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1. Introduction
In this Tdoc we clarify the test setup for RTP conformance tests initially described in [1] in the scope of the eUET work item [2].

2. Test setup
We repeat below the test setup described in [1].
The test setup assumes that the DUT is put in a Faraday box and MTSI calls 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.). 


3. Clarifications
The following aspects can be clarified:
· In first phase, steps 1 and 2: MT call can be established either in default (compact) frame mode or forced in header-full for EVS (meaning hf-only = 1 is present in the SDP offer). The motivation for EVS header-full is to have a CMR field always present in every packet. Note that CMR is always present for AMR and AMR-WB cases.
Even if the compact frame format usage is expected in real life for EVS, header-full should be forced here to ease CMR pattern insertion: it is easier to replace periodically the CMR pattern (expected to be NO_REQ in a hf-only call) by the tested pattern than to replace the whole RTP payload in compact format by a header full frame format.
· On note 2 below figure 2: If some audio analysis (e.g., speech quality estimation by MOS computation) is conducted, it should be noted that the speech coded in the RTP payload should have a correct audio level (typical nominal) to ensure the recorder signal level is aligned for quality measurement.
· In second phase, step 4 (PCAP post-analysis): The purpose is to check consistent SDP 183 offer and/or RTP speech frames. According to the test case, checking is to be carried either on SID, speech frames or both. In most cases, the verification needs to be done on SID and speech frames.

4. On post-analysis
Initial internal tests used “manual” inspection of SIP and RTP streams. However, the objective for eUET should be to automate the post-analysis by scripting. Python language is a good candidate and the scapy library [3] may be considered for this purpose. If the group supports this working assumption, the source could bring more details on this approach.
When a CMR is received, one should allow for a time margin before checking compliance. If a CMR pattern is used to change periodically in the received downlink RTP stream (with a possible period of 4sec) the post-analysis shall be able to detect this pattern change. A possible time margin of 5 frames (100 ms) could be used between each test pattern.

References
[1] S4-221030, Example setup for RTP payload conformance tests, Source: Orange
[2] SP-220610, New WID on Enhancements to UE Testing, Source: Orange, HEAD acoustics GmbH, Fraunhofer IIS, ROHDE & SCHWARZ, Amazon
[3] Scapy Project, Packet crafting for Python2 and Python3, https://scapy.net/
		Page: 1/7

		Page: 7/7
image1.emf
LTE, WLAN or NR

Faraday Box

Step 1: configure codec parameters for SDP offer

speech WAV file played in loop (to 

force DUT to send some speech 

frames, not only SID)

DUT 

Step 3: PCAP recorder

SIP

Virtual DUT 

(system simulator)

RTP

Step 4: modification of the RTP PCAP file 

(DUT uplink) with periodic CMR

Step 2: MT call with SDP offers


image2.emf
LTE, WLAN or NR

Faraday Box

Step 0: RTP packet sequence from preliminary phase

speech WAV file played in loop (to 

force DUT to send some speech 

frames, not only SID)

DUT 

Step 3: PCAP recorder (SIP and RTP)

SIP

Virtual DUT 

(system simulator)

RTP

Step 4: PCAP post-analysis

Step 1: configure codec parameters for SDP offer

Step 2: MT call with SDP offers


