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1. Introduction
The eUET work item [1] was approved at SA#96 with the following objectives:
· Update clause 7.4 (“Sensitivity/frequency characteristics”) of TS 26.131 to define missing SWB frequency masks and review related test methods in TS 26.132.
· Update clauses 5.15, 6.14, 7.14, 8.14 ("Jitter buffer management behaviour") of TS 26.131 and clauses 7.13, 8.18, 9.13, 10.13 ("Test conditions") of TS 26.132 for jitter buffer management.
· Develop a new specification to verify correct implementations of the RTP payload format for 3GPP codecs, based on a system simulator, for instance using UE electrical interface tests. Additional tools such as direct decoding of RTP payload or RTP payload dissectors may also be specified.
· Review receiving performance of UEs at maximum volume control (especially receiving frequency responses) and define, if necessary, requirements and test methods in 3GPP TS 26.131 and TS 26.132 to ensure an adequate user experience.
· Document in TR 26.801 any relevant finding from the round robin activity and additional tests conducted in the Rel-17 HaNTE work.

In the present Tdoc, we address the third objective with a focus on an example setup to conduct RTP compliance testing, including CMR patterns inserted in pre-defined packet sequences. 

2. Setup description
The test setup assumes that the DUT is put in a Faraday box and MTSI calls [2] are established by a given system simulator (e.g., Rohde&Schwarz CMW500 or CMX500). The DUT is tested in a black-box approach. It is assumed that the system simulator supports the capability of playing packet sequences from PCAP files. A speech test sequence is injected to the DUT to test the sending direction (i.e., DUT uplink).
NOTE: Testing of the receiving direction is not fully addressed here; one may discuss whether it is relevant to analyse decoded audio streams for instance in terms of MOS scores or using audio post-analysis.

In a first phase, PCAP files are prepared by inserting CMR requests. One possible approach is to initiate an MTSI call and record in a system simulator the corresponding RTP stream (in PCAP format) from the DUT uplink. The resulting packet stream can then be modified offline to insert relevant CMRs at a predefined interval (e.g., 4s). Python script may be used for this purpose, RTP headers (e.g., time stamps, sequence numbers, SSRC ) may also be post-processed to set controlled values. This first phase is illustrated in Figure 1.
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Figure 1: Setup for preliminary packet sequence preparation.
NOTE: An alternative to live calls for this first phase would be to simply simulate a packet sequence transmission by converting the audio encoder input (G.192 or MIME) into a PCAP file, and then inserting predefined CMRs.
In a second phase, compliance check of DUT SDP and RTP behaviour is conducted for various SDP offers and RTP inputs including all relevant CMRs This second phase is illustrated in Figure 2. Once the MT call is established, the system simulator streams the pre-recorded RTP flow (virtual DUT uplink). Both SIP and RTP streams from the DUT uplink are recorded in PCAP format. The post-analysis checks:
· SDP answer (183 Session in Progress, 200 OK), including entries such as b=AS, RS, RR, rtpmap, ptime, maxptime.
· RTP payload (payload mode, bit rate, etc.)
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Figure 2: Setup for RTP compliance testing.
Note that Figure 2 assumes that compliance is checked only in the DUT sending side. In this case the capture can be done electrically at the IP level in the system simulator. Testing of the receiving side would require capturing the output audio signal from the DUT (e.g., at the electrical interface) and performing some audio analysis (e.g. speech quality estimation, etc.). This is left for discussion.

3. Proposal
We propose to discuss whether the setup described in Section 2 is found appropriate. If so, the source may draft a generic setup description (independent of vendor implementations) as a pCR.
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