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[bookmark: _Toc112360014][bookmark: _Toc112360894]3	Definitions of terms, symbols and abbreviations
[bookmark: _Toc112360015][bookmark: _Toc112360895]3.1	Terms
For the purposes of the present document, the terms given in TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].
example: text used to clarify abstract rules by applying them literally.
[bookmark: _Toc112360016][bookmark: _Toc112360896]3.2	Symbols
For the purposes of the present document, the following symbols apply:
<symbol>	<Explanation>

[bookmark: _Toc112360017][bookmark: _Toc112360897]3.3	Abbreviations
For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].
IMS	IP Multimedia Subsystem
MTSI	Multimedia Telephony Service for IMS

WLAN	Wireless Local Area Network<ABBREVIATION>	<Expansion>




[bookmark: _Toc112360018][bookmark: _Toc112360898]4	Interfaces
[bookmark: _Toc5052563][bookmark: _Toc112360019][bookmark: _Toc112360899]4.1	General
MTSI speech aspects are specified by TS 26.114 [4].
4.21	Air interfaces[Interface 1]
Same as [3],  clause 4.2.tbd
[bookmark: _Toc5052564][bookmark: _Toc112360020][bookmark: _Toc112360900]4.32	Electrical interfaces[Interface 2]
Same as [3],  clause 4.4.Tbd
4.4	Network interface in system simulator
The system simulator shall provide an interface to capture the SIP and RTP streams sent by the DUT.




[bookmark: _Toc112360021][bookmark: _Toc112360901]5	Test setup
Editor’s note: clause headings taken from TS 26.132 (to be discused).
[bookmark: _Toc112360022][bookmark: _Toc112360902]5.1	[Setup for terminals]
5.1.1	General
Unless stated otherwise, if a volume control is provided, the setting is chosen such that the nominal volume is met as close as possible.
The preferred way of testing is the connection of a terminal to the system simulator with exact defined settings and access points. The test sequences are fed in electrically using a reference codec, using the direct signal processing approach.
The system simulator shall simulate the access network and core network including the speech encoding/decoding specified for the test (e.g. AMR-NB or AMR-WB) but excluding further transcoding beyond linear PCM, see Figure 1 in [3].
Unless specified otherwise for the respective test, the radio conditions on the air interface shall have a block error rate of 0% and the jitter in the IP transport for MTSI-based speech shall be ≤ 1 ms.
DUT shall be placed in a RF shielded space equipped with an electrical connection for audio recording.tbd
The reference client shall allow to synchronize to the clock of the device under test and include a de-jitter buffer to equalize possible jitter in the signal received from the UE.
[bookmark: _Hlk127267390]When operating with synchronized clock, the de-jitter buffer shall be a static de-jitter buffer and the jitter buffer management shall not compensate for clock skew. The reference client shall not lose or discard packets, shall not trigger retransmission, and shall not use error concealment or time-warping. The initial jitter buffer size (filling level) shall be higher than the maximum expected network jitter and the maximum jitter buffer size shall be at least twice the initial size. During jitter buffer reset, the de-jitter buffer shall be emptied/filled to the initial buffer size. In case of buffer over- or underruns, the reference client shall give a warning and it shall be reported.
NOTE 1: A static de-jitter buffer is a first-in-first-out (FIFO) buffer which at the beginning buffers packets until a given initial buffer size is reached. Due to changing network delays the filling level of the de-jitter buffer can change, but the sum of network delay and jitter buffer delay is constant (as opposed to an adaptive jitter buffer management). The filling level of the de-jitter buffer represents the de-jitter buffer delay.
For measurements with unsynchronized clock e.g. the measurement of clock skew, jitter buffer over- and underruns cannot be avoided due to the unsynchronized clocks. Under the assumption of jitter-free condition the initial jitter buffer size (filling level) shall be chosen such that the maximum clock skew can be compensated without any loss of packets for a given time. For the measurement of clock skews the jitter buffer size should be chosen such that for clock skew of up to 100ppm no loss of packets due to buffer over- or under-run shall occur for a sequence of 160s.
For LTE and NR connections, the system simulator shall be configured for FDD operation, with a default or dedicated bearer (EPC) and QoS flow (5GC) and reference measurement channel scheduling that provides enough resource block allocation for transmitting a full speech packet within a transmission time interval of 1ms. No HARQ re-transmissions shall occur. TDD operation, TTI bundling, connected DRX and other forms of scheduling (e.g. SPS) are for further study.
The test setup has to ensure proper clock synchronization of the test equipment to the UE. Clock skew shall be negligible and packet loss shall not occur during the test.
NOTE 2: Any clock skew may result in improper delay calculation or in wrong positioning of the analysis window.

[bookmark: _Toc19265764][bookmark: _Toc92883258][bookmark: _Toc92883658][bookmark: _Toc123567529]5.1.2	Test setup for electrical interfaces
Same as [3], clause 5.1.6.
[bookmark: _Toc112360023][bookmark: _Toc112360903]5.2	[Setup of the electrical interfaces of test equipment]
Same as [3], clause 5.2.tbd
[bookmark: _Toc112360024][bookmark: _Toc112360904]5.3	[Accuracy of test equipment]
Same as [3], clause 5.3 (when applicable to testing on electrical interface).tbd
[bookmark: _Toc112360025][bookmark: _Toc112360905]5.4	[Test signals]
Same as [3], clause 5.4.tbd
[bookmark: _Toc112360026][bookmark: _Toc112360906]5.5	[Environmental conditions]
tbd
[bookmark: _Toc112360027][bookmark: _Toc112360907]5.56	[System simulator conditions]
Unless otherwise specified for the respective test, the system simulator should provide an error-free radio connection to the UE under test. The speech codec and bitrate shall be as defined in respective tests.
Unless otherwise specified for the respective test, Discontinuous Transmission (DTX) operation shall be enabled in both uplink and downlink for LTE, NR and WLAN. If DTX is enabled for the downlink path in a respective test using the EVS codec, the system simulator shall use DTX/CNG operation for EVS Primary with a SID update rate of once every 8 frames as described in clause 4.4.3 of TS 26.445.
NOTE:	For LTE/NR/WLAN with AMR and AMR-WB codecs and for 3G, the UE DTX for the uplink path cannot be controlled from the system simulator.
tbd






[bookmark: _Toc5052565][bookmark: _Toc112360028][bookmark: _Toc112360908]6	RTP Payload Format Conformance for AMR
[bookmark: _Toc5052566][bookmark: _Toc112360029][bookmark: _Toc112360909]6.1	SDP offer-answer considerationsApplicability
Editor’s note: The offer-answer considerations for AMR are in IETF RFC 4867, clause 8.3.1 and TS 26.114. Basic verification of parameters in the SDP answer may be considered: “mode-set”, “mode-change-period” and “mode-change-capability”, “mode-change-neighbor”, “maxptime”, “ptime”, “max-red”.[The requirements and test methods in this clause shall apply when UE is used to provide narrowband telephony, either as a stand-alone service, or as part of a multimedia service.]
[bookmark: _Toc5052567][bookmark: _Toc112360030][bookmark: _Toc112360910]6.2	[Test cases in sending]
[bookmark: _Toc112360031][bookmark: _Toc112360911]6.2.1	[Q-bit verification]
[bookmark: _Toc112360032][bookmark: _Toc112360912]6.2.1.1	[Requirement]
[The Q-bit shall always beit set to 1 in the RTP payload.
NOTE:	The Q-bit is the frame quality indicator [5RFC 4867]. If set to 0, it indicates that the corresponding frame is severely damaged, and the receiver should set the RX_TYPE to either SPEECH_BAD or SID_BAD depending on the frame type (FT).]
[bookmark: _Toc112360033][bookmark: _Toc112360913]6.2.1.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR at predefined modes and analyse captured PCAP files at the IP level. ]For this test, the call is terminated by the UE with SDP TBD
1.	For the test, a test signal TBD is used. The test signal level is TBD.
2	The system simulator captures the RTP stream from the DUT (uplink).
3.	The Q bit value is read in each packet of the AMR Payload Table of Contents.
NOTE:	This test case does not require a separate call instance. It can be executed together with other test cases. This can provide a larger test coverage.
[bookmark: _Toc112360034][bookmark: _Toc112360914]6.2.2	[Handling of CMR (open offer)]
[bookmark: _Toc112360035][bookmark: _Toc112360915]Editor’s note: Purpose is to check that uplink RTP stream is compliant with the negotiated SDP offer and compliant to possible acceptable incoming CMR. Analysis of the RTP stream at the IP level is done on both for SID and Speech frames (bit rate, frame format).
6.2.2.1	[Requirement]
[The AMR bit rate (mode) in sending shall be according to the CMR inserted in receiving after [X] ms.]
[bookmark: _Toc112360036][bookmark: _Toc112360916]6.2.2.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR at predefined modes and analyse captured PCAP files at the IP level. ]
The predefined CMR sequence is defined as follows, where n indicates the index of the CMR code:
	n
	0
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14

	CMR code
	7
	6
	5
	4
	3
	2
	1
	0
	1
	2
	3
	4
	5
	6
	7



For this test, the call is terminated by the UE with SDP TBD (open offer, i.e. no mode-set)
1.	For the test, a test signal TBD of TBD seconds is used. The test signal level is TBD.
2.	The system simulator plays out an RTP stream included the predefined CMR code sent to the DUT (downlink) at time [4.n seconds] . Alternatively, the system simulator may insert the predefined CMR code in RTP-APP packets. 
NOTE:	This test signal in the downlink needs to be defined such that the CMR code is inserted in an active speech frame, otherwise the SID frame interval would impact the expected DUT response time.
3.	The system simulator captures the RTP stream from the DUT (uplink).
4.	The AMR codec mode is measured in each packet sent by the DUT.

[bookmark: _Toc112360037][bookmark: _Toc112360917]6.2.3	[Handling of CMR (restricted offer)]
[bookmark: _Toc112360038][bookmark: _Toc112360918]6.2.3.1	[Requirement]
[The AMR bit rate (mode) in sending shall be according to the CMR inserted in receiving after [X] ms when this CMR is within the negotiated codec set.
A CMR outside the negotiated codec set shall be ignored, i.e. the AMR bit rate (mode) in sending shall not be changed after receiving a CMR outside the restricted offer and inserted in receiving.]
[bookmark: _Toc112360039][bookmark: _Toc112360919]6.2.3.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR at predefined modes and analyse captured PCAP files at the IP level. ]

[bookmark: _Toc112360040][bookmark: _Toc112360920]6.2.4		[RTCP bandwidth verification]
[bookmark: _Toc112360041][bookmark: _Toc112360921]6.2.4.1	[Requirement]
[RTCP conformance is defined in 3GPP TS 26.139. 
Requirement to be defined]
[bookmark: _Toc112360042][bookmark: _Toc112360922]7.2.4.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR at predefined modes and analyse captured PCAP files at the IP level. ]
Editor’s note: Testing focus could be set on the Receiver Report and Sender Report Blocks.
[bookmark: _Toc5052568][bookmark: _Toc112360043][bookmark: _Toc112360923]6.3	[Test cases in receiving]
Editor’s note: Purpose is to check that DUT correctly decodes the incoming RTP stream: verification may be done electrically by recording (wav file) the electrical interface output, e.g., headset jack output. Some objective measurement may be optionally carried out (for instance MOS POLQA score). This requires that the system simulator plays out a coded reference signal at nominal level.
tbd






[bookmark: _Toc112360044][bookmark: _Toc112360924][bookmark: _Hlk127268099]7	RTP Payload Format Conformance for AMR-WB
[bookmark: _Toc112360045][bookmark: _Toc112360925]7.1	SDP offer-answer considerationsApplicability
Editor’s note: The offer-answer considerations for AMR-WB are in IETF RFC 4867, clause 8.3.1 and TS 26.114. Basic verification of parameters in the SDP answer may be considered: “mode-set”, “mode-change-period” and “mode-change-capability”, “mode-change-neighbor”, “maxptime”, “ptime”, “max-red”. 
[The requirements and test methods in this clause shall apply when UE is used to provide wideband telephony, either as a stand-alone service, or as part of a multimedia service.]
[bookmark: _Toc112360046][bookmark: _Toc112360926]7.2	[Test cases in sending]
[bookmark: _Toc112360047][bookmark: _Toc112360927]7.2.1	[Q-bit verification]
[bookmark: _Toc112360048][bookmark: _Toc112360928]7.2.1.1	[Requirement]
[The Q-bit shall always bit set to 1 in the RTP payload.
NOTE:	The Q-bit is the frame quality indicator [5RFC 4867]. If set to 0, it indicates that the corresponding frame is severely damaged, and the receiver should set the RX_TYPE to either SPEECH_BAD or SID_BAD depending on the frame type (FT).]
[bookmark: _Toc112360049][bookmark: _Toc112360929]7.2.1.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]For this test, the call is terminated by the UE with SDP TBD
1.	For the test, a test signal TBD is used. The test signal level is TBD.
2	The system simulator captures the RTP stream from the DUT (uplink).
3.	The Q bit value is read in each packet of the AMR-WB Payload Table of Contents.
NOTE:	This test case does not require a separate call instance. It can be executed together with other test cases. This can provide a larger test coverage.
[bookmark: _Toc112360050][bookmark: _Toc112360930]7.2.2	[Handling of CMR (open offer)]
Editor’s note: Purpose is to check that uplink RTP stream is compliant with the negotiated SDP offer and compliant to possible acceptable incoming CMR. Analysis of the RTP stream at the IP level is done on both for SID and Speech frames (bit rate, frame format).
[bookmark: _Toc112360051][bookmark: _Toc112360931]7.2.2.1	[Requirement]
[The AMR-WB bit rate (mode) in sending shall be according to the CMR inserted in receiving after [X] ms.]
[bookmark: _Toc112360052][bookmark: _Toc112360932]7.2.2.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]

[bookmark: _Toc112360053][bookmark: _Toc112360933]7.2.3	[Handling of CMR (restricted offer)]
[bookmark: _Toc112360054][bookmark: _Toc112360934]7.2.3.1	[Requirement]
[The AMR-WB bit rate (mode) in sending shall be according to the CMR inserted in receiving after [X] ms when this CMR is within the negotiated codec set.
A CMR outside the negotiated codec set shall be ignored, i.e. the AMR-WB bit rate (mode) in sending shall not be changed after receiving a CMR outside the restricted offer and inserted in receiving.]
[bookmark: _Toc112360055][bookmark: _Toc112360935]7.2.3.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]
The predefined CMR sequence is defined as follows, where n indicates the index of the CMR code:
	n
	0
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14
	15
	16

	CMR code
	8
	7
	6
	5
	4
	3
	2
	1
	0
	1
	2
	3
	4
	5
	6
	7
	8



For this test, the call is terminated by the UE with SDP TBD (open offer, i.e. no mode-set)
1.	For the test, a test signal TBD of TBD seconds is used. The test signal level is TBD.
2.	The system simulator plays out an RTP stream included the predefined CMR code sent to the DUT (downlink) at time [4.n seconds] . Alternatively, the system simulator may insert the predefined CMR code in RTP-APP packets. 
NOTE:	This test signal in the downlink needs to be defined such that the CMR code is inserted in an active speech frame, otherwise the SID frame interval would impact the expected DUT response time.
3.	The system simulator captures the RTP stream from the DUT (uplink).
4.	The AMR-WB codec mode is measured in each packet sent by the DUT.

[bookmark: _Toc112360056][bookmark: _Toc112360936]7.2.4	[RTCP bandwidth verification]
[Editor’s note: one option could be to refer to TS 26.139 and require that UE comply with this specification. 
[bookmark: _Toc112360057][bookmark: _Toc112360937]7.2.4.1	[Requirement]
[RTCP conformance is defined in 3GPP TS 26.139. 
Requirement to be defined]
[bookmark: _Toc112360058][bookmark: _Toc112360938]7.2.4.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]
Editor’s note: Testing focus could be set on the Receiver Report and Sender Report Blocks.
[bookmark: _Toc112360059][bookmark: _Toc112360939]7.3	[Test cases in receiving]
tbd
Editor’s note: Purpose is to check that DUT correctly decodes the incoming RTP stream: verification may be done electrically by recording (wav file) the electrical interface output, e.g., headset jack output. Some objective measurement may be optionally carried out (for instance MOS POLQA score). This requires that the system simulator plays out a coded reference signal at nominal level.





[bookmark: _Toc112360060][bookmark: _Toc112360940]8	RTP Payload Format Conformance for EVS
[bookmark: _Toc112360061][bookmark: _Toc112360941]8.1	Applicability
[The requirements and test methods in this clause shall apply when UE is used to provide narrowband, wideband, super-wideband or fullband telephony, either as a stand-alone service, or as part of a multimedia service.]
[bookmark: _Toc112360062][bookmark: _Toc112360942]8.1	SDP offer-answer considerations
Editor’s note: The offer-answer considerations for EVS are in TS 26.445 Annex A and TS 26.114. Basic verification of parameters in the SDP answer may be considered. 
8.1.1	[SDP answer conformance]
8.1.1.1	[Requirement]
[To be defined
The DUT shall accept the first dynamic EVS payload type offer without modifying it (same parameters, no value modification).
Examples of offers / expected answers (to be completed with table?):
- offer : br=9.6-24.4;mode-set=0,1,2,8;mode-change-capability=2; evs-mode-switch=1, answer]

8.1.1.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with EVS at predefined configurations and analyse captured PCAP files at the IP level. ]

8.2	[Test cases in sending]
[bookmark: _Toc19285492][bookmark: _Toc92799544][bookmark: _Toc92882944][bookmark: _Toc112360063][bookmark: _Toc112360943]8.2.1	[SDP answer conformance]
[bookmark: _Toc112360064][bookmark: _Toc112360944]8.2.2.1	[Requirement]
[To be defined
The DUT shall accept the first dynamic EVS payload type offer without modifying it (same paramaters, no value modification).
Examples of offers / expected answers (to be completed with table?):
- offer : br=9.6-24.4;mode-set=0,1,2,8;mode-change-capability=2; evs-mode-switch=1, answer]

[bookmark: _Toc112360065][bookmark: _Toc112360945]8.2.2.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with EVS at predefined configurations and analyse captured PCAP files at the IP level. ]
[bookmark: _Toc112360066][bookmark: _Toc112360946]8.2.12	[Q-bit verification]
[bookmark: _Toc112360067][bookmark: _Toc112360947]8.2.12.1	[Requirement]
[The Q-bit shall always bit set to 1 in the RTP payload when EVS-IO and header-full modes are negotiated.
NOTE:	The Q-bit is the frame quality indicator [RFC 4867]. If set to 0, it indicates that the corresponding frame is severely damaged, and the receiver should set the RX_TYPE to either SPEECH_BAD or SID_BAD depending on the frame type (FT).]
[bookmark: _Toc112360068][bookmark: _Toc112360948]8.2.12.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]
[bookmark: _Toc112360069][bookmark: _Toc112360949]8.2.23	[Handling of CMR]
[bookmark: _Toc112360070][bookmark: _Toc112360950]8.2.23.1	[Requirement]
[The EVS Primary bit rate (mode) in sending shall be according to the EVS Primary CMR inserted in receiving after [X] ms.
The EVS-IO bit rate (mode) in sending shall be according to the EVS-IO CMR inserted in receiving after [X] ms when the call is initiated with AMR-WB IO.
Editor’s note: the list of tests can be extended and conformance tests may be formulated in a table
Some tests shall include ‘cmr=-1’in the offer to check the DUT behave as described in 26.114 Table 6.3b 
 ]
[bookmark: _Toc112360071][bookmark: _Toc112360951]8.2.23.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with EVS at predefined modes and analyse captured PCAP files at the IP level. ]
[bookmark: _Toc112360072][bookmark: _Toc112360952]8.2.34	[RTCP bandwidth verification]
[Editor’s note: one option could be to refer to TS 26.139 and require that UE comply with this specification. ]
[bookmark: _Toc112360073][bookmark: _Toc112360953]8.2.34.1	[Requirement]
[RTCP conformance is defined in 3GPP TS 26.139. 
Requirement to be defined]
[bookmark: _Toc112360074][bookmark: _Toc112360954]8.2.34.2	[Test method]
[Editor’s note: test setup to be fully defined first, the principle of the test method could be to setup MT call(s) with AMR-WB at predefined modes and analyse captured PCAP files at the IP level. ]
[bookmark: _Toc112360075][bookmark: _Toc112360955]8.3	[Test cases in receiving]
tbd



End of changes


