-switched services in general. However, the shared channel aspects are applicable to only VoIMS.
4.  Conclusions and close of the teleconference
The Chairman thanked all the participants to the teleconference for the fruitful discussion, and in particular the active contributors Lucent Technologies and Qualcomm S.A.R.L.

The Chairman summarized the still open issues to finalise the simulator and the test plan on Performance Characterization of VoIMS over HSDPA\EUL channels. 

The Chairman invited all Companies to provide further input contributions at next SA4#37 meeting to progress the work item, and closed the teleconference.
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