GSM Association	Non-Confidential - Full, Rapporteur & Associate Members
Official Document TS 11 - Annex L

[bookmark: _Toc415750974][bookmark: _Toc256756289]



[image: ]

TS.11 - Annex L
Detailed Test Procedures for IMS services
Version 45
      	      8th January 2024
This is a Non-binding Permanent Reference Document of the GSMA
Security Classification: Non-confidential – Full, Associate & Rapporteur Members
Access to and distribution of this document is restricted to the persons permitted by the security classification. This document is subject to copyright protection. This document is to be used only for the purposes for which it has been supplied and information contained in it must not be disclosed or in any other way made available, in whole or in part, to persons other than those permitted under the security classification without the prior written approval of the Association. 
Copyright Notice
Copyright © 2024 GSM Association
Disclaimer
The GSM Association (“Association”) makes no representation, warranty or undertaking (express or implied) with respect to and does not accept any responsibility for, and hereby disclaims liability for the accuracy or completeness or timeliness of the information contained in this document. The information contained in this document may be subject to change without prior notice.
Compliance Notice
[bookmark: RestrictedTable2]The information contain herein is in full compliance with the GSM Association’s antitrust compliance policy.
This Permanent Reference Document is classified by GSMA as an Industry Specification, as such it has been developed and is maintained by GSMA in accordance with the provisions set out in GSMA AA.35 – Procedures for Industry Specifications.





GSM Association	Non-Confidential - Full, Rapporteur & Associate Members
Official Document TS.11 - Annex L

Version 31	Page 1 of 124
[bookmark: _Toc415751106][bookmark: _Toc422743688][bookmark: _Toc447203745][bookmark: _Toc156374990]Table of contains. 
Table of contains.	1
Annex L:	Detailed Test Procedures for IMS services	4
90 IP Multimedia Subsystem (IMS)-IP-CAN independent	4
90.1 IP-CAN Independent – System Access & Registration	4
90.1.1 IMS SIP Registration	4
90.1.2 IMS SIP Deregistration	6
90.2 IP-CAN Independent – Basic Calls	8
90.2.1 Voice Calls	8
90.2.2 Video Calls	15
90.2.3 Tones and Announcements	23
90.2.4 Addressing	26
90.2.5 SIP Preconditions Required (Resource Available)	28
90.2.6 SIP Preconditions Required (Resource Unavailable)	33
90.2.7 Voice Codecs	33
90.2.8 Voice and Video Call Interworking	42
90.3 IP-CAN Independent – SMS	48
90.3.1 SMS over IMS	48
90.4 IP-CAN Independent – Supplementary Services	52
90.4.0 General	52
90.4.1 Originating Identification Presentation (OIP)	52
90.4.2 Originating identification restriction (OIR)	54
90.4.3 Terminating Identification Presentation (TIP)	55
90.4.4 Terminating Identification Restriction (TIR)	56
90.4.5 Malicious Communication Identification (MCID)	57
90.4.6 Anonymous Communication Rejection (ACR)	57
90.4.7 Communication diversion services (CDIV)	57
90.4.8 Communication Waiting (CW)	62
90.4.9 Communication Hold (HOLD)	70
90.4.10 Communication Barring (CB)	75
90.4.11 Completion of Communications to Busy Subscriber (CCBS)	82
90.4.12 Message Waiting Indication (MWI)	82
90.4.13 Conference (CONF)	83
90.4.14 USSD over IMS (Supported by network)	89
90.4.15 Void	91
90.5 IP-CAN Independent – Service Interworking	91
90.6 IP-CAN Independent – Mobility	91
90.7 IP-CAN Independent – Emergency call establishment	91
90.7.1. Advanced Mobile Location	91
90.7.2. Emergency service URN construction	93
91 IP Multimedia Subsystem (IMS)-VxLTE	95
91.1 VxLTE – System Access & Registration	95
91.1.1 Default Bearer Activation/Deactivation	95
91.1.2 IMS SIP Registration	106
91.2 VxLTE – Basic Calls	109
91.2.1 Voice Calls	109
91.2.2 Video Calls	111
91.2.3 Emergency Call (EMS Supported by Network)	114
91.2.4 SIP Preconditions Required (Resource Available)	129
91.2.5 SIP Preconditions Required (Resource Unavailable)	133
91.2.6 Call Establishment Performance	138
91.3 VxLTE – SMS	145
91.3.1 SMS over VxLTE (Supported by Network)	145
91.3.2 SMS over VxLTE (Not supported by Network)	147
91.4 VxLTE – Supplementary Services	150
91.4.1 Supplementary Services via VxLTE (Supported by network)	150
91.4.2 Supplementary Services via VxLTE (Not Supported by network)	150
91.5 VxLTE – Service Interworking	152
91.5.1 Voice with Data Transfer	152
91.5.2 Video with Data Transfer	155
91.6 VxLTE – Mobility	158
91.6.1 Service Reselection	158
91.6.2 Handover/Release redirect	161
91.6.3 E-UTRA Handover	164
91.6.4 SRVCC (Voice Call)	167
91.6.5 SRVCC (Video Call)	180
91.6.6 SRVCC (Emergency Call)	181
92 IP Multimedia Subsystem (IMS)-VxWi-Fi	183
92.1 VxWi-Fi – System Access & Registration	183
92.1.1 VxWi-Fi Bearer Activation/Deactivation	183
92.1.2 VxWi-Fi Connection Management	191
92.2 VxWi-Fi – Basic Calls	195
92.2.1 Voice Call	195
92.2.2 Video Call	196
92.2.3 Emergency Call	198
92.2.3.1 Emergency Call (EMS Supported by Network)	198
92.2.4 Call Establishment Performance	203
92.3 VxWi-Fi – SMS	205
92.3.1 SMS over VxWi-Fi (Supported by Network)	205
92.3.2 SMS over VxWi-Fi (Not supported by Network)	208
92.4 VxWi-Fi – Supplementary Services	211
92.4.1 Supplementary Services via VxWi-Fi (Supported by network)	211
92.4.2 Supplementary Services via VxWi-Fi (Not Supported by network)	215
92.5 VxWi-Fi – Service Interworking	215
92.5.1 Interworking with MMS	215
92.6 VxWi-Fi – Mobility	219
92.6.1 Reselection (Wi-Fi)	219
92.6.2 Reselection (IRAT)	222
92.6.3 Wi-Fi/Wi-Fi Call continuity (Voice Call)	238
92.6.4 Wi-Fi/Wi-Fi Call continuity (Video Call)	239
92.6.5 Wi-Fi/LTE Call continuity (Voice Call)	241
92.6.6 Wi-Fi/LTE Call continuity (Video Call)	254
92.6.7 Wi-Fi/CS Call continuity (Voice Call)	256
92.6.8 Wi-Fi/CS Call continuity (Video Call)	257
92.6.9 Interworking with CS Domain	258
92.6.10 Wi-Fi/NR Call continuity (Voice Call)	262
92.6.11 Wi-Fi/NR Call continuity (Video Call)	275
93 IP Multimedia Subsystem (IMS)-VxNR	277
93.1 VxNR – System Access & Registration	277
93.1.1 Default PDU Session Establishment/Release	277
93.1.2 IMS SIP Registration	284
93.2 VxNR – Basic Calls	287
93.2.1 Voice Calls	287
93.2.2 Video Calls	288
93.2.3 Emergency Calls	290
93.2.4 SIP Preconditions Required (Resource Available)	293
93.2.5 SIP Preconditions Required (Resource Unavailable)	297
93.2.6 Call Establishment Performance	302
93.3 VxNR - SMS	308
93.3.1 SMS over VxNR (Supported by Network)	308
93.3.2 SMS over VxNR (Not supported by Network)	309
93.4 VxNR - Supplementary Services	311
93.4.1 Supplementary Services via VxNR (Supported by network)	311
93.5 VxNR – Service Interworking	315
93.5.1 Voice with Data Transfer	315
93.5.2 Video with Data Transfer	318
93.6 VxNR- Mobility	322
93.6.1 Service Reselection	322
93.6.2 Service continuity after Handover/Release redirect	323
93.6.3 Service continuity during handovers	326
94 IP Multimedia Subsystem (IMS)-eCall	329
94.1 Basic Test scenarios for IVS	329
94.1.1 Initiation of manual IMS eCall	329
94.1.2 Initiation of automatic IMS eCall	333
94.1.6 IVS clears down the eCall upon timer T2 expiry	336
94.1.7 IVS remain registered for ≥ 1 hr	338
94.1.9 PSAP initiated callback to IVS	341
Document Management	346
Document History	346
Other Information	347



[bookmark: _Toc156374991]Annex L:	Detailed Test Procedures for IMS services
This Annex contains the detailed procedures that are recommended to be used for Field and Lab Tests of IMS services.
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[bookmark: _Toc482685811]90.1.1.1 IMS SIP Registration
Description
The DUT shall successfully perform SIP registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
3GPP TS 24.229; TS 24.173; TS 24.341; TS 24.237; TS 23.003; TS 33.203; TS 24.623
GSMA IR.92, 2.2.1; IR.92 4.3.1; IR.88 6.3.2; NG.114
Reason for test
To verify the DUT is able to register and authenticate to IMS.
Initial configuration
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
Note:
IMS SIP Registration over VxLTE: 
Access to the network is through the PDN connection.  DUT will need to perform Default Attach Procedure to the LTE network with apn “IMS” before IMS SIP Registration takes place.
IMS SIP Registration over VxNR: 
Access to the network is through the PDU session.  DUT will need to perform Registration procedure in the NR network and PDU session bringup for DNN “IMS” before IMS SIP Registration takes place.
IMS SIP Registration over VxWi-Fi: 
Access to the network is through the ePDG connection.  DUT will need to perform ePDG Data Connection to the Wi-Fi network with apn “IMS” before IMS SIP Registration takes place.
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes a PDN / ePDG connection.

	DUT is attached to LTE / Wi-Fi accordingly.


	2
	Observe the IMS SIP REGISTRATION process on DUT.
	At DUT, check in SIP protocol messages:
- MO REGISTER message. This message is unprotected and does not include the “Security-Verify” tag.
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. This message is protected and includes the “Security-Verify” tag.
- MT REGISTER 200 OK message.  This message contains the IMS expiry timer value.

	3
	Observe the IMS SIP SUBSCRIPTION process on DUT.
	At DUT, check in SIP protocol messages:
- MO SUBSCRIBE message. 
- MT SUBSCRIBE 200 OK message.  
- MT NOTIFY 200 OK message.
- MO NOTIFY message.

	4
	Check the IMS service indication.
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE / VxWi-Fi)

	5
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc482685812]90.1.1.2 IMS SIP Registration (Periodic, Idle)
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
3GPP TS 24.229; TS 23.228
GSMA IR.92 2.2.1; IR.51 2.2.1; NG.114 2.2.1
Reason for test
To verify the DUT is able to re-register after timer expiry.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Note: 
For timer values <20, the re-registration shall take place when half of the expiry time has elapsed.
For timer values >20, the re-registration shall take place 10 minutes before the timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Observe DUT during expected re-registration time.
	At DUT, check in SIP protocol messages:
- MO REGISTER message. 
- MT REGISTER 200 OK message.  

	2
	Check the IMS service indication.
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE / VxWi-Fi/VxNR)

	3
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc482685813]90.1.1.3 IMS SIP Registration (Periodic, During Voice Call)
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
3GPP TS 24.229, 5.1.1.4., 
GSMA IR.92 2.2.1; IR.51 2.2.1; NG.114 2.2.1
Reason for test
To verify the DUT is able to re-register after timer expiry during a voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Note: 
For timer values <20, the re-registration shall take place when half of the expiry time has elapsed.
For timer values >20, the re-registration shall take place 10 minutes before the timer expires.
DUT is in an ongoing voice call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	Observe DUT during expected re-registration time.
	At DUT, check in SIP protocol messages:
- MO REGISTER message. 
- MT REGISTER 200 OK message.  

	2
	Check the IMS service indication.
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE / VxWi-Fi/VxNR)

	3
	Confirm Voice call with Client-1 is ongoing,
	Call is ongoing with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc156374995]90.1.2 IMS SIP Deregistration
[bookmark: _Toc482685817]90.1.2.1 IMS SIP Deregistration before Bearer Detach (Idle)
[bookmark: _Toc482685818]Description
The DUT shall successfully perform SIP deregistration procedure.
Related core specifications
3GPP TS 24.229, 5.1.1.4., 
GSMA IR.92 2.2.1; IR.51 2.2.1; NG.114 2.2.1
Reason for test
To verify the DUT is able to deregister from IMS before Detaching from the bearer.
Initial configuration
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
Note:
IMS SIP Registration over VxLTE: 
Access to the network is through the PDN connection.  DUT will need to perform Default Attach Procedure to the LTE network with apn “IMS” before IMS SIP Registration takes place.
IMS SIP Registration over VxNR: 
Access to the network is through the PDU session.  DUT will need to perform Registration procedure in the NR network and PDU session bringup for DNN “IMS” before IMS SIP Registration takes place.

IMS SIP Registration over VxWi-Fi: 
Access to the network is through the ePDG connection.  DUT will need to perform ePDG Data Connection to the Wi-Fi network with apn “IMS” before IMS SIP Registration takes place.
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes a PDN / ePDG connection.

	DUT is attached to LTE / Wi-Fi accordingly.


	2
	Observe the IMS SIP REGISTRATION process on DUT.
	At DUT, check in SIP protocol messages:
- MO REGISTER message. 
Make a note of the URI information in the FROM header.
Make a note of the CALL-ID information.

	3
	Check the IMS service indication.
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE/VxWi-Fi/VxNR)

	4
	Use a SIP signalling tool so that the signalling can be observed during the power off procedure.  This could be an internal logger that stored the information that can be viewed later or live in an external tool.
Power off DUT.
	At DUT, check in SIP protocol messages:
- MO REGISTER message contains “Expires = 0”
Confirm the URI information in the FROM header is the same as in step 2 above.
Confirm the CALL-ID information is the same as in step 2 above.
- MT REGISTER 200 OK message.  


90.1.2.2 IMS SIP Deregistration before Bearer Detach (During Voice Call)
Description
The DUT shall successfully perform SIP deregistration procedure.
Related core specifications
3GPP TS 24.229, 5.1.1.4., 
GSMA IR.92 2.2.1; IR.51 2.2.1; NG.114 2.2.1
Reason for test
To verify the DUT is able to deregister from IMS before Detaching from the bearer when in an ongoing voice call.
Initial configuration
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
Note:
IMS SIP Registration over VxLTE: 
Access to the network is through the PDN connection.  DUT will need to perform Default Attach Procedure to the LTE network with apn “IMS” before IMS SIP Registration takes place.
IMS SIP Registration over VxNR: 
Access to the network is through the PDU session.  DUT will need to perform Registration procedure in the NR network and PDU session bringup for DNN “IMS” before IMS SIP Registration takes place.
IMS SIP Registration over VxWi-Fi: 
Access to the network is through the ePDG connection.  DUT will need to perform ePDG Data Connection to the Wi-Fi network with apn “IMS” before IMS SIP Registration takes place.
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes a PDN / ePDG connection.

	DUT is attached to LTE / Wi-Fi accordingly.


	2
	Observe the IMS SIP REGISTRATION process on DUT.
	At DUT, check in SIP protocol messages:
- MO REGISTER message. 
Make a note of the URI information in the FROM header.
Make a note of the CALL-ID information.

	3
	Check the IMS service indication.
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE / VxWi-Fi/VxNR)

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.

	5
	Use a SIP signalling tool so that the signalling can be observed during the power off procedure.  This could be an internal logger that stored the information that can be viewed later or live in an external tool.
Power off DUT.
	At DUT, check in SIP protocol messages:
- MO BYE message.
Call is ended.
- MO REGISTER message contains “Expires = 0”
Confirm the URI information in the FROM header is the same as in step 2 above.
Confirm the CALL-ID information is the same as in step 2 above.
- MT REGISTER 200 OK message.  


[bookmark: _Toc156374996]90.2 IP-CAN Independent – Basic Calls
[bookmark: _Toc156374997]90.2.1 Voice Calls
[bookmark: _Toc482685821]90.2.1.1 MO Voice Call – To IMS Client
Description
The DUT shall successfully perform a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT establishes voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Preferred-Identity” header.
- MO INVITE message contains “From” header.
- MO INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
- MO INVITE contains “m=audio” supported (not zero)
AT Client-1, the identity of DUT is displayed (MSISDN or contact name if stored in Client-1 phonebook).
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	At DUT, check in SIP protocol messages:
- MO BYE message.
Call is ended.


[bookmark: _Toc482685822]90.2.1.2 MO Voice Call – To CS Client
Description
The DUT shall successfully perform a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT establishes voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered to a CS network (UTRAN/GERAN) for CS voice services.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Preferred-Identity” header.
- MO INVITE message contains “From” header.
- MO INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
- MO INVITE contains “m=audio” supported (not zero)
AT Client-1, the identity of DUT is displayed (MSISDN or contact name if stored in Client-1 phonebook).
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	At DUT, check in SIP protocol messages:
- MO BYE message.
Call is ended.


[bookmark: _Toc482685823]90.2.1.3 MO Voice Call – Non-Cellular (Fixed Line)
Description
The DUT shall successfully perform a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT establishes voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is a non-cellular fixed line (For example: PBX, PSTN or ISDN).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Preferred-Identity” header.
- MO INVITE message contains “From” header.
- MO INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
- MO INVITE contains “m=audio” supported (not zero)
AT Client-1, the identity of DUT is displayed (MSISDN or contact name if stored in Client-1 phonebook).
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	At DUT, check in SIP protocol messages:
- MO BYE message.
Call is ended.


[bookmark: _Toc482685824]90.2.1.4 Void
[bookmark: _Toc482685826][bookmark: _Toc482685825]90.2.1.5 MO Voice Call – Cancelled during MOC Setup
Description
The DUT shall be able to cancel MOC setup during the alerting phase by sending cancel command.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT can cancel MOC setup during the alerting phase.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Do not answer the call at Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message.
Client-1 is alerting.

	2
	At DUT, cancel/end the call setup while Client-1 is alerting.
	At DUT, check in SIP protocol messages:
- MO CANCEL message.
Call setup is ended.


[bookmark: _Toc482685827]90.2.1.6 MO Voice Call – To Occupied Client
Description
The DUT shall be able to make an MO call to a busy client and correctly indicate the busy status.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can make an MO call to a busy client and correctly indicate the busy status.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 has Communication Waiting disabled at Terminal and network side (as appropriate for the network).
Client-1 has ALL Communication Forwarding deactivated.
Client-1 has voice mail deactivated.
Client-2 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is in an ongoing voice call with Client-2.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.

	At DUT, check in SIP protocol messages:
- MO INVITE message.
- MT INVITE (486 Busy Here) message.
DUT displays “User Busy” or similar and emits busy tones from the speaker.


[bookmark: _Toc482685828]90.2.1.7 MO Voice Call – Rejected by Client
Description
The DUT shall handle an unsuccessful MOC setup when the terminating party rejects the call.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can handle an unsuccessful MOC setup when the terminating party rejects the call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 has ALL Communication Forwarding deactivated.
Client-1 has voice mail deactivated.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Do not answer the call at Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message.

	2
	At Client-1, Reject the call.
	At DUT, check in SIP protocol messages:
- MT SIP 486 (Busy Here) response.
DUT displays “User Busy” or similar and emits busy tones from the speaker.


[bookmark: _Toc482685829]90.2.1.8 MO Voice Call – Mute/Unmute audio
Description
When the DUT is muted, no outgoing audio shall be transmitted.  When the DUT is unmuted, outgoing audio shall be available.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT can handle mute and unmute of audio during an IMS call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.

	2
	At DUT, use the in-call menu option to mute the audio.  
Speak into the DUT microphone.
	DUT indicates to the user that the call is muted.
No audio can be heard from DUT at Client-1.

	3
	At DUT, use the in-call menu option to unmute the audio.  
Speak into the DUT microphone.
	DUT indicates to the user that the call is unmuted.
Audio can be heard from DUT at Client-1.

	4
	At DUT, end the voice call.
	Call is ended.


90.2.1.9 MO Voice Call – DTMF Emission
Description
The DUT shall transmit DTMF tones during an IMS voice call.
Related core specifications
3GPP TS 24.229, TS26.114 
GSMA IR.92, section 3.3; NG.114 3.5
Reason for test
To ensure the DUT can transmit DTMF tones during an IMS voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client 1 is capable of interpreting DTMF tones (e.g. voicemail system).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Voice call is established between DUT and Client.

	2
	Using DUT keypad, successfully send DTMF tones for digits 0-9, * and #.
	DTMF tones for digits 0-9, * and # are sent correctly and interpreted by the Client.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


90.2.1.10 MT Voice Call – From IMS Client
Description
The DUT shall successfully receive a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT receives voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook).
Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	At DUT, check in SIP protocol messages:
- MT BYE message.
Call is ended.


[bookmark: _Toc482685830]90.2.1.11 MT Voice Call – From CS Client
Description
The DUT shall successfully receive a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT receives voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered to a CS network (UTRAN/GERAN) for CS voice services.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook).
Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	At DUT, check in SIP protocol messages:
- MT BYE message.
Call is ended.


[bookmark: _Toc482685831]90.2.1.12 MT Voice Call – From Non-Cellular (Fixed Line)
Description
The DUT shall successfully receive a voice call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT receives voice calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is a non-cellular fixed line (For example: PBX, PSTN or ISDN) 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook).
Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	At DUT, check in SIP protocol messages:
- MT BYE message.
Call is ended.


[bookmark: _Toc482685832]90.2.1.13 Void
[bookmark: _Toc482685833]90.2.1.14 Void 
90.2.1.15 Voice Call – Call Control Tones
Description
Verify that the appropriate call control tones are audible in each call scenario.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To ensure the DUT is able to provide appropriate call control tones in each call scenario.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Communication Waiting is enabled at DUT.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, Ringback tone is heard.

	2
	At Client-1, answer the call.
	Call is successfully established with 2-way audio.

	3
	At DUT, receive MT voice call from Client-2.
	At DUT, Call Waiting tone can be heard.

	4
	At DUT, answer the call from Client-2 and release the call with Client-1.
	DUT is now in call with Client-2.

	5
	At DUT, release the call with Client-2.
	Call end tone is emitted.
Call is ended.


[bookmark: _Toc156374998]90.2.2 Video Calls
[bookmark: _Toc482685835]90.2.2.1 MO Video Call – To IMS Client
[bookmark: _Toc482685836]Description
The DUT shall successfully perform a video call over IMS.
Related 3GPP core specifications
GSMA IR.92; NG. 114
Reason for test
To verify the DUT establishes video calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Preferred-Identity” header.
- MO INVITE message contains “From” header.
- MO INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
- MO INVITE contains “video” in Accept-Contact header.
- MO INVITE contains “m=video” supported (not zero)
AT Client-1, the identity of DUT is displayed (MSISDN or contact name if stored in Client-1 phonebook).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, end the video call.
	At DUT, check in SIP protocol messages:
- MO BYE message.
Call is ended.


90.2.2.2 MO Video Call – Cancelled during MOC Setup
[bookmark: _Toc482685837]Description
The DUT shall be able to cancel MOC setup during the alerting phase by sending cancel command.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT can cancel MOC setup during the alerting phase.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Do not answer the call at Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message.
Client-1 is alerting.

	2
	At DUT, cancel/end the call setup while Client-1 is alerting.
	At DUT, check in SIP protocol messages:
- MO CANCEL message.
Call setup is ended.


90.2.2.3 MO Video Call – To Occupied Client
[bookmark: _Toc482685838]Description
The DUT shall be able to make an MO video call to a busy client and correctly indicate the busy status.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can make an MO video call to a busy client and correctly indicate the busy status.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 has Communication Waiting disabled at Terminal and network side (as appropriate for the network).
Client-1 has ALL Communication Forwarding deactivated.
Client-1 has voice mail deactivated.
Client-2 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is in an ongoing video call with Client-2.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.

	At DUT, check in SIP protocol messages:
- MO INVITE message.
- MT INVITE (486 Busy Here) message.
DUT displays “User Busy” or similar and emits busy tones from the speaker.


90.2.2.4 MO Video Call – Rejected by Client
The DUT shall handle an unsuccessful MOC setup when the terminating party rejects the call.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can handle an unsuccessful MOC setup when the terminating party rejects the call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 has ALL Communication Forwarding deactivated.
Client-1 has voice mail deactivated.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Do not answer the call at Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message.

	2
	At Client-1, Reject the call.
	At DUT, check in SIP protocol messages:
- MT SIP 486 (Busy Here) response.
DUT displays “User Busy” or similar and emits busy tones from the speaker.



[bookmark: _Toc482685839]90.2.2.5 Void
[bookmark: _Toc482685840]90.2.2.6 MO Video Call – Mute/Unmute audio
Description
When the DUT is muted, no outgoing audio shall be transmitted.  When the DUT is unmuted, outgoing audio shall be available.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT can handle mute and unmute of audio during an IMS call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, use the in-call menu option to mute the audio.  
Speak into the DUT microphone.
	DUT indicates to the user that the call is muted.
No audio can be heard from DUT at Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	At DUT, use the in-call menu option to unmute the audio.  
Speak into the DUT microphone.
	DUT indicates to the user that the call is unmuted.
Audio can be heard from DUT at Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	4
	At DUT, end the video call.
	Call is ended.


90.2.2.7 MO Video Call – DUT Hides and Displays Video Stream
[bookmark: _Toc482685878]Description
The DUT shall successfully hide and display the video stream.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can hide and display the video stream as requested by the user.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, select the menu option to hide the video stream.
	Video Stream from DUT is no longer displayed on Client-1.
Confirm 2-way audio between DUT and Client-1.

	3
	At DUT, select the menu option to display the video stream.
	Video Stream from DUT is displayed on Client-1.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	4
	At DUT, end the video call.
	Call is ended.


[bookmark: _Toc482685843]90.2.2.8 MT Video Call – From IMS Client
[bookmark: _Toc482685844]Description
The DUT shall successfully receive a video call over IMS.
Related 3GPP core specifications
3GPP TS 24.229
3GPP TS 24.234
Reason for test
To verify the DUT receives video calls over IMS by using the SIP client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
- MT INVITE contains “video” in Accept-Contact header.
- MT INVITE contains “m=video” supported (not zero)
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, end the video call.
	At DUT, check in SIP protocol messages:
- MT BYE message.
Call is ended.


90.2.2.9 MT Video Call – DUT Accepts as Voice only Call
Description
The DUT can accept an incoming video call as a voice call.
Related 3GPP core specifications
GSMA IR.92, IR.94; NG.114
Reason for test
To verify the DUT can accept an incoming video call as a voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE contains “video” in Accept-Contact header.
- MT INVITE contains “m=video” supported (not zero)
- MO SESSION PROGRESS contains “m=video” supported (not zero)

	2
	At DUT, choose the option to accept the call as a voice call.
	DUT sends  UPDATE- MT UPDATE contains “m=video” not supported (zero)
- MO 200 OK response contains “m=video” not supported (zero)
Voice call is successfully established.
Confirm 2-way audio between DUT and Client-1.

	3
	At Client-1, end the voice call.
	Call is ended.



90.2.2.10 MT Video Call – Client Hides and Displays Video Stream
Description
The DUT shall continue the video call when the Client hides their outgoing stream.  When the stream is displayed again, the DUT shall successfully display this to the user.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can continue the video call when the Client hides their outgoing stream.  When the stream is displayed again, the DUT shall successfully display this to the user.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, select the menu option to hide the video stream.
	Video Stream from Client-1 is no longer displayed on DUT.
Confirm 2-way audio between DUT and Client-1.

	3
	At Client-1, select the menu option to display the video stream.
	Video Stream from Client-1 is displayed on DUT.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	4
	At Client-1, end the video call.
	Call is ended.


90.2.2.11 Video Call – Switch to Background and Resume
Description
The DUT shall successfully maintain the dedicated bearer for video calls when the video application is temporarily switched to the background.
Related 3GPP core specifications
3GPP TS. 24.229
GSMA IR.92; NG.114
Reason for test
To verify the DUT can maintain a dedicated bearer for video calls when the application is switched to the background.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, switch the video call to the background (for example pressing the Home button to display the home screen).
Open another application (for example the calculator)
Keep for at least 25 seconds.
	Confirm the RTCP flow for video media stream is transferred by DUT. 
Confirm the call remains active, but without the video stream being displayed. Confirm 2-way audio between DUT and Client-1.
The new application can be used without interfering with the audio quality of the video call.

	3
	At DUT, bring the video call back so it is the main open application.
	Confirm 2-way video media stream between DUT and Client-1 is available again.
Confirm 2-way audio between DUT and Client-1.

	4
	At Client-1, switch the video call to the background (for example pressing the Home button to display the home screen).
Open another application (for example the calculator)
Make sure the RTCP flow for video media stream is transferred by Client-1. 
Keep for at least 25 seconds.
	Confirm the call remains active, but without the video stream being displayed.
Confirm the DUT has not downgraded the call to voice call.
Confirm 2-way audio between DUT and Client-1.

	5
	At Client-1, bring the video call back so it is the main open application.
	Confirm 2-way video media stream between DUT and Client-1 is available again.
Confirm 2-way audio between DUT and Client-1.

	6
	At DUT, end the video call.
	Call is ended.



[bookmark: _Toc482685841]90.2.2.12 Video Call – Rotation (Rotation on DUT)
[bookmark: _Toc482685842]Description
The DUT shall successfully indicate to the client when the video orientation has changed.
Related 3GPP core specifications
GSMA IR.92; NG.114
Reason for test
To verify the DUT can successfully indicate to the client when the video orientation has changed.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
DUT and Client-1 support Video orientation (3gpp:video-orientation).
	-
	Test procedure
	Expected behaviour

	1
	DUT and Client-1 are both in portrait orientation.
At DUT, make MO video call to Client-1.

	At DUT, check in SIP protocol messages:
- MO INVITE message contains “3gpp :video-orientation”
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, rotate the device 90 degrees clockwise so it is in landscape orientation.
	The incoming video stream on Client-1 is rotated so that the video stream still appears upright.

	3
	At DUT, rotate the device 90 degrees counter-clockwise so it is in portrait orientation.
	The incoming video stream on Client-1 is rotated so that the video stream still appears upright.

	4
	At DUT, rotate the device 90 degrees counter-clockwise so it is in landscape orientation.
	The incoming video stream on Client-1 is rotated so that the video stream still appears upright.

	5
	At DUT, end the video call.
	Call is ended.


90.2.2.13 Video Call – Rotation (Rotation on Client)
Description
The DUT shall successfully update the incoming video stream orientation when it is changed at the Client.
Related 3GPP core specifications
GSMA IR.92; NG.114
Reason for test
To verify the DUT can successfully update the incoming video stream orientation when it is changed at the Client.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
DUT and Client-1 support Video orientation (3gpp:video-orientation).
	-
	Test procedure
	Expected behaviour

	1
	DUT and Client-1 are both in portrait orientation.
At DUT, receive MT video call from Client-1.

	At DUT, check in SIP protocol messages:
- MT INVITE message contains “3gpp :video-orientation”
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, rotate the device 90 degrees clockwise so it is in landscape orientation.
	The incoming video stream on DUT is rotated so that the video stream still appears upright.

	3
	At Client-1, rotate the device 90 degrees counter-clockwise so it is in portrait orientation.
	The incoming video stream on DUT is rotated so that the video stream still appears upright.

	4
	At Client-1, rotate the device 90 degrees counter-clockwise so it is in landscape orientation.
	The incoming video stream on DUT is rotated so that the video stream still appears upright.

	5
	At Client-1, end the video call.
	Call is ended.


90.2.2.14 MO Video Call – To CS Client
Description
The DUT shall successfully downgrade to voice call when establishing video call to a client in the CS network.
Related 3GPP core specifications
GSMA IR.94, NG.114
3GPP TS 24.229
Reason for test
To verify the DUT downgrade to voice call when establishing video call to a client in the CS network.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered to a CS network (UTRAN/GERAN) for CS voice services.
Test procedure
	Steps
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE contains “m=video” supported (not zero)
2-way audio call is successfully established.

	2
	At DUT, end the voice call.
	Call setup is ended.





[bookmark: _Toc156374999]90.2.3 Tones and Announcements
[bookmark: _Toc482685846]90.2.3.1 MO Voice Call – Early Media – Announcement during MOC setup
Description
The DUT shall support P-Early-Media header to provide announcements during the establishment of a call. This announcement could be a message to the user that the line they have called is chargeable and if they do not want to be charged they should hang up now, otherwise remain on the line.  Alternatively it could be a queuing status indication of a service hotline.
Related core specifications
3GPP TS 24.229 and TS 24.628
GSMA IR.92, clause 2.2.7; NG.114 clause 2.2.6
Reason for test
Verify that the early media can be received and played by DUT before the desired session is accepted by the user. 
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is available which is a known chargeable line or a service hotline.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	The DUT establishes a connection to the B-Party and the announcement is played. 
At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Early-Media” tag as supported.
- MT 183 SESSION PROGRESS contains “P-Early-Media” tag. With value “sendonly” or “sendreceive”

	2
	Wait until the announcement is finished or an action to establish the session is required.
	The voice call is established.

	3
	At DUT, end the call.
	Call is ended.


[bookmark: _Toc482685847]90.2.3.2 MO Voice Call – Early Media – Alternative Ringtone
Description
The DUT shall support P-Early-Media header to use provided alternative ring tone. The alternative ring tone shall override the local ring tones provided by the DUT.
Related core specifications
3GPP TS 24.229 and TS 24.628
Reason for test
Verify that the early media can be received and played by DUT before the desired session is established. 
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is configured with an alternative ringtone.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	During MO call setup, the DUT can hear the Alternative ringtone.
At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Early-Media” tag as supported.
- Check one of the following messages contains “P-Early-Media” tag: with value “sendonly” or “sendreceive”

MT 183 SESSION PROGRESS 
Or
MT 180 RINGING

	2
	At Client-1, accept the call.
	Confirm the voice call is established.

	3
	At DUT, end the call.
	Call is ended.


[bookmark: _Toc482685848]90.2.3.3 MO Voice Call – Early Media – Video Alerting Tone
[bookmark: _Toc482685849]Description
The DUT shall support P-Early-Media header to use provided video alerting tone during establishment of VxLTE/VxWi-Fi/VxNR call. This video alerting tone could be video clips recorded by Users before User accepts the desired call.
Related core specifications
3GPP TS 24.229, TS 24.128 and TS 24.628
Reason for test
Verify that the early media can be received and played by DUT before the desired session is established. 
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is configured with Video alerting tone.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	During MO call setup, the DUT can hear the Video alerting tone as configured on Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Early-Media” tag as supported.
- Check one of the following messages contains “P-Early-Media” tag: with value “sendonly” or “sendreceive”

MT 183 SESSION PROGRESS 
Or
MT 180 RINGING

	2
	At Client-1, accept the call.
	Confirm the voice call is established.
Confirm the Video alerting tone stops when the call is established.

	3
	At DUT, end the call.
	Call is ended.


90.2.3.4 MO Video Call – Early Media – Customized Alerting Tone
Description
The DUT shall support P-Early-Media header to use provided audio or video customized alerting tone (CAT) during establishment of VxLTE/VxWi-Fi/VxNR call. 
Related core specifications
3GPP TS 24.229, TS 24.128 and TS 24.628
Reason for test
Verify that the early media can be received and played by DUT before the desired session is established. 
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Scenario A: Client-1 is configured with audio CAT.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	During MO call setup, the DUT can hear the audio alerting tone as configured on Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Early-Media” tag as supported.
- Check one of the following messages contains “P-Early-Media” tag with value “sendonly” or “sendreceive”:
MT 183 SESSION PROGRESS 
Or
MT 180 RINGING

	2
	At Client-1, accept the call.
	Confirm the video call is established.
Confirm the audio alerting tone stops when the call is established.

	3
	At DUT, end the call.
	Call is ended.



Scenario B: Client-1 is configured with video CAT. This video CAT could be video clips recorded by Users before User accepts the desired call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	During MO call setup, the DUT can hear the Video alerting tone as configured on Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Early-Media” tag as supported.
- Check one of the following messages contains “P-Early-Media” tag with value “sendonly” or “sendreceive”:
MT 183 SESSION PROGRESS 
Or
MT 180 RINGING

	2
	At Client-1, accept the call.
	Confirm the video call is established.
Confirm the video alerting tone stops when the call is established.

	3
	At DUT, end the call.
	Call is ended.



[bookmark: _Toc156375000]90.2.4 Addressing
[bookmark: _Toc482685851]90.2.4.1 MO Voice Call – Public User Identity Format (SIP-URI)
[bookmark: _Toc482685852]Description
Standard addressing format of Public User URI.
Related 3GPP core specifications
GSMA IR.92, sub clause 2.2.3; NG.114 clause 2.2.3
3GPP TS 23.003, sub clause 13.4, 3GPP TS 24.229
Reason for test
To verify that the DUT can handle different Public User Identity formats on outgoing call. 
Initial configuration
DUT Local URI type is configured as “SIP-URI”.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Server under test must support “SIP-URI” in order to perform the test.
Scenario A : Dial non-international format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “To = sip:1234;phone-context=home_operator.com@home_operator.com;user=phone”
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.



Scenario B: Dial international format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “To= sip:+1234@home_operator.com;user=phone>”
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.4.2 MO Voice Call – Public User Identity Format (TEL-URI)
Description
Standard addressing format of Public User URI.
Related 3GPP core specifications
GSMA IR.92, sub clause 2.2.3; NG.114 clause 2.2.3
3GPP TS 23.003, sub clause 13.4, 3GPP TS 24.229
Reason for test
To verify that the DUT can handle different Public User Identity formats on outgoing call. 
Initial configuration
DUT Local URI type is configured as “TEL-URI”.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Server under test must support “TEL-URI” in order to perform the test.
Scenario A : Dial non-international format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “To = tel:1234;phone-context=home_operator.com@home_operator.com;user=phone
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.


Scenario B: Dial international format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “To= <tel:+1234>”
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.4.3 MO Voice Call – Using geo-local number
Description
Standard addressing format of geo-local number 
Related 3GPP core specifications
GSMA IR.92, sub clause 2.2.3; NG.114 clause 2.2.3
3GPP TS 23.003, sub clause 13.4, 3GPP TS 24.229
Reason for test
To verify that the DUT is correctly constructing the URI in case if geo-local numbers are in use and registered for IMS service in VPLMN
Initial configuration
DUT is successfully registered for IMS services in roaming on VPLMN (e.g. MCC=234; MNC=15)
DUT is configured with Policy_on_local_numbers = geo-local 
Scenario A: Using SIP-URI
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
The number in use is not in an international format
	At DUT, check in SIP protocol messages:
- MO INVITE message contains 
“To = sip:1234;phone-context= 234.15.eps.home_operator.com@home_operator.com;user=phone”
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.



Scenario B: Using TEL-URI
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
The number in use is not in an international format
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “To = tel:1234;phone-context= 234.15.eps.home_operator.com”
Call is successfully established with 2-way audio.

	2
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc156375001]90.2.5 SIP Preconditions Required (Resource Available)
[bookmark: _Toc482685856]90.2.5.1 MO Voice Call – SIP Preconditions required (Client not supporting SIP Preconditions)
Description
When Resource is available, but the receiving Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the receiving Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT is  successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition. 
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (e.g. CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services. 
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”
At DUT, check the MT messages received from Client-1.  Implementation can be different according to Client and server:
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “Precondition” within the “Require” tag.
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “a=des: qos local” or “a=des: qos remote”.
- [OPTIONAL] MT RINGING message, DOES NOT indicate “Precondition” within the “Supported” tag.

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc482685857]90.2.5.2 MT Voice Call – SIP Preconditions required (Client not supporting SIP Preconditions)
Description
When Resource is available, but the originating Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the originating Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition.
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (e.g.CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message DOES NOT indicate “Precondition” within the “Supported” tag.
- MT INVITE message DOES NOT contain a=des: qos mandatory local “sendrecv”
- MT INVITE message DOES NOT contain a=des: qos optional remote “sendrecv”

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc482685858]90.2.5.3 MO Voice Call – SIP Preconditions required (Client not supporting SIP Preconditions) – DUT upgrades call to Video
Description
When Resource is available, but the receiving Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the receiving Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition.
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (e.g.CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”
At DUT, check the MT messages received from Client-1.  Implementation can be different according to Client and server:
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “Precondition” within the “Require” tag.
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “a=des: qos local” or “a=des: qos remote”.
- [OPTIONAL] MT RINGING message, DOES NOT indicate “Precondition” within the “Supported” tag.

	3
	End the video call between DUT and Client-1.
	Call is ended.


90.2.5.4 MT Voice Call – SIP Preconditions required (Client not supporting SIP Preconditions) – Client upgrades call to Video
Description
When Resource is available, but the originating Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the originating Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition.
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (e.g.CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE message DOES NOT indicate “Precondition” within the “Supported” tag.
- MT INVITE message DOES NOT contain a=des: qos mandatory local “sendrecv”
- MT INVITE message DOES NOT contain a=des: qos optional remote “sendrecv”

	3
	End the video call between DUT and Client-1.
	Call is ended.


90.2.5.5 MO Video Call – SIP Preconditions required (Client not supporting SIP Preconditions)
[bookmark: _Toc482685859]Description
When Resource is available, but the receiving Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the receiving Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition.
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”
At DUT, check the MT messages received from Client-1.  Implementation can be different according to Client and server:
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “Precondition” within the “Require” tag.
- [OPTIONAL] MT SESSION PROGRESS message, DOES NOT indicate “a=des: qos local” or “a=des: qos remote”.
- [OPTIONAL] MT RINGING message, DOES NOT indicate “Precondition” within the “Supported” tag.

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


90.2.5.6 MT Video Call – SIP Preconditions required (Client not supporting SIP Preconditions)
Description
When Resource is available, but the originating Client is not supporting Preconditions, the DUT should not apply the QoS mechanism.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, but the originating Client is not supporting Preconditions; the DUT should not apply the QoS mechanism.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT is supporting SIP Precondition.
Client-1 is not supporting SIP Precondition.
Note: Client-1 can be any terminating point in the network where the preconditions are not deployed (CS Network; Fixed line network; VxWiFi). It does not imply to be a device with IMS services
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message DOES NOT indicate “Precondition” within the “Supported” tag.
- MT INVITE message DOES NOT contain a=des: qos mandatory local “sendrecv”
- MT INVITE message DOES NOT contain a=des: qos optional remote “sendrecv”

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc156375002]90.2.6 SIP Preconditions Required (Resource Unavailable)
[bookmark: _Toc156375003]90.2.7 Voice Codecs
[bookmark: _Toc482685866]90.2.7.1 MO Voice Call (DUT EVS – Client EVS) – EVS Codec Established
[bookmark: _Toc482685867]Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.7.2 MO Voice Call (DUT EVS – Client WB) – WB Codec Established
[bookmark: _Toc482685868]Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network does not support configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc482685869]90.2.7.3 MO Voice Call (DUT EVS – Client WB) – EVS AMR-WB IO Codec Established 
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network supports configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS AMR-WB IO voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc482685870]90.2.7.4 MO Voice Call (DUT EVS – Client NB) – NB Codec Established 
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting NB-AMR voice codec.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm NB-AMR voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.7.5 MO Voice Call (DUT WB – Client EVS) – WB Codec Established
[bookmark: _Toc482685871]Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network does not support configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.7.6 MO Voice Call (DUT WB – Client WB) – WB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.7.7 MO Voice Call (DUT WB – Client NB) – NB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting NB-AMR voice codec.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm NB-AMR voice codec has been successfully negotiated.

	2
	At DUT, end the voice call.
	Call is ended.


90.2.7.8 MT Voice Call (DUT EVS – Client EVS) – EVS Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.9 MT Voice Call (DUT EVS – Client WB) – WB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network does not support configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.10 MT Voice Call (DUT EVS – Client WB) – EVS AMR-WB IO Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network supports configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS AMR-WB IO voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.11 MT Voice Call (DUT EVS – Client NB) – NB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting NB-AMR voice codec.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm NB-AMR voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.12 MT Voice Call (DUT WB – Client EVS) – WB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs
The network does not support configuring EVS AMR-WB IO payload format
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.13 MT Voice Call (DUT WB – Client WB) – WB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting WB-AMR and NB-AMR voice codecs.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.14 MT Voice Call (DUT WB – Client NB) – NB Codec Established
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229, 
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting WB-AMR and NB-AMR voice codecs.
Client-1 is supporting NB-AMR voice codec.
The network supports WB-AMR and NB-AMR voice codecs
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm NB-AMR voice codec has been successfully negotiated.

	2
	At Client-1, end the voice call.
	Call is ended.


90.2.7.15 Voice Communication Hold (DUT EVS – Client EVS)
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	3
	Wait 15 seconds.
	Confirm call is on hold.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- Confirm EVS or WB-AMR voice codec has been successfully negotiated.

	5
	At DUT, end the voice call.
	Call is ended.


90.2.7.16 Voice Conference (DUT EVS – Client-1 EVS – Client-2 WB)
Description
The DUT shall use the appropriate audio codec for the IMS call.
Related 3GPP core specifications
3GPP TS 24.229; TS 24.605; TS 24.147; TS 26.114
GSMA IR.92, 3.2.1; NG.114 3.2.1
Reason for test
To verify the DUT uses the appropriate audio codec during an IMS call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-1 is supporting EVS, WB-AMR and NB-AMR voice codecs.
Client-2 is supporting WB-AMR and NB-AMR voice codecs.
The network supports EVS, WB-AMR and NB-AMR voice codecs.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
Call is successfully established between DUT and Client-2 with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	4
	At DUT, use the menu option to remove and end the call with Client-2.
	Client-2 is successfully removed from the conference and the call is ended.
Call remains active between DUT and Client-1 with 2-way audio.
At DUT, check in SIP protocol messages:
- Confirm EVS or WB-AMR voice codec has been successfully negotiated.

	5
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc156375004]90.2.8 Voice and Video Call Interworking
[bookmark: _Toc482685873]90.2.8.1 MO Voice Call – DUT upgrades call to Video
Description
The DUT shall successfully upgrade the voice call into a video call.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can upgrade the voice call into a video call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE does not contain “m=video”.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE contains “m=video” supported (not zero)

	3
	At DUT, end the video call.
	Call is ended.




[bookmark: _Toc482685874]90.2.8.2 MO Voice Call – DUT upgrades call to Video (Rejected by Client)
Description
The DUT shall maintain the current voice call when the Client rejects the video upgrade.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can maintain the current voice call when the Client rejects the video upgrade.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE does not contain “m=video”.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
At Client-1, reject the incoming video upgrade.
	Video Stream is not added.
DUT no longer displays the outgoing video stream and returns to the voice in-call menu.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE contains “m=video” supported (not zero)
- MT SIP response contains 603 Decline

	3
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc482685875]90.2.8.3 MT Voice Call – Client upgrades call to Video    
[bookmark: _Toc482685876]Description
The DUT shall successfully upgrade the voice call into a video call.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can upgrade the voice call into a video call when the Client attempts to do so.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE does not contain “m=video”.

	2
	At Client-1, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE contains “m=video” supported (not zero)

	3
	At Client-1, end the video call.
	Call is ended.


90.2.8.4 MT Voice Call – Client upgrades call to Video (Rejected by DUT)
Description
The DUT shall be able to reject an incoming video upgrade during a voice call.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT is able to reject an incoming video upgrade during a voice call and maintain the current voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE does not contain “m=video”.

	2
	At Client-1, select the in-call menu option to upgrade to a video call.
At DUT, reject the incoming video stream.
	Video Stream is not added.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE contains “m=video” supported (not zero)
- MO SIP response contains 603 Decline

	3
	At Client-1, end the voice call.
	Call is ended.


90.2.8.5 MO Video Call – DUT downgrades call to Voice
Description
The DUT shall successfully downgrade the video call into a voice call.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can downgrade the video call into a voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE contains “m=video” supported (not zero)

	2
	At DUT, select the menu option to downgrade the video call into a voice call.
	Video Stream is successfully removed.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE contains “m=audio” supported (not zero)
- MO INVITE does not contain “m=video” or MO INVITE contains “m=video” not supported (zero).

	3
	At DUT, end the voice call.
	Call is ended.


90.2.8.6 MT Video Call – Client downgrades call to Voice
Description
The DUT shall successfully handle a downgrade of the video call into a voice call.
Related 3GPP core specifications
3GPP TS 24.229, TS 24.301 and TS 36.331
Reason for test
To verify the DUT can handle a downgrade of the video call into a voice call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE contains “m=video” supported (not zero)

	2
	At Client-1, select the in-call menu option to downgrade to a voice call.
	Video Stream is successfully removed.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- MT INVITE does not contain “m=video” or MO INVITE contains “m=video” not supported (zero).

	3
	At Client-1, end the voice call.
	Call is ended.



90.2.8.7 MO Video Call – Video not supported by Client
Description
The DUT shall successfully downgrade to a voice call when attempting a video call to a client not supporting video.
Related 3GPP core specifications
GSMA IR.92; NG.114
Reason for test
To verify the DUT can downgrade to a voice call when attempting a video call to a client not supporting video.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is not supporting video calls over IMS (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE contains “video” in Accept-Contact header.
- MO INVITE contains “m=video” supported (not zero)
- MT SESSION PROGRESS contains “m=video” not supported (zero)
DUT performs an update to the call.
- MO UPDATE contains “m=video” not supported (zero)
- MT UPDATE contains “m=video” not supported (zero)
Voice call is successfully established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the voice call.
	Call is ended.



90.2.8.8 MT Voice Call – Reconfigured from Video Call (Video not supported)
Description
The DUT shall successfully downgrade to a voice call when receiving a video call if the DUT is not supporting video over IMS.
Related 3GPP core specifications
GSMA IR.92; NG.114
Reason for test
To verify the DUT can downgrade to a voice call when receiving a video call if the DUT is not supporting video over IMS.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
DUT is not supporting video calls over IMS (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE contains “video” in Accept-Contact header.
- MT INVITE contains “m=video” supported (not zero)
- MO SESSION PROGRESS contains “m=video” not supported (zero)
Client-1 performs an Update.
- MT UPDATE contains “m=video” not supported (zero)
- MO UPDATE contains “m=video” not supported (zero)
Voice call is successfully established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the voice call.
	Call is ended.




90.2.8.9 MO Voice Call – DUT upgrades call to Video (Cancelled by DUT)
Description
The DUT shall be able to cancel an outgoing video upgrade request during a voice call.
Note：This test case can be tested only if the device support cancelling the upgrade request in the UI.
Related 3GPP core specifications
3GPP TS 24.229 5.1.3.1, TS 24.301 and TS 36.331, RFC 3261
Reason for test
To verify the DUT is able to cancel an outgoing video upgrade request during a video call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
At DUT, cancel the video upgrade 
	Video Stream is not added.
Confirm 2-way audio between DUT and Client-1.


	3
	At DUT, end the voice call.
	Call is ended.


 

[bookmark: _Toc156375005]90.3 IP-CAN Independent – SMS
[bookmark: _Toc156375006]90.3.1 SMS over IMS
90.3.1.1 MO SMS over IMS
Description
Verify the DUT can successfully send an MO SMS via IMS.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to send an MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE message.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


90.3.1.2 MO SMS over IMS (Concatenated)
Description
Verify the DUT can successfully send a concatenated MO SMS via IMS.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to send a concatenated MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 459 characters (3 segments) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1.
	At DUT, check in SIP protocol messages:
- 3 x MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


90.3.1.3 MO SMS over IMS (during Voice Call)
Description
Verify the DUT can successfully send an MO SMS via IMS during an active voice call.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to send an MO SMS over IMS during an active voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
The DUT is in an active voice call with Client-1 over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE message.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


90.3.1.4 MT SMS over IMS
Description
Verify the DUT can successfully receive an MT SMS via IMS.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to receive an MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE message.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


90.3.1.5 MT SMS over IMS (Concatenated)
Description
Verify the DUT can successfully receive a concatenated MT SMS via IMS.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to receive a concatenated MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 459 characters (3 segments) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT.
	At DUT, check in SIP protocol messages:
- 3 x MT MESSAGE messages.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


90.3.1.6 MT SMS over IMS (during Voice Call)
Description
Verify the DUT can successfully receive an MT SMS via IMS during an active voice call.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to receive an MT SMS over IMS during an active voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
The DUT is in an active voice call with Client-1 over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT.
	At DUT, check in SIP protocol messages:
- MT MESSAGE message.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


90.3.1.7 MT WAP-PUSH SMS over IMS
Description
Verify the DUT can successfully receive an MT WAP-PUSH SMS via IMS.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; NG.114 2.4
Reason for test
To verify the DUT is able to receive an MT WAP-PUSH SMS over IMS.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
Client-1 is attached to a RAT capable of sending MMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new MMS and enter the MSISDN of DUT as the recipient.
Add a subject to the MMS.
Attach an image to the MMS.
Enter some text.
	The MMS is created.

	2
	Send the MMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE message.
MMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc156375007]90.4 IP-CAN Independent – Supplementary Services
Basis for this section is 3GPP TS 22.173 – IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services (Release 12).
[bookmark: _Toc156375008]90.4.0 General
[bookmark: _Toc156375009]90.4.1 Originating Identification Presentation (OIP)
[bookmark: _Toc482685891]90.4.1.1 MT Voice (P-Asserted-Identity header Supported by server)
[bookmark: _Toc482685892]Description
The DUT shall display the identity as contained in the “P-Asserted-Identity” header when supported by the server.
Related 3GPP core specifications
3GPP 24.607, Section 4.5.2.1
Reason for test
To ensure the DUT displays the correct identity of the originating caller.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Network is supporting P-Asserted-Identity header.
DUT is configured to display the identity from P-Asserted-Identity header
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message contains “P-Asserted-Identity”
- MT INVITE message contains “From” header.
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook) based on the information received in P-Asserted-Identity header.
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-1.
	Call is ended.


90.4.1.2 MT Voice (P-Asserted-Identity header Not Supported by server)
Description
The DUT shall display the identity as contained in the “From” header if the “P-Asserted-Identity” is not supported by the server.
Related 3GPP core specifications
3GPP 24.607, Section 4.5.2.1
Reason for test
To ensure the DUT displays the correct identity of the originating caller.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Network is not supporting P-Asserted-Identity header.
Scenario A: DUT is configured to display the identity based on “From” Header
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message does not contain “P-Asserted-Identity”
- MT INVITE message contains “From” header.
AT DUT, the identity of Client-1 is displayed (MSISDN or contact name if stored in DUT phonebook).
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-1.
	Call is ended.


Scenario B: DUT is configured to display the identity based on “P-Asserted-Identity” Header
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message does not contain “P-Asserted-Identity”
- MT INVITE message contains “From” header.
AT DUT, the identity of Client-1 is not displayed. Only the string “unknown”.
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375010]90.4.2 Originating identification restriction (OIR)
90.4.2.1 MO Voice (OIR Enabled temporarily) – Terminal Based
Description
The DUT shall restrict its identity when making an MO call with OIR temporarily enabled by the user.
Related 3GPP core specifications
3GPP 24.607, Section 4.5.2.1
Reason for test
To ensure the DUT restricts its identity when making an MO call with OIR temporarily enabled by the user.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
UICC subscription used in DUT has OIR enabled by default at the network.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, set “show my caller ID” setting set to “Hide number” in the call settings menu.
	Confirm DUT indicates that “Hide my number” has been setup.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.

	2
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “From” header with anonymous setting:
“From: “Anonymous” <sip:anonymous@anonymous.invalid>;tag= xxxxxxx.”
OPTIONAL [1]:
- MO INVITE message contains Privacy “header” tag.
OPTIONAL [2]:
- MO INVITE message contains “P-Preferred-Identity”
Or
- MO INVITE message DOES NOT contain “P-Preferred-Identity” and instead has Privacy header set to “id”
At Client-1, the identity of DUT is not displayed. E.g. “Unknown” or “private” caller id displayed.
Call is successfully established with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, set “show my caller ID” setting set to “show number” in the call settings menu.
	Confirm DUT indicates that “Show my number” has been setup.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.

	5
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “P-Preferred-Identity” header.
- MO INVITE message contains “From” header.
- MO INVITE messages contains the string “+g.3gpp.icsi-ref=”urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel” in Accept-Contact header.
AT Client-1, the identity of DUT is displayed (MSISDN or contact name if stored in Client-1 phonebook).
Call is successfully established with 2-way audio.


90.4.2.2 MT Voice (OIR Enabled on Client)
Description
The DUT shall handle incoming calls correctly when the Client has restricted its identity.
Related 3GPP core specifications
3GPP 24.607, Section 4.5.2.1
Reason for test
To ensure the DUT can handle incoming calls correctly when the caller identity is restricted.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
UICC subscription used in Client-1 has OIR enabled by default at the network.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, make MO voice call to DUT using the string #31#DN (where DN is the MSISDN of DUT).
	At DUT, check in SIP protocol messages:
- MT INVITE message contains “From” header with anonymous setting:
“From: “Anonymous” <sip:anonymous@anonymous.invalid>;tag= xxxxxxx.”
At DUT, the identity of Client-1 is not displayed. E.g. “Unknown” or “private” caller id displayed.
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375011]90.4.3 Terminating Identification Presentation (TIP)
90.4.3.1Terminating Identification Presentation (TIP)
Description
Terminating Identification Presentation (TIP) service provides the originating party with the possibility of receiving trusted information in order to identify the terminating party.
Related core specifications
3GPP TS 24.608
Reason for test
To ensure when the DUT is subscribed to TIP it will: 
- Correctly invoke the TIP procedures during the Initial request.
- Display the terminating client information (if included by the network).
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Terminating Identification Presentation is subscribed at DUT 
Terminating Identification Presentation is supported by the network. 
Client-1 has call forwarding unconditional activated to Client-2. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message contains “from-change” TAG in the Supported header.
The call is forwarded to Client-2
Confirm Client-2 identity is displayed on DUT 
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-2.
	Call is ended.


[bookmark: _Toc156375012]90.4.4 Terminating Identification Restriction (TIR)
90.4.4.1 Terminating Identification Restriction (TIR)
Description 
The Terminating Identification Restriction (TIR) is a service offered to the connected party which enables the connected party to prevent presentation of the terminating identity information to originating party. 
Related core specifications 
3GPP TS 24.608 
Reason for test 
To ensure when the DUT receives an MT voice call when subscribed to TIR, the originating Client side does not receive the DUT identity information
Initial configuration 
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Terminating Identification Restriction is subscribed at DUT 
Terminating Identification Restriction is supported by the network. 
Client-1 has call forwarding unconditional activated to DUT. 
	-
	Test procedure
	Expected behaviour

	1
	At Client-2, make MO voice call to Client-1.
	The call is forwarded to DUT
At DUT, check in SIP protocol messages:
- Privacy header with privacy type of “id” is included in any non-100 responses
Confirm DUT identity is NOT displayed on Client-2. 
Call is successfully established with 2-way audio.

	2
	End the voice call between DUT and Client-2.
	Call is ended.


[bookmark: _Toc156375013]90.4.5 Malicious Communication Identification (MCID)
[bookmark: _Toc156375014]90.4.6 Anonymous Communication Rejection (ACR)
[bookmark: _Toc156375015]90.4.7 Communication diversion services (CDIV)
90.4.7.1 Communication Forwarding Unconditional (CFU) 
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over Ut/XCAP while registered for IMS services. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding Unconditional over Ut/XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	4
	At Client-2 end the call.
	Call is ended.

	5
	At DUT deactivate CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	7
	At DUT activate CFU.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	9
	At DUT erase CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is erased.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	11
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is received successfully on DUT.

	12
	End the voice call between DUT and Client-2.
	Call is ended.



90.4.7.2 Communication Forwarding on no Reply (CFNRy)
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over XCAP while registered for IMS services. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding on no Reply over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFNRy to MSISDN of Client-1.  (If the DUT has an option to choose the ringing timer, then select 10s, otherwise the DUT default timer will be used.)
	Confirm DUT indicates CFNRy is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFNRy.
	Confirm DUT indicates CFNRy is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client -2 is alerting at DUT.  
Wait for the no reply timer set in step 1 to expire.
Confirm DUT is no longer alerting.
Confirm the voice call from Client -2 is forwarded to Client -1.

	4
	At Client-2 end the call.
	Call is ended.

	5
	At DUT deactivate CFNRy.
	Confirm DUT indicates CFNRy is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of CFNRy.
	Confirm DUT indicates CFNRy is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	7
	At DUT activate CFNRy.
	Confirm DUT indicates CFNRy is activated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFNRy.
	Confirm DUT indicates CFNRy is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	9
	At DUT erase CFNRy to MSISDN of Client-1.
	Confirm DUT indicates CFNRy is erased.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFNRy.
	Confirm DUT indicates CFNRy is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	11
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client -2 is alerting at DUT.  
Wait for the no reply timer set in step 1 to expire.
Confirm the DUT is still alerting after the timer expiry and the call can be established.

	12
	End the voice call between DUT and Client-2.
	Call is ended.


90.4.7.3 Communication Forwarding on Busy User (CFB) 
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over XCAP while registered for IMS service. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding on Busy User over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
All Communication Forwarding are erased at DUT.
Communication Waiting is deactivated on DUT.
Client-1, Client-2 and Client-3 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFB to MSISDN of Client-1. 
	Confirm DUT indicates CFB is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT make MO voice call to Client-3.
	Confirm the voice call is established.

	4
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	5
	At Client-2 end the call.
	Call is ended.

	6
	At DUT end the call.
	Call is ended.

	7
	At DUT deactivate CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	9
	At DUT activate CFB.
	Confirm DUT indicates CFB is activated.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	11
	At DUT erase CFB to MSISDN of Client-1.
	Confirm DUT indicates CFB is erased.
Confirm DUT used Ut/XCAP protocol.

	12
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	13
	At DUT make MO voice call to Client-3.
	Confirm the voice call is established.

	14
	At Client-2 make MO voice call to DUT.
	Confirm Client-2 displays a notification that DUT is busy in another call (audible/visual) and the call is not forwarded.

	15
	End the voice call between DUT and Client-3.
	Call is ended.


90.4.7.4 Communication Forwarding Not Reachable (CFNRc) 
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over XCAP while registered for IMS services. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding on Subscriber not Reachable over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFNRc to MSISDN of Client-1. 
	Confirm DUT indicates CFNRc is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFNRc.
	Confirm DUT indicates CFNRc is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT enable flight mode / power of DUT.
	DUT is out of service.

	4
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.

	5
	At Client-2 end the call.
	Call is ended.

	6
	At DUT disable flight mode / power on DUT.
	DUT is back in service.

	7
	At DUT deactivate CFNRc.
	Confirm DUT indicates CFNRc is deactivated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFNRc.
	Confirm DUT indicates CFNRc is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	9
	At DUT activate CFNRc.
	Confirm DUT indicates CFNRc is activated.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFNRc.
	Confirm DUT indicates CFNRc is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	11
	At DUT erase CFNRc to MSISDN of Client-1.
	Confirm DUT indicates CFNRc is erased.
Confirm DUT used Ut/XCAP protocol.

	12
	At DUT interrogate the status of CFNRc.
	Confirm DUT indicates CFNRc is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	13
	At DUT enable flight mode / power of DUT.
	DUT is out of service.

	14
	At Client-2 make MO voice call to DUT.
	Confirm Client-2 displays a notification that DUT is not available (audible/visual) and the call is not forwarded.

	15
	At DUT disable flight mode / power on DUT.
	DUT is back in service.


[bookmark: _Toc156375016]90.4.8 Communication Waiting (CW)
The Communication Waiting (CW) service enables a terminating party to be informed at the time that a new communication is requested, and that no resources are available for that incoming communication.
90.4.8.1 Communication Waiting (CW) – Configuration
90.4.8.1.1 Communication Waiting (CW) – Configuration – Terminal Based
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  The user shall be able to activate and deactivate Communication waiting and interrogate the current status. 
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify the DUT can activate, deactivate and interrogate Terminal based Communication Waiting without sending any signalling (XCAP/Ut) to the network.  I.e. it is handled at the Terminal.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is activated in the DUT.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, deactivate CW
	Confirm DUT indicates that CW has been deactivated.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.

	2
	At DUT interrogate CW status
	Confirm DUT indicates that CW is deactivated.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.

	3
	At DUT activate CW
	Confirm DUT indicates that CW has been activated.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.

	4
	At DUT interrogate CW status
	Confirm DUT indicates that CW is activated.
Confirm that no Ut/XCAP signalling has been sent to the network.
Confirm no NAS signalling has been sent to the network.


90.4.8.1.2 Communication Waiting (CW) – Configuration – Network based (Ut/XCAP)
Description
For Network based Communication Waiting, the operation is handled at the network side.  The user shall be able to activate and deactivate Communication waiting and interrogate the current status. 
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify the DUT can activate, deactivate and interrogate Network based Communication Waiting using Ut/XCAP.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)

	-
	Test procedure
	Expected behaviour

	1
	At DUT, deactivate CW
	Confirm DUT indicates that CW has been deactivated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate CW status
	Confirm DUT indicates that CW is deactivated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT activate CW
	Confirm DUT indicates that CW has been activated.
Confirm DUT used Ut/XCAP protocol.

	4
	At DUT interrogate CW status
	Confirm DUT indicates that CW is activated.
Confirm DUT used Ut/XCAP protocol.


90.4.8.2 Communication Waiting (CW) – Invocation
90.4.8.2.1 Communication Waiting (CW) – Invocation – Activated in DUT – Accept and Hold
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is activated and the DUT is in an ongoing voice call, the DUT indicates to the user when a 2nd incoming call is received.  If the 2nd incoming call is answered, the initial call can be placed on hold.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is activated in the DUT.
Client-1 and Client-2 required.
Scenario A: Voice
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	5
	At DUT, end all calls.
	Confirm all calls are released.


Scenario B: Video
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	Confirm Video call with Client-1 is established.
Confirm 2-way audio.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and put the Video call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	5
	At DUT, end all calls.
	Confirm all calls are released.


90.4.8.2.2 Communication Waiting (CW) – Invocation – Activated in DUT – Accept and Release
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is activated and the DUT is in an ongoing voice call, the DUT indicates to the user when a 2nd incoming call is received.  If the 2nd incoming call is answered, the initial call can be released.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is activated in the DUT.
Client-1 and Client-2 required.
	Scenario A: Voice-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and release the Voice call with Client-1.
	Confirm DUT releases Client-1.
Confirm Voice call with Client-2 is established.  Confirm 2-way audio.

	4
	At DUT, end the call with Client-2.
	Confirm the active call with Client-2 is released.


Scenario B: Video
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	Confirm Video call with Client-1 is established.
Confirm 2-way audio.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and release the Video call with Client-1.
	Confirm DUT releases Client-1.
Confirm Voice call with Client-2 is established.  Confirm 2-way audio.

	4
	At DUT, end the call with Client-2.
	Confirm the active call with Client-2 is released.


90.4.8.2.3 Communication Waiting (CW) – Invocation – Activated in DUT – Reject
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is activated and the DUT is in an ongoing voice call, the DUT indicates to the user when a 2nd incoming call is received.  If the 2nd incoming call is rejected, the DUT sends “486 Busy Here” via the SIP protocol and the 2nd caller displays a notification that the DUT is busy.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is activated in the DUT.
Client-1 and Client-2 required.
Scenario A: Voice
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, reject the Voice call from Client-2.
	Confirm Client-2 indicates that the DUT is busy (busy tones / visual notification).
Confirm DUT remains in voice call with Client-1 and it is unaffected.
Confirm via a SIP logger that DUT has sent “486 Busy Here” message.

	4
	At DUT, end the call with Client-1.
	Confirm the active call with Client-1 is released.


Scenario B: Video
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	Confirm Video call with Client-1 is established.
Confirm 2-way audio.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, reject the Voice call from Client-2.
	Confirm Client-2 indicates that the DUT is busy (busy tones / visual notification).
Confirm DUT remains in video call with Client-1 and it is unaffected.
Confirm via a SIP logger that DUT has sent “486 Busy Here” message.

	4
	At DUT, end the call with Client-1.
	Confirm the active call with Client-1 is released.


90.4.8.2.4 Communication Waiting (CW) – Invocation – Activated in DUT – Distant clear
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is activated and the DUT is in an ongoing voice call, the DUT indicates to the user when a 2nd incoming call is received.  If the distant party clears the 1st call, the DUT must continue to alert with the 2nd incoming call and the call can be successfully established.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is activated in the DUT.
Client-1 and Client-2 required.
Scenario A: Voice
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At Client-1, end the call to DUT.
	Confirm the active call with Client-1 is released.
Confirm DUT is alerting the call from Client-2.

	4
	At DUT, accept the Voice call from Client-2 
	Confirm Voice call with Client-2 is established.  Confirm 2-way audio.

	5
	At DUT, end the call with Client-2.
	Confirm the active call with Client-2 is released.


Scenario B: Video
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	Confirm Video call with Client-1 is established.
Confirm 2-way audio.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At Client-1, end the call to DUT.
	Confirm the active call with Client-1 is released.
Confirm DUT is alerting the call from Client-2.

	4
	At DUT, accept the Voice call from Client-2 
	Confirm Voice call with Client-2 is established.  Confirm 2-way audio.

	5
	At DUT, end the call with Client-2.
	Confirm the active call with Client-2 is released.


90.4.8.2.5 Communication Waiting (CW) – Invocation – Deactivated in DUT – Terminal Based
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is deactivated and the DUT is in an ongoing voice call, the DUT sends “486 Busy Here” via the SIP protocol and the 2nd caller displays a notification that the DUT is busy.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Communication Waiting is deactivated in the DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT does not display any indication of the 2nd incoming call.
Confirm Client-2 indicates that the DUT is busy (busy tones / visual notification).
Confirm DUT remains in voice call with Client-1 and it is unaffected.
Confirm via a SIP logger that DUT has sent “486 Busy Here” message.

	3
	At DUT, end the call with Client-1.
	Confirm the active call with Client-1 is released.


90.4.8.2.6 Communication Waiting (CW) – Invocation – Deactivated in DUT – Terminal Based – Interworking with CS Domain
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  If DUT moves to a location where only a CS network is available, when a 2nd incoming call is received, the DUT must handle the call correctly. 
Related core specifications
GSMA IR.92, clause 2.3.4; A.8; NG.114 2.3.4
Reason for test
If Terminal based Communication Waiting is enabled at DUT, when a 2nd incoming call is received, the DUT indicates a 2nd call is waiting.  If Terminal based Communication Waiting is disabled at DUT and a 2nd incoming call is received, the DUT sends a RELEASE COMPLETE message with cause #17 “User busy” to the 2nd client.
Initial configuration:
Network is supporting Terminal based Communication Waiting in the CS domain.
Communication Waiting is activated in the network.
The DUT is camping on a CS network (UTRAN/GERAN).
Communication Waiting is deactivated in the DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT does not display any indication of the 2nd incoming call.
Confirm Client-2 indicates that the DUT is busy (busy tones / visual notification).
Confirm DUT remains in call with Client-1 and it is unaffected.
Confirm via a protocol trace that DUT has sent a RELEASE COMPLETE message with cause #17 “User busy” to Client-2.

	3
	At DUT, end the call with Client-1.
	Confirm the active call with Client-1 is released.


90.4.8.2.7 Communication Waiting (CW) – Deactivated in DUT – Network Based (Ut/XCAP)
Description
For Network based Communication Waiting, the operation is handled at the network.  When a second incoming call is received, the network must handle the call according to the network Communication Waiting status.
Related core specifications
GSMA IR.92, clause 2.3.4; NG.114 2.3.4
3GPP TS 24.615
Reason for test
To verify when Network based Communication Waiting is deactivated and the DUT is in an ongoing voice call, the network rejects the call.
Initial configuration
Communication Waiting is deactivated in the network.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT does not display any indication of the 2nd incoming call.
Confirm Client-2 indicates that the DUT is busy (busy tones / visual notification).
Confirm DUT remains in call with Client-1 and it is unaffected.

	3
	At DUT, end the call with Client-1.
	Confirm the active call with Client-1 is released.


[bookmark: _Toc156375017]90.4.9 Communication Hold (HOLD)
The Communication Hold supplementary service enables a user to suspend the reception of media stream(s) of an established IP multimedia session, and resume the media stream(s) at a later time.
90.4.9.1 MO Voice Communication Hold
Description
MO Communication Hold operation during an IMS Voice call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio on invoking side when the call is placed on hold.  When the call is retrieved, there is 2-way audio.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Voice call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	2
	Wait 15 seconds.
	Confirm call is on hold.

	3
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	4
	Wait 15 seconds.
	Confirm call is active.

	5
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio on invoking side (DUT)

	6
	Wait 15 seconds.
	Confirm call is on hold.

	7
	At DUT, end the voice call while it is on hold.
	Confirm the call is successfully ended.


90.4.9.2 MT Voice Communication Hold
Description
MT Communication Hold operation during an IMS Voice call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio on held side or announcement is played to the held user when the call is placed on hold   When the call is retrieved, there is 2-way audio.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Voice call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, place DUT on hold.
	
Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm call hold tone can be heard (if supported by server).
Confirm there is no audio in either direction.
If supported by the network – an announcement will be played at held party instead of no audio in both directions.


	2
	Wait 15 seconds.
	Confirm call is on hold.

	3
	At Client-1, retrieve the call.
	Confirm the call with DUT is restored.
Confirm there is a visible notification on the DUT that the call has been retrieved (if supported by server).
Confirm call hold tone can no longer be heard (If there was a call hold tone when held).
Confirm 2-way audio between DUT and Client-1.

	4
	Wait 15 seconds.
	Confirm call is active.

	5
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm call hold tone can be heard (if supported by server).
Confirm there is no audio in either direction.
If supported by the network – an announcement will be played at held party instead of no audio in both directions.


	6
	Wait 15 seconds.
	Confirm call is on hold.

	7
	At Client-1, end the voice call while it is on hold.
	Confirm the call is successfully ended.


90.4.9.3 MO & MT Voice Communication Hold
Description
MO and MT Communication Hold operation during an IMS Voice call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio in either direction when the call is placed on hold by both parties.  There is only 2-way audio when both parties have retrieved the call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Voice call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio on invoking side (DUT)

	2
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by DUT).

	3
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm there is no audio in either direction.

	4
	Wait 15 seconds.
	Confirm call is on hold in both directions (Held by DUT and Client-1).

	5
	At DUT, retrieve the call using the menu option.
	Confirm the call from DUT to Client-1 is retrieved but there is still no audio in either direction because the call from Client-1 to DUT remains held.
If supported by the network – an announcement will be played at held party instead of no audio in both directions.

	6
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by Client-1).

	7
	At Client-1, retrieve the call.
	Confirm the call with DUT is restored.
Confirm there is a visible notification on the DUT that the call has been retrieved (if supported by server).
Confirm 2-way audio between DUT and Client-1.

	8
	At DUT, end the voice call.
	Confirm the call is successfully ended.


90.4.9.4 MO Video Communication Hold
Description
MO Communication Hold operation during an IMS Video call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio or video media stream on invoking side when the call is placed on hold.  When the call is retrieved, there is 2-way audio and video media stream.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Video call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio on invoking side
Confirm there is no video media stream on invoking side

	2
	Wait 15 seconds.
	Confirm call is on hold.

	3
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	4
	Wait 15 seconds.
	Confirm call is active.

	5
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio on invoking side Confirm there is no video media stream on invoking side

	6
	Wait 15 seconds.
	Confirm call is on hold.

	7
	At DUT, end the video call while it is on hold.
	Confirm the call is successfully ended.


90.4.9.5 MT Video Communication Hold
Description
MT Communication Hold operation during an IMS Video call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio or video media stream on held side or an announcement is played to the held user when the call is placed on hold.  When the call is retrieved, there is 2-way audio and video media stream.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Video call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm call hold tone can be heard (if supported by server).
Confirm there is no audio in either direction.
Confirm there is no video media stream in either direction.
If supported by the network – an announcement will be played at held party instead of no audio/video media stream in both directions.


	2
	Wait 15 seconds.
	Confirm call is on hold.

	3
	At Client-1, retrieve the call.
	Confirm the call with DUT is restored.
Confirm there is a visible notification on the DUT that the call has been retrieved (if supported by server).
Confirm call hold tone can no longer be heard (If there was a call hold tone when held).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	4
	Wait 15 seconds.
	Confirm call is active.

	5
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm call hold tone can be heard (if supported by server).
Confirm there is no audio ins either direction.
Confirm there is no video media stream in either direction.
If supported by the network – an announcement will be played at held party instead of no audio/video media stream in both directions.


	6
	Wait 15 seconds.
	Confirm call is on hold.

	7
	At Client-1, end the video call while it is on hold.
	Confirm the call is successfully ended.


90.4.9.6 MO & MT Video Communication Hold
Description
MO and MT Communication Hold operation during an IMS Video call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA IR.92, section 2.3.10; NG.114 2.3.10
Reason for test
To ensure there is no audio or video media stream in either direction when the call is placed on hold by both parties.  There is only 2-way audio and video media stream when both parties have retrieved the call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
DUT is an ongoing Video call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.
Confirm there is no video media stream in either direction.
If supported by the network – an announcement will be played at held party instead of no audio/video media stream in both directions.

	2
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by DUT).

	3
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm there is no audio is either direction.
Confirm there is no video media stream in either direction.

	4
	Wait 15 seconds.
	Confirm call is on hold in both directions (Held by DUT and Client-1).

	5
	At DUT, retrieve the call using the menu option.
	Confirm the call from DUT to Client-1 is retrieved but there is still no audio or video media stream in either direction because the call from Client-1 to DUT remains held.
If supported by the network – an announcement will be played at held party instead of no audio/video media stream in both directions.


	6
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by Client-1).

	7
	At Client-1, retrieve the call.
	Confirm the call with DUT is restored.
Confirm there is a visible notification on the DUT that the call has been retrieved (if supported by server).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	8
	At DUT, end the video call.
	Confirm the call is successfully ended.


[bookmark: _Toc156375018]90.4.10 Communication Barring (CB)
90.4.10.1 Barring of all Incoming Calls (BAIC) 
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over Ut/XCAP while registered for IMS services. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611, IR.92 2.3.9
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all incoming calls over Ut/XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
PW – Password. This is the current Call Barring Password.
BS – Basic Service: 11 – Voice
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	Client-1 required.-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAIC.
Use one of the following methods to activate the service: BAIC
- Menu: Activate via the DUT GUI
- MMI: *35*PW# or *35*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAIC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAIC.
Use one of the following methods to interrogate the service: BAIC
- Menu: Interrogate via the DUT GUI
- MMI: *#35#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAIC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, receive MT voice call from Client-1.
	Confirm the voice call from Client-1 is not established.
Confirm DUT does not show any indication of the call.

	4
	At DUT, deactivate BAIC
Use one of the following methods to deactivate the service: BAIC
- Menu: Deactivate via the DUT GUI
- MMI: #35*PW# or #35*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	5
	At DUT interrogate the status of BAIC.
Use one of the following methods to interrogate the service: BAIC
- Menu: Interrogate via the DUT GUI
- MMI: *#35#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT, receive MT voice call from Client-1.
	Confirm the voice call from Client-1 is received successfully on DUT.

	7
	End the voice call between DUT and Client-1.
	Call is ended.


90.4.10.2 Barring of all Outgoing Calls (BAOC) 
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over XCAP while registered for IMS services. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611, IR.92 2.3.9
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all outgoing calls over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
PW – Password. This is the current Call Barring Password.
BS – Basic Service: 11 – Voice
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAOC.
Use one of the following methods to activate the service: BAOC
- Menu: Activate via the DUT GUI
- MMI: *33*PW# or *33*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAOC.
Use one of the following methods to interrogate the service: BAOC
- Menu: Interrogate via the DUT GUI
- MMI: *#33#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is not established.

	4
	At DUT, deactivate BAOC
Use one of the following methods to deactivate the service: BAOC
- Menu: Deactivate via the DUT GUI
- MMI: #33*PW# or #33*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	5
	At DUT interrogate the status of BAOC.
Use one of the following methods to interrogate the service: BAOC
- Menu: Interrogate via the DUT GUI
- MMI: *#33#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is setup successfully on DUT.

	7
	End the voice call between DUT and Client-1.
	Call is ended.


90.4.10.3 Barring of Outgoing International Calls (BOIC) 
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over XCAP while registered for IMS services. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611, IR.92 2.3.9
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all outgoing international calls over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
PW – Password. This is the current Call Barring Password.
BS – Basic Service: 11 – Voice
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 and Client-2 required.
The MSISDN of Client-1 has a different MCC to the SIM used in DUT.
The MSISDN of Client-2 has the same MCC to the SIM used in DUT.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BOIC.
Use one of the following methods to activate the service: BOIC
- Menu: Activate via the DUT GUI
- MMI: *331*PW# or *331*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BOIC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BOIC.
Use one of the following methods to interrogate the service: BOIC
- Menu: Interrogate via the DUT GUI
- MMI: *#331#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BOIC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is not established.

	4
	At DUT, make MO voice call to Client-2.
	Confirm the voice call to Client-2 is setup successfully on DUT.

	5
	At DUT, deactivate BOIC
Use one of the following methods to deactivate the service: BOIC
- Menu: Deactivate via the DUT GUI
- MMI: #331*PW# or #331*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BOIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of  BOIC
Use one of the following methods to interrogate the service: BOIC
- Menu: Interrogate via the DUT GUI
- MMI: *#331#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BOIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	7
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is setup successfully on DUT.

	8
	End the voice call between DUT and Client-1.
	Call is ended.


90.4.10.4 Barring of Incoming Calls when Roaming (BAIC-R) 
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over XCAP while registered for IMS services. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611, IR.92 2.3.9
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all incoming calls when roaming over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
PW – Password. This is the current Call Barring Password.
BS – Basic Service: 11 – Voice
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAIC-R.
Use one of the following methods to activate the service: BAIC-R
- Menu: Activate via the DUT GUI
- MMI: *351*PW# or *351*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAIC-R is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAIC-R.
Use one of the following methods to interrogate the service: BAIC-R
- Menu: Interrogate via the DUT GUI
- MMI: *#351#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAIC-R is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, deactivate BAIC-R
Use one of the following methods to deactivate the service: BAIC-R
- Menu: Deactivate via the DUT GUI
- MMI: #351*PW# or #351*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BAIC-R is deactivated.
Confirm DUT used Ut/XCAP protocol.

	4
	At DUT interrogate the status of BAIC-R.
Use one of the following methods to interrogate the service: BAIC-R
- Menu: Interrogate via the DUT GUI
- MMI: *#351#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BAIC-R is deactivated.
Confirm DUT used Ut/XCAP protocol.


90.4.10.5 Barring of Outgoing International Calls except Home Country (BOIC-exHC) 
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over Ut/XCAP while registered for IMS services. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611, IR.92 2.3.9
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of outgoing international calls except home country over Ut/XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
PW – Password. This is the current Call Barring Password.
BS – Basic Service: 11 – Voice
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The MSISDN of Client-1 has a different MCC to the SIM used in DUT.
The MSISDN of Client-2 has the same MCC to the SIM used in DUT.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BOIC-exHC
Use one of the following methods to activate the service: BOIC-exHC
- Menu: Activate via the DUT GUI
- MMI: *332*PW# or *332*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BOIC-exHC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BOIC-exHC.
Use one of the following methods to interrogate the service: BOIC-exHC
- Menu: Interrogate via the DUT GUI
- MMI: *#332#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BOIC-exHC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is not established.

	4
	At DUT, make MO voice call to Client-2.
	Confirm the voice call to Client-2 is setup successfully on DUT.

	5
	At DUT, deactivate BOIC-exHC
Use one of the following methods to deactivate the service: BOIC-exHC
- Menu: Deactivate via the DUT GUI
- MMI: #332*PW# or #332*PW*BS#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
NOTE: some networks may not require PW.
	Confirm DUT indicates BOIC-exHC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of BOIC-exHC.
Use one of the following methods to interrogate the service: BOIC-exHC
- Menu: Interrogate via the DUT GUI
- MMI: *#332#
- AT Command
- Proprietary mechanism (API)
NOTE: Other methods may be available.
	Confirm DUT indicates BOIC-exHC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	7
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is setup successfully on DUT.

	8
	End the voice call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc156375019]90.4.11 Completion of Communications to Busy Subscriber (CCBS)
[bookmark: _Toc156375020]90.4.12 Message Waiting Indication (MWI)
90.4.12.1 Message Waiting Indication – Voicemail Notification over IMS
Description
Verify the DUT can successfully receive a voicemail notification over IMS using Message Waiting Indicator

Related core specifications
3GPP TS 24.341, TS 24.229, TS 24.606,
Reason for test
To verify the DUT can successfully receive a voicemail notification over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
UICC in DUT has Voicemail service setup.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Do not answer the call on DUT.
	DUT is alerting and call setup times out.
Client-1 is offered to leave a recorded voicemail message.

	2
	At Client-1, leave a short voicemail message.
	Voicemail message is recorded and the call to the voicemail service is ended.
At DUT, check in SIP protocol messages that following message has been received from the IMS CN
- NOTIFY With indication of MWI event package referring to one voice message waiting.
DUT indicates to the user that a voicemail has been received.
:



[bookmark: _Toc156375021]90.4.13 Conference (CONF)
90.4.13.1 MO Voice Conference – Create conference with IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully create a conference call.  It shall be able to add and remove participants from the conference call.
Initial configuration
The DUT, Client-1, Client-2 and Client-3 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
Call is successfully established between DUT and Client-2 with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	At DUT, use the menu option to make a “new call” to Client-3.
Answer the call at Client-3.
	Conference call with Client-1 and Client-2 is on hold.
Call is successfully established between DUT and Client-3 with 2-way audio.

	5
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1, Client-2 and Client-3 with 4-way audio.

	6
	At DUT, use the menu option to remove and end the call with Client-2.
	Client-2 is successfully removed from the conference and the call is ended.
Conference call remains active between DUT, Client-1 and Client-3 with 3-way audio.

	7
	At DUT, use the menu option to remove and end the call with Client-1.
	Client-1 is successfully removed from the conference and the call is ended.
Call remains active between DUT and Client-3 with 2-way audio.

	8
	End the voice call between DUT and Client-3.
	Call is ended.


90.4.13.2 MO Voice Conference – Create conference with Non-IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully create a conference call.  It shall be able to add and remove participants from the conference call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is a PSTN (or a CS mobile device if PSTN is not available).
Client-2 is a PBX (or a CS mobile device if PBX is not available).
Client-3 is successfully registered to a CS network (UTRAN/GERAN) for CS voice services.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
Call is successfully established between DUT and Client-2 with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	At DUT, use the menu option to make a “new call” to Client-3.
Answer the call at Client-3.
	Conference call with Client-1 and Client-2 is on hold.
Call is successfully established between DUT and Client-3 with 2-way audio.

	5
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1, Client-2 and Client-3 with 4-way audio.

	6
	At DUT, use the menu option to remove and end the call with Client-2.
	Client-2 is successfully removed from the conference and the call is ended.
Conference call remains active between DUT, Client-1 and Client-3 with 3-way audio.

	7
	At DUT, use the menu option to remove and end the call with Client-1.
	Client-1 is successfully removed from the conference and the call is ended.
Call remains active between DUT and Client-3 with 2-way audio.

	8
	End the voice call between DUT and Client-3.
	Call is ended.


90.4.13.3 MT Voice Conference – Join conference with IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully join a conference call.
Initial configuration
The DUT, Client-1, and Client-2 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer the call at DUT.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At Client-1, make a “new call” to Client-2.
Answer the call at Client-2.
	DUT automatically goes on hold.
Call is successfully established between Client-1 and Client-2.

	3
	At Client-1, “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	At DUT, end the call.
	Call is ended on DUT.
Call remains active between Client-1 and Client-2.


90.4.13.4 MT Voice Conference – Join conference with Non-IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully join a conference call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered to a CS network (UTRAN/GERAN) for CS voice services.
Client-2 is a PSTN / PBX (or a CS mobile device if PSTN / PBX are not available).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer the call at DUT.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At Client-1, make a “new call” to Client-2.
Answer the call at Client-2.
	DUT automatically goes on hold.
Call is successfully established between Client-1 and Client-2.

	3
	At Client-1, “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	At DUT, end the call.
	Call is ended on DUT.
Call remains active between Client-1 and Client-2.


90.4.13.5 MO Video Conference – Create conference with IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully create a Video conference call.  It shall be able to add and remove participants from the conference call.
Initial configuration
The DUT, Client-1, Client-2 and Client-3 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Answer the call at Client-1.
	Video Call is successfully established between DUT and Client-1.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, use the menu option to make a “new video call” to Client-2.
Answer the call at Client-2.
	Video Call with Client-1 is on hold.
Video Call is successfully established between DUT and Client-2.
Confirm 2-way audio between DUT and Client-2.
Confirm 2-way video media stream between DUT and Client-2.

	3
	At DUT, use the menu option to “merge” the calls.
	Video Conference call is successfully established between DUT, Client-1 and Client-2.
Confirm 3-way audio between DUT, Client-1 and Client-2.
Confirm 3-way video media stream between DUT, Client-1 and Client-2.

	4
	At DUT, use the menu option to make a “new video call” to Client-3.
Answer the call at Client-3.
	Video Conference call with Client-1 and Client-2 is on hold.
Video Call is successfully established between DUT and Client-3.
Confirm 2-way audio between DUT and Client-3.
Confirm 2-way video media stream between DUT and Client-3.

	5
	At DUT, use the menu option to “merge” the calls.
	Video Conference call is successfully established between DUT, Client-1 Client-2 and Client-3.
Confirm 4-way audio between DUT, Client-1, Client-2 and Client-3.
Confirm 4-way video media stream between DUT, Client-1, Client-2 and Client-3.

	6
	At DUT, use the menu option to remove and end the video call with Client-2.
	Client-2 is successfully removed from the video conference and the call is ended.
Video Conference call remains active between DUT, Client-1 and Client-3.
Confirm 3-way audio between DUT, Client-1 and Client-3.
Confirm 3-way video media stream between DUT, Client-1 and Client-3.

	7
	At DUT, use the menu option to remove and end the video call with Client-1.
	Client-1 is successfully removed from the video conference and the call is ended.
Video Call remains active between DUT and Client-3.
Confirm 2-way audio between DUT and Client-3.
Confirm 2-way video media stream between DUT and Client-3.

	8
	End the video call between DUT and Client-3.
	Call is ended.


90.4.13.6 MO Video Conference – Remove and Add Video stream during Conference      
Description
Conference call with multiple participants.  DUT shall add and remove video stream during the conference call.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure DUT can add and remove video stream during a conference call.
Initial configuration
The DUT, Client-1, Client-2 and Client-3 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
The DUT, Client-1, Client-2 and Client-3 are in a 4-way video Conference call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use the menu option to disable the video stream to the Conference call.
	DUT indicates to Client-1, Client-2 and Client-3 that its video stream has been disabled.
Confirm 4-way audio between DUT, Client-1, Client-2 and Client-3.
Confirm 3-way video media stream between Client-1, Client-2 and Client-3 remains.

	2
	At DUT, use the menu option to enable the video stream to the Conference call.
	DUT indicates to Client-1, Client-2 and Client-3 that its video stream has been enabled.
Confirm 4-way audio between DUT, Client-1, Client-2 and Client-3.
Confirm 4-way video media stream between DUT, Client-1, Client-2 and Client-3.

	3
	At DUT, end the video Conference call.
	Call is ended with all parties.


90.4.13.7 MT Video Conference – Join conference with IMS Clients
Description
Conference call with multiple participants.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully join a Video conference call.
Initial configuration
The DUT, Client-1, and Client-2 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the call at DUT.
	Video Call is successfully established between DUT and Client-1.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, make a “new video call” to Client-2.
Answer the call at Client-2.
	DUT automatically goes on hold.
Video Call is successfully established between Client-1 and Client-2.

	3
	At Client-1, “merge” the video calls.
	Video Conference call is successfully established between DUT, Client-1 and Client-2.
Confirm 3-way audio between DUT, Client-1 and Client-2.
Confirm 3-way video media stream between DUT, Client-1 and Client-2.

	4
	At DUT, end the call.
	Call is ended on DUT.
Video Call remains active between Client-1 and Client-2.


90.4.13.8 MT Video Conference – Join conference as Voice only
Description
Conference call with multiple participants and DUT joins as voice only.
Related core specifications
3GPP TS 24.229
3GPP TS 24.605
3GPP TS 24.147
GSMA IR.92, sections 2.3.3, 4.3.2; IR.51; NG.114
Reason for test
To ensure the DUT can successfully join a Video conference call as voice only.
Initial configuration
The DUT, Client-1, and Client-2 are successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the call at DUT.
	Video Call is successfully established between DUT and Client-1.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, make a “new video call” to Client-2.
Answer the call at Client-2.
	DUT automatically goes on hold.
Video Call is successfully established between Client-1 and Client-2.

	3
	At Client-1, “merge” the video calls.
At DUT, select the option to join the Conference call as “Voice Only”.
	DUT joins Conference call with Cient-1 and Client-2 as Voice only.
Confirm 3-way audio between DUT, Client-1 and Client-2.
Confirm 2-way video media stream between Client-1 and Client-2.

	4
	At DUT, end the call.
	Call is ended on DUT.
Video Call remains active between Client-1 and Client-2.


[bookmark: _Toc156375022]90.4.14 USSD over IMS (Supported by network)
[bookmark: _Toc482685944]90.4.14.1 USSD over IMS supported by network (Idle)
Description
The test case verifies if the DUT is correctly using USSD over IMS functionality.
Related core specifications
3GPP TS 24.390
Reason for test
To verify DUT is sending the correctly constructed USSD message and displays the received response from the network.
Initial configuration
Network and DUT are supporting USSD over IMS.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
No additional IMS transactions are ongoing (e.g. MO/MT call)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enter and send a USSD command (for example *100# to check the prepaid balance).  

	- DUT sends INVITE message containing  application/vnd.3gpp.ussd+xml MIME body as described in 24.309  with a Content-Disposition header field set to “render” and with “handling” header field parameter set to “optional”.
- ussd-String information element contains the encoded USSD command sent by DUT 
- Network sends INFO SIP message
- An appropriate response is displayed by DUT


90.4.14.2 USSD over IMS supported by network (During Voice Call)
Description
The test case verifies if the DUT is correctly using USSD over IMS functionality while there is an ongoing IMS transaction.
Related core specifications
3GPP TS 24.390
Reason for test
To verify DUT is sending the correctly constructed USSD message and displays the received response from the network. The ongoing voice call is not interrupted.
Initial configuration
Network and DUT are supporting USSD over IMS.
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
DUT is in an ongoing IMS call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enter and send a USSD command (for example *100# to check the prepaid balance).  

	- DUT sends INVITE message containing  application/vnd.3gpp.ussd+xml MIME body as described in 24.309  with a Content-Disposition header field set to “render” and with “handling” header field parameter set to “optional”.
- ussd-String information element contains the encoded USSD command sent by DUT 
- Network sends INFO SIP message
- An appropriate response is displayed by DUT
- Ongoing voice call between DUT and Client-1 continues unaffected with 2-way audio.


90.4.14.3 USSD over IMS supported by network (Loss of IMS service)
Description
This test case checks if the DUT can use USSD codes over the CS network when losing IMS coverage.
Related core specifications
GSMA IR.92, 
3GPP TS 23.272; 3GPP TS 24.390
Reason for test
The DUT must be able to perform USSD codes over the CS network when losing IMS coverage.
Initial Configuration
Network and DUT are supporting USSD over IMS.
Network is supporting a CS infrastructure (UTRAN or GERAN).
DUT is successfully registered for IMS services (VxLTE/VxWi-Fi/VxNR).
No additional IMS transactions are ongoing (e.g. MO/MT call)
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no IMS sesrvices are available (VxLTE/ VxWi-Fi and VxNR are not available).
	DUT is camping to a CS network (UTRAN or GERAN).
DUT no longer displays IMS service indication.

	2
	At DUT, enter and send a USSD command (for example *100# to check the prepaid balance).  

	USSD command is successfully sent to the network over the CS network (UTRAN/GERAN) and an appropriate response is displayed on the DUT.


[bookmark: _Toc482685997][bookmark: _Toc156375023]90.4.15 Void
[bookmark: _Toc156375024]90.5 IP-CAN Independent – Service Interworking
[bookmark: _Toc156375025]90.6 IP-CAN Independent – Mobility

[bookmark: _Toc156375026]90.7 IP-CAN Independent – Emergency call establishment
[bookmark: _Toc156375027]90.7.1. Advanced Mobile Location
90.7.1.1. Advanced Mobile location transmission using SMS method
Description
The DUT shall correctly transmit mobile location in case of emergency call establishment. 
Related core specifications
3GPP TS 103 625; NG.119 
Reason for test
Verify that the DUT automatically sends AML via SMS when an emergency call is initiated and properly encodes the location.

Initial configuration
Network supports reception of AML information and primary method of location transport is SMS. 
The primary method of AML transportation is not under direct device control and is pre-configured based on the country (operator) requirements. 
For up to date AML Deployment information in Europe please refer to EENA AML score card
https://eena.org/knowledge-hub/documents/aml-report-card-2023-update/

DUT Operating system supports AML 
DUT is successfully registered for IMS services (VxLTE/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
Check that DU sends an AML_SMS_Message containing:
"A\"ML" indicating value AML_VERSION,
"lt" indicating value close_to PX_LATITUDE,
"lg" indicating value close_to PX_LONGITUDE,
"rd" containing Number indicating value "the radius of the location area in meters",
"top" containing UTCString
indicating value "when the location was determined",
"lc" containing Number
indicating value "the level of confidence",
"pm" indicating value "'G' | 'W' | 'C'",
"si" containing PartialImsi derived from PX_IMSI;,
"ei" containing PartialImei derived from PX_IMEI;,
"mcc" corresponding to PX_MCC,
"mnc" corresponding to PX_MNC,
"ml" derived from the value of AML_SMS_MESSAGE



NOTE 1: For privacy reasons, a partial IMEI may be provided, specifically when only SMS transport is used.
90.7.1.2. Advanced Mobile location transmission using HTTPS method
Description
The DUT shall correctly transmit mobile location in case of emergency call establishment. 
Related core specifications
3GPP TS 103 625; NG.119 
Reason for test
Verify that the DUT automatically sends AML via HTTPS  when an emergency call is initiated and properly encodes the location.

Initial configuration
Network supports reception of AML information and primary method of location tranpost is HTTPS. 
The primary method of AML transportation is not under direct device control and is pre-configured based on the country (operator) requirements. 
For up to date AML Deployment information in EU please refer to EENA AML score card
https://eena.org/knowledge-hub/documents/aml-report-card-2023-update/

DUT Operating system supports AML 
DUT is successfully registered for IMS services (VxLTE/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
Check that DU sends AML via HTTPS  containing:
· Method set to 'POST',
· ContentType set to 'application/x-www-form-urlencoded',
· Body corresponding to any AML_BODY
AML Body containing:
"v" indicating value AML_VERSION,
"location_latitude" indicating value close_to PX_LATITUDE,
"location_longitude" indicating value close_to PX_LONGITUDE,
"location_time" containing Number indicating value "when the location was determined",
"location_accuracy" containing Number indicating value "the radius of the location area in meters",
"location_source" indicating value "'gps' | 'Wi-Fi' | 'cell'",
"location_confidence" containing Number
indicating value "the level of confidence",
"device_imsi" corresponding to PX_IMSI,
"device_imei" corresponding to PX_IMEI,
"cell_network_mcc" corresponding to PX_MCC,
"cell_network_mnc" corresponding to PX_MNC




[bookmark: _Toc156375028]90.7.2. Emergency service URN construction
90.7.2.1. Local emergency numbers provided in registration procedure
Description
The DUT shall successfully make emergency calls using the correct service URN
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237, TS 24.008, IETF RFC 5031.
IR.92 5.2
Reason for test
To confirm that the DUT is able to initiate an emergency call via IMS using the correct emergengy service category  communicated during registration procedure.
Initial configuration
Network is supporting Emergency Calls over IMS and IMS services.
Network supports multiple emergency service categories and provides emergency number list during registration procedure with associated emergency service category. As an example
112 => Emergency service category = 1 (police)
911 => Emergency service category = 2 (ambulance)
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make a call to Emergency service number included in emergency number list 


	DUT displays Emergency Call setup. 
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing sub-service assigned. Please see Note 2 for emergency service URN construction. 
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.



Note 1: This test case is written using URN services with one or more sub-services. However, some operators may use different sub-services. Please clarify with the operator the expected URN sub-services will be in use for the Emergency Calls depending on the dialed emergency number.
Note 2: Expected emergency  service URN in accordance with emergency service category
[image: A picture containing text, screenshot, font, number

Description automatically generated]

90.7.2.2. Extended emergency numbers provided in registration procedure
Description
The DUT shall successfully make emergency calls using the correct service URN
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237, TS 24.008, IETF RFC 5031.
IR.92 5.2
Reason for test
To confirm that the DUT is able to initiate an emergency call via IMS using the extended  emergengy number  communicated during registration procedure.
Initial configuration
Network is supporting Emergency Calls over IMS and IMS services.
Network supports extended emergency number list and provides extended emergency number list during registration procedure with associated sub service category. As an example
110 => Sub service category “gas”
123 => Sub service category “police”
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE/VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make a call to Emergency service number included in extended emergency number list. 


	DUT displays Emergency Call setup. 
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing sub-service assigned. Please see Note 2 for emergency service URN construction. 
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.



Note 1: This test case is written using URN services with one or more sub-services. However, some operators may use different sub-services. Please clarify with the operator the expected URN sub-services will be in use for the Emergency Calls depending on the dialed emergency number.
Note 2: Expected emergency  service URN in accordance with included sub service category
urn:service:sos.police
urn:service:sos.gas

[bookmark: _Toc156375029]91 IP Multimedia Subsystem (IMS)-VxLTE
[bookmark: _Toc156375030]91.1 VxLTE – System Access & Registration
[bookmark: _Toc156375031]91.1.1 Default Bearer Activation/Deactivation
[bookmark: _Toc482685950]91.1.1.1 Default Bearer Activation/Deactivation (IMS PS Voice Preferred)
[bookmark: _Toc482685951]Description
The DUT shall successfully Activate and Deactivate the Default Bearer for VxLTE services. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.301, 6.2.2
GSMA IR.92, Chapter 5.1, 4.3.1 ; IR.88 Chapter 6.3.2
Reason for test
To verify the DUT is able to Activate and Deactivate the Default Bearer for VxLTE services.
Initial configuration
DUT is configured for IMS PS Voice Preferred, CS Secondary.
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST containing “Voice domain preference for E-UTRAN: IMS PS voice preferred, CS Voice as secondary (3)”
- Network sends ATTACH ACCEPT containing “IMS voice over PS session in S1 mode: Supported”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe the IMS Default Bearer Activation process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with PDN type 3 “Ipv4v6” and APN “IMS”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
Note:
DUT must not request another PDN connection to the “IMS” APN for the other IP version

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Make DUT offline (Power off / flight mode on)
	At DUT, check NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST [triggered by IMS REGISTER message]
or

- DUT sends PDN DISCONNECT REQUEST. [NW dependent]
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- DUT sends DETACH REQUEST with type 1 “switch off”.


91.1.1.2 Default Bearer Activation/Deactivation (IMS PS Voice Only)
[bookmark: _Toc482685952]Description
The DUT shall successfully Activate and Deactivate the Default Bearer for VxLTE services. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.301, 6.2.2
GSMA IR.92, Chapter 5.1, 4.3.1 ; IR.88 Chapter 6.3.2
Reason for test
To verify the DUT is able to Activate and Deactivate the Default Bearer for VxLTE services.
Initial configuration
DUT is configured for IMS PS Voice Only.
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.
	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST containing “Voice domain preference for E-UTRAN: IMS PS Voice only (1)”
- Network sends ATTACH ACCEPT containing “IMS voice over PS session in S1 mode: Supported”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe the IMS Default Bearer Activation process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with PDN type 3 “Ipv4v6” and APN “IMS”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT  
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
Note:
DUT must not request another PDN connection to the “IMS” APN for the other IP version

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Make DUT offline (Power off / flight mode on)
	At DUT, check NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST [triggered by IMS REGISTER message]
or
- DUT sends PDN DISCONNECT REQUEST.
[NW dependent]
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- DUT sends DETACH REQUEST. With type 1 “switch off”.


91.1.1.3 Default Bearer Activation Unsuccessful (VxLTE Not Supported by Network)
[bookmark: _Toc482685953]Description
The DUT shall not attempt to activate a Default Bearer for VxLTE services if the network has responded with IMS PS Voice not supported. 
Related core specifications
3GPP TS 23.228, TS 24.229, 23.221, Chapter 7.2A; Annex A
GSMA IR.92
Reason for test
To verify the DUT does not attempt to Activate a Default Bearer for VxLTE services if the network has responded with IMS PS Voice not supported.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
VxLTE is not supported by the network.
DUT is configured for IMS PS Voice Preferred, CS Secondary 
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST containing “Voice domain preference for E-UTRAN: IMS PS voice preferred, CS Voice as secondary (3)”
- Network sends ATTACH ACCEPT containing “IMS VoPS: IMS voice over PS session in S1 mode=0 (Not supported)”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe that NO IMS Default Bearer Activation process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must not request a PDN connection to the “IMS” APN since the network is not supporting VxLTE.

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for LTE services but no VxLTE icon.

	4
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via CS Fallback with 2-way audio.

	5
	Wait for DUT to reselect to E-UTRAN.
	DUT is camping to E-UTRAN.

	6
	At DUT, receive MT SMS
	SMS is received over SG
(If the network is not supporting SMS over SG, then the SMS is received over CS).

	7

	At DUT, interrogate CFY via *#21#
	DUT performs CS Fallback to a CS network (UTRAN or GERAN) and successfully interrogates CFU status.


[bookmark: _Hlk80734903][bookmark: _Toc482685954]91.1.1.4 Default Bearer Activation Unsuccessful (UICC Not Provisioned for VxLTE)
Description
When a non-provisioned UICC is used in a VxLTE enabled device on a VxLTE network, the device shall handle IMS APN rejections correctly.
Related core specifications
GSMA IR.92
Reason for test
To confirm the DUT behaves correctly when receiving IMS APN reject messages.
Initial Configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured for IMS PS Voice Preferred, CS Secondary 
UICC used for this test is not VxLTE provisioned.
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
Note: 	This test case applies when the network indicates “IMS VoPS: IMS voice over PS session in S1 mode supported” during the attach or tracking area update procedure despite the subscriber is not subscribed to VxLTE services.
Expected behaviour is per 3GPP 24.301 section 6.5.1.4 Standalone PDN CONNECTIVITY REQUEST.
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST containing “Voice domain preference for E-UTRAN: IMS PS voice preferred, CS Voice as secondary (3)”
- Network sends ATTACH ACCEPT containing “IMS voice over PS session in S1 mode: Supported”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe the IMS Default Bearer Activation process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network.
- Network sends PDN CONNECTIVITY REJECT.
Check within the PDN CONNECTIVITY REJECT message if T3396 timer is included.
Timer included:
T3396 timer included (and not deactivated or zero):
- DUT shall start back-off timer according to the value in T3396 and make a further PDN CONNECTIVITY REQUEST message to the same IMS APN only when the timer has expired.  Before back-off timer expiry, confirm DUT is camping to the network but without a VxLTE registration.

T3396 timer included (set to deactivated):
- DUT shall not make any further PDN CONNECTIVITY REQUESTs until it is restarted or the SIM is removed.  

T3396 timer included (set to zero):
- DUT may send a “PDN CONNECTIVITY REQUEST” message to the same IMS APN (depending on device implementation).

T3396 Timer NOT included: Release 10/11
T3396 timer not included: Rejected with any cause:
- DUT may send a “PDN CONNECTIVITY REQUEST” message to the same IMS APN (depending on device implementation).

T3396 Timer NOT included: Release 12 and above:
T3396 timer not included: Rejected with #8, #27, #32 or #33.
- DUT shall start back-off timer with a default value of 12 minutes and make a further PDN CONNECTIVITY REQUEST message to the same IMS APN only when the timer has expired.  Before back-off timer expiry, confirm DUT is camping to the network but without a VxLTE registration.

T3396 timer not included: Rejected with any other cause:
- DUT may send a “PDN CONNECTIVITY REQUEST” message to the same IMS APN (depending on device implementation). 

N.B Some operators request the manufacturer to implement a specific timer value for their network rather than ustomiza a timer in the reject cause message. Please check with the network under test if no timer is included in the reject cause message.

	4
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for LTE services but no VxLTE icon.

	5
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via CS Fallback with 2-way audio.

	6
	Wait for DUT to reselect to E-UTRAN.
	DUT is camping to E-UTRAN.

	9
	At DUT, receive MT SMS
	SMS is received over SG
(If the network is not supporting SMS over SG, then the SMS is received over CS).

	10
	At DUT, interrogate CFU via *#21#
	DUT performs CS Fallback to a CS network (UTRAN or GERAN) and successfully interrogates CFU status.



91.1.1.5 VxLTE Roaming Not Allowed by Network
Description 
This test case checks that a VxLTE device that can’t use VxLTE when roaming behaves properly in a visited LTE network that is VxLTE capable for local subscribers. 
Related core specifications 
GSMA IR.92 A.6 
Reason for test 
It must be ensured that a VxLTE capable device that can only use VxLTE in home network can properly make and receive circuit switched voice calls.
Initial Configuration 
VPLMN has an LTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for local subscribers only (VoPS = 0)VPLMN may support IMS emergency (EMC BS can have any value – “0” or “1”)
VPLMN is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured for IMS PS Voice Preferred, CS Secondary 
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST 
- Network sends ATTACH ACCEPT containing “IMS VoPS: IMS voice over PS session in S1 mode=0 (Not supported)”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe that NO IMS Default Bearer Activation process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must not request a PDN connection to the “IMS” APN since the network is not supporting VxLTE.

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for LTE services but no VxLTE icon.

	4
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via CS Fallback with 2-way audio.

	5
	Wait for DUT to reselect to E-UTRAN.
	DUT is camping to E-UTRAN.

	6
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EXTENDED SERVICE REQUEST to the network with Service type 2 “Mobile originating CS fallback emergency call”. 
CS Fallback to UTRAN or GERAN takes place.
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.

	7
	Wait for DUT to reselect to E-UTRAN.
	DUT is camping to E-UTRAN.

	8
	At DUT, receive MT SMS
	SMS is received over SG
(If the network is not supporting SMS over SG, then the SMS is received over CS).

	9
	At DUT, interrogate CFY via *#21#
	DUT performs CS Fallback to a CS network (UTRAN or GERAN) and successfully interrogates CFU status.




91.1.1.6 Default Bearer Activation/Deactivation (VxLTE Switch)
Description
The DUT shall successfully Activate and Deactivate the Default Bearer for VxLTE services using the menu switch. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.301, 6.2.2
GSMA IR.92, Chapter 5.1, 4.3.1 ; IR.88 Chapter 6.3.2
Reason for test
To verify the DUT is able to Activate and Deactivate the Default Bearer for VxLTE services using the VxLTE menu switch. 
This test is only applicable to devices supporting a manual VxLTE on/off switch.
Initial configuration
IMS APN is configured with Ipv4v6.
DUT menu switch for VxLTE is set to “off”.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST.
- Network sends ATTACH ACCEPT containing “IMS voice over PS session in S1 mode: Supported”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe there is no IMS Default Bearer Activation process on DUT.
	There are no NAS protocol messages observed for the IMS Default Bearer activation.

	3
	On DUT, set the VxLTE menu setting to “on”.
Observe the IMS Default Bearer Activation process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with PDN type 3 “Ipv4v6” and APN “IMS”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT.
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
Note:
DUT must not request another PDN connection to the “IMS” APN for the other IP version

	4
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	5
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.

	7
	On DUT, set the VxLTE menu setting to “off”.
	At DUT, check NAS protocol messages:
- DUT sends PDN DISCONNECT REQUEST.
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT

	8
	Check the VxLTE service indication (If supported in DUT customization).
	DUT no longer displays VxLTE service indication.



91.1.1.7 VxLTE Roaming Allowed by Network
Description 
This test case checks that a VxLTE device with VxLTE roaming enabled behaves properly in a visited LTE network that is VxLTE capable for roaming subscribers. 
Related core specifications 
GSMA IR.92 A.6 
Reason for test 
It must be ensured that a VxLTE capable device with VxLTE roaming enabled can properly make and receive packet switched voice calls in VxLTE roaming NW.
Initial Configuration 
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1)
VPLMN can optionally support IMS emergency calls
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST 
- Network sends ATTACH ACCEPT containing “IMS VoPS: IMS voice over PS session in S1 mode=1 (supported) and Emergency Service Support Indicator=Y/N”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe that IMS Default Bearer Activation process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must request a PDN connection to the “IMS” APN since the network is supporting VxLTE.

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for LTE and VxLTE services.

	4
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via VoLTE with 2-way audio.

	5
	End the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.

	6
	At DUT, receive MT SMS
	SMS is received over IMS

	7
	At DUT, interrogate CFY via *#21#
	DUT successfully interrogates CFU status.via PS




91.1.1.8 VxLTE Roaming Allowed by Network with video media restriction
Description 
This test case checks that a VxLTE device with VxLTE roaming enabled behaves properly in a visited LTE network that is VxLTE capable for roaming subscribers and has media restriction configured for video service.
Related core specifications 
GSMA IR.92, GSMA IR.94, 3GPP TS 24.167
Reason for test 
It must be ensured that a VxLTE capable device with VxLTE roaming enabled can properly make and receive packet switched voice calls in VxLTE roaming NW and has correct ustomiza if the media restriction is in place in case of roaming scenarios. 
Initial Configuration 
HPLMN and DUT support IMS video calls.
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1)
VPLMN can optionally support IMS emergency calls
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
DUT is configured with Media_type_restriction_policy (Voice and/or Video over LTE allowed while roaming) with value “video”
IMS APN is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST 
- Network sends ATTACH ACCEPT containing “IMS VoPS: IMS voice over PS session in S1 mode=1 (supported) and Emergency Service Support Indicator=Y/N”
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	Observe that IMS Default Bearer Activation process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must request a PDN connection to the “IMS” APN since the network is supporting VxLTE.
- DUT shall not include “video” media feature tag in the Contact header field of the REGISTER request

	3
	Check the VxLTE service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for LTE and VxLTE services.

	4
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via VoLTE with 2-way audio.

	5
	End the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.

	6
	At DUT attempt to perform video call 
	The user interface shall not allow video call establishment (grayed out icon/option or explicit error message). 




[bookmark: _Toc156375032]91.1.2 IMS SIP Registration
91.1.2.1 IMS SIP Registration (Periodic, Out of Service during Server Timer Expiry)         
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA IR.51, Chapter 2.2.1
Reason for test
To verify the DUT is able to re-register after the Server timer has expired during out of service.
Initial configuration
DUT is successfully registered for IMS services (VxLTE).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time longer than the Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.
	Confirm DUT performs an Initial Registration.
At DUT, check in SIP protocol messages:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.  

	4
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE)

	5
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.


91.1.2.2 IMS SIP Registration (Periodic, Out of Service during Re-registration Timer expiry but back in service before Server Timer Expiry)      
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA IR.51, Chapter 2.2.1
Reason for test
To verify the DUT is able to re-register after Re-registration timer expiry when DUT has temporarily lost coverage and returned to coverage before the Server timer has expired.
Initial configuration
DUT is successfully registered for IMS services (VxLTE).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry timer values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry timer values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time longer than the Re-registration Time (Y) but shorter than the Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.

	The DUT may either perform initial registration or a re-registration over the existing set of security associations or TLS session.
At DUT, check in SIP protocol messages:
Initial Registration:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.   
Or
Re-registration:
- MO REGISTER message. 
- MT REGISTER 200 OK message. 

	4
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE).

	5
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.



91.1.2.3 IMS SIP Registration (Periodic, Out of Service but back in service before Re-registration Timer and Server Timer Expiry)      
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA IR.51, Chapter 2.2.1
Reason for test
To verify the DUT is able to re-register after Re-registration timer expiry when DUT has temporarily lost coverage and returned to coverage before the Re-Registration and Server timer has expired.
Initial configuration
DUT is successfully registered for IMS services (VxLTE).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry timer values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry timer values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time shorter than the Re-registration Time (Y) and Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.
Check the IMS service indication (if supported in DUT customization).
	At DUT, check there is no MO REGISTER message in the SIP protocol. 
DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE).

	4
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	5
	Observe DUT during expected re-registration time.
	The DUT may either perform initial registration or a re-registration over the existing set of security associations or TLS session.
At DUT, check in SIP protocol messages:
Initial Registration:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.   
Or
Re-registration:
- MO REGISTER message. 
- MT REGISTER 200 OK message.

	6
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxLTE).

	7
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.



[bookmark: _Toc156375033]91.2 VxLTE – Basic Calls
[bookmark: _Toc156375034]91.2.1 Voice Calls
[bookmark: _Toc482685958]91.2.1.1 Dedicated Bearer Activation/Deactivation (MO Voice Call)
[bookmark: _Toc482685959]Description
The DUT shall successfully perform an MO VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a dedicated bearer for MO VxLTE calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.1.2 Dedicated Bearer Activation/Deactivation (MT Voice Call)
Description
The DUT shall successfully perform an MT VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a Dedicated bearer for MT VxLTE calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.1.3 Dedicated Bearer Activation/Deactivation in roaming NW (MO Voice Call)
Description
The DUT shall successfully perform an MO VxLTE call when roaming in VxLTE.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a dedicated bearer for MO VxLTE calls in VxLTE roaming NW.
Initial configuration
VPLMN has an VoLTE roaming agreement with the HPLMN of the SIM card used in the DUT.
VPLMN is supporting VoLTE for roaming subscribers
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
DUT and Client-1 are successfully registered for IMS services (VxLTE) in the HPMN
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.




91.2.1.4 Dedicated Bearer Activation/Deactivation in roaming NW (MT Voice Call)
Description
The DUT shall successfully perform an MT VxLTE call when roaming in VxLTE.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a Dedicated bearer for MT VxLTE calls in VxLTE roaming NW.
Initial configuration
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
DUT and Client-1 are successfully registered for IMS services (VxLTE) in the roaming network
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



[bookmark: _Toc156375035]91.2.2 Video Calls
[bookmark: _Toc482685961]91.2.2.1 Dedicated Bearer Activation/Deactivation (MO Video Call)
[bookmark: _Toc482685962]Description
The DUT shall successfully perform an MO Video call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a Dedicated bearer for MO Video calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, end the video call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.2.2 Dedicated Bearer Activation/Deactivation (MT Video Call)
Description
The DUT shall successfully perform an MT Video call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes a Dedicated bearer for MT Video calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, end the video call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.2.3 Dedicated Bearer Activation/Deactivation in roaming NW (MO Video Call)
Description
The DUT shall successfully perform an MO Video call when roaming in VxLTE
Related 3GPP core specifications
GSMA IR.92, IR.94
Reason for test
To verify the DUT establishes a Dedicated bearer for MO Video calls when roaming in VxLTE.
Initial configuration
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
DUT and Client-1 are successfully registered for IMS services (VxLTE) in the HPMN
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, end the video call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.2.4 Dedicated Bearer Activation/Deactivation in roaming NW (MT Video Call)
Description
The DUT shall successfully perform an MT Video call when roaming in VxLTE.
Related 3GPP core specifications
GSMA IR.92, IR.94 
Reason for test
To verify the DUT establishes a Dedicated bearer for MT Video calls.
Initial configuration
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers
DUT is configured for IMS PS Voice Preferred, CS Secondary in both HPLMN and VPLMN
DUT and Client-1 are successfully registered for IMS services (VxLTE) in the HPMN
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, end the video call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



[bookmark: _Toc156375036]91.2.3 Emergency Call (EMS Supported by Network)
91.2.3.1 Emergency Call (EMS Supported by Network)
91.2.3.1.1 Emergency Call over VxLTE 
Description
The DUT shall successfully make Emergency Calls over VxLTE. 
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS when registered for VxLTE in a network supporting EM calls over IMS.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is supporting Emergency Calls over VxLTE (EMC_BS = 1) and IMS services (VoPS = 1)
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE).
Note: The following test cases covering Emergency calls over VxLTE are written using the “SoS” APN.  However, some operators may use an alternative APN for Emergency calls.  Please clarify with the operator as to what the expected APN name will be in use for the Emergency Calls over VxLTE.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration  and “To” containing Emergency service URN

Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.3.1.2 Emergency Call over VxLTE – enabled geolocation
Description
The DUT shall successfully make Emergency Calls over VxLTE and send its Location information. 
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2.3
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS when registered for VxLTE in a network supporting EM calls over IMS.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is supporting Emergency Calls over VxLTE (EMC_BS = 1) and IMS services (VoPS = 1)
Network is mandating UE to include “Geolocation” header field and the PIDF Location object.
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is configured to include “Geolocation” header field and the PIDF location object.
DUT is successfully registered for IMS services (VxLTE).
Note: The following test cases covering Emergency calls over VxLTE are written using the “SoS” APN.  However, some operators may use an alternative APN for Emergency calls.  Please clarify with the operator as to what the expected APN name will be in use for the Emergency Calls over VxLTE
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration  and “To” containing Emergency service URN
- MO INVITE contains Geographical Location information.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



91.2.3.1.3 Emergency Call over – invalid UICC
Description
The DUT shall successfully make Emergency Calls over VxLTE in case of invalid UICC (no USIM application or missing UICC)
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS in case of invalid UICC in a network supporting EM calls over IMS in limited service mode.
Initial configuration
Only network supporting E-UTRAN is available
Network is supporting IMS Emergency Calls in limited service mode (SIB1 ims-emergency = true)
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is in offline mode (Flight mode enabled / powered off).
Note: The following test cases covering Emergency calls over VxLTE are written using the “SoS” APN.  However, some operators may use an alternative APN for Emergency calls.  Please clarify with the operator as to what the expected APN name will be in use for the Emergency Calls over VxLTE
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online.

	DUT is camping in limited service mode on the available LTE network


	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends ATTACH Request type “Emergency”
- Network sends ATTACH ACCEPT including ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT sends INVITE with “From” identity being “anonymous” and “To” containing Emergency service URN
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



91.2.3.1.4 Emergency Call over VxLTE – limited service mode
Description
The DUT shall successfully make Emergency Calls over VxLTE in case of being camped in limited service mode
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS in case of being camped in limited service mode (camped PLMN denies LTE registration) in a network supporting EM calls over IMS in limited service mode.
Initial configuration
PLMN network supporting only E-UTRAN is available and is not allowing LTE registration to the DUT.
Network is supporting IMS Emergency Calls in limited service mode (SIB1 ims-emergency = true)
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is in offline mode (Flight mode enabled / powered off).
Note: The following test cases covering Emergency calls over VxLTE are written using the “SoS” APN.  However, some operators may use an alternative APN for Emergency calls.  Please clarify with the operator as to what the expected APN name will be in use for the Emergency Calls over VxLTE
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online.

	DUT is camping on VPLMN and starts attach procedure which is denied by the network (e.g. ATTACH REJECT with cause 15)


	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends ATTACH Request type “Emergency”
- Network sends ATTACH ACCEPT including ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT sends INVITE with “From” identity being “anonymous” and “To” containing Emergency service URN
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



91.2.3.1.5 Emergency Call over VxLTE in roaming – UE detectable emergency number 
Description
The DUT shall successfully make Emergency Calls over VxLTE when roaming outside its HPLMN. 
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS when registered for VxLTE in a network from another country that is supporting EM calls over IMS.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is supporting Emergency Calls over VxLTE (EMC_BS=1). 
DUT is roaming in a VPLMN.
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.

Scenario A) DUT is registered for IMS services 
Network indicates support of IMS services (VoPS=1) in Attach Accept.
DUT has successfully registered for IMS services (VxLTE) in VPLMN.
Note: ATTACH ACCEPT for regular ATTACH REQUEST contains “IMS VoPS: IMS voice over PS session in S1 mode=1 (supported) and Emergency Service Support Indicator=Y”

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST (PDU CONNECTIVITY REQUEST ACCEPT)
- DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT
At DUT, check SIP protocol messages:
- MO SIP REGISTER message: This message includes a “sos” SIP URI parameter in contact header
- MT REGISTER 200 OK Response message 
The UE initiates IMS emergency call.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, if PS emergency call, check SIP protocol messages:
- MO SIP BYE message
- MT 200 OK message
At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (for dedicated bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (for dedicated bearer)
Call is ended
After a N/W specific interval (to permit a further emergency call or a callback to the UE):- 
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (default bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (default bearer).



Scenario B) DUT is not registered for IMS services. 

Network indicates absence of support of IMS services (VoPS=0) in Attach Accept.
DUT has successfully registered only for PS services in VPLMN.
Note: ATTACH ACCEPT for regular ATTACH REQUEST contains “IMS VoPS: IMS voice over PS session in S1 mode=0 (not supported) and Emergency Service Support Indicator=Y”

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST (PDU CONNECTIVITY REQUEST ACCEPT)
- DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT
At DUT, check SIP protocol messages:
- MO SIP REGISTER message: This message includes a “sos” SIP URI parameter in contact header
- MT REGISTER 200 OK Response message 
The UE initiates IMS emergency call.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, if PS emergency call, check SIP protocol messages:
- MO SIP BYE message
- MT 200 OK message
At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (for dedicated bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (for dedicated bearer)
Call is ended
After a N/W specific interval (to permit a further emergency call or a callback to the UE):- 
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (default bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (default bearer).



91.2.3.1.6 Emergency Call over VxLTE in roaming – UE non-detectable emergency number
Description
The DUT shall successfully make non-UE detectabele Emergency Calls over VxLTE when roaming outside its HPLMN. In this case, the call is offered as a non-emergency call to the HPMN. The HPLMN shall be able to recognise emergency codes in the serving VPMN. The call attempt is rejected with an indication to the UE that an emergency call should be initiated in the VPMN. 
Note: Some Home Short Service Codes (Voice Mail, Customer Care) are using the same codes as Visited “Non UE detectable” emergency codes. The HPMN must therefore check if a received short code is i) a HPMN service code, ii) a VPMN emergency code, or iii) Other. Local service codes are in the HPMN, emergency codes must be handled in the VPMN and other codes are handed as per N/W configuration (e.g. calls rejected).   
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an non-UE detectable Emergency call (e.g. 110 – police) via IMS when registered for VxLTE in a network from another country that is supporting EM calls over IMS.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is supporting Emergency Calls over VxLTE (EMC_BS=1) and IMS services (VoPS=1).
Non UE detectable Emergency Calls are supportd by the NW
DUT is roaming in a VPLMN.
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE) in HPLMN.
Editor’s Note – Rather than a comment, easier to do it this way. So, what happens is that the UE makes a “normal” call to the VPMN IMS. However, the HPMN IMS recognises that the short code is not a local service code and is a VPMN emergency code (HPMN IMS has a data table to spot all “strange” emergency codes on a per-MCC basis). The SIP INVITE is rejected with a 380 response (use Alternative Service) with an indicator that this is an emergency call. The UE (on receipt of 380) then behaves as for a UE-detected emergency call. See TS 24.229 section 5.1.3.1. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO non UE detectable EM call to Emergency Services (110, 101 or 999).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 1 “Initial Request”.
SIP INVITE includes non UE ustomizat emergency number, e.g. 110, 101 or 990.
- Network sends SIP 380 (Alternative Service – Emergency) with contact header information including emergency service URN (e.g. urn:service:sos:police)
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SOS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
At DUT, check SIP protocol messages:
- MO SIP REGISTER message: This message includes a “sos” SIP URI parameter in contact header
- MT 403/420 Response message, which may/may not indicate that an anonymous IMS emergency call is allowed. This is indicated via an XML body returned in the SIP response message.  
a) anonymous IMS emergency call allowed 
The UE initiates an anonymous IMS emergency call.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
b) anonymous IMS emergency call not allowed:
- Network sends PDN CONNECTIVITY REJECT to the DUT or Network rejects emergency REGISTER with cause 403 without any XML body
DUT reattempts emergency call in CS domain
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, if it is PS emergency call, check SIP protocol messages:
- MO SIP BYE message
- MT 200 OK message
At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


91.2.3.1.7 Emergency Call over VxLTE in roaming without IMS roaming agreement

Description
The DUT shall successfully make Emergency Calls over VxLTE when roaming outside its HPLMN and without IMS-level roaming interfaces 
Note: In some networks anonymous IMS emergency calls are not allowed. However, if CS based emergency calls are not available, then anonymous IMS emergency calls must be permitted for inbound S8HR VoLTE roamers. 

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
IR.92 5.2
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS while roaming using GIBA Authentication mechanism or anonymous IMS emergency call if GIBA authentication mechanism is not in use. 
Initial configuration
Network is supporting E-UTRAN.
Network is supporting Emergency Calls over VxLTE (EMC_BS=1). 
DUT is roaming in a VPLMN.
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.

Scenario A) DUT is not registered for IMS services and the network does not support GIBA
Network indicates absence of support of IMS services (VoPS=0) in Attach Accept.
DUT has successfully registered only for PS services in VPLMN.
Note: ATTACH ACCEPT for regular ATTACH REQUEST contains “IMS VoPS: IMS voice over PS session in S1 mode=0 (not supported) and Emergency Service Support Indicator=Y”

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 

	2
	DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.

	Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST (PDU CONNECTIVITY REQUEST ACCEPT)
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT

	3
	DUT sends REGISTER message for IMS emergenc services
	The message includes a “sos” SIP URI parameter in contact header
Network rejects the registration with cause 403 “Forbidden” and may include indication if it supports anonymous emergency calls

	4
	The UE sends INVITE message for emergency call
	UE includes "anonymous user" parameter in the SIP INVITE message.
Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Emergency Services operator.

	5
	End the EM call.
	At DUT, if PS emergency call, check SIP protocol messages:
- MO SIP BYE message
- MT 200 OK message
At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (for dedicated bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (for dedicated bearer)
Call is ended
After a N/W specific interval (to permit a further emergency call or a callback to the UE):- 
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (default bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (default bearer).



Scenario B) DUT is not registered for IMS services and the network does support GIBA

Network indicates absence of support of IMS services (VoPS=0) in Attach Accept.
DUT has successfully registered only for PS services in VPLMN.
Note: ATTACH ACCEPT for regular ATTACH REQUEST contains “IMS VoPS: IMS voice over PS session in S1 mode=0 (not supported) and Emergency Service Support Indicator=Y”

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 

	2
	DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.

	Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST (PDU CONNECTIVITY REQUEST ACCEPT)
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT

	3
	DUT sends REGISTER message for IMS emergency services
	The message includes a “sos” SIP URI parameter in contact header
Network rejects the registration with cause 420 “Bad Extension” and includes  sec-agree value listed in the unsupported header field.

	
	DUT send new initial REGISTER message for IMS emergency services 
	DUT does not include Authorisation header and the public identity is derived from IMSI. 
Network replies with 200 OK and includes UE public identity (Tel-URI)

	
	The UE sends INVITE message for emergency call
	UE includes public user identity in the SIP INVITE message.
Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, if PS emergency call, check SIP protocol messages:
- MO SIP BYE message
- MT 200 OK message
At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (for dedicated bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (for dedicated bearer)
Call is ended
After a N/W specific interval (to permit a further emergency call or a callback to the UE):- 
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST (default bearer)
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT (default bearer).





91.2.3.2 Emergency Call (EMS Not Supported by Network)
91.2.3.2.1 Emergency Call over VxLTE (Not Supported by Network) – CS Fallback
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxLTE. 
Related core specifications
3GPP TS 24.229; TS 23.167; TS 23.401; TS 23.272
GSMA IR.92 5.2; IR.92 A.5
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting EM calls over VxLTE.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is not supporting Emergency Calls over VxLTE (EMC_BS=0) but is supporting IMS services (VoPS=1).
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EXTENDED SERVICE REQUEST to the network with Service type 2 “Mobile originating CS fallback emergency call”. 
CS Fallback to UTRAN or GERAN takes place.
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.


91.2.3.2.2 Emergency Call over VxLTE (Not Supported by Network) – CS Fallback (Acceptable Cell)
Description
The DUT shall successfully make Emergency Calls on an acceptable cell when the network is not supporting EM calls over VxLTE and no other CS cells are available in the HPLMN.
Related core specifications
3GPP TS 24.229; TS 23.167; TS 23.401; TS 23.272; TS 23.221
GSMA IR.92 5.2; IR.92 A.5
Reason for test
To verify the DUT is able to make Emergency Calls on an acceptable cell when the network is not supporting EM calls over VxLTE and no other CS cells are available in the HPLMN.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is not supporting Emergency Calls over VxLTE (EMC_BS=0) but is supporting IMS services (VoPS=1).
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it remains registered for VxLTE but does not have any CS network available in the HPLMN.
	DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.

	2
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.

	3
	End the EM call.
	Call is ended.


91.2.3.2.3 Emergency Call over VxLTE (Not Supported by Network) – CS Fallback (Non-UE detectable EC number)
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxLTE. 
Related core specifications
3GPP TS 24.229; TS 23.167; TS 23.401; TS 23.272
GSMA IR.92 5.2; IR.92 A.5
Reason for test
To verify the DUT is able to initiate an Emergency call to a non UE detectable EM number via CS Fallback when the network is not supporting EM calls over VxLTE.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is not supporting Emergency Calls over VxLTE (EMC_BS=0) but is supporting IMS services (VoPS=1).
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary.
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services by dialling a non-ue detectable EC number.
	At DUT, check in SIP protocol:
- SIP 380 (Alternative Service) message from the network.  This may include emergency service information.
If Included:
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
DUT establishes EM call over the CS network.
Confirm 2-way audio between DUT and Emergency Services operator.

If not Included:
At DUT, check NAS protocol messages:
- DUT sends SETUP message.
DUT establishes a normal call over the CS network.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.


91.2.3.2.4 Emergency Call over VxLTE (Not supported by network) – CS Fallback (Roaming)
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxLTE when in roaming. 
Related core specifications
3GPP TS 24.229; TS 23.167; TS 23.401; TS 23.272
GSMA IR.92 5.2; IR.92 A.5
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting EM calls over VxLTE when the DUT is roaming.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network is not supporting Emergency Calls over VxLTE (EMC_BS=0) but is supporting IMS services (VoPS=1).
DUT is roaming in a VPLMN.
DUT is configured to Automatic RAT mode.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EXTENDED SERVICE REQUEST to the network with Service type 2 “Mobile originating CS fallback emergency call”. 
CS Fallback to UTRAN or GERAN takes place.
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.
Note: DUT must not attempt EM call over VoLTE using the SoS APN since the network is not supporting this EMC_BS=0.

	2
	End the EM call.
	Call is ended.


91.2.3.3 Emergency Call (VxLTE Not Supported by Network)
91.2.3.3.1 Emergency Call (VxLTE Not Supported by Network) – CS Fallback
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting VxLTE. 
Related core specifications
3GPP TS 24.229; TS 23.167; TS 23.401; TS 23.272
GSMA IR.92 5.2; IR.92 A.5
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting VxLTE.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
VxLTE is not supported by the network.
DUT is configured for IMS PS Voice Preferred, CS Secondary 
DUT is configured to Automatic RAT mode.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.
	DUT correctly displays an icon to indicate it is registered for LTE services but no VxLTE icon.

	2
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EXTENDED SERVICE REQUEST to the network with Service type 2 “Mobile originating CS fallback emergency call”. 
CS Fallback to UTRAN or GERAN takes place.
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.


[bookmark: _Toc156375037]91.2.4 SIP Preconditions Required (Resource Available)
[bookmark: _Toc482685976]91.2.4.1 MO Voice Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc482685977]91.2.4.2 MT Voice Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message indicates “Precondition” within the “Supported” tag.
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.
- 

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc482685978]91.2.4.3 MO Voice Call – SIP Preconditions required -  DUT upgrades call to Video
[bookmark: _Toc482685979]Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	3
	End the video call between DUT and Client-1.
	Call is ended.


91.2.4.4 MT Voice Call – SIP Preconditions required – Client upgrades call to Video
[bookmark: _Toc482685861]Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Voice call from Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.
- MO OK message indicates “Precondition” within the “Supported” tag.

	3
	End the video call between DUT and Client-1.
	Call is ended.


91.2.4.5 MO Video Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


91.2.4.6 MT Video Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA IR.92, section 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message indicates “Precondition” within the “Supported” tag.
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.


	2
	Answer the call at DUT.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375038]91.2.5 SIP Preconditions Required (Resource Unavailable)
91.2.5.1 MO Voice Call – SIP Preconditions required – Resource Unavailable
[bookmark: _Toc482685862]Description
Confirm the DUT sends MO CANCEL message when QoS resource is unavailable for the voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO CANCEL message when QoS resource is unavailable for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for voice call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

	2
	Observe the call setup fails to establish.
	At DUT, check NAS protocol messages:
Dedicated bearer is not established.
At DUT, check in SIP protocol messages:
- MO CANCEL message.
Call setup is ended.


91.2.5.2 MT Voice Call – SIP Preconditions required – Resource Unavailable
[bookmark: _Toc482685863]Description
Confirm the DUT sends 580 PRECONDITION FAILURE message when QoS resource is unavailable for the voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends 580 PRECONDITION FAILURE message when QoS resource is unavailable for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for voice call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.


	2
	Observe the call setup fails to establish.
	At DUT, check NAS protocol messages:
Dedicated bearer is not established.
At DUT, check in SIP protocol messages:
- MO 580 PRECONDITION FAILURE message.
No missed call is indicated at DUT.


91.2.5.3 MO Voice Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the codec to the bitrate that matches the bandwidth allocated  for the dedicated bearer

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.2.5.4 MT Voice Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the codec to the bitrate that matches the bandwidth allocated  for the dedicated bearer

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.2.5.5 MO Video Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for a video call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is unavailable to setup the call.
- MO UPDATE message is sent to downgrade the call to a voice call.

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.2.5.6 MT Video Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for a video call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is unavailable to setup the call.
- MO UPDATE message is sent to downgrade the call to a voice call.

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.2.5.7 MO Video Call – SIP Preconditions required – Resource Insufficient
[bookmark: _Toc482685864]Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the video call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the video call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested video call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the video codec to a bitrate that matches the bandwidth allocated for the dedicated bearer.

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


91.2.5.8 MT Video Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA IR.92, sub clause 2.4.1
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade video codec to a bitrate that matches the bandwidth allocated for the dedicated bearer.

	2
	Answer the call at DUT.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375039]91.2.6 Call Establishment Performance
[bookmark: _Toc482685981]91.2.6.1 MO Voice Call – Establishment Setup time (Relative measurement)
[bookmark: _Toc482685982]Description
The DUT shall successfully establish an MO VxLTE call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxLTE call within a sufficient setup time.
Initial configuration
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	DUT establishes MO call setup and is ringing to indicate the call to Client-1 has been successfully negotiated.
The call setup time is recorded.

	2
	At DUT, end the call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 call setup times in total are recorded on DUT.
Calculate an average call setup time.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 call setup times in total are recorded on Reference-1.
Calculate an average call setup time.

	5
	Compare the setup time between DUT and Reference-1.
	Call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in call setup time).


91.2.6.2 MO Voice Call – Establishment Setup time (Absolute measurement)
[bookmark: _Toc482685983]Description
The DUT shall successfully establish an MO VxLTE call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxLTE call within a sufficient setup time.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	DUT establishes MO call setup and is ringing to indicate the call to Client-1 has been successfully negotiated.
The call setup time is recorded.

	2
	At DUT, end the call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 call setup times in total are recorded on DUT.
Calculate an average call setup time.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 call setup times in total are recorded on Reference-1.
Calculate an average call setup time.

	5
	Compare the setup time between DUT and Reference-1.
	Call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in call setup time).


91.2.6.3 MO Voice Call – Establishment Success Rate (Relative measurement)
[bookmark: _Toc482685984]Description
The DUT shall successfully establish an MO VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxLTE call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


91.2.6.4 MO Voice Call – Establishment Success Rate (Absolute measurement)
[bookmark: _Toc482685985]Description
The DUT shall successfully establish an MO VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxLTE call over multiple attempts.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


91.2.6.5 MT Voice Call – Establishment Success Rate (Relative measurement)
[bookmark: _Toc482685986]Description
The DUT shall successfully establish an MT VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MT VxLTE call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can make MO voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


91.2.6.6 MT Voice Call – Establishment Success Rate (Absolute measurement)
Description
The DUT shall successfully establish an MT VxLTE call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MT VxLTE call over multiple attempts.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxLTE)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxLTE)
Client-1 is any device that can make MO voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


91.2.6.7 MO Video Call – Establishment Setup Time (Relative measurement)
Description
The DUT shall successfully establish an MO video call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call within a sufficient setup time.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1and Reference-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	Ringing tone is heard on DUT.
The video call setup time is recorded.

	2
	At DUT, end the video call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Calculate an average video call setup time of 10 times on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	Video call setup times are recorded on Reference-1.
Calculate an average video call setup time of 10 times.

	5
	Compare the setup time between DUT and Reference-1.
	Video call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in video call setup time).



91.2.6.8 MT Video Call –Codec Establishment Time (Relative measurement)
Description
The DUT shall successfully encode/decode and display the video stream within an acceptable time after answering the video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT encode/decode and display the video stream within an acceptable time.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1 and Reference-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the video call at DUT.
At DUT, measure the time from pressing the video call accept button to when the 2-way video media stream is presented between DUT and Client.
	An incoming video call is indicated to DUT.
2-way video is presented.
The codec establishment time is recorded.

	2
	At DUT, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Calculate an average codec establishment time of 10 times on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	Calculate an average codec establishment time of 10 times on Reference-1.

	5
	Compare the establishment time between DUT and Reference-1.
	Codec establishment time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in video displaying delay).



91.2.6.9 MO Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MO video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call over multiple attempts.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1and Reference-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Answer the call at Client-1.
	Confirm 2-way video stream between DUT and Client-1

	2
	At DUT, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Calculate video call success rate on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	Calculate video call success rate on Reference-1.

	5
	Compare the call success rate between DUT and Reference-1.
	Video call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in video call success rate).



91.2.6.10 MT Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MT video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MT video call over multiple attempts.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1and Reference-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the call at DUT.
	Confirm 2-way video stream between DUT and Client-1

	2
	At Client-1, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Calculate video call success rate on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	Calculate video call success rate on Reference-1.

	5
	Compare the call success rate between DUT and Reference-1.
	Video call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in video call success rate).



91.2.6.11 MO Video Call – Establishment Setup Time (Absolute measurement)
Description
The DUT shall successfully establish an MO video call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call within a sufficient setup time.
Initial configuration
Test is done under lab conditions (optimum RF signal and sufficient bandwidth of eNodeB).
DUT and Client-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	Ringing tone is heard on DUT.
The video call setup time is recorded.

	2
	At DUT, end the video call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Record the video call setup time for each attempt on DUT.
Calculate and record an average video call setup time of 10 times on DUT.



91.2.6.12 MT Video Call –Codec Establishment Time (Absolute measurement)
Description
The DUT shall successfully encode/decode and display the video stream within an acceptable time after answering the video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT encode/decode and display the video stream within an acceptable time.
Initial configuration
Test is done under lab conditions (optimum RF signal and sufficient bandwidth of eNodeB).
DUT and Client-1 are successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the video call at DUT.
At DUT, measure the time from pressing the video call accept button to when the 2-way video media stream is presented between DUT and Client.
	An incoming video call is indicated to DUT.
2-way video is presented.
The codec establishment time is recorded.

	2
	At DUT, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Record the video call setup time for each attempt on DUT.
Calculate and record an average codec establishment time of 10 times on DUT.



[bookmark: _Toc156375040]91.3 VxLTE – SMS
[bookmark: _Toc156375041]91.3.1 SMS over VxLTE (Supported by Network)
91.3.1.1 SMS over VxLTE (Supported by Network) – MO SMS over VxLTE – Roaming
Description
Verify the DUT can successfully send an MO SMS over VxLTE when roaming.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to send an MO SMS over VxLTE when roaming.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MO SMS over IMS and MO SMS over SG.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


91.3.1.2 SMS over VxLTE (Supported by Network) – MT SMS over VxLTE – Roaming
Description
Verify the DUT can successfully receive an MT SMS over VxLTE when roaming.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over VxLTE when roaming.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MT SMS over IMS and MT SMS over SG.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc156375042]91.3.2 SMS over VxLTE (Not supported by Network)
[bookmark: _Toc482685990]91.3.2.1 SMS over VxLTE (Not supported by Network) – MO SMS over SG – Idle
Description
Verify the DUT can successfully send an MO SMS via SG when the IMS server is not supporting MO SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to send an MO SMS over SG when the IMS server is not supporting MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MO SMS over IMS and MO SMS over SG.
The IMS server does not support MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482685991]91.3.2.2 SMS over VxLTE (Not supported by Network) – MO SMS over SG – During Voice Call
Description
Verify the DUT can successfully send an MO SMS via SG when the IMS server is not supporting MO SMS over IMS, even though the DUT is in an active VxLTE call.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to send an MO SMS over SG when the IMS server is not supporting MO SMS over IMS, even though the DUT is in an active VxLTE call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MO SMS over IMS and MO SMS over SG.
The IMS server does not support MO SMS over IMS.
The DUT is in an active voice call with Client-1 over VxLTE.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482685992]91.3.2.3 SMS over VxLTE (Not supported by Network) – MO SMS over SG – Roaming
Description
Verify the DUT can successfully send an MO SMS via SG when the IMS server is not supporting MO SMS over IMS in roaming.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to send an MO SMS over SG when the IMS server is not supporting MO SMS over IMS in roaming.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MO SMS over IMS and MO SMS over SG.
The IMS server does not support MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


91.3.2.4 SMS over VxLTE (Not supported by Network) – MT SMS over SG – Idle
Description
Verify the DUT can successfully receive an MT SMS via SG when the IMS server is not supporting MT SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over SG when the IMS server is not supporting MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MT SMS over IMS and MT SMS over SG.
The IMS server does not support MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc482685993]91.3.2.5 SMS over VxLTE (Not supported by Network) – MT SMS over SG – During Voice Call
Description
Verify the DUT can successfully receive an MT SMS via SG when the IMS server is not supporting MT SMS over IMS, even though the DUT is in an active VxLTE call.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over SG when the IMS server is not supporting MT SMS over IMS, even though the DUT is in an active VxLTE call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MT SMS over IMS and MT SMS over SG.
The IMS server does not support MT SMS over IMS.
The DUT is in an active voice call with Client-1 over VxLTE.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


91.3.2.6 SMS over VxLTE (Not supported by Network) – MT SMS over SG – Roaming
Description
Verify the DUT can successfully receive an MT SMS via SG when the IMS server is not supporting MT SMS over IMS in roaming.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over SG when the IMS server is not supporting MT SMS over IMS in roaming.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxLTE).
The DUT supports MT SMS over IMS and MT SMS over SG.
The IMS server does not support MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc156375043]91.4 VxLTE – Supplementary Services
[bookmark: _Toc156375044]91.4.1 Supplementary Services via VxLTE (Supported by network)
[bookmark: _Toc156375045]91.4.2 Supplementary Services via VxLTE (Not Supported by network)
91.4.2.1 IMS Registered – USSD over CS (Idle)
Description
This test case checks if the DUT is IMS registered in a network not supporting USSD over IMS, the device will perform CS Fallback to UTRAN or GERAN when a USSD command is requested.
Related core specifications
GSMA IR.92, 
3GPP TS 23.272
Reason for test
The DUT must be able to perform USSD commands via CS Fallback when USSD over IMS is not supported by the network.
Initial Configuration
Network is not supporting USSD over IMS.
Network is supporting a CS infrastructure (UTRAN or GERAN).
DUT is supporting USSD over IMS.
DUT is successfully registered for IMS services (VxLTE).
No additional IMS transactions are ongoing (e.g. MO/MT call)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enter and send a USSD command (for example *100# to check the prepaid balance).  

	USSD command is successfully sent to the network over the CS network (UTRAN/GERAN) and an appropriate response is displayed on the DUT.


91.4.2.2 IMS Registered – USSD over CS (During Voice Call)
Description
This test case checks if the DUT is in an ongoing IMS voice call and a USSD command is sent, the device will not perform CS Fallback to UTRAN or GERAN.
Related core specifications
GSMA IR.92, Annex A.9
3GPP TS 23.272
Reason for test
The DUT must be able to prioritise USSD commands so that no CS Fallback takes place when in an ongoing IMS call.
Initial Configuration
Network is not supporting USSD over IMS.
Network is supporting a CS infrastructure (UTRAN or GERAN).
DUT is supporting USSD over IMS.
DUT is successfully registered for IMS services (VxLTE).
DUT is in an ongoing IMS call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enter and send a USSD command (for example *100# to check the prepaid balance).  

	DUT does not perform CS Fallback to a CS network (UTRAN or GERAN).
USSD command fails.
Ongoing voice call between DUT and Client-1 continues unaffected with 2-way audio.




[bookmark: _Toc156375046]91.5 VxLTE – Service Interworking
[bookmark: _Toc156375047]91.5.1 Voice with Data Transfer
91.5.1.1 Voice Call setup during Active Data Transfer
Description
The DUT shall successfully setup a VxLTE call during an active data transfer.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxLTE call during an active data transfer Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.
	
	Test procedure
	Expected behaviour

	1
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).

	2
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Data transfer is ongoing on DUT.

	3
	At DUT, end the voice call with Client-1.
	Call is ended.
Data transfer is ongoing on DUT.

	4
	At DUT, receive MT voice call from Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Data transfer is ongoing on DUT.

	5
	At Client-1, end the voice call with DUT.
	Call is ended.
Data transfer is ongoing on DUT.

	6
	End the data download.
	Data transfer is stopped.


91.5.1.2 Data Transfer setup during Active Voice Call
Description
The DUT shall successfully perform data transfer during an ongoing VxLTE call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer during an ongoing VxLTE call
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).
Call is ongoing with Client-1.

	3
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	4
	At DUT, end the voice call with Client-1.
	Call is ended.


91.5.1.3 Voice Call setup during Active Data Transfer over Wi-Fi
Description
The DUT shall successfully setup a VxLTE call during an active data transfer over Wi-Fi.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxLTE call during an active data transfer over Wi-Fi.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the LTE network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.

	3
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	4
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.

	5
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Data transfer over Wi-Fi is ongoing on DUT.

	6
	At DUT, end the voice call with Client-1.
	Call is ended.
Data transfer over Wi-Fi is ongoing on DUT.

	7
	End the data download.
	Data transfer is stopped.

	8
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.


91.5.1.4 Data Transfer over Wi-Fi setup during Active Voice Call
Description
The DUT shall successfully perform data transfer over Wi-Fi during an ongoing VxLTE call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer over Wi-Fi during an ongoing VxLTE call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the LTE network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	3
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
Call is ongoing with Client-1.

	4
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	5
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.
Call is ongoing with Client-1.

	6
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	7
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
Call is ongoing with Client-1.

	8
	At DUT, end the voice call with Client-1.
	Call is ended.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.


[bookmark: _Toc156375048]91.5.2 Video with Data Transfer
[bookmark: _Toc482686007]91.5.2.1 Video Call setup during Active Data Transfer
Description
The DUT shall successfully setup a VxLTE call during an active data transfer.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxLTE call during an active data transfer.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).

	2
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer is ongoing on DUT.

	3
	At DUT, end the video call with Client-1.
	Call is ended.
Data transfer is ongoing on DUT.

	4
	At DUT, receive MT video call from Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer is ongoing on DUT.

	5
	At Client-1, end the video call with DUT.
	Call is ended.
Data transfer is ongoing on DUT.

	6
	End the data download.
	Data transfer is stopped.


[bookmark: _Toc482686008]91.5.2.2 Data Transfer setup during Active Video Call
Description
The DUT shall successfully perform data transfer during an ongoing VxLTE call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer during an ongoing VxLTE call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.
	
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	4
	At DUT, end the video call with Client-1.
	Call is ended.


[bookmark: _Toc482686009]91.5.2.3 Video Call setup during Active Data Transfer over Wi-Fi
[bookmark: _Toc482686010]Description
The DUT shall successfully setup a VxLTE call during an active data transfer over Wi-Fi.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxLTE call during an active data transfer over Wi-Fi.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the LTE network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.

	3
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	4
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.

	5
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer over Wi-Fi is ongoing on DUT.

	6
	At DUT, end the video call with Client-1.
	Call is ended.
Data transfer over Wi-Fi is ongoing on DUT.

	7
	End the data download.
	Data transfer is stopped.

	8
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.


91.5.2.4 Data Transfer over Wi-Fi setup during Active Video Call
Description
The DUT shall successfully perform data transfer over Wi-Fi during an ongoing VxLTE call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer over Wi-Fi during an ongoing VxLTE call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the LTE network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
Call is ongoing with Client-1.

	4
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	5
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.
Call is ongoing with Client-1.

	6
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	7
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
Call is ongoing with Client-1.

	8
	At DUT, end the video call with Client-1.
	Call is ended.
DUT still displays the VxLTE icon to indicate VxLTE calls are available according to the customization requirement.


[bookmark: _Toc156375049]91.6 VxLTE – Mobility
[bookmark: _Toc482686012][bookmark: _Toc156375050]91.6.1 Service Reselection
[bookmark: _Toc482686013]91.6.1.1 Service Reselection – VxLTE to CS Service – Idle (UTRAN)
[bookmark: _Toc482686014]Description
This test case checks if the DUT is VxLTE registered and moves to an area where E-UTRAN network is not available, it can successfully establish MO and MT voice calls over CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between E-UTRAN and UTRAN.
Initial Configuration
Network is supporting E-UTRAN and UTRAN.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
DUT is in IDLE state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no E-UTRAN network is available so it reselects to a UTRAN network.
	DUT reselects from E-UTRAN to UTRAN and performs a Location Area Update and Routing Area Update.
DUT no longer displays VxLTE service indication.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in CS domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in CS domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.



91.6.1.2 Service Reselection – VxLTE to CS Service – Idle (GERAN)
[bookmark: _Toc482686015]Description
This test case checks if the DUT is VxLTE registered and moves to an area where E-UTRAN network is not available, it can successfully establish MO and MT voice calls over CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between E-UTRAN and GERAN.
Initial Configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
DUT is in IDLE state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no E-UTRAN network is available so it reselects to a UTRAN network.
	DUT reselects from E-UTRAN to GERAN and performs a Location Area Update and Routing Area Update.
DUT no longer displays VxLTE service indication.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in CS domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in CS domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.1.3 Service Reselection – CS to VxLTE Service – Idle (UTRAN)
[bookmark: _Toc482686016]Description
This test case checks if the DUT moves from UTRAN to a VxLTE supported E-UTRAN network, it successfully registers for VxLTE. Making and receiving calls are handled over VxLTE and do not fallback to CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between UTRAN and E-UTRAN.
Initial Configuration
Network is supporting E-UTRAN and UTRAN.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is in UTRAN network registered for CS and PS services.
DUT is in PCH or IDLE state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where E-UTRAN network is available so it reselects to E-UTRAN network.

	DUT reselects from UTRAN to E-UTRAN and performs a Tracking Area Update procedure.  
DUT successfully registers for VxLTE services.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxLTE with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxLTE with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.1.4 Service Reselection – CS to VxLTE Service – Idle (GERAN)
[bookmark: _Toc482686017]Description
This test case checks if the DUT moves from GERAN to a VxLTE supported E-UTRAN network, it successfully registers for VxLTE. Making and receiving calls are handled over VxLTE and do not fallback to CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between GERAN and E-UTRAN.
Initial Configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is in GERAN network registered for CS and GPRS services.
DUT is in GMM STANDBY state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where E-UTRAN network is available so it reselects to E-UTRAN network.

	DUT reselects from GERAN to E-UTRAN and performs a Tracking Area Update procedure.  
DUT successfully registers for VxLTE services.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxLTE with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxLTE with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc482686018][bookmark: _Toc156375051]91.6.2 Handover/Release redirect
[bookmark: _Toc482686019]91.6.2.1 Service Selection after Handover/Release redirect – VxLTE to CS Service – During Data Transfer (UTRAN)
Description
This test case checks if the DUT is VxLTE registered with an active data transfer ongoing, moves to an area where E-UTRAN network is not available, it can successfully establish MO and MT voice calls over CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between E-UTRAN and UTRAN.
Initial Configuration
Network is supporting E-UTRAN and UTRAN.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
DUT is in CONNECTED state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no E-UTRAN network is available so it performs a Handover / Release redirect to a UTRAN network.
	DUT performs Handover / Release redirect from E-UTRAN to UTRAN.  
Confirm data transfer continues in the UTRAN network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in CS domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in CS domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.



91.6.2.2 Service Selection after Handover/Release redirect – VxLTE to CS Service – During Data Transfer (GERAN)
Description
This test case checks if the DUT is VxLTE registered with an active data transfer ongoing, moves to an area where E-UTRAN network is not available, it can successfully establish MO and MT voice calls over CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between E-UTRAN and GERAN.
Initial Configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
DUT is in CONNECTED state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no E-UTRAN network is available so it performs a Handover / Release redirect to a GERAN network.
	DUT performs Handover / Release redirect from E-UTRAN to GERAN.  
Confirm data transfer continues in the GERAN network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in CS domain with 2-way audio.
Note:
If network and DUT are supporting DTM, the data transfer shall continue during the voice call.
If network or DUT are not supporting DTM, then data transfer shall be suspended during the voice call.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in CS domain with 2-way audio.
Note:
If network and DUT are supporting DTM, the data transfer shall continue during the voice call.
If network or DUT are not supporting DTM, then data transfer shall be suspended during the voice call.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.


91.6.2.3 Service Selection after Handover/Release redirect – CS to VxLTE Service – During Data Transfer (UTRAN)
Description
This test case checks if the DUT moves from UTRAN to a VxLTE supported E-UTRAN network during an active data transfer, it successfully registers for VxLTE. Making and receiving calls are handled over VxLTE and do not fallback to CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between UTRAN and E-UTRAN.
Initial Configuration
Network is supporting E-UTRAN and UTRAN.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is in UTRAN network registered for CS and PS services.
DUT is in DCH state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where E-UTRAN network is available so it performs a Handover / Release redirect to E-UTRAN network.
	DUT performs Handover / Release redirect from UTRAN to E-UTRAN.  
Confirm data transfer continues in the E-UTRAN network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxLTE with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxLTE with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.



91.6.2.4 Service Selection after Handover/Release redirect – CS to VxLTE Service – During Data Transfer (GERAN)
Description
This test case checks if the DUT moves from GERAN to a VxLTE supported E-UTRAN network during an active data transfer, it successfully registers for VxLTE. Making and receiving calls are handled over VxLTE and do not fallback to CS.
Related core specifications
GSMA IR.92 A.4
3GPP TS 23.221, 7
3GPP TS 23.060, 5.3.8
3GPP TS 24.008, Annex P
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between GERAN and E-UTRAN.
Initial Configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is in UTRAN network registered for CS and PS services.
DUT is in GMM Ready state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where E-UTRAN network is available so it performs a Handover / Release redirect to E-UTRAN network.
	DUT performs Handover / Release redirect from GERAN to E-UTRAN.  
Confirm data transfer continues in the E-UTRAN network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxLTE with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxLTE with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.


[bookmark: _Toc482686020][bookmark: _Toc156375052]91.6.3 E-UTRA Handover
[bookmark: _Toc482686021]91.6.3.1 E-UTRA Handover – Active Voice Call
[bookmark: _Toc482686022]Description
The DUT shall maintain the VxLTE call after E-UTRA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a VxLTE call along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same eNodeB.
· Cells not sharing the same eNodeB.
· Cells using X2 handover.
· Cells using S1 handover.
· Cells using a different MME.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	Move DUT along the test route 

	VxLTE call remains active with 2-way audio throughout the route.
No call drops are observed.

	3
	At the end of the route, end the voice call between DUT and Client-1.
	Call is ended.


91.6.3.2 E-UTRA Handover – Active Voice Call, Data Transfer
[bookmark: _Toc482686023]Description
The DUT shall maintain the VxLTE call after E-UTRA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a VxLTE call and FTP download along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same eNodeB.
· Cells not sharing the same eNodeB.
· Cells using X2 handover.
· Cells using S1 handover.
· Cells using a different MME.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT along the test route 

	VxLTE call remains active with 2-way audio throughout the route.
No call drops are observed.
Data transfer is stable throughout the route.

	4
	At the end of the route, end the voice call between DUT and Client-1.
	Call is ended.

	5
	At the end of the route, end the data download.
	Data transfer is stopped.


91.6.3.3 E-UTRA Handover – Active Video Call
[bookmark: _Toc482686024]Description
The DUT shall maintain the Video call after E-UTRA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a Video call along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same eNodeB.
· Cells not sharing the same eNodeB.
· Cells using X2 handover.
· Cells using S1 handover.
· Cells using a different MME.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Move DUT along the test route 

	Video call remains active with 2-way audio / video media stream throughout the route.
No call drops are observed.

	3
	At the end of the route, end the video call between DUT and Client-1.
	Call is ended.


91.6.3.4 E-UTRA Handover – Active Video Call, Data Transfer
[bookmark: _Toc482686025]Description
The DUT shall maintain the Video call after E-UTRA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a Video call and FTP download along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxLTE)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same eNodeB.
· Cells not sharing the same eNodeB.
· Cells using X2 handover.
· Cells using S1 handover.
· Cells using a different MME.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT along the test route 

	Video call remains active with 2-way audio / video media stream throughout the route.
No call drops are observed.
Data transfer is stable throughout the route.

	4
	At the end of the route, end the video call between DUT and Client-1.
	Call is ended.

	5
	At the end of the route, end the data download.
	Data transfer is stopped.


[bookmark: _Toc156375053]91.6.4 SRVCC (Voice Call)
[bookmark: _Toc482686026]91.6.4.1 SRVCC (Voice Call) – Active Call (EVS codec) – To UTRAN
[bookmark: _Toc482686027]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN.
The network supports EVS voice codec in VxLTE.
The DUT and Client-1 are supporting EVS voice codec in VxLTE.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN.
	DUT performs Handover from E-UTRAN to UTRAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.4.2 SRVCC (Voice Call) – Active Call (WB codec) – To UTRAN
Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN.
The network supports WB-AMR voice codec in VxLTE.
The DUT and Client-1 are supporting WB-AMR voice codec in VxLTE.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- Confirm WM-AMR voice codec has been successfully negotiated.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN.
	DUT performs Handover from E-UTRAN to UTRAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.4.3 SRVCC (Voice Call) – Active Call (EVS codec) – To GERAN
Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
The network supports EVS voice codec in VxLTE.
The DUT and Client-1 are supporting EVS voice codec in VxLTE.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- Confirm EVS voice codec has been successfully negotiated.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.4.4 SRVCC (Voice Call) – Active Call (WB codec) – To GERAN
[bookmark: _Toc482686028]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
The network supports WB-AMR voice codec in VxLTE.
The DUT and Client-1 are supporting WB-AMR voice codec in VxLTE.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
At DUT, check in SIP protocol messages:
- Confirm WB-AMR voice codec has been successfully negotiated.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.4.5 SRVCC (Voice Call) – Active Call, Data Transfer – To UTRAN
[bookmark: _Toc482686029]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service while in an ongoing data transfer.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN.
	DUT performs Handover from E-UTRAN to UTRAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.
Data transfer is stable after the handover.

	4
	End the voice call between DUT and Client-1.
	Call is ended.

	5
	End the data download.
	Data transfer is stopped.


91.6.4.6 SRVCC (Voice Call) – Active Call, Data Transfer – To GERAN (w/o DTM)
[bookmark: _Toc482686030]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service while in an ongoing data transfer.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
Network is not supporting Dual Transfer Mode (DTM) in the 2G network.
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.
Data transfer is suspended after the handover since DTM is not supported by the network.

	4
	End the voice call between DUT and Client-1.
	Call is ended.
Once the call has ended, a PDP CONTEXT ACTIVATION procedure takes place and the data transfer continues in the GERAN network.

	5
	End the data download.
	Data transfer is stopped.


91.6.4.7 SRVCC (Voice Call) – Active Call, Data Transfer – To GERAN (with DTM)
[bookmark: _Toc482686031]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue without losing service while in an ongoing data transfer.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
Network is supporting Dual Transfer Mode (DTM) in the 2G network.
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.
Data transfer is stable after the handover.

	4
	End the voice call between DUT and Client-1.
	Call is ended.

	5
	End the data download.
	Data transfer is stopped.


91.6.4.8 SRVCC (Voice Call) – During Alerting
[bookmark: _Toc482686032]Description
The DUT shall successfully perform SRVCC handover to the CS network and the call shall continue alerting without losing service.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
Scenario A: MT alerting
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	DUT is alerting as an incoming VxLTE call.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Alerting continues in CS domain.
DUT no longer displays VxLTE service indication.

	3
	At DUT, accept the MT voice call.
	Confirm 2-way audio between DUT and Client-1.

	4
	End the voice call between DUT and Client-1.
	Call is ended.



Scenario B: MO alerting
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	DUT can hear the alerting tone.
Note: if Client-1 is configured with video customized alerting tone, the DUT should receive and play video alerting tone.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Normal alerting tone continues in CS domain.
DUT no longer displays VxLTE service indication.

	3
	At Client-1, accept the MT voice call.
	Confirm 2-way audio between DUT and Client-1.

	4
	End the voice call between DUT and Client-1.
	Call is ended.



91.6.4.9 SRVCC (Voice Call) – Held Call
[bookmark: _Toc482686033]Description
The DUT shall successfully perform SRVCC handover to the CS network while the call is held.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio in either direction.

	3
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Call remains held in CS domain.
DUT no longer displays VxLTE service indication.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	5
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.4.10 SRVCC (Voice Call) – 1 Active Call, 1 Alerting
[bookmark: _Toc482686034]Description
The DUT shall successfully perform SRVCC handover to the CS network while the call is active and a 2nd incoming call is alerting.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Communication Waiting is activated in the network.
Communication Waiting is activated in the DUT.
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with Client-1 over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting with incoming VxLTE call from Client-2.

	3
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Call with Client-1 remains active with 2-way audio in CS domain.
Alerting continues in CS domain with Client-2.
DUT no longer displays VxLTE service indication.

	4
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	6
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	7
	End the voice call between DUT and Client-2.
	Call is ended.


91.6.4.11 SRVCC (Voice Call) – 1 Held Call, 1 Alerting
[bookmark: _Toc482686035]Description
The DUT shall successfully perform SRVCC handover to the CS network while the call is held and a 2nd incoming call is alerting.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Communication Waiting is activated in the network.
Communication Waiting is activated in the DUT.
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with Client-1 over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio in either direction.

	3
	At DUT, receive MT voice call from Client-2.
	DUT is alerting with incoming VxLTE call from Client-2.

	4
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Call with Client-1 remains held in CS domain.
Alerting continues in CS domain with Client-2.
DUT no longer displays VxLTE service indication.

	5
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	6
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	7
	End the voice call between DUT and Client-2.
	Call is ended.


91.6.4.12 SRVCC (Voice Call) – 1 Active Call, 1 Held Call
[bookmark: _Toc482686036]Description
The DUT shall successfully perform SRVCC handover to the CS network while a call is held and a 2nd call is active.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Communication Waiting is activated in the network.
Communication Waiting is activated in the DUT.
Network is supporting E-UTRAN and UTRAN or GERAN.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with Client-1 over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting with incoming VxLTE call from Client-2.

	3
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Call with Client-1 remains held in CS domain.
Call with Client-2 remains active with 2-way audio in CS domain.
DUT no longer displays VxLTE service indication.

	5
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	6
	End the voice call between DUT and Client-2.
	Call is ended.


91.6.4.13 SRVCC (Voice Call) – Conference Call – no mid-call support
[bookmark: _Toc482686037]Description
The DUT shall successfully perform SRVCC handover to the CS network during a conference call.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Communication Waiting is activated in the network.
Communication Waiting is activated in the DUT.
Network is supporting E-UTRAN and UTRAN or GERAN.
“Mid-call support” is not available in the network.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
Call is successfully established between DUT and Client-2 with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Conference call with Client-1 and Client-2 remains active with 3-way audio in CS domain.
DUT no longer displays VxLTE service indication.

	5
	At DUT, Check the “Manage” conference call is not offering any possibility to release any participant from the call.
	Conference Call functionality is not available to the user.

	6
	End the Conference call on DUT.
	Calls are ended.


91.6.4.14 SRVCC (Voice Call) – Conference Call – mid-call feature support
[bookmark: _Toc482686038]Description
The DUT shall successfully perform SRVCC handover to the CS network during a conference call.
Related 3GPP core specifications
3GPP TS 23.216
3GPP TS 24.008
3GPP TS 24.237
3GPP TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Communication Waiting is activated in the network.
Communication Waiting is activated in the DUT.
Network is supporting E-UTRAN and UTRAN or GERAN.
“Mid-call support” is available in the network.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	Call is successfully established between DUT and Client-1 with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
Call is successfully established between DUT and Client-2 with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Conference call with Client-1 and Client-2 remains active with 3-way audio in CS domain.
DUT no longer displays VxLTE service indication.

	5
	At DUT, use the menu option to remove and end the call with Client-1.
	Client-1 is successfully removed from the conference and the call is ended.
Call remains active between DUT and Client-2 with 2-way audio.

	6
	End the voice call between DUT and Client-2.
	Call is ended.


91.6.4.15	SRVCC (Voice Call) – before Alerting
Description 
The DUT shall successfully perform SRVCC handover to the CS network before alerting and the call shall start alerting in CS domain without losing service.
Related core specifications 
3GPP TS 23.216, TS 24.008, TS 24.237, TS 24.301
Reason for test
To verify the DUT can perform SRVCC handover to the CS network before alerting correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN or GERAN.
Network supports pre-alerting. 
Proper test environment should be ensured to perform this test case in the field, otherwise it should be executed in the lab.
DUT is configured to Automatic RAT mode.
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure 
	Expected behaviour 

	1
	At DUT, make MO voice call to Client-1.
	At DUT, confirm in SIP protocol messages:
-DUT has received 183 SESSION PROGRESS successfully.
-DUT has not received 180 RINGING yet.

	2
	Change the radio conditions that E-UTRAN network becomes unsuitable and UTRAN/ GERAN becomes visible. By moving DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN/GERAN or through attenuator.
	DUT performs Handover from E-UTRAN to UTRAN/GERAN.  
Alerting starts in CS domain.
DUT no longer displays VxLTE service indication.

	3
	At Client-1, accept the MT voice call.
	Confirm 2-way audio between DUT and Client-1.

	4
	End the voice call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc156375054]91.6.5 SRVCC (Video Call)
[bookmark: _Toc482686039]91.6.5.1 SRVCC (Video Call) – Active Call – To UTRAN – Voice only
[bookmark: _Toc482686040]Description
The DUT shall successfully perform SRVCC handover to the CS network and the video call shall continue as a voice call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN.
Network is supporting Video calls over IMS.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN.
	DUT performs Handover from E-UTRAN to UTRAN.  
Video call continues as a voice only call in CS domain (Video media stream is deactivated between DUT and Client-1).
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


91.6.5.2 SRVCC (Video Call) – Active Call – To GERAN – Voice only
[bookmark: _Toc482686041]Description
The DUT shall successfully perform SRVCC handover to the CS network and the video call shall continue as a voice call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
Network is supporting Video calls over IMS.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
Client-1 is in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
Video call continues as a voice only call in CS domain (Video media stream is deactivated between DUT and Client-1).
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays VxLTE service indication.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375055]91.6.6 SRVCC (Emergency Call)
[bookmark: _Toc482686042]91.6.6.1 SRVCC (Emergency Call) – Active Call – To UTRAN
[bookmark: _Toc482686043]Description
The DUT shall successfully perform SRVCC handover to the CS network during an Emergency Call.
Related 3GPP core specifications
3GPP TS 23.228
3GPP TS 24.229
3GPP TS 23.221
3GPP TS 36.331
3GPP TS 23.216
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and UTRAN.
Network is supporting Emergency Calls over VxLTE.
DUT is configured to LTE/3G mode (or tested in an area where the only available networks are E-UTRAN and UTRAN).
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
EM Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to UTRAN.
	DUT performs Handover from E-UTRAN to UTRAN.  
EM Call continues in CS domain.
DUT displays Emergency Call screen to indicate EM call.
Confirm 2-way audio between DUT and Emergency Services operator.
DUT no longer displays VxLTE service indication.

	3
	End the EM call.
	Call is ended.


91.6.6.2 SRVCC (Emergency Call) – Active Call – To GERAN
Description
The DUT shall successfully perform SRVCC handover to the CS network during an Emergency Call.
Related 3GPP core specifications
3GPP TS 23.228
3GPP TS 24.229
3GPP TS 23.221
3GPP TS 36.331
3GPP TS 23.216
Reason for test
To verify the DUT can perform SRVCC handover to the CS network correctly.
Initial configuration
Network is supporting E-UTRAN and GERAN.
Network is supporting Emergency Calls over VxLTE.
DUT is configured to LTE/2G mode (or tested in an area where the only available networks are E-UTRAN and GERAN).
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
EM Call is successfully established over VxLTE.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	Move DUT to an area where no E-UTRAN network is available so the network commands a Handover to GERAN.
	DUT performs Handover from E-UTRAN to GERAN.  
EM Call continues in CS domain.
DUT displays Emergency Call screen to indicate EM call.
Confirm 2-way audio between DUT and Emergency Services operator.
DUT no longer displays VxLTE service indication.

	3
	End the EM call.
	Call is ended.



[bookmark: _Toc156375056]92 IP Multimedia Subsystem (IMS)-VxWi-Fi
For the purpose of VxWi-Fi testing, there are 2 implementations used by the networks.
- Wi-Fi preferred: This offers VxWi-Fi calls as preference when Wi-Fi is available.
- Cellular preferred: This offers VxWi-Fi calls only when the cellular network is either not available or the signal level is weaker than the server’s predetermined low signal threshold.
During the test cases, there will be references to the following states:
	-
	State
	Test Location details

	1
	Good Cellular + Good Wi- Fi coverage
	Good Cellular coverage is available.
Good Wi-Fi coverage is available.

	2
	Good Cellular + Weak Wi- Fi coverage
	Good Cellular coverage is available.
Weak Wi-Fi coverage is available.

	3
	Good Cellular + No Wi- Fi coverage
	Good Cellular coverage is available.
No Wi-Fi coverage is available.

	4
	Weak Cellular + Good Wi- Fi coverage
	Weak Cellular coverage is available.
Good Wi-Fi coverage is available.

	5
	No Service coverage
	No Cellular coverage is available.
No Wi-Fi coverage is available.


[bookmark: _Toc156375057]92.1 VxWi-Fi – System Access & Registration
[bookmark: _Toc156375058]92.1.1 VxWi-Fi Bearer Activation/Deactivation
[bookmark: _Toc482686050][bookmark: _Toc482686047]92.1.1.1 VxWi-Fi Bearer Activation/Deactivation – Private IP
Description
DUT shall correctly register for VxWi-Fi services with a private IP address. 
The DUT shall establish a connection to the IMS APN based on IKEv2 and Ipsec (Network address translation (NAT) support), and perform SIP registration.
Related core specifications
GSMA IR.51, section 4.2, 4.3 and 4.4; GSMA IR.61, section 5.3
Reason for test
To verify the DUT correctly registers for VxWi-Fi services with a private IP address. 
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  This is a hotspot assigning a private IP address.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Wi-Fi disabled.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
Additional Protocol Information:
- IKE_SA: ims to destination [D] IP address x.x.x.x
- IKE_SA_INIT request for source [S] and destination [D] IP ->  NATD_S_IP NATD_D_IP
-  “sending packet” uses port [500]
-  “receiving packet” uses port [500]
- parsed IKE_SA_INIT response from source [S] and destination [D] IP ->  NATD_S_IP NATD_D_IP
Since this is a Private IP address using NAT, it is expected that all further packets are sent over port [4500].
- “sending packet” uses port [4500]
- “receiving packet” uses port [4500]
Session is established:
- IKE_SA ims established between source and destination (x.x.x.x and x.x.x.x)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.
	At DUT, check in Wi-Fi Trace protocol messages:
-  IKE_INIT
- IKE_AUTH  containing the IMS APN name and P-CSCF Address Attributes
- DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	At DUT, disable Wi-Fi.
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
At DUT, check in Wi-Fi Trace protocol messages:
- INFORMATIONAL request message including a “DELETE” payload



[bookmark: _Toc482686051]92.1.1.2 VxWi-Fi Bearer Activation/Deactivation – Public IP
Description
DUT shall correctly register for VxWi-Fi services with a public IP address. 
The DUT shall establish a connection to the IMS APN based on IKEv2 and Ipsec (Network address translation (NAT) not support), and perform SIP registration.
Related core specifications
GSMA IR.51, section 4.2, 4.3 and 4.4; GSMA IR.61, section 5.3
Reason for test
To verify the DUT correctly registers for VxWi-Fi services with a public IP address. 
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  This is a hotspot assigning a public IP address.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Wi-Fi disabled.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
Additional Protocol Information:
- IKE_SA: ims to destination [D] IP address x.x.x.x
- IKE_SA_INIT request for source [S] and destination [D] IP ->  NATD_S_IP NATD_D_IP
- “sending packet” uses port [500]
- “receiving packet” uses port [500]
- parsed IKE_SA_INIT response from source [S] and destination [D] IP ->  NATD_S_IP NATD_D_IP
Since this is a Public IP address that is not using NAT, it is expected that all further packets are sent over port [500].
-  “sending packet” uses port [500]
- “receiving packet” uses port [500]
Session is established:
- IKE_SA ims established between source and destination (x.x.x.x and x.x.x.x)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.
	At DUT, check in Wi-Fi Trace protocol messages:
-  IKE_INIT
- IKE_AUTH  containing the IMS APN name and P-CSCF Address Attributes
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	At DUT, disable Wi-Fi.
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
At DUT, check in Wi-Fi Trace protocol messages:
INFORMATIONAL request message including a “DELETE” payload


92.1.1.3 VxWi-Fi Bearer Activation/Deactivation – Flight Mode
Description
DUT shall correctly register for VxWi-Fi services when in Flight Mode.
Related core specifications
GSMA IR.51, section 4.2, 4.3 and 4.4; GSMA IR.61, section 5.3
Reason for test
To verify the DUT correctly registers for VxWi-Fi services when in Flight Mode.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Flight Mode enabled.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Wi-Fi disabled.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.
	At DUT, check in Wi-Fi Trace protocol messages:
-  IKE_INIT
- IKE_AUTH containing the IMS APN name and P-CSCF Address Attributes
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	At DUT, disable Wi-Fi.
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
At DUT, check in Wi-Fi Trace protocol messages:
INFORMATIONAL request message including a “DELETE” payload


[bookmark: _Toc482686048]92.1.1.4 VxWi-Fi Bearer Activation/Deactivation – Roaming (Cellular-Preferred)
[bookmark: _Toc482686049]Description
DUT shall correctly register for VxWi-Fi services when in roaming if the cellular network becomes weak.
Related core specifications
3GPP TS 24.229
Reason for test
To verify the DUT correctly registers for VxWi-Fi services when in roaming if the cellular network becomes weak.
Initial configuration
DUT is roaming outside its HPLMN in a VPLMN allowing international roaming.
Visited network is supporting E-UTRAN and UTRAN or GERAN.
Visited network is not supporting VxLTE in roaming.
Visited network is supporting VxWi-Fi in roaming.
Home network is supporting Cellular preferred in Roaming.
DUT is camping to the VPLMN E-UTRAN network for cellular service.  
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via CS Fallback with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.

	7
	At DUT, receive MT voice call from Client-1.
	Voice Call is successfully established via CS Fallback with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.1.1.5 VxWi-Fi Bearer Activation/Deactivation – Roaming (Wi-Fi-Preferred)
[bookmark: _Toc482686052]Description
DUT shall correctly register for VxWi-Fi services when in roaming.
Related core specifications
3GPP TS 24.229
Reason for test
To verify the DUT correctly registers for VxWi-Fi services when in roaming.
Initial configuration
DUT is roaming outside its HPLMN in a VPLMN allowing international roaming.
Visited network is supporting E-UTRAN and UTRAN or GERAN.
Visited network is not supporting VxLTE in roaming.
Visited network is supporting VxWi-Fi in roaming.
Home network is supporting Wi-Fi preferred in Roaming.
DUT is camping to the VPLMN E-UTRAN network for cellular service.  
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT remains registered for VxWi-Fi.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT remains registered for VxWi-Fi.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.1.1.6 VxWi-Fi Bearer Activation/Deactivation – Default PDN over LTE
Description
Verify the DUT can support multiple concurrently-active PDN connections.
Related core specifications 
GSMA IR.51, section 4.5
Reason for test
To ensure the DUT is able to establish one PDN connection over VxWi-Fi and one PDN connection over LTE access.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available. 
DUT is  configured as  Wi-Fi preferred.
Network is supporting E-UTRAN.
Network is supporting MAPCON (Default PDN over LTE – IMS PDN over VxWi-Fi)
DUT is supporting MAPCON.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Flight Mode enabled.
DUT has Wi-Fi disabled.
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it establishes “Default EPS Bearer Context Activation” procedures.

	At DUT, check NAS protocol messages:
- DUT sends ATTACH REQUEST. 
- Network sends ATTACH ACCEPT.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST containing the APN and PDN type.
DUT sends ACTIVATE DEFAULT EPS BEARER CONTEXT ACCEPT to the network.

	2
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	At DUT, check in Wi-Fi Trace protocol messages:
-  IKE_INIT
- IKE_AUTH containing the |MS APN name and P-CSCF Address Attributes
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

At DUT, check in NAS messages:
Confirm there have been no PDN DISCONNECT messages for the default PDN

	3
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	4
	At DUT open the browser and load a page.
	Page is loaded correctly over LTE.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	At DUT, disable Wi-Fi.

	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT is no longer connected to Wi-Fi hotspot AP1.
Wi-Fi icon is not available.

At DUT, check in Wi-Fi Trace protocol messages:
INFORMATIONAL request message including a “DELETE” payload At DUT, check in NAS messages:
Confirm there have been no PDN DISCONNECT messages sent by UE for IMS PDN

	7
	At DUT open the browser and load a page.
	Page is loaded correctly over LTE.


[bookmark: _Toc482686053]92.1.1.7 VxWi-Fi Bearer Activation/Deactivation – Unsuccessful – UICC Not Provisioned for VxWi-Fi
Description
DUT shall not register for VxWi-Fi services when the UICC is not provisioned for VxWi-Fi.
Related core specifications
GSMA IR.51, section 4.2, 4.3 and 4.4; GSMA IR.61, section 5.3
Reason for test
To verify the DUT does not register for VxWi-Fi services when the UICC is not provisioned for VxWi-Fi.
Initial configuration
UICC used for this test is not VxWi-Fi provisioned.
Network is supporting UTRAN or GERAN.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Wi-Fi disabled.
DUT is camping to the UTRAN/GERAN network for cellular service.  
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.
	At DUT, check in Wi-Fi Trace protocol messages:
-  IKE_INIT
- IKE_AUTH containing the |MS APN name and P-CSCF Address Attributes
- IKE_AUTH Failure sent by the network
DUT does not register for VxWi-Fi.

	2
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc482686054]92.1.1.8 VxWi-Fi Bearer Activation/Deactivation – Unsuccessful – VxWi-Fi Roaming Not Allowed by Network
Description
The DUT roams in a VPLMN and is configured for VxWi-Fi use. This test case ensures that the DUT does not endlessly try to register for VxWi-Fi service if connection requests over Wi-Fi are rejected by the home network.
Related core specifications
GSMA IR.51, section 4.2, 4.3 and 4.4; GSMA IR.61, section 5.3
Reason for test
Ensure the device does not end up in an endless registration failure loop. And implements finite amount of retries

Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Flight Mode enabled.
DUT has VxWi-Fi calling enabled in the menu.
DUT has Wi-Fi disabled.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.
Trace the Wi-Fi signalling on DUT for 5 minutes.
	During the 5 minutes, DUT does not register for VxWi-Fi.
At DUT, check in Wi-Fi Trace protocol messages and ensure there are finite amount of  tunnel establishment attempts containing following sequence:
-  IKE_INIT
- IKE_AUTH containing the |MS APN name and P-CSCF Address Attributes
- IKE_AUTH Failure sent by the network

Note: Number of retries and the time between retries  is operator specific configuration.

	2
	Trace the Wi-Fi signalling on DUT for a further 15 minutes.
	During the next 15 minutes, DUT does not register for VxWi-Fi.
At DUT, check in Wi-Fi Trace protocol messages and ensure there are no more than 1 further APN Attach request:
- APN_ATTACH_REQ
- apnName: ims
- IPSEC_CONN_FAIL


[bookmark: _Toc156375059]92.1.2 VxWi-Fi Connection Management
[bookmark: _Toc482686056]92.1.2.1 VxWi-Fi Connection Management – Enable/Disable VxWi-Fi          
[bookmark: _Toc482686057]Description
Verify that the DUT can successfully register and de-register from VxWi-Fi when using the VxWi-Fi calling menu option. 
Related core specifications
GSMA IR.51, TS.22 section4.1
Reason for test
To ensure the DUT is able to register and de-register from VxWi-Fi when using the VxWi-Fi calling menu option.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT is connected to Wi-Fi hotspot (AP1).
DUT has VxWi-Fi calling disabled in the menu.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable VxWi-Fi calling via the menu.

	DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	At DUT, disable VxWi-Fi calling via the menu.

	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.


92.1.2.2 VxWi-Fi Connection Management – Enable/Disable Wi-Fi
[bookmark: _Toc482686058]Description
Verify that the DUT can successfully register and de-register from VxWi-Fi when Wi-Fi is enabled and disabled.
Related core specifications
GSMA IR.51, TS.22 section4.1
Reason for test
To ensure the DUT is able to register and de-register from VxWi-Fi when Wi-Fi is enabled and disabled.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
DUT has VxWi-Fi calling enabled in the menu.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	At DUT, disable Wi-Fi.

	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT is no longer connected to Wi-Fi hotspot AP1.
Wi-Fi icon is not available.


92.1.2.3 VxWi-Fi Connection Management – Access Point Selection (Automatic)
[bookmark: _Toc482686059]Description
Verify that the DUT can successfully automatically register to another Wi-Fi hotspot when the initial hotspot is no longer available. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to automatically register to another Wi-Fi hotspot when the initial hotspot is no longer available.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
DUT has VxWi-Fi calling enabled in the menu.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT Automatically connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.


92.1.2.4 VxWi-Fi Connection Management – Access Point Selection (Manual)
[bookmark: _Toc482686060]Description
Verify that the DUT can successfully register to VxWi-Fi when connected to a new Wi-Fi hotspot.
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to register to VxWi-Fi when connected to a new Wi-Fi hotspot.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi disabled.
DUT has not previously connected to AP1 hotspot.
DUT has VxWi-Fi calling enabled in the menu.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT displays a list of the available Wi-Fi networks.
Hotspot AP1 is shown as available.

	2
	Select AP1 (enter hotspot PW if required)
	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	3
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.1.2.5 VxWi-Fi Connection Management – Access Point Selection (Hidden SSID)
[bookmark: _Toc482686061]Description
Verify that the DUT can successfully register to VxWi-Fi when connected to a new Hidden Wi-Fi hotspot.
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to register to VxWi-Fi when connected to a new Hidden Wi-Fi hotspot.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available but is Hidden.
DUT has Wi-Fi disabled.
DUT has not previously connected to AP1 hotspot.
DUT has VxWi-Fi calling enabled in the menu.
DUT environment at time of testing:
Wi-Fi preferred: “Good Cellular + Good Wi-Fi coverage” or “Weak Cellular + Good Wi-Fi coverage”.
Cellular preferred: “Weak Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT displays a list of the available Wi-Fi networks.
Hotspot AP1 is not shown as available.

	2
	Select the option to “Add network” and enter the SSID of AP1 (enter hotspot PW if required)
	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	3
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.

	5
	At DUT, disable Wi-Fi.

	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT is no longer connected to Wi-Fi hotspot AP1.
Wi-Fi icon is not available.

	6
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.


92.1.2.6 VxWi-Fi Connection Management – Long Duration Tunnel Stability
Description
Verify the Ipsec tunnel between DUT and ePDG remains established for several hours.
Related core specifications
GSMA IR.51
Reason for test
To ensure the Ipsec tunnel between DUT and ePDG remains established for several hours.
Initial configuration
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
DUT has VxWi-Fi calling enabled in the menu.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	3
	At DUT, short press the power button to turn off the screen.
Wait for at least 6 hours.
	During the period, no user interaction or communication over VxWi-Fi should take place.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Check the PCAP trace (or similar log) to ensure the connection has remained stable throughout the test.
	At DUT, check in trace:
- Only one IPSEC tunnel establishment is seen in the trace (from step 2).  
- There are no IPSEC tunnel disconnection  messages seen in the trace.


[bookmark: _Toc156375060]92.2 VxWi-Fi – Basic Calls
[bookmark: _Toc156375061]92.2.1 Voice Call
[bookmark: _Toc482686064]92.2.1.1 MO Voice Call – Flight Mode
[bookmark: _Toc482686065]Description
The DUT shall successfully perform an MO VxWi-Fi call when in Flight Mode.
Related core specifications
3GPP TS 24.229, TS 24.234
Reason for test
To ensure the DUT can perform an MO VxWi-Fi call when in Flight Mode.
Initial configuration
DUT has Flight Mode enabled.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
Client-1 is successfully registered for IMS services (VxWi-Fi)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, make MO voice call to Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	At DUT, end the voice call.
	Call is ended.


92.2.1.2 MT Voice Call – Flight Mode
[bookmark: _Toc482686066]Description
The DUT shall successfully perform an MT VxWi-Fi call when in Flight Mode.
Related core specifications
3GPP TS 24.229, TS 24.234
Reason for test
To ensure the DUT can perform an MT VxWi-Fi call when in Flight Mode.
Initial configuration
DUT has Flight Mode enabled.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
Client-1 is successfully registered for IMS services (VxWi-Fi)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT voice call from Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	At Client-1, end the voice call.
	Call is ended.


92.2.1.3 MO Voice Call – Long Call duration
[bookmark: _Toc482686067]Description
The DUT shall successfully perform an MO VxWi-Fi call for an extended amount of time.
Related core specifications
TS 24.229, GSMA IR.51 
Reason for test
To ensure the DUT can perform an MO VxWi-Fi call for an extended amount of time.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	Maintain the call for at least 62 minutes.
	Call is ongoing with Client-1.
Confirm 2-way audio between DUT and Client-1 throughout.

	3
	At DUT, end the voice call.
	Call is ended.


[bookmark: _Toc156375062]92.2.2 Video Call
[bookmark: _Toc482686068]92.2.2.1 MO Video Call – Flight Mode
[bookmark: _Toc482686069]Description
The DUT shall successfully perform an MO Video Call over Wi-Fi when in Flight Mode.
Related core specifications
3GPP TS 24.229, TS 24.234
Reason for test
To ensure the DUT can perform an MO Video Call over Wi-Fi when in Flight Mode.
Initial configuration
DUT has Flight Mode enabled.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
Client-1 is successfully registered for IMS services (VxWi-Fi)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, make MO video call to Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	At DUT, end the video call.
	Call is ended.


92.2.2.2 MT Video Call – Flight Mode
[bookmark: _Toc482686070]Description
The DUT shall successfully perform an MT Video Call over Wi-Fi when in Flight Mode.
Related core specifications
3GPP TS 24.229, TS 24.234
Reason for test
To ensure the DUT can perform an MT Video Call over Wi-Fi when in Flight Mode.
Initial configuration
DUT has Flight Mode enabled.
DUT has Wi-Fi disabled.
DUT has previously connected to AP1 hotspot, but is not currently connected.
Client-1 is successfully registered for IMS services (VxWi-Fi)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, enable Wi-Fi.

	DUT connects to Wi-Fi hotspot AP1 and displays an indication that Wi-Fi is available.
DUT registers for VxWi-Fi successfully and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	2
	At DUT, receive MT video call from Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	At Client-1, end the video call.
	Call is ended.


92.2.2.3 MO Video Call – Long Call duration
Description
The DUT shall successfully perform an MO Video Call over Wi-Fi for an extended amount of time.
Related core specifications
TS 24.229, GSMA IR.51 
Reason for test
To ensure the DUT can perform an MO Video Call over Wi-Fi for an extended amount of time.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Maintain the call for at least 62 minutes.
	Call is ongoing with Client-1.
Confirm 2-way audio between DUT and Client-1 throughout.
Confirm 2-way video media stream between DUT and Client-1 throughout.

	3
	At DUT, end the video call.
	Call is ended.


[bookmark: _Toc156375063]92.2.3 Emergency Call
[bookmark: _Toc156375064]92.2.3.1 Emergency Call (EMS Supported by Network)
92.2.3.1.1 Emergency Call over VxWi-Fi (Supported by Network) – SoS APN (Cellular network not available)
Description
The DUT shall successfully make Emergency Calls over VxWi-Fi even when the cellular network is not available. 
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS when registered for VxWi-Fi in a network supporting EM calls over IMS, even when the cellular network is not available.
Initial configuration
Network is supporting Emergency Calls over VxWi-Fi.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all cellular coverage (E-UTRAN/UTRAN/GERAN) but Wi-Fi hotspot is still available.
	DUT displays “No Service” indication.
DUT is still connected to Wi-Fi hotspot AP1.
VxWi-Fi icon is still displayed.

	2
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
DUT makes EM call over VxWi-Fi.
Confirm 2-way audio between DUT and Emergency Services operator.

	3
	End the EM call.
	Call is ended.


92.2.3.1.2 Emergency Call over VxWi-Fi (Supported by Network) – SoS APN (Cellular network not available) with location
Description
The DUT shall successfully make Emergency Calls over VxWi-Fi including the localisation information even when the cellular network is not available. The location information could be e.g. the last cell ID or GPS location.
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS with localisation when registered for VxWi-Fi in a network supporting EM calls over IMS, even when the cellular network is not available. Ensure the UE provides localisation data (last cell ID, GPS loacation) in the emergency SIP INVITE message.
Initial configuration
Network is supporting Emergency Calls over VxWi-Fi.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxWi-Fi).
This test requires logging tool.

	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all cellular coverage (E-UTRAN/UTRAN/GERAN) but Wi-Fi hotspot is still available.
	DUT displays “No Service” indication.
DUT is still connected to Wi-Fi hotspot AP1.
VxWi-Fi icon is still displayed.

	2
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
DUT makes EM call over VxWi-Fi.
Check in the logs that the UE performs emergency registration to SOS APN and set up the call as emergency call. The emergency SIP INVITE must include the location information.
Confirm 2-way audio between DUT and Emergency Services operator.

	3
	End the EM call.
	Call is ended.


92.2.3.2 Emergency Call (EMS Not Supported by Network)
[bookmark: _Toc482686076]92.2.3.2.1 Emergency Call over VxWi-Fi (Not Supported by Network) – Call over VxLTE
Description
The DUT shall successfully make Emergency Calls via VxLTE when the network is not supporting EM calls over VxWi-Fi. 
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234; TS.23.167; TS 24.301; TS 24.237
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency Calls via VxLTE when the network is not supporting EM calls over VxWi-Fi. 
Initial configuration
DUT is camping to the E-UTRAN network.
Network is not supporting Emergency Calls over VxWi-Fi.
Network is supporting Emergency Calls over VxLTE.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.


92.2.3.2.2 Emergency Call over VxWi-Fi (Not Supported by Network) – Call over CS
[bookmark: _Toc482686077]Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxWi-Fi. 
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting EM calls over VxWi-Fi.
Initial configuration
DUT is camping to the UTRAN or GERAN network for CS services.
Network is not supporting Emergency Calls over VxWi-Fi.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
DUT establishes a normal call over the CS network.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.


92.2.3.2.3 Emergency Call over VxWi-Fi (Not Supported by Network) – Call over CS (Non-UE detectable EC number)
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxWi-Fi. 
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234; TS 23.167
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting EM calls over VxWi-Fi.
Initial configuration
DUT is camping to the UTRAN or GERAN network for CS services.
Network is not supporting Emergency Calls over VxWi-Fi.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT is successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services by dialling a non-ue detectable EC number.
	DUT displays Emergency Call setup. 
At DUT, check in SIP protocol:
- SIP 380 (Alternative Service) message from the network.  This may include emergency service information.
If Included:
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
DUT establishes EM call over the CS network.
Confirm 2-way audio between DUT and Emergency Services operator.

If not Included:
At DUT, check NAS protocol messages:
- DUT sends SETUP message.
DUT establishes a normal call over the CS network.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.


92.2.3.2.4 Emergency Call over VxWi-Fi (Not Supported by Network) – Call over CS (Flight Mode)
Description
The DUT shall successfully make Emergency Calls via CS Fallback when the network is not supporting EM calls over VxWi-Fi. 
Related core specifications
3GPP TS 24.229; TS 24.302; TS 24.234
GSMA IR.51 5.3
Reason for test
To verify the DUT is able to initiate an Emergency call via CS Fallback when the network is not supporting EM calls over VxWi-Fi.
Initial configuration
Network is supporting UTRAN or GERAN for CS services.
Network is supporting Emergency Calls over VxWi-Fi.
DUT is configured for IMS PS Voice Preferred, CS Secondary, or IMS PS Voice only.
DUT has Flight Mode enabled.
DUT is successfully registered for IMS services (VxWi-Fi).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT disables Flight Mode.
DUT performs a LAU registration to the CS network (UTRAN or GERAN).
DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends EMERGENCY SETUP message.
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.


[bookmark: _Toc156375065]92.2.4 Call Establishment Performance
[bookmark: _Toc482686084]92.2.4.1 MO Voice Call – Establishment Success Rate (Relative measurement)
[bookmark: _Toc482686085]Description
The DUT shall successfully establish an MO VxWi-Fi call.
Related 3GPP core specifications
TS 24.229, GSMA IR.51 
Reason for test
To verify the DUT establishes an MO VxWi-Fi call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxWi-Fi).
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxWi-Fi)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


92.2.4.2 MT Voice Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MT VxWi-Fi call.
Related 3GPP core specifications
TS 24.229, GSMA IR.51 
Reason for test
To verify the DUT establishes an MT VxWi-Fi call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxWi-Fi).
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxWi-Fi)
Client-1 is any device that can make MO voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


92.2.4.3 MO Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MO VxWi-Fi video call.
Related 3GPP core specifications
TS 24.229, GSMA IR.51, GSMA IR.94
Reason for test
To verify the DUT establishes an MO VxWi-Fi video call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxWi-Fi).
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxWi-Fi)
Client-1 is any device that can receive MT video calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Answer call at Client-1.
	Confirm the video call is established.
Confirm 2-way video and audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


92.2.4.4 MT Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MT VxWi-Fi video call.
Related 3GPP core specifications
TS 24.229, GSMA IR.51, GSMA IR.94 
Reason for test
To verify the DUT establishes an MT VxWi-Fi video call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxWi-Fi).
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxWi-Fi)
Client-1 is any device that can make MO video calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer call at DUT.
	Confirm the video call is established.
Confirm 2-way video and audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	10 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 10 attempts.
	10 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).



[bookmark: _Toc156375066]92.3 VxWi-Fi – SMS
[bookmark: _Toc156375067]92.3.1 SMS over VxWi-Fi (Supported by Network)
[bookmark: _Toc482686088]92.3.1.1 SMS over VxWi-Fi (Supported by Network) – MO SMS over VxWi-Fi – Flight Mode
Description
Verify the DUT can successfully send an MO SMS via IMS when registered for VxWi-Fi with Flight Mode enabled.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to send an MO SMS over IMS when registered for VxWi-Fi with Flight Mode enabled.
Initial configuration
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482686089]92.3.1.2 SMS over VxWi-Fi (Supported by Network) – MO SMS over VxWi-Fi – Roaming
Description
Verify the DUT can successfully send an MO SMS via IMS when registered for VxWi-Fi under roaming conditions.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to send an MO SMS over IMS when registered for VxWi-Fi under roaming conditions.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482686090]92.3.1.3 SMS over VxWi-Fi (Supported by Network) – MT SMS over VxWi-Fi – Flight Mode
Description
Verify the DUT can successfully receive an MT SMS via IMS when registered for VxWi-Fi with Flight Mode enabled.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over IMS when registered for VxWi-Fi with Flight Mode enabled.
Initial configuration
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc482686091]92.3.1.4 SMS over VxWi-Fi (Supported by Network) – MT SMS over VxWi-Fi – Roaming
Description
Verify the DUT can successfully receive an MT SMS via IMS when registered for VxWi-Fi under roaming conditions.
Related core specifications
3GPP TS 24.341
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over IMS when registered for VxWi-Fi under roaming conditions.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc156375068]92.3.2 SMS over VxWi-Fi (Not supported by Network)
[bookmark: _Toc482686093]92.3.2.1 SMS over VxWi-Fi (Not supported by Network) – MO SMS over CS/SG – Idle
Description
Verify the DUT can successfully send an MO SMS via CS/SG when the IMS server is not supporting MO SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to send an MO SMS over CS/SG when the IMS server is not supporting MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MO SMS over IMS and MO SMS over CS/SG.
The IMS server does not support MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482686094]92.3.2.2 SMS over VxWi-Fi (Not supported by Network) – MO SMS over CS/SG – During Voice Call
Description
Verify the DUT can successfully send an MO SMS via CS/SG when the IMS server is not supporting MO SMS over IMS, even though the DUT is in an active VxWi-Fi call.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to send an MO SMS over CS/SG when the IMS server is not supporting MO SMS over IMS, even though the DUT is in an active VxWi-Fi call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MO SMS over IMS and MO SMS over CS/SG.
The IMS server does not support MO SMS over IMS.
The DUT is in an active voice call with Client-1 over VxWi-Fi.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482686095]92.3.2.3 SMS over VxWi-Fi (Not supported by Network) – MO SMS over CS/SG – Roaming       
Description
To verify the DUT is able to send an MO SMS over CS/SG when the IMS server is not supporting MO SMS over IMS under roaming conditions.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to send an MO SMS over CS/SG when registered for VxWi-Fi under roaming conditions.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MO SMS over IMS and MO SMS over CS/SG.
The IMS server does not support MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.


[bookmark: _Toc482686096]92.3.2.4 SMS over VxWi-Fi (Not supported by Network) – MT SMS over CS/SG – Idle
Description
Verify the DUT can successfully receive an MT SMS via CS/SG when the IMS server is not supporting MT SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over CS/SG when the IMS server is not supporting MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MT SMS over IMS and MT SMS over CS/SG.
The IMS server does not support MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc482686097]92.3.2.5 SMS over VxWi-Fi (Not supported by Network) – MT SMS over CS/SG – During Voice Call
Description
Verify the DUT can successfully receive an MT SMS via CS/SG when the IMS server is not supporting MT SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over CS/SG when the IMS server is not supporting MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MT SMS over IMS and MT SMS over CS/SG.
The IMS server does not support MT SMS over IMS.
The DUT is in an active voice call with Client-1 over VxWi-Fi.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc482686098]92.3.2.6 SMS over VxWi-Fi (Not supported by Network) – MT SMS over CS/SG – Roaming       
Description
To verify the DUT is able to receive an MT SMS over CS/SG when the IMS server is not supporting MT SMS over IMS under roaming conditions.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 24.301; TS 24.167
GSMA IR.92 2.5; IR.51 2.5
Reason for test
To verify the DUT is able to receive an MT SMS over CS/SG when registered for VxWi-Fi under roaming conditions.
Initial configuration
The DUT is roaming outside of its HPLMN.
DUT and Client-1 are successfully registered for IMS services (VxWi-Fi).
The DUT supports MT SMS over IMS and MT SMS over CS/SG.
The IMS server does not support MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There are is MT MESSAGE.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.


[bookmark: _Toc156375069]92.4 VxWi-Fi – Supplementary Services
[bookmark: _Toc156375070]92.4.1 Supplementary Services via VxWi-Fi (Supported by network)
[bookmark: _Toc482686101]92.4.1.1 Communication Forwarding Unconditional (CFU) – Configuration – Flight Mode
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over Ut/XCAP when in Flight Mode but registered for VxWi-Fi. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
GSMA IR.92, sub clause 2.3.8
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding Unconditional over Ut/XCAP when in Flight Mode but registered for VxWi-Fi.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi).
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	4
	At Client-2 end the call.
	Call is ended.

	5
	At DUT deactivate CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	7
	At DUT activate CFU.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	9
	At DUT erase CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is erased.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	11
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is received successfully on DUT.

	12
	End the voice call between DUT and Client-2.
	Call is ended.


92.4.1.2 Barring of all Outgoing Calls (BAOC) – Configuration – Flight Mode
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over XCAP when in Flight Mode but registered for VxWi-Fi. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all outgoing calls over XCAP when in Flight Mode but registered for VxWi-Fi. 
Initial Configuration
Network under test supports Communication Barring over Ut/XCAP.
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi).
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAOC.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAOC.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is not established.

	4
	At DUT, deactivate BAOC
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	5
	At DUT interrogate the status of BAIC.
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is setup successfully on DUT.

	7
	End the voice call between DUT and Client-1.
	Call is ended.



92.4.1.3 Communication Forwarding Unconditional (CFU) – Configuration – Roaming
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over Ut/XCAP when in roaming and registered for VxWi-Fi. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding Unconditional over Ut/XCAP when in roaming and registered for VxWi-Fi.
Initial Configuration
DUT is roaming outside its HPLMN.
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxWi-Fi) in the roaming network.
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	4
	At Client-2 end the call.
	Call is ended.

	5
	At DUT deactivate CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	7
	At DUT activate CFU.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	9
	At DUT erase CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is erased.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	11
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is received successfully on DUT.

	12
	End the voice call between DUT and Client-2.
	Call is ended.


92.4.1.4 Barring of all Outgoing Calls (BAOC) – Configuration – Roaming
Description
The DUT must be able to activate and deactivate the Communication Baring successfully over XCAP when in roaming and registered for VxWi-Fi. When activated, the voice call shall be barred as expected for the Communication barring configured in the DUT.
Related core specifications
3GPP TS 24.229, TS.24.611
Reason for test
To confirm the DUT is able to successfully activate and deactivate Communication Barring of all outgoing calls over XCAP when in roaming and registered for VxWi-Fi. 
Initial Configuration
DUT is roaming outside its HPLMN.
Network under test supports Communication Barring over Ut/XCAP.
DUT is successfully registered for IMS services (VxWi-Fi) in the roaming network:
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAOC.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAOC.
	Confirm DUT indicates BAOC is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is not established.

	4
	At DUT, deactivate BAOC
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	5
	At DUT interrogate the status of BAIC.
	Confirm DUT indicates BAOC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT, make MO voice call to Client-1.
	Confirm the voice call to Client-1 is setup successfully on DUT.

	7
	End the voice call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc156375071]92.4.2 Supplementary Services via VxWi-Fi (Not Supported by network)
[bookmark: _Toc156375072]92.5 VxWi-Fi – Service Interworking   
[bookmark: _Toc156375073]92.5.1 Interworking with MMS
92.5.1.1 Interworking with MMS – MO MMS over IMS – Flight Mode
Description
Verify the DUT can successfully send an MO MMS via IMS when registered for VxWi-Fi with Flight Mode enabled.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to send an MO MMS over IMS when registered for VxWi-Fi with Flight Mode enabled.
Initial configuration
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi).
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	Using the DUT messaging application, create a new MMS and enter the MSISDN of Client-1 as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to Client-1
Check the PCAP trace (or similar log) to ensure the MMS was sent over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS notification is successfully received at Client-1.


92.5.1.2 Interworking with MMS – MO MMS over IMS – Roaming
Description
Verify the DUT can successfully send an MO MMS via IMS when registered for VxWi-Fi in roaming.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to send an MO MMS over IMS when registered for VxWi-Fi in roaming.
Initial configuration
DUT is roaming outside its HPLMN.
DUT is successfully registered for IMS services (VxWi-Fi) in the roaming network.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	Using the DUT messaging application, create a new MMS and enter the MSISDN of Client-1 as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to Client-1
Check the PCAP trace (or similar log) to ensure the MMS was sent over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS notification is successfully received at Client-1


92.5.1.3 Interworking with MMS – MO MMS over IMS – During Voice Call
Description
Verify the DUT can successfully send an MO MMS via IMS when registered for VxWi-Fi during an ongoing voice call.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to send an MO MMS over IMS when registered for VxWi-Fi during an ongoing voice call.
Initial configuration
DUT is successfully registered for IMS services.
Client-1 required.
The DUT is in an active voice call with Client-1 over VxWi-Fi.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	Using the DUT messaging application, create a new MMS and enter the MSISDN of Client-1 as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to Client-1
Check the PCAP trace (or similar log) to ensure the MMS was sent over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS notification is successfully received at Client-1


92.5.1.4 Interworking with MMS – MT MMS over IMS – Flight Mode
Description
Verify the DUT can successfully receive an MT MMS via IMS when registered for VxWi-Fi with Flight Mode enabled.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to receive an MT MMS over IMS when registered for VxWi-Fi with Flight Mode enabled.
Initial configuration
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi).
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	At Client-1, create a new MMS and enter the MSISDN of DUT as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to DUT.
Check the PCAP trace (or similar log) to ensure the MMS was received over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS is successfully received at DUT.


92.5.1.5 Interworking with MMS – MT MMS over IMS – Roaming
Description
Verify the DUT can successfully receive an MT MMS via IMS when registered for VxWi-Fi in roaming.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to receive an MT MMS over IMS when registered for VxWi-Fi in roaming.
Initial configuration
DUT is roaming outside its HPLMN.
DUT is successfully registered for IMS services (VxWi-Fi) in the roaming network.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	At Client-1, create a new MMS and enter the MSISDN of DUT as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to DUT.
Check the PCAP trace (or similar log) to ensure the MMS was received over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS is successfully received at DUT.


92.5.1.6 Interworking with MMS – MT MMS over IMS – During Voice Call
Description
Verify the DUT can successfully receive an MT MMS via IMS when registered for VxWi-Fi during an ongoing voice call.
Related core specifications
3GPP 23.140, 3GPP 24.229
Reason for test
To verify the DUT is able to receive an MT MMS over IMS when registered for VxWi-Fi during an ongoing voice call.
Initial configuration
DUT is successfully registered for IMS services.
Client-1 required.
The DUT is in an active voice call with Client-1 over VxWi-Fi.
	-
	Test procedure
	Expected behaviour

	1
	Start a PCAP trace (or similar) of the Wi-Fi interface.
	Trace is ongoing.

	2
	At Client-1, create a new MMS and enter the MSISDN of DUT as the recipient.
Enter a subject and some text.
	The MMS is created.

	3
	Send the MMS to DUT.
Check the PCAP trace (or similar log) to ensure the MMS was received over VxWi-Fi
	At DUT, check in trace:
-  IKE_INIT
- IKE_AUTH containing the MMS APN name
- - INFORMATIONAL request message including a “DELETE” payloadAfter the MMS has been sent 
MMS is successfully received at DUT.


[bookmark: _Toc156375074]92.6 VxWi-Fi – Mobility
[bookmark: _Toc482686110][bookmark: _Toc156375075]92.6.1 Reselection (Wi-Fi)
[bookmark: _Toc482686111]92.6.1.1 Reselection (Wi-Fi) – Different AP – Same IP
Description
Verify that the DUT can successfully reselect between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully reselect between different Access Points.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 is a repeater that is connected to AP1 with the same SSID.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2 and displays an indication that VxWi-Fi is available.

	5
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is the same as AP1.
	IP address is noted.
IP address of AP2 is the same as AP1.
The DUT is not performing any additional IPSEC tunnel establishment to ePDG upon selection of Wi-Fi AP2

	6
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP2 is successfully established with 2-way audio.

	7
	At Client-1, end the voice call.
	Call is ended.


92.6.1.2 Reselection (Wi-Fi) – Different AP – Different IP
Description
Verify that the DUT can successfully reselect between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully reselect between different Access Points.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 that provides a connection to the internet is available. 
AP1 and AP2 have different IP addresses.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.

	4
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2 and displays an indication that Wi-Fi is available.

	5
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is different to AP1.
	IP address is noted.
IP address of AP2 is different to AP1.
DUT is performing new IPSEC tunnel establishment to ePDG upon selection of Wi-Fi AP2

	6
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP2 is successfully established with 2-way audio.

	7
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc482686112]92.6.1.3 Reselection (Wi-Fi) – Same AP – To/From Weak Wi-Fi Coverage
Description
Verify the DUT does not de-register from IMS services and maintains the Wi-Fi connection when moving into a “Weak Wi-Fi coverage” area. 
Related core specifications
TS 23.402; IR.51
Reason for test
Verify the DUT does not de-register from IMS services and maintains the Wi-Fi connection when moving into a “Weak Wi-Fi coverage” area. 

Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi) in “Good Wi-Fi coverage”
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Move the DUT to “Weak Wi-Fi coverage”.
(The DUT should be moved far enough away to weaken the coverage but not lose the coverage).
	DUT remains registered for IMS services.
DUT is still connected to Wi-Fi hotspot AP1.
Wi-Fi icon is still available.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	Move the DUT to “Good Wi-Fi coverage”.  
	DUT remains registered for IMS services.
DUT is still connected to Wi-Fi hotspot AP1.
Wi-Fi icon is still available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.



92.6.1.4 Reselection (Wi-Fi) – Same AP – To/From No Coverage
Description
Verify the DUT displays information for VxWi-Fi availability when moving into a “No Wi-Fi coverage” area and re-registers when returning to “Good Wi-Fi coverage”.
Related core specifications
TS 23.402
Reason for test
To verify the DUT displays correct information for VxWi-Fi when moving into a “No Wi-Fi coverage” area and re-registers when returning to “Good Wi-Fi coverage”.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to a hotspot.
DUT is successfully registered for IMS services (VxWi-Fi) in “Good Wi-Fi coverage”
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	Move the DUT to “No Wi-Fi coverage”.
	DUT ’s Wi-Fi calling icon is no longer available.
DUT displays “No Service” icon.

	2
	At DUT, receive MT voice call from Client-1.
	Call setup fails.

	3
	Move the DUT to “Good Wi-Fi coverage”.  
	DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.
In case the IPSec tunnel to the ePDG has been kept in place while Wi-fi connectivity was lost (e.g. out of service situation shorter than liveness check timer) there will be no additional registration.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc156375076]92.6.2 Reselection (IRAT)
[bookmark: _Toc482686113]92.6.2.1 VxWi-Fi to VxLTE Reselection – Wi-Fi Preferred
[bookmark: _Toc482686114]Description
Verify that the DUT can successfully reselect VxWi-Fi to VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxLTE when it loses VxWi-Fi.
Initial configuration
Network is supporting E-UTRAN and VxLTE.
Network is supporting Wi-Fi preferred.
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT still displays the Wi-Fi icon.
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + No Wi-Fi coverage”
	DUT no longer displays the Wi-Fi icon.

	7
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.6.2.2 VxLTE to VxWi-Fi Reselection – Wi-Fi Preferred
[bookmark: _Toc482686115]Description
Verify that the DUT can successfully reselect from VxLTE to VxWi-Fi when Wi-Fi becomes available. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxLTE to VxWi-Fi when Wi-Fi becomes available. 
Initial configuration
Network is supporting E-UTRAN and VxLTE.
Network is supporting Wi-Fi preferred.
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + No Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT displays the Wi-Fi icon but dos not register for VxWi-Fi.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxLTE successfully and the VxLTE icon is no longer displayed on the UI.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.6.2.3 VxWi-Fi to CS Reselection – Wi-Fi Preferred
[bookmark: _Toc482686116]Description
Verify that the DUT can successfully reselect from VxWi-Fi to CS when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to CS when it loses VxWi-Fi.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Wi-Fi preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT still displays the Wi-Fi icon.

	4
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + No Wi-Fi coverage”
	DUT no longer displays the Wi-Fi icon.

	7
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.6.2.4 CS to VxWi-Fi Reselection – Wi-Fi Preferred
[bookmark: _Toc482686117]Description
Verify that the DUT can successfully reselect from CS to VxWi-Fi when Wi-Fi becomes available. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from CS to VxWi-Fi when Wi-Fi becomes available. 
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Wi-Fi preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + No Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT displays the Wi-Fi icon but dos not register for VxWi-Fi.

	4
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.6.2.5 VxWi-Fi to VxLTE Reselection – Cellular Preferred
[bookmark: _Toc482686118]Description
Verify that the DUT can successfully reselect from VxWi-Fi to VxLTE when the cellular coverage becomes good. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxLTE when the cellular coverage becomes good.
Initial configuration
Network is supporting E-UTRAN and VxLTE.
Network is supporting Cellular preferred.
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.2.6 VxLTE to VxWi-Fi Reselection – Cellular Preferred
[bookmark: _Toc482686119]Description
Verify that the DUT can successfully reselect from VxLTE to VxWi-Fi when the cellular coverage becomes weak. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxLTE to VxWi-Fi when the cellular coverage becomes weak.  
Initial configuration
Network is supporting E-UTRAN and VxLTE.
Network is supporting Cellular preferred.
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxLTE successfully and the VxLTE icon is no longer displayed on the UI.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.2.7 VxWi-Fi to CS Reselection – Cellular Preferred
[bookmark: _Toc482686120]Description
Verify that the DUT can successfully reselect from VxWi-Fi to CS when the cellular coverage becomes good. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to CS when the cellular coverage becomes good.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Cellular preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.

	4
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.2.8 CS to VxWi-Fi Reselection – Cellular Preferred
[bookmark: _Toc482686121]Description
Verify that the DUT can successfully reselect from CS to VxWi-Fi when the cellular coverage becomes weak. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from CS to VxWi-Fi when the cellular coverage becomes weak.  
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Cellular preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.2.9 VxWi-Fi to VxLTE Reselection in Roaming 
Description
Verify that the DUT can successfully reselect in a roaming scenario from VxWi-Fi to VxLTE when it loses VxWi-Fi coverage and shows the correct behaviour depending on the configuration. 
Related core specifications
GSMA IR.51, 3GPP TS 24.167
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxLTE when it loses VxWi-Fi in roaming. 
Initial configuration
VPLMN has a VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1).
DUT is camping to the E-UTRAN network for cellular service.
A Wi-Fi hotspot (AP1) that provides a connection to the Internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Note:  IR.51 configuration parameter Allow_Handover_PDN_connection_WLAN_and_EPS  allows 3 distinctive values. 
Definition of values from 24.167, chapter 5.78 
0 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS.
1 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS;
2 – Indicates that a UE roaming in a VPLMN is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS using handover procedures, irrespective of if the UE is in a session or not.

Scenario A) Transfer of PDN connection is allowed
[bookmark: __DdeLink__670_1043067292]In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 0 or 1, which allows to move the IMS default bearer while no voice call is ongoing (reselection).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT still displays the Wi-Fi icon.
DUT starts registration procedure in LTE. 
The PDN Connectivity request sent for IMS APN indicates request type “Handover”
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.


	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	[bookmark: _Hlk64892554]Call is successfully terminated.



Scenario B) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 2.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT still displays the Wi-Fi icon.
DUT starts registration procedure in LTE. 
The PDN Connectivity request sent for IMS APN indicates request type “Initial request”
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is terminated.



[bookmark: _Hlk64892592]
92.6.2.10 VxLTE to VxWi-Fi Reselection in Roaming
Description
Verify that the DUT can successfully reselect in a roaming scenario from VxLTE to VxWi-Fi when Wi-Fi becomes available and shows the correct behaviour depending on the configuration.
Related core specifications
GSMA IR.51, 3GPP TS 24.167
Reason for test
To ensure the DUT is able to reselect from VxLTE to VxWi-Fi when Wi-Fi becomes available in roaming.
Initial configuration
VPLMN has a VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1).
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE).
Note:  IR.51 configuration parameter Allow_Handover_PDN_connection_WLAN_and_EPS  allows 3 distinctive values. 
Definition of values from 24.167, chapter 5.78 
0 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS.
1 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS;
2 – Indicates that a UE roaming in a VPLMN is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS using handover procedures, irrespective of if the UE is in a session or not.
Scenario A) Transfer of PDN connection is allowed
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 0 or 1, which allows to move the IMS default bearer while no voice call is ongoing (reselection).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	6
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH non-null value for INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES (previously allocated IP addres in LTE) for IMS APN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is successfully terminated.




Scenario B) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 2. 

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	6
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH  
INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES attributes with zero length and no values (initial attach procedure) for IMS APN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is terminated.



92.6.2.11 VxWi-Fi to VxNR Reselection – Wi-Fi Preferred
Description
Verify that the DUT can successfully reselect VxWi-Fi to VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51; NG.114
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxNR when it loses VxWi-Fi.
Initial configuration
Network is supporting 5G SA and VxNR
Network is supporting Wi-Fi preferred.
DUT is camping on the NG network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT still displays the Wi-Fi icon.
DUT registers for VxNR.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + No Wi-Fi coverage”
	DUT no longer displays the Wi-Fi icon.

	7
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.


92.6.2.12 VxNR to VxWi-Fi Reselection – Wi-Fi Preferred
Description
Verify that the DUT can successfully reselect from VxNR to VxWi-Fi when Wi-Fi becomes available. 
Related core specifications
GSMA IR.51; NG.114
Reason for test
To ensure the DUT is able to reselect from VxNR to VxWi-Fi when Wi-Fi becomes available. 
Initial configuration
Network is supporting 5G SA and VxNR.
Network is supporting Wi-Fi preferred.
DUT is camping to the E-UTRAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + No Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
	DUT displays the Wi-Fi icon but dos does not register for VxWi-Fi.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxNR successfully and the VxNR icon is no longer displayed on the UI.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.



92.6.2.13 VxWi-Fi to VxNR Reselection – Cellular Preferred
Description
Verify that the DUT can successfully reselect from VxWi-Fi to VxNR when the cellular coverage becomes good. 
Related core specifications
GSMA IR.51; NG.114
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxNG when the cellular coverage becomes good.
Initial configuration
Network is supporting 5G SA and VxNR.
Network is supporting Cellular preferred.
DUT is camping on the 5G SA network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.
DUT registers for VxNR.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.2.14 VxNR to VxWi-Fi Reselection – Cellular Preferred
Description
Verify that the DUT can successfully reselect from VxNR to VxWi-Fi when the cellular coverage becomes weak. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to reselect from VxNR to VxWi-Fi when the cellular coverage becomes weak.  
Initial configuration
Network is supporting 5G SA and VxNR.
Network is supporting Cellular preferred.
DUT is camping on the 5G SA network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxNR successfully and the VxNR icon is no longer displayed on the UI.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.



[bookmark: _Hlk129185027]92.6.2.15 VxWi-Fi to VxNR Reselection in Roaming 
Description
Verify that the DUT can successfully reselect in a roaming scenario from VxWi-Fi to VxNR when it loses VxWi-Fi coverage and shows the correct behaviour depending on the configuration. 
Related core specifications
GSMA NG.115, 3GPP TS 24.167, 3GPP TS 24.229
Reason for test
To ensure the DUT is able to reselect from VxWi-Fi to VxNR when it loses VxWi-Fi in roaming. 
Initial configuration
VPLMN has a VxNR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxNR for roaming subscribers (VoPS = 1).
DUT is camping on the 5G SA network for cellular service.
A Wi-Fi hotspot (AP1) that provides a connection to the Internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
NG.115 configuration parameter 
Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN allows 5 distinctive values. 
The definition of values is given in 24.167, chapter 5.90  

Scenario A) Transfer of PDN connection is allowed
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN “ equal to 3 or 4, which allows to move the IMS default bearer while no voice call is ongoing (reselection).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT still displays the Wi-Fi icon.
DUT starts registration procedure in 5G SA network. 
The PDU Connectivity request sent for IMS DNN indicates request type “Handover”
DUT registers for VxNR services.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.


	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is successfully terminated.



Scenario B) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 5..
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT still displays the Wi-Fi icon.
DUT starts registration procedure in 5G SA. 
The PDU Connectivity request sent for IMS DNN indicates request type “Initial request”
DUT registers for VxNR services.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is terminated.



92.6.2.16 VxNR to VxWi-Fi Reselection in Roaming
Description
Verify that the DUT can successfully reselect in a roaming scenario from VxNR to VxWi-Fi when Wi-Fi becomes available and shows the correct behaviour depending on the configuration.
Related core specifications
GSMA NG.115, 3GPP TS 24.167, 3GPP TS 24.229
Reason for test
To ensure the DUT is able to reselect from VxNR to VxWi-Fi when Wi-Fi becomes available in roaming.
Initial configuration
VPLMN has a VxNR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxNR for roaming subscribers (VoPS = 1).
DUT is camping on the 5G SA network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR).
NG.115 configuration parameter 
Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN allows 5 distinctive values. 
The definition of values is given in 24.167, chapter 5.90  

Scenario A) Transfer of PDN connection is allowed
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 3 or 4, which allows to move the IMS default bearer while no voice call is ongoing (reselection).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	6
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH non-null value for INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES (previously allocated IP addres in LTE) for IMS DNN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is successfully terminated.



Scenario B) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 5. 

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	2
	At Client-1, end the voice call.
	Call is ended.

	6
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH  
INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES attributes with zero length and no values (initial attach procedure) for IMS DNN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	7
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is terminated.



Note: The definition of Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN from 24.167, chapter 5.90  
0 - Indicates that a UE having an ongoing IMS session, is not allowed to transfer the PDN connection providing access to IMS between EPC via non-3GPP access and 5GCN via NG-RANand that a UE does not have an ongoing IMS session is allowed to transfer the PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NG-RAN.
1 - Indicates that a UE having an ongoing IMS session, is allowed to transfer the PDN connection providing access to IMS between EPC via non-3GPP access and 5GCN via NG-RANand that a UE does not have an ongoing IMS session is allowed to transfer the PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NG-RAN;
2 - Indicates that a UE is not allowed to transfer a PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NG-RAN, irrespective of if the UE has an ongoing IMS session or not.
3 - Indicates that a UE roaming in a VPLMN and having an ongoing IMS session, is not allowed to transfer the PDN connection providing access to IMS between EPC via non-3GPP access and 5GCN via NG-RANand that a UE which is roaming in a VPLMN and does not have an ongoing IMS session is allowed to transfer the PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NGRAN.
4 - Indicates that a UE roaming in a VPLMN and having an ongoing IMS session, is allowed to transfer the PDN connection providing access to IMS between EPC via non-3GPP access and 5GCN via NG-RANand that a UE which is roaming in a VPLMN and does not have an ongoing IMS session is allowed to transfer the PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NG-RAN;
5 - Indicates that a UE roaming in a VPLMN is not allowed to transfer a PDN connection providing access to IMS, if any, between EPC via non-3GPP access and 5GCN via NG-RAN, irrespective of if the UE has an ongoing IMS session or no




[bookmark: _Toc156375077]92.6.3 Wi-Fi/Wi-Fi Call continuity (Voice Call)
[bookmark: _Toc482686122]92.6.3.1 Wi-Fi/Wi-Fi Call continuity – Different Aps – Same IP – Active Voice Call
[bookmark: _Toc482686123]Description
Verify that the DUT can successfully continue Voice calls between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully continue Voice calls between different Access Points. 
Initial configuration
Network supports “Call continuity during Wi-Fi to Wi-Fi mobility without IP change”.
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 is a repeater that is connected to AP1 with the same SSID.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2.
VxWi-Fi Call continues over AP2 with 2-way audio.

	4
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is the same as AP1.
	IP address is noted.
IP address of AP2 is the same as AP1.

	5
	At Client-1, end the voice call.
	Call is ended.


Note 1: Fast BSS Transition (a.k.a 802-11r) is strongly suggested to be in use in order to reduce total interruption time and packet loss
92.6.3.2 Wi-Fi/Wi-Fi Call continuity – Different Aps – Different IP – Active Voice Call
[bookmark: _Toc482686124]Description
Verify that the DUT can successfully continue Voice calls between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully continue Voice calls between different Access Points.
Initial configuration
Network supports “Call continuity during Wi-Fi to Wi-Fi mobility with IP change”.
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 that provides a connection to the internet is available. 
AP1 and AP2 have different IP addresses.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	3
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2.
VxWi-Fi Call continues over AP2 with 2-way audio.

	4
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is different to AP1.
	IP address is noted.
IP address of AP2 is different to AP1.

	5
	At Client-1, end the voice call.
	Call is ended.


Note 1: Fast BSS Transition (a.k.a 802-11r) is strongly suggested to be in use in order to reduce total interruption time and packet loss
Note 2: new ePDG tunnel establishment at step3 will increase dramatically voice interruption time and packet loss 
Note 3: Due to above two factors, the seamless handover at step 3 cannot be guaranteed if total interruption time is greater than voice inactivity timer on network/DUT side 
[bookmark: _Toc156375078]92.6.4 Wi-Fi/Wi-Fi Call continuity (Video Call)
92.6.4.1 Wi-Fi/Wi-Fi Call continuity – Different Aps – Same IP – Active Video Call
Description
Verify that the DUT can successfully continue Video calls between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully continue Video calls between different Access Points. 
Initial configuration
Network supports “Call continuity during Wi-Fi to Wi-Fi mobility without IP change”.
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 is a repeater that is connected to AP1 with the same SSID.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT video call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio and video stream.

	3
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2.
VxWi-Fi Call continues over AP2 with 2-way audio and video stream.

	4
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is the same as AP1.
	IP address is noted.
IP address of AP2 is the same as AP1.

	5
	At Client-1, end the video call.
	Call is ended.


Note 1: Fast BSS Transition (a.k.a 802-11r) is strongly suggested to be in use in order to reduce total interruption time and packet loss
92.6.4.2 Wi-Fi/Wi-Fi Call continuity – Different Aps – Different IP – Active Video Call
Description
Verify that the DUT can successfully continue Video calls between different Access Points. 
Related core specifications
TS 23.402
Reason for test
To ensure the DUT can successfully continue Video calls between different Access Points.
Initial configuration
Network supports “Call continuity during Wi-Fi to Wi-Fi mobility with IP change”.
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Wi-Fi hotspot AP2 that provides a connection to the internet is available. 
AP1 and AP2 have different IP addresses.
DUT has previously connected to AP1 and AP2 hotspots, 
The DUT has Flight Mode enabled. Once Flight Mode is enabled, enable Wi-Fi and connect to hotspot AP1.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, use an internal monitoring tool to check the IP address assigned by AP1.
	IP address is noted.

	2
	At DUT, receive MT video call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio and video stream.

	3
	Move DUT to an area where AP2 is available but AP1 is not available.
	DUT Automatically connects to Wi-Fi hotspot AP2.
VxWi-Fi Call continues over AP2 with 2-way audio and video stream.

	4
	At DUT, use an internal monitoring tool to check the IP address assigned by AP2.
Confirm the IP address is different to AP1.
	IP address is noted.
IP address of AP2 is different to AP1.

	5
	At Client-1, end the video call.
	Call is ended.


Note 1: Fast BSS Transition (a.k.a 802-11r) is strongly suggested to be in use in order to reduce total interruption time and packet loss
Note 2: new ePDG tunnel establishment at step3 will increase dramatically voice interruption time and packet loss 
Note 3: Due to above two factors, the seamless handover at step 3 cannot be guaranteed if total interruption time is greater than voice inactivity timer on network/DUT side 
[bookmark: _Toc156375079]92.6.5 Wi-Fi/LTE Call continuity (Voice Call)
[bookmark: _Toc482686125]92.6.5.1 Wi-Fi/LTE Call continuity (Voice Call) – Active Call – To VxLTE
[bookmark: _Toc482686126]Description
Verify that the DUT can successfully continue a call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call continues in VxLTE with 2-way audio.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	3
	At Client-1, end the voice call.
	Call is ended.


92.6.5.2 Wi-Fi/LTE Call continuity (Voice Call) – Active Call – To VxWi-Fi
[bookmark: _Toc482686127]Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi with 2-way audio.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the voice call.
	Call is ended.


92.6.5.3 Wi-Fi/LTE Call continuity (Voice Call) – Held Call – To VxLTE
[bookmark: _Toc482686128]Description
Verify that the DUT can successfully maintain a held call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to maintain a held call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Held call is maintained in VxLTE and the call hold tone is audible (if supported by network).
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.5.4 Wi-Fi/LTE Call continuity (Voice Call) – Held Call – To VxWi-Fi
[bookmark: _Toc482686129]Description
Verify that the DUT can successfully maintain a held call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to maintain a held call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Held call is maintained in VxWi-Fi and the call hold tone is audible (if supported by network).
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.5.5 Wi-Fi/LTE Call continuity (Voice Call) – Alerting – To VxLTE
[bookmark: _Toc482686130]Description
Verify that the DUT can successfully continue alerting over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue alerting over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	DUT is alerting.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT continues alerting on VxLTE.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	3
	At DUT, accept the call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.5.6 Wi-Fi/LTE Call continuity (Voice Call) – Alerting – To VxWi-Fi
[bookmark: _Toc482686131]Description
Verify that the DUT can successfully continue alerting over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue alerting over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	DUT is alerting.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT continues alerting on VxWi-Fi.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At DUT, accept the call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.5.7 Wi-Fi/LTE Call continuity (Voice Call) – 1 Active Call, 1 Alerting – To VxLTE
[bookmark: _Toc482686132]Description
Verify that the DUT can successfully continue an active call and alerting call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue an active call and alerting call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting from Client-2.
Call with Client-1 continues with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call with Client-1 continues in VxLTE with 2-way audio.
Call from Client-2 continues alerting on VxLTE.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxLTE Call with Client-2 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.5.8 Wi-Fi/LTE Call continuity (Voice Call) – 1 Active Call, 1 Alerting – To VxWi-Fi
[bookmark: _Toc482686133]Description
Verify that the DUT can successfully continue an active call and alerting call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue an active call and alerting call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting from Client-2.
Call with Client-1 continues with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call with Client-1 continues in VxWi-Fi with 2-way audio.
Call from Client-2 continues alerting on VxWi-Fi.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	4
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.5.9 Wi-Fi/LTE Call continuity (Voice Call) – 1 Active Call, 1 Held Call – To VxLTE
[bookmark: _Toc482686134]Description
Verify that the DUT can successfully continue an active call and held call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue an active call and held call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call with Client-2 continues in VxLTE with 2-way audio.
Call with Client-1 is on hold.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	4
	At Client-1, end the voice call.
	Held Call is ended.

	5
	At Client-2, end the voice call.
	Call is ended.


92.6.5.10 Wi-Fi/LTE Call continuity (Voice Call) – 1 Active Call, 1 Held Call – To VxWi-Fi
[bookmark: _Toc482686135]Description
Verify that the DUT can successfully continue an active call and held call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue an active call and held call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxLTE Call with Client-2 is successfully established with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call with Client-2 continues in VxWi-Fi with 2-way audio.
Call with Client-1 is on hold.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.5.11 Wi-Fi/LTE Call continuity (Voice Call) – Conference Call – To VxLTE
[bookmark: _Toc482686136]Description
Verify that the DUT can successfully continue a conference call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue a conference call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Conference call with Client-1 and Client-2 remains active with 3-way audio in VxLTE.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	5
	At DUT, end the voice call.
	All Calls are ended.


92.6.5.12 Wi-Fi/LTE Call continuity (Voice Call) – Conference Call – To VxWi-Fi
[bookmark: _Toc482686137]Description
Verify that the DUT can successfully continue a conference call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a conference call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
VxLTE Call with Client-2 is successfully established with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Conference call with Client-1 and Client-2 remains active with 3-way audio in VxWi-Fi.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	5
	At DUT, end the voice call.
	All Calls are ended.


92.6.5.13 Wi-Fi/LTE Call continuity in Roaming (Voice Call) – Active Call To VxLTE
Description
Verify that the DUT can successfully continue a call over VxLTE when it loses VxWi-Fi in roaming scenario and has correct behaviour depending on the configuration.
Related core specifications
GSMA IR.51, 3GPP TS 24.167
Reason for test
To ensure the DUT is able to continue a call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1).
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
Note:  IR.51 configuration parameter Allow_Handover_PDN_connection_WLAN_and_EPS  allows 3 distinctive values. 
Definition of values from 24.167, chapter 5.78 
0 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS.
1 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS;
2 – Indicates that a UE roaming in a VPLMN is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS using handover procedures, irrespective of if the UE is in a session or not.
Scenario A) Transfer of PDN connection is not allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 0.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
	DUT does not deregister from VxWiFi and the call is ongoing. 
In case of “No Wi-Fi coverage”, the call will be dropped.

	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts registration procedure in LTE. 
The PDN Connectivity request sent for IMS APN indicates request type “Handover”
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.




Scenario B) Transfer of PDN Connection is allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 1.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT still displays the Wi-Fi icon.
DUT starts registration procedure in LTE. 
The PDN Connectivity request sent for IMS APN indicates request type “Handover”
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.
The voice call is ongoing 

	3
	At Client-1, end the voice call.
	Call is successfully terminated.


[bookmark: _Hlk64892566]
Scenario C) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 2. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
	DUT does not deregister from VxWiFi and the call is ongoing. 
In case of “No Wi-Fi coverage”, the call will be dropped.

	3
	At Client-1, end the voice call.
	Call is terminated.
DUT starts registration procedure in LTE. 
The PDN Connectivity request sent for IMS APN indicates request type “Initial request”
DUT registers for VxLTE.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.




92.6.5.14 Wi-Fi/LTE Call continuity in Roaming (Voice Call) – Active Call To VxWi-Fi
Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxLTE environment in roaming scenario and has correct behaviour depending on the configuration.
Related core specifications
GSMA IR.51, 3GPP TS 24.167
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
VPLMN has an VxLTE roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxLTE for roaming subscribers (VoPS = 1).
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE).
Note:  IR.51 configuration parameter Allow_Handover_PDN_connection_WLAN_and_EPS allows 3 distinctive values. 
Definition of values from 24.167, chapter 5.78 
0 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS.
1 – Indicates that a UE roaming in a VPLMN and having an ongoing session, is allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS;
2 – Indicates that a UE roaming in a VPLMN is not allowed to transfer the PDN connection providing access to IMS between EPC via WLAN and EPS using handover procedures, irrespective of if the UE is in a session or not.
Scenario A) Transfer of PDN connection is not allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 0.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
	Call continues in VxLTE with 2-way audio.
[bookmark: __DdeLink__672_1043067292]The UE does NOT attempt to move the IMS bearer to Wi-Fi while the call is ongoing.
In case of “No Cellular coverage”, the call will be dropped.


	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH non-null value for INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES (previously allocated IP addres in LTE) for IMS APN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available



Scenario B) Transfer of PDN Connection is allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 1. 

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi with 2-way audio.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the voice call.
	Call is successfully terminated.




Scenario C) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_WLAN_and_EPS” equal to 2. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxLTE Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
	Call continues in VxLTE with 2-way audio.
The UE does NOT attempt to move the IMS bearer to Wi-Fi while the call is ongoing.
In case of “No Cellular coverage”, the call will be dropped.


	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH  
INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES attributes with zero length and no values (initial attach procedure) for IMS APN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.




[bookmark: _Toc156375080]92.6.6 Wi-Fi/LTE Call continuity (Video Call)
[bookmark: _Toc482686138]92.6.6.1 Wi-Fi/LTE Call continuity (Video Call) – Active Video Call – To VxLTE
[bookmark: _Toc482686139]Description
Verify that the DUT can successfully continue a call over VxLTE when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxLTE when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Video Call continues in VxLTE.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxLTE according to the customization requirement.

	3
	At Client-1, end the video call.
	Call is ended.


92.6.6.2 Wi-Fi/LTE Call continuity (Video Call) – Active Video Call – To VxWi-Fi
[bookmark: _Toc482686140]Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxLTE environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxLTE environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting E-UTRAN and VxLTE.
DUT is camping to the E-UTRAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	VxLTE Call with Client-1 is successfully established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
DUT no longer displays the VxLTE icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the video call.
	Call is ended.


[bookmark: _Toc156375081]92.6.7 Wi-Fi/CS Call continuity (Voice Call)
92.6.7.1 Wi-Fi/CS Call continuity (Voice Call) – Active Call – To CS
Description
Verify that the DUT can successfully continue a Voice call over CS when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a Voice call over CS when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting UTRAN or GERAN.
DUT is camping to the UTRAN or GERAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays the VxWi-Fi icon.

	3
	At Client-1, end the voice call.
	Call is ended.


92.6.7.2 Wi-Fi/CS Call continuity (Voice Call) – Active Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue a Voice call over VxWi-Fi when moving from a CS environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a Voice call over VxWi-Fi when moving from a CS environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting UTRAN or GERAN.
DUT is camping to the UTRAN or GERAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	CS Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT registers for VxWi-Fi on AP1.
Call continues in VxWi-Fi with 2-way audio.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the voice call.
	Call is ended.


[bookmark: _Toc156375082]92.6.8 Wi-Fi/CS Call continuity (Video Call)
92.6.8.1 Wi-Fi/CS Call continuity (Video Call) – Active Call – To CS
Description
Verify that the DUT can successfully continue a Video call over CS when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a Video call over CS when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting UTRAN or GERAN.
DUT is camping to the UTRAN or GERAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio and video stream.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Video Call continues in CS domain.
Confirm 2-way audio between DUT and Client-1.
DUT no longer displays the VxWi-Fi icon.

	3
	At Client-1, end the video call.
	Call is ended.


92.6.8.2 Wi-Fi/CS Call continuity (Video Call) – Active Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue a Video call over VxWi-Fi when moving from a CS environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a Video call over VxWi-Fi when moving from a CS environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting UTRAN or GERAN.
DUT is camping to the UTRAN or GERAN network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxLTE)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	CS Call with Client-1 is successfully established with 2-way audio and video stream.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT registers for VxWi-Fi on AP1.
Call continues in VxWi-Fi with 2-way audio and video stream.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the video call.
	Call is ended.


[bookmark: _Toc156375083]92.6.9 Interworking with CS Domain
[bookmark: _Toc482686141]92.6.9.1 Transition from Wi-Fi to CS – Active Voice Call – Wi-Fi Preferred
Description
Verify that the DUT drops the VxWi-Fi call after losing Wi-Fi connectivity and provides the user a means to make and receive calls over the CS network.
Related core specifications
TS 23.402
Reason for test
To ensure the DUT is able to drop the VxWi-Fi call after moving to CS-only coverage.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Wi-Fi preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Move the DUT to “Good Cellular + No Wi-Fi coverage”
	VxWi-Fi call is dropped.
DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.

	3
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.9.2 Transition from Wi-Fi to CS – Active Voice Call – Cellular Preferred
Description
Verify that the DUT drops the VxWi-Fi call after losing Wi-Fi connectivity and provides the user a means to make and receive calls over the CS network.
Related core specifications
TS 23.402
Reason for test
To ensure the DUT is able to drop the VxWi-Fi call after moving to CS-only coverage.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Cellular preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Move the DUT to “Good Cellular + No Wi-Fi coverage”
	VxWi-Fi call is dropped.
DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.

	3
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.9.3 Transition from Wi-Fi to No Service – Active Voice Call
Description
Verify that the DUT drops the VxWi-Fi call after losing Wi-Fi connectivity and displays the no service icon when no other cellular network is available.
Related core specifications
TS 23.402
Reason for test
To ensure the DUT is able to drop the VxWi-Fi call after losing Wi-Fi connectivity and display the no service icon when no other cellular network is available.
Initial configuration
Network is supporting UTRAN or GERAN.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Move the DUT to “No Cellular + No Wi-Fi coverage”
	VxWi-Fi call is dropped.
DUT deregisters from VxWi-Fi successfully and Wi-Fi calling icon is no longer available.
DUT no longer displays the Wi-Fi icon.
DUT displays “No Service” icon.

	3
	At DUT, receive MT voice call from Client-1.
	Call fails.


[bookmark: _Toc482686142]92.6.9.4 Transition from CS to Wi-Fi – Active Voice Call – Wi-Fi Preferred
Description
Verify that the DUT can successfully connect to Wi-Fi during a CS call but it should not establish a VxWi-Fi registration.
Related core specifications
TS 23.402
Reason for test
To ensure the DUT is able to connect to Wi-Fi during a CS call but it should not establish a VxWi-Fi registration.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Wi-Fi preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.  The hotspot is not currently in range of the DUT.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + No Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	2
	Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT connects to Wi-Fi hotspot AP1.
Wi-Fi icon is displayed.
VxWi-Fi icon is not displayed.
CS call continues with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.9.5 Transition from CS to Wi-Fi – Active Voice Call – Cellular Preferred
Description
Verify that the DUT can successfully connect to Wi-Fi during a CS call but it should not establish a VxWi-Fi registration.
Related core specifications
TS 23.402
Reason for test
To ensure the DUT is able to connect to Wi-Fi during a CS call but it should not establish a VxWi-Fi registration.
Initial configuration
Network is supporting UTRAN or GERAN.
Network is supporting Cellular preferred.
DUT is camping to the UTRAN/GERAN network for cellular service.
Wi-Fi hotspot (AP1) that provides a connection to the internet is available.
DUT has Wi-Fi enabled.
DUT environment at time of testing:  “Good Cellular + Good Wi-Fi coverage”.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	CS Call is successfully established on UTRAN/GERAN with 2-way audio.

	2
	Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT connects to Wi-Fi hotspot AP1.
Wi-Fi icon is displayed.
VxWi-Fi icon is not displayed.
CS call continues with 2-way audio.

	3
	At Client-1, end the voice call.
	Call is ended.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.

	4
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.



[bookmark: _Toc156375084]92.6.10 Wi-Fi/NR Call continuity (Voice Call)
92.6.10.1 Wi-Fi/NR Call continuity (Voice Call) – Active Call – To VxNR
Description
Verify that the DUT can successfully continue a call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51; NG.114
Reason for test
To ensure the DUT is able to continue a call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call continues in VxNR with 2-way audio.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	3
	At Client-1, end the voice call.
	Call is ended.


92.6.10.2 Wi-Fi/NR Call continuity (Voice Call) – Active Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51; NG.114
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi with 2-way audio.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the voice call.
	Call is ended.


92.6.10.3 Wi-Fi/NR Call continuity (Voice Call) – Held Call – To VxNR
Description
Verify that the DUT can successfully maintain a held call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to maintain a held call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Held call is maintained in VxNR and the call hold tone is audible (if supported by network).
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.10.4 Wi-Fi/NR Call continuity (Voice Call) – Held Call – To VxWi-Fi
Description
Verify that the DUT can successfully maintain a held call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to maintain a held call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio is either direction.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Held call is maintained in VxWi-Fi and the call hold tone is audible (if supported by network).
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	4
	At DUT, retrieve the call using the menu option.
	Confirm the call with Client-1 is restored.
Confirm 2-way audio between DUT and Client-1.

	5
	At Client-1, end the voice call.
	Call is ended.


92.6.10.5 Wi-Fi/NR Call continuity (Voice Call) – Alerting – To VxNR
Description
Verify that the DUT can successfully continue alerting over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue alerting over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	DUT is alerting.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT continues alerting on VxNR.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	3
	At DUT, accept the call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.10.6 Wi-Fi/NR Call continuity (Voice Call) – Alerting – To VxWi-Fi
Description
Verify that the DUT can successfully continue alerting over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue alerting over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	DUT is alerting.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	DUT continues alerting on VxWi-Fi.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At DUT, accept the call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	4
	At Client-1, end the voice call.
	Call is ended.


92.6.10.7 Wi-Fi/NR Call continuity (Voice Call) – 1 Active Call, 1 Alerting – To VxNR
Description
Verify that the DUT can successfully continue an active call and alerting call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue an active call and alerting call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting from Client-2.
Call with Client-1 continues with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call with Client-1 continues in VxNR with 2-way audio.
Call from Client-2 continues alerting on VxNR.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxNR Call with Client-2 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.10.8 Wi-Fi/NR Call continuity (Voice Call) – 1 Active Call, 1 Alerting – To VxWi-Fi
Description
Verify that the DUT can successfully continue an active call and alerting call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue an active call and alerting call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting from Client-2.
Call with Client-1 continues with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call with Client-1 continues in VxWi-Fi with 2-way audio.
Call from Client-2 continues alerting on VxWi-Fi.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	4
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.10.9 Wi-Fi/NR Call continuity (Voice Call) – 1 Active Call, 1 Held Call – To VxNR
Description
Verify that the DUT can successfully continue an active call and held call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue an active call and held call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Call with Client-2 continues in VxNR with 2-way audio.
Call with Client-1 is on hold.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	4
	At Client-1, end the voice call.
	Held Call is ended.

	5
	At Client-2, end the voice call.
	Call is ended.


92.6.10.10 Wi-Fi/NR Call continuity (Voice Call) – 1 Active Call, 1 Held Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue an active call and held call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue an active call and held call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, receive MT voice call from Client-2.
At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
VxNR Call with Client-2 is successfully established with 2-way audio.

	3
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call with Client-2 continues in VxWi-Fi with 2-way audio.
Call with Client-1 is on hold.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	5
	At Client-1, end the voice call.
	Held Call is ended.

	6
	At Client-2, end the voice call.
	Call is ended.


92.6.10.11 Wi-Fi/NR Call continuity (Voice Call) – Conference Call – To VxNR
Description
Verify that the DUT can successfully continue a conference call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT can successfully continue a conference call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	VxWi-Fi Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
VxWi-Fi Call with Client-2 is successfully established with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Conference call with Client-1 and Client-2 remains active with 3-way audio in VxNR.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	5
	At DUT, end the voice call.
	All Calls are ended.


92.6.10.12 Wi-Fi/NR Call continuity (Voice Call) – Conference Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue a conference call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a conference call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer the call at Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	At DUT, use the menu option to make a “new call” to Client-2.
Answer the call at Client-2.
	Call with Client-1 is on hold.
VxNR Call with Client-2 is successfully established with 2-way audio.

	3
	At DUT, use the menu option to “merge” the calls.
	Conference call is successfully established between DUT, Client-1 and Client-2 with 3-way audio.

	4
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Conference call with Client-1 and Client-2 remains active with 3-way audio in VxWi-Fi.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	5
	At DUT, end the voice call.
	All Calls are ended.



92.6.10.13 Wi-Fi/NR Call continuity in Roaming (Voice Call) – Active Call To VxNR
Description
Verify that the DUT can successfully continue a call over VxNR when it loses VxWi-Fi in roaming scenario and has correct behaviour depending on the configuration.
Related core specifications
GSMA NG.115, 3GPP TS 24.167, 3GPP TS 24.229
Reason for test
To ensure the DUT is able to continue a call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
VPLMN has an VxNR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxNR for roaming subscribers (VoPS = 1).
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
NG.115 configuration parameter 
Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN allows 5 distinctive values. 
The definition of values is given in 24.167, chapter 5.90  

Scenario A) Transfer of PDN connection is not allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 3.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
	DUT does not deregister from VxWiFi and the call is ongoing. 
In case of “No Wi-Fi coverage”, the call will be dropped.

	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts registration procedure in 5G SA. 
The PDU Connectivity request sent for IMS DNN indicates request type “Handover”
DUT registers for VxNR services.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.




Scenario B) Transfer of PDN Connection is allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 4.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	DUT still displays the Wi-Fi icon.
DUT starts registration procedure in 5G SA network. 
The PDU Connectivity request sent for IMS DNN indicates request type “Handover”
DUT registers for VxNR.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.
The voice call is ongoing 

	3
	At Client-1, end the voice call.
	Call is successfully terminated.



Scenario C) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 5.
 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxWi-Fi Call over AP1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Weak Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “Good Cellular + No Wi-Fi coverage”
	DUT does not deregister from VxWiFi and the call is ongoing. 
In case of “No Wi-Fi coverage”, the call will be dropped.

	3
	At Client-1, end the voice call.
	Call is terminated.
DUT starts registration procedure in 5G SA. 
The PDU Connectivity request sent for IMS DNN indicates request type “Initial request”
DUT registers for VxNR.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.



92.6.10.14 Wi-Fi/NR Call continuity in Roaming (Voice Call) – Active Call To VxWi-Fi
Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxNR environment in roaming scenario and has correct behaviour depending on the configuration.
Related core specifications
GSMA NG.115, 3GPP TS 24.167, 3GPP TS 24.229
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
VPLMN has an VxNR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxNR for roaming subscribers (VoPS = 1).
DUT is camping on 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “GoodCellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR).
NG.115 configuration parameter 
Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN allows 5 distinctive values. 
The definition of values is given in 24.167, chapter 5.90  
Scenario A) Transfer of PDN connection is not allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN equal to 3.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
	Call continues in VxNR with 2-way audio.
The UE does NOT attempt to move the IMS bearer to Wi-Fi while the call is ongoing.
In case of “No Cellular coverage”, the call will be dropped.


	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH non-null value for INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES (previously allocated IP addres in LTE) for IMS DNN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available



Scenario B) Transfer of PDN Connection is allowed during ongoing session
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 4. 

	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi with 2-way audio.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the voice call.
	Call is successfully terminated.




Scenario C) Transfer of PDN Connection is not allowed 
In this scenario, DUT has the setting for “Allow_Handover_PDN_connection_non-3GPP_and_NG-RAN” equal to 5. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	VxNR Call with Client-1 is successfully established with 2-way audio.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage” or “No Cellular + Good Wi-Fi coverage”
	Call continues in VxNR with 2-way audio.
The UE does NOT attempt to move the IMS bearer to Wi-Fi while the call is ongoing.
In case of “No Cellular coverage”, the call will be dropped.


	3
	At Client-1, end the voice call.
	Call is ended.
DUT starts tunnel establishment on VxWiFi. 
UE shall include In IKE_AUTH  
INTERNAL_IP4_ADDRESS  or  INTERNAL_IP6_ADDRES attributes with zero length and no values (initial attach procedure) for IMS DNN.
DUT registers for VxWi-Fi successfully on AP1 and displays the appropriate icon to indicate to the user that Wi-Fi calling is available.






[bookmark: _Toc156375085]92.6.11 Wi-Fi/NR Call continuity (Video Call)
92.6.11.1 Wi-Fi/NR Call continuity (Video Call) – Active Video Call – To VxNR
Description
Verify that the DUT can successfully continue a call over VxNR when it loses VxWi-Fi. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxNR when it loses VxWi-Fi.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
Cellular Preferred networks: “Weak Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxWi-Fi) on AP1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	VxWi-Fi Call with Client-1 is successfully established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
	Video Call continues in VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
DUT no longer displays the VxWi-Fi icon.
DUT correctly displays an icon to indicate it is registered for VxNR according to the customization requirement.

	3
	At Client-1, end the video call.
	Call is ended.


92.6.11.2 Wi-Fi/NR Call continuity (Video Call) – Active Video Call – To VxWi-Fi
Description
Verify that the DUT can successfully continue a call over VxWi-Fi when moving from a VxNR environment. 
Related core specifications
GSMA IR.51
Reason for test
To ensure the DUT is able to continue a call over VxWi-Fi when moving from a VxNR environment.
Initial configuration
Wi-Fi hotspot AP1 that provides a connection to the internet is available. 
Network is supporting 5G SA and VxNR.
DUT is camping on the 5G SA network for cellular service.
DUT has Wi-Fi enabled.
DUT environment at time of testing:
Wi-Fi Preferred networks: “Good Cellular + No Wi-Fi coverage” or “Good Cellular + Weak Wi-Fi coverage”.
Cellular Preferred networks: “Good Cellular + Good Wi-Fi coverage”.
DUT is successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	VxNR Call with Client-1 is successfully established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Wi-Fi Preferred networks:
Move the DUT to “Good Cellular + Good Wi-Fi coverage”
Cellular Preferred networks:
Move the DUT to “Weak Cellular + Good Wi-Fi coverage”
	Call continues in VxWi-Fi.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
DUT no longer displays the VxNR icon.
DUT correctly displays an icon to indicate it is registered for VxWi-Fi.

	3
	At Client-1, end the video call.
	Call is ended.




[bookmark: _Toc156375086]93 IP Multimedia Subsystem (IMS)-VxNR
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93.1.1.1 Default PDU Session Establishment/Release (VxNR Supported by Network)
Description
The DUT shall successfully establish and release the default PDU session for VxNR services. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114, Chapter 4.4; 4.9
Reason for test
To verify the DUT is able to establish and release the default PDU session for IMS services over 5GS.
I
nitial configuration
DUT and NW support 5G NR Option 2
DUT usage setting is “voice centric “
IMS PDU Session type is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST containing usage setting “voice centric”
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT containing “IMS voice over PS session supported over 3GPP access”

	2
	Observe the IMS Default PDU Session establishment process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with PDU session type 3 “Ipv4v6” and DNN “IMS”.
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT must not request another PDU connection to the “IMS” DNN for the other IP version

	3
	Check the VxNR service indication (If supported in DUT ustomization).
	DUT correctly displays an icon to indicate it is registered for VxNR according to the ustomization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	6
	Make DUT offline (Power off / flight mode on)
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION RELEASE REQUEST 
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE
- DUT sends DEREGISTRATION REQUEST to the network with Deregistration type “Switch off”.



[bookmark: _Toc54003762]93.1.1.2 Default PDU Session establishment – Unsuccessful (VxNR not supported by Network)
Description
The DUT shall not attempt to activate a PDU session for IMS services if the network has not indicated IMS PS Voice support. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114, Chapter 4.4; 4.9
Reason for test
To verify the DUT is able to establish and release the default PDU session for IMS services over 5GS.
To verify the DUT does not attempt to establish the PDU session for IMS services over 5GS if the network has not indicated IMS PS Voice support
Initial configuration
DUT and Network support 5G NR Option 2
Network support 5G and 4G RAN
IMS PDU Session type is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
Scenario A) “voice centric” device
DUT usage setting is “voice centric “
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST containing usage setting “data centric”
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT with  “IMS voice over PS session supported over 3GPP access = 0 ” – not supported


	2
	Observe that no PDU session establishment process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must not request a PDU session ustomization connection to the “IMS” DNN since the network is not supporting VxNR.
- UE shall autonomously reselects to E-UTRA

	3
	Check the RAT indicator and VxNR service indicator (if supported in DUT ustomization)
	DUT displays 4G RAT icon and does not display that is registered for VxNR according to the ustomization requirement.

	4
	At DUT initiate the voice call.
	User Interface allows the call establishment.
Voice call is sucessfuly established

	5
	Open the embedded browser application and load a webpage
	DUT establish PDU session for internet service in 4G
Web page is properly loaded.







Scenario B) is “data centric” device
DUT usage setting is “data centric “

	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST containing usage setting “data centric”
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT with  “IMS voice over PS session supported over 3GPP access = 0 ” – not supported

	3
	Check the RAT indicator and VxNR service indicator (if supported in DUT ustomization)
	DUT displays 5G RAT icon and does not display that is registered for VxNR according to the ustomization requirement.

	4
	At DUT initiate the voice call.
	User Interface does not allow the call establishment

	5
	Open the embedded browser application and load a webpage
	DUT establish PDU session for internet service in 5G
Web page is properly loaded.



93.1.1.3 Default PDU Session establishment - Unsuccessful (UICC Not Provisioned for IMS)
Description
When a non-provisioned UICC is used in an IMS enabled device on a VxNR network, the device shall handle IMS DNN PDU Session establishment rejections correctly.
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To confirm the DUT behaves correctly when receiving PDU Session establishment reject for IMS DNN.
Initial configuration
DUT and Network support 5G NR Option 2
Network support 5G and 4G RAN
IMS PDU Session type is configured with IPv4v6.
DUT is in offline mode (Flight mode enabled / powered off).
UICC used for this test is not IMS provisioned.
DUT usage setting is “data centric “
[bookmark: _Hlk127101715]
	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST 
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT with “IMS voice over PS session supported over 3GPP access = 1” – supported

	2
	Observe that PDU session establishment process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT requests a PDU session establisment connection to the “IMS” DNN since the network indicates supporting VxNR.
- Network sends PDU SESSION ESTABLISHMENT REQUEST
Check within the PDU SESSION ESTABLISHMENT REJECT message if Back-off timer is included.
Back-off Timer included:
Timer included (not deactivated or zero):
- DUT shall start back-off timer according to the value in T3396 and make a further PDU SESSION ESTABLISHMENT REQUEST message to the same IMS DNN only when the timer has expired.  Before back-off timer expiry, confirm DUT is camping to the network but without a VxNR registration.

Timer included (set to deactivated):
- DUT shall not make any further PDU SESSION ESTABLISHMENT REQUESTs until it is restarted or the SIM is removed.  

Timer included (set to zero):
- DUT may send a PDU SESSION ESTABLISHMENT REQUEST message to the same IMS DNN (depending on device implementation).

Back-off timer NOT included:  
Timer not included: Rejected with #8, #27, #32 or #33.
- DUT shall start back-off timer with a default value of 12 minutes and make a further PDU SESSION ESTABLISHMENT REQUEST to the same IMS DNN only when the timer has expired.  Before back-off timer expiry, confirm DUT is camping to the network but without a VxNR registration.

Timer not included: Rejected with any other cause:
- DUT may send a “PDN CONNECTIVITY REQUEST” message to the same IMS APN (depending on device implementation). 

N.B Some operators request the manufacturer to implement a specific timer value for their network rather than using the default timer value in the reject cause message. Please check with the network under test if no timer is included in the reject cause message.

	3
	Check the VxNR service indication (If supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for 5G services but not VxNR icon.

	4
	At DUT, receive MT SMS
	SMS is received over NAS
(If the network is not supporting SMS over NAS, then the SMS procedure will fail).


93.1.1.4 Default PDU Session Establishment – Unsuccessful (IMS Roaming not allowed by the network)        
Description
This test case checks that a VxNR capable device behaves properly in a visited 5G NR network that is not VxNR capable for roaming subscribers and can offer voice services.
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114,  
Reason for test
To verify the DUT does not attempt to Activate a PDU session for IMS services if the network has responded with IMS PS Voice not supported.
Initial configuration
DUT and NW support 5G NR Option 2.
VPLMN network has NR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN network is not supporting VxNR for roaming subscribers.
VPLMN network supports 5G and 4G RAN 
DUT usage setting is “voice centric “
IMS PDU Session type is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).

	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST containing usage setting “voice centric”
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT containing “IMS voice over PS session supported over 3GPP access =0” – not supported

	2
	Observe that no PDU session establishment process occurs on DUT.
	At DUT, check NAS protocol messages:
- DUT must not request a PDU session ustomization connection to the “IMS” DNN since the network is not supporting VxNR.
- UE shall autonomously reselects to E-UTRA

	3
	Check the RAT indicator and VxNR service indicator (if supported in DUT ustomization)
	DUT displays 4G RAT icon and does not display that is registered for VxNR according to the ustomization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	
	At DUT, receive MT SMS
	SMS is received over IMS

	4
	At DUT initiate the voice call.
	User Interface allows the call establishment.
Voice call is sucessfuly established




93.1.1.5 Default PDU Session Establishment – Successful (IMS Roaming  Allowed by Network)        
Description
This test case checks that a VxNR capable device with VxNR roaming enabled behaves properly in a visited 5G NR network that is VxNR capable for roaming subscribers. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114,  
Reason for test
It must be ensured that a VxNR capable device with VxNR roaming enabled can properly make and receive packet switched voice calls in VxNR roaming NW.
Initial configuration
DUT and NW support 5G NR Option 2.
VPLMN has an VxNR roaming agreement with the HPLMN of the SIM card used in the DUT. 
VPLMN is supporting VxNR for roaming subscribers.
DUT usage setting is “voice centric “
IMS PDU Session type is configured with Ipv4v6.
DUT is in offline mode (Flight mode enabled / powered off).

	-
	Test procedure
	Expected behaviour

	1
	Bring DUT online so it initiates initial registration procedures.

	At DUT, check NAS protocol messages:
- DUT sends REGISTRATION REQUEST containing usage setting “voice centric”
-DUT sends UE Capability Information containing “voiceOverNR” 
- Network sends REGISTRATION ACCEPT containing “IMS voice over PS session supported over 3GPP access”

	2
	Observe the IMS Default PDU Session establishment process on DUT.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with PDU session type 3 “Ipv4v6” and DNN “IMS”.
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT must not request another PDU connection to the “IMS” DNN for the other IP version

	3
	Check the VxNR service indication (If supported in DUT ustomization).
	DUT correctly displays an icon to indicate it is registered for VxNR according to the ustomization requirement.

	4
	At DUT, receive MT voice call from Client-1.
	VxNR Call is successfully established with 2-way audio.

	5
	At Client-1, end the voice call.
	Call is ended.

	
	At DUT, receive MT SMS
	SMS is received over IMS

	6
	At DUT, interrogate CFU via *#21# or user interface 
	DUT successfully interrogates CFU status.via PS Domain 




93.1.1.6 Default PDU Session Establishment/Release (VxNR Switch)
Description
The DUT shall successfully establish and release the default PDU session for VxNR services using the menu switch. 
Related core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To verify the DUT is able to establish and release the default PDU session for VxNR services using the VxNR menu switch. 
This test is only applicable to devices supporting a manual VxNR on/off switch.
Initial configuration
DUT and NW support 5G NR Option 2
IMS APN is configured with Ipv4v6.
DUT menu switch for VxNR is set to “on”.
DUT is registered for VxNR services

Scenario A) DUT usage setting is “data centric “device
	-
	Test procedure
	Expected behaviour

	1
	On DUT, set the VxNR menu setting to “off”.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION RELEASE REQUEST 
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE

	2
	Check the VxNR service indication (If supported in DUT ustomization).
	DUT no longer displays VxNR service indication.

	3
	Check the 5G service indication (If supported in DUT ustomization).
	DUT displays 5G service. 
DUT is still registered on 5G NR RAT

	4
	At Client-1 initiate a voice call towards DUT.
	Call is unsuccessful as DUT is not registered for IMS



Scenario B) DUT usage setting is “voice centric “device
	-
	Test procedure
	Expected behaviour

	1
	On DUT, set the VxNR menu setting to “off”.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION RELEASE REQUEST 
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE

	2
	Check the VxNR service indication (If supported in DUT ustomization).
	DUT no longer displays VxNR service indication.

	3
	Check the 5G service indication (If supported in DUT ustomization).
	DUT does not display 5G service. 
DUT shall start autonomous selection of E-UTRA and register on E-UTRA RAT

	4
	At Client-1 initiate a voice call towards DUT.
	Call is successful 



[bookmark: _Toc112016598][bookmark: _Toc156375089]93.1.2 IMS SIP Registration
93.1.2.1 IMS SIP Registration (Periodic, Out of Service during Server Timer Expiry)         
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA NG.114, Chapter 2.2.1
Reason for test
To verify the DUT can re-register after the Server timer has expired during out of service.
Initial configuration
DUT is successfully registered for IMS services (VxNR).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time longer than the Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.
	Confirm DUT performs an Initial Registration.
At DUT, check in SIP protocol messages:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.  

	4
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxNR)

	5
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.


93.1.2.2 IMS SIP Registration (Periodic, Out of Service during Re-registration Timer expiry but back in service before Server Timer Expiry)      
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA NG.114, Chapter 2.2.1
Reason for test
To verify the DUT is able to re-register after Re-registration timer expiry when DUT has temporarily lost coverage and returned to coverage before the Server timer has expired.
Initial configuration
DUT is successfully registered for IMS services (VxNR).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry timer values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry timer values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time longer than the Re-registration Time (Y) but shorter than the Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.

	The DUT may either perform initial registration or a re-registration over the existing set of security associations or TLS session.
At DUT, check in SIP protocol messages:
Initial Registration:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.   
Or
Re-registration:
- MO REGISTER message. 
- MT REGISTER 200 OK message. 

	4
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxNR).

	5
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	6
	At Client-1, end the voice call.
	Call is ended.



93.1.2.3 IMS SIP Registration (Periodic, Out of Service but back in service before Re-registration Timer and Server Timer Expiry)      
Description
The DUT shall successfully perform the Periodic SIP re-registration procedure with authentication based on AKA and Digest with IMS. 
Related core specifications
TS 24.229, 5.1.1.4., GSMA NG.114, Chapter 2.2.1
Reason for test
To verify the DUT is able to re-register after Re-registration timer expiry when DUT has temporarily lost coverage and returned to coverage before the Re-Registration and Server timer has expired.
Initial configuration
DUT is successfully registered for IMS services (VxNR).
Server Timer Expiry (X): The server timer expiry for Re-registration is known (This can be found in the MT REGISTER 200 OK message at Registration).
Re-registration Timer (Y):
For server timer expiry timer values <20, the re-registration timer shall take place when half of the server timer expiry time has elapsed.
For server timer expiry timer values >20, the re-registration timer shall take place 10 minutes before the server timer expires.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where it directly loses all coverage (such as a shielded box).
	DUT displays “No Service” indication.

	2
	Keep DUT out of service for a time shorter than the Re-registration Time (Y) and Server Timer Expiry (X).
	DUT displays “No Service” indication.

	3
	Move DUT to its initial area where the IMS connection is available.
Check the IMS service indication (if supported in DUT customization).
	At DUT, check there is no MO REGISTER message in the SIP protocol. 
DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxNR).

	4
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	5
	Observe DUT during expected re-registration time.
	The DUT may either perform initial registration or a re-registration over the existing set of security associations or TLS session.
At DUT, check in SIP protocol messages:
Initial Registration:
- MO REGISTER message. 
- MT REGISTER 401 Unauthorized message.
- MO REGISTER message. 
- MT REGISTER 200 OK message.   
Or
Re-registration:
- MO REGISTER message. 
- MT REGISTER 200 OK message.

	6
	Check the IMS service indication (if supported in DUT customization).
	DUT correctly displays an icon to indicate it is registered for IMS as per the service applicable (VxNR).

	7
	At DUT, receive MT voice call from Client-1.
	Call is successfully established with 2-way audio.

	8
	At Client-1, end the voice call.
	Call is ended.



[bookmark: _Toc112016599][bookmark: _Toc54003766][bookmark: _Toc156375090]93.2 VxNR – Basic Calls
[bookmark: _Toc112016600][bookmark: _Toc156375091]93.2.1 Voice Calls
93.2.1.1 PDU Session modification with associated QOS (MO Voice Call)
Description
The DUT shall successfully perform an MO VxNR call.
Related 3GPP core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To verify the DUT is correctly using the associated GBR QOS Flow for MO VxNR voice calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND with new QOS rules for dedicated bearer
- DUT sends PDU SESSION MODIFICATION COMPLETE
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND deleting QOS rules from step 1
- DUT sends PDU SESSION MODIFICATION COMPLETE
Call is ended.


93.2.1.2 PDU Session modification with associated QOS (MT Voice Call)    
Description
The DUT shall successfully perform an MT VxNR call.
Related 3GPP core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To verify the DUT is correctly using the associated GBR QOS Flow for MT VxNR voice calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND with new QOS rules for dedicated bearer
- DUT sends PDU SESSION MODIFICATION COMPLETE
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND deleting QOS rules from step 1
- DUT sends PDU SESSION MODIFICATION COMPLETE
Call is ended.



[bookmark: _Toc112016601][bookmark: _Toc156375092]93.2.2 Video Calls
93.2.1.1 PDU Session modification with associated QOS (MO Video Call)
Description
The DUT shall successfully perform an MO VxNR call.
Related 3GPP core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To verify the DUT is correctly using the associated GBR QOS Flow for MO VxNR video calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND with new QOS rules for dedicated bearer
- DUT sends PDU SESSION MODIFICATION COMPLETE
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, end the voice call.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND deleting QOS rules from step 1
- DUT sends PDU SESSION MODIFICATION COMPLETE
Call is ended.


93.2.1.2 PDU Session modification with associated QOS (MT Video Call)    
Description
The DUT shall successfully perform an MT VxNR call.
Related 3GPP core specifications
3GPP TS 23.228, TS 24.229, TS 33.203, TS 24.501, TS.23.501
GSMA NG.114
Reason for test
To verify the DUT is correctly using the associated GBR QOS Flow for MT VxNR video calls.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND with new QOS rules for dedicated bearer
- DUT sends PDU SESSION MODIFICATION COMPLETE
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At Client-1, end the video call.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND deleting QOS rules from step 1
- DUT sends PDU SESSION MODIFICATION COMPLETE
Call is ended.




[bookmark: _Toc112016602][bookmark: _Toc156375093]93.2.3 Emergency Calls  
93.2.3.1 Emergency Call (EMS Supported by Network)
91.2.3.1.1 Emergency Call over VxNR SoS APN
Description
The DUT shall successfully make Emergency Calls over VxNR. 
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
NG.114, chapter 5.1
Reason for test
To verify the DUT is able to initiate an Emergency call via IMS when registered for VxNR in a network supporting EM calls over IMS.
Initial configuration
DUT and NW support 5G NR Option 2.
Network is supporting Emergency Calls over VxNR (EMC = 1) and IMS services (IMS-VoPS-3GPP= 1)
DUT usage setting is “voice centric “
DUT is successfully registered for IMS services (VxNR).
Note: The following test cases covering Emergency calls over VxNR are written using the “SoS” APN.  However, some operators may use an alternative APN for Emergency calls.  Please clarify with the operator as to what the expected APN name will be in use for the Emergency Calls over VxNR.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with request type 2 “initial emergency request” being included in UL NAS TRANSPORT message
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration  and “To” containing Emergency service URN
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	At DUT, check in NAS protocol messages:
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE
Call is ended.



[bookmark: _Toc112016603]93.2.3.2.1 Emergency Call over 5GS (Not Supported by Network EMC=0/EMF=1) - EPS Fallback
Description
The DUT shall successfully make Emergency Calls using Emergency service fallback procedure if supported by the network.
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
NG.114, chapter 5.1
Reason for test
To verify the DUT is able to initiate an Emergency Service fallback in VxNR network and establish successful emergency call in LTE
Initial configuration
DUT and NW support 5G NR Option 2.
Network does not support Emergency Calls over VxNR (EMC = 0) 
Network does support Emergency service fallback (EMF = 1 Emergency services fallback supported in NR connected to 5GCN only)
DUT usage setting is “voice centric “
DUT is successfully registered for IMS services (VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT sends SERVICE REQUEST to the network with request type 4 “emergency services fallback” 
- Network initiates handover or redirection to E-UTRAN connected to EPS
- DUT shall disable N1 Mode capability by indicating “N1 Mode Support = False” in TRACKING AREA UPDATE or ATTACH REQUEST
- DUT starts IMS Emergency registration procedure in E-UTRAN. 
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing Emergency service URN
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended.
The criteria for re-enabling the N1 mode capability are UE implementation dependent



93.2.3.2.2 Emergency Call over 5GS (Not Supported by Network EMC=0/EMF=0) - EPS Fallback
Description
The DUT shall successfully make Emergency Calls using Emergency service fallback procedure if supported by the network.
Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301, TS 24.237
NG.114, chapter 5.1
Reason for test
To verify the DUT is able to initiate an Emergency Service fallback in VxNR network. 
Initial configuration
DUT and NW support 5G NR Option 2.
Network does not support Emergency Calls over VxNR (EMC = 0) 
Network does not support Emergency service fallback (EMF = 0 Emergency services fallback not supported)
Network does support IMS Emergency services in E-UTRAN
DUT usage setting is “voice centric “
DUT is successfully registered for IMS services (VxNR).

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO EM call to Emergency Services (112 or 911).
	DUT displays Emergency Call setup. 
At DUT, check NAS protocol messages:
- DUT autonomously starts selection of E-UTRAN  RAT
- DUT shall disable N1 Mode capability by indicating “N1 Mode Support = False” in TRACKING AREA UPDATE or ATTACH REQUEST
- DUT starts IMS Emergency registration procedure in E-UTRAN. 
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing Emergency service URN
Confirm 2-way audio between DUT and Emergency Services operator.

	2
	End the EM call.
	Call is ended. 
The criteria for re-enabling the N1 mode capability are UE implementation dependent



[bookmark: _Toc156375094]93.2.4 SIP Preconditions Required (Resource Available)
93.2.4.1 MO Voice Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.4.2 MT Voice Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message indicates “Precondition” within the “Supported” tag.
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.
- 

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.4.3 MO Voice Call – SIP Preconditions required -  DUT upgrades call to Video
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	3
	End the video call between DUT and Client-1.
	Call is ended.


93.2.4.4 MT Voice Call – SIP Preconditions required – Client upgrades call to Video
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Voice call from Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, select the in-call menu option to upgrade to a video call.
	Video Stream is successfully added.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
At DUT, check in SIP protocol messages:
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.
- MO OK message indicates “Precondition” within the “Supported” tag.

	3
	End the video call between DUT and Client-1.
	Call is ended.


93.2.4.5 MO Video Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO UPDATE message contains Local QoS setting: desired-status attribute (a=des)

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


93.2.4.6 MT Video Call – SIP Preconditions required
Description
When Resource is available, the DUT should update the QoS status when preconditions are met.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
To confirm when Resource is available, the DUT should update the QoS status when preconditions are met.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT and Client-1 are both supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources are available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MT INVITE message indicates “Precondition” within the “Supported” tag.
- MT INVITE message contains Local QoS setting: desired-status attribute (a=des)
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.


	2
	Answer the call at DUT.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


[bookmark: _Toc112016604][bookmark: _Toc156375095]93.2.5 SIP Preconditions Required (Resource Unavailable)
93.2.5.1 MO Voice Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends MO CANCEL message when QoS resource is unavailable for the voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO CANCEL message when QoS resource is unavailable for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for voice call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

	2
	Observe the call setup fails to establish.
	At DUT, check NAS protocol messages:
Dedicated bearer is not established.
At DUT, check in SIP protocol messages:
- MO CANCEL message.
Call setup is ended.


93.2.5.2 MT Voice Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends 580 PRECONDITION FAILURE message when QoS resource is unavailable for the voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends 580 PRECONDITION FAILURE message when QoS resource is unavailable for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for voice call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.


	2
	Observe the call setup fails to establish.
	At DUT, check NAS protocol messages:
Dedicated bearer is not established.
At DUT, check in SIP protocol messages:
- MO 580 PRECONDITION FAILURE message.
No missed call is indicated at DUT.


93.2.5.3 MO Voice Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the codec to the bitrate that matches the bandwidth allocated  for the dedicated bearer

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.5.4 MT Voice Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Voice call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the codec to the bitrate that matches the bandwidth allocated  for the dedicated bearer

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.5.5 MO Video Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for a video call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is unavailable to setup the call.
- MO UPDATE message is sent to downgrade the call to a voice call.

	2
	Answer the call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.5.6 MT Video Call – SIP Preconditions required – Resource Unavailable
Description
Confirm the DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is unavailable for the video call and establishes a voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources unavailable for a video call.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is unavailable to setup the call.
- MO UPDATE message is sent to downgrade the call to a voice call.

	2
	Answer the call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	3
	End the voice call between DUT and Client-1.
	Call is ended.


93.2.5.7 MO Video Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the video call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the video call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested video call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	At DUT, check in SIP protocol messages:
- MO INVITE message indicates “Precondition” within the “Supported” tag.
- MO INVITE message contains a=des: qos mandatory local “sendrecv”
- MO INVITE message contains a=des: qos optional remote “sendrecv”

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade the video codec to a bitrate that matches the bandwidth allocated for the dedicated bearer.

	2
	Answer the call at Client-1.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.


93.2.5.8 MT Video Call – SIP Preconditions required – Resource Insufficient
Description
Confirm the DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Related core specifications
GSMA NG.114, section 2.2.5
3GPP TS 24.229, RFC 3312, RFC 4032
Reason for test
Ensure that DUT sends MO UPDATE message when QoS resource is insufficient for the voice call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT and Client-1 are supporting SIP Precondition.
Network is supporting SIP Precondition.
QoS Resources insufficient for requested voice call codec.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, Receive MT Video call from Client-1.
	At DUT, check in SIP protocol messages:
- MO SESSION PROGRESS message indicates “Precondition” within the “Required” tag.

QoS is insufficient to setup the call.
- MO UPDATE message is sent to downgrade video codec to a bitrate that matches the bandwidth allocated for the dedicated bearer.

	2
	Answer the call at DUT.
	Confirm the video call is established.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the video call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc112016605][bookmark: _Toc156375096]93.2.6 Call Establishment Performance
93.2.6.1 MO Voice Call – Establishment Setup time (Relative measurement)
Description
The DUT shall successfully establish an MO VxNR call within a sufficient setup time.
Related 3GPP core specifications
GSMA NG.114
Reason for test
To verify the DUT establishes an MO VxNR call within a sufficient setup time.
Initial configuration
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can receive MT voice calls.
DUT, Client-1, Reference-1 are in idle mode upon each call attempt
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	DUT establishes MO call setup and is ringing to indicate the call to Client-1 has been successfully negotiated.
The call setup time is recorded.

	2
	At DUT, end the call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 19 more attempts.
	20 call setup times in total are recorded on DUT.
Calculate an average call setup time.

	4
	At Reference-1, perform steps 1 and 2 for 20 attempts.
	20 call setup times in total are recorded on Reference-1.
Calculate an average call setup time.

	5
	Compare the setup time between DUT and Reference-1.
	Call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in call setup time).


93.2.6.2 MO Voice Call – Establishment Setup time (Absolute measurement)
Description
The DUT shall successfully establish an MO VxNR call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxNR call within a sufficient setup time.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can receive MT voice calls.
DUT, Client-1, Reference-1 are in idle mode upon each call attempt
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	DUT establishes MO call setup and is ringing to indicate the call to Client-1 has been successfully negotiated.
The call setup time is recorded.

	2
	At DUT, end the call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 19 more attempts.
	20 call setup times in total are recorded on DUT.
Calculate an average call setup time.

	4
	At Reference-1, perform steps 1 and 2 for 20 attempts.
	20 call setup times in total are recorded on Reference-1.
Calculate an average call setup time.

	5
	Compare the setup time between DUT and Reference-1.
	Call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in call setup time).


93.2.6.3 MO Voice Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MO VxNR call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxNR call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	50 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	50 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


93.2.6.4 MO Voice Call – Establishment Success Rate (Absolute measurement)
Description
The DUT shall successfully establish an MO VxNR call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MO VxNR call over multiple attempts.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can receive MT voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
Answer call at Client-1.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	50 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	50 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


93.2.6.5 MT Voice Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MT VxNR call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MT VxNR call over multiple attempts.
Initial configuration
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can make MO voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	50 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	50 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


93.2.6.6 MT Voice Call – Establishment Success Rate (Absolute measurement)
Description
The DUT shall successfully establish an MT VxNR call.
Related 3GPP core specifications
GSMA IR.92
Reason for test
To verify the DUT establishes an MT VxNR call over multiple attempts.
Initial configuration
Test is done under lab conditions (optimum RF signal, no contention with other devices, and sufficient bandwidth of eNodeB).
DUT is successfully registered for IMS services (VxNR)
Reference-1, with similar capabilities to DUT is available and also registered for IMS services (VxNR)
Client-1 is any device that can make MO voice calls.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT voice call from Client-1.
Answer call at DUT.
	Confirm the voice call is established.
Confirm 2-way audio between DUT and Client-1.

	2
	At Client-1, end the call.
	Call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	50 calls in total are recorded on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	50 calls in total are recorded on Reference-1.

	5
	Compare the success rate between DUT and Reference-1.
	Call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in call success rate).


93.2.6.7 MO Video Call – Establishment Setup Time (Relative measurement)
Description
The DUT shall successfully establish an MO video call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call within a sufficient setup time.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1and Reference-1 are successfully registered for IMS services (VxNR).
DUT, Client-1, Reference-1 are in idle mode upon each call attempt
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	Ringing tone is heard on DUT.
The video call setup time is recorded.

	2
	At DUT, end the video call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 19 more attempts.
	Calculate an average video call setup time of 20 times on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 20 attempts.
	Video call setup times are recorded on Reference-1.
Calculate an average video call setup time of 20 times.

	5
	Compare the setup time between DUT and Reference-1.
	Video call setup time is comparable between DUT and Reference-1 (DUT is no worse than 10% slower in video call setup time).



93.2.6.8 Void
93.2.6.9 MO Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MO video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call over multiple attempts.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1and Reference-1 are successfully registered for IMS services (VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
Answer the call at Client-1.
	Confirm 2-way video stream between DUT and Client-1

	2
	At DUT, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	Calculate video call success rate on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	Calculate video call success rate on Reference-1.

	5
	Compare the call success rate between DUT and Reference-1.
	Video call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in video call success rate).



93.2.6.10 MT Video Call – Establishment Success Rate (Relative measurement)
Description
The DUT shall successfully establish an MT video call.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MT video call over multiple attempts.
Initial configuration
Reference-1 with similar capabilities to DUT is available
DUT, Client-1 and Reference-1 are successfully registered for IMS services (VxNR).
	-
	Test procedure
	Expected behaviour

	1
	At DUT, receive MT video call from Client-1.
Answer the call at DUT.
	Confirm 2-way video stream between DUT and Client-1

	2
	At Client-1, end the video call.
	Video call is ended.

	3
	At DUT, repeat steps 1 and 2 for 49 more attempts.
	Calculate video call success rate on DUT.

	4
	At Reference-1, perform steps 1 and 2 for 50 attempts.
	Calculate video call success rate on Reference-1.

	5
	Compare the call success rate between DUT and Reference-1.
	Video call success rate is comparable between DUT and Reference-1 (DUT is no worse than 10% in video call success rate).



93.2.6.11 MO Video Call – Establishment Setup Time (Absolute measurement)
Description
The DUT shall successfully establish an MO video call within a sufficient setup time.
Related 3GPP core specifications
GSMA IR.94
Reason for test
To verify the DUT establishes an MO video call within a sufficient setup time.
Initial configuration
Test is done under lab conditions (optimum RF signal and sufficient bandwidth of eNodeB).
DUT and Client-1 are successfully registered for IMS services (VxNR).
DUT; Client-1 are in idle mode. 
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
At DUT, measure the time from pressing the call button to when the ringing tone can be heard on DUT.
	Ringing tone is heard on DUT.
The video call setup time is recorded.

	2
	At DUT, end the video call setup.
	Call setup is ended.

	3
	At DUT, repeat steps 1 and 2 for 9 more attempts.
	Record the video call setup time for each attempt on DUT.
Calculate and record an average video call setup time of 20 times on DUT.



93.2.6.12 Void
[bookmark: _Toc112016606][bookmark: _Toc156375097]93.3 VxNR - SMS   
[bookmark: _Toc112016607][bookmark: _Toc156375098]93.3.1 SMS over VxNR (Supported by Network)
93.3.1.1 SMS over VxNR - MO SMS
Description
Verify the DUT can successfully send an MO SMS via VxNR.
Related core specifications
3GPP TS 24.341; 24.229
GSMA NG.114
Reason for test
To verify the DUT is able to send an MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT supports MO SMS over IMS.
The IMS server supports MO SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- MO MESSAGE message.
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.



93.3.1.2 SMS over VxNR - MT SMS
Description
Verify the DUT can successfully receive an MT SMS via VxNR.
Related core specifications
3GPP TS 24.341; 24.229
GSMA NG.114
Reason for test
To verify the DUT can receive an MT SMS over VxNR.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT supports MT SMS over IMS.
The IMS server supports MT SMS over IMS.
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- MT MESSAGE message.
SMS is successfully received on DUT.
The message content is identical to the message prepared on Client-1.



[bookmark: _Toc112016608][bookmark: _Toc156375099]93.3.2 SMS over VxNR (Not supported by Network)
93.3.2.1 SMS over VxNR (Not supported by Network) - MO SMS over NAS
Description
Verify the DUT can successfully send an MO SMS via NAS when the IMS server is not supporting MO SMS over IMS.
Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 25.301; TS 24.167
GSMA NG.114
Reason for test
To verify the DUT is able to send an MO SMS over NAS when the IMS server is not supporting MO SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT supports MO SMS over IMS and MO SMS over NAS.
The IMS server does not support MO SMS over IMS.
The 5GCN supports SMS over NAS
	-
	Test procedure
	Expected behaviour

	1
	Using the DUT messaging application, create a new SMS and enter the MSISDN of Client-1 as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to Client-1
	At DUT, check in SIP protocol messages:
- There is no MO MESSAGE.
DUT sends SMS message using UL NAS TRANSPORT procedure
SMS is successfully received on Client 1.
The message content is identical to the message prepared on DUT.




93.3.2.2 SMS over VxNR (Not supported by Network) - MT SMS over NAS
Description
Verify the DUT can successfully receive an MT SMS via NAS when the IMS server is not supporting MT SMS over IMS.
[bookmark: _Hlk80739493]Related core specifications
3GPP TS 24.341; TS 23.272; TS 23.221; TS 25.301; TS 24.167
GSMA NG.114
Reason for test
To verify the DUT is able to receive an MT SMS over NAS when the IMS server is not supporting MT SMS over IMS.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
The DUT supports MT SMS over IMS and MT SMS over NAS.
The IMS server does not support MT SMS over IMS.
The 5GCN supports SMS over NAS
	-
	Test procedure
	Expected behaviour

	1
	At Client-1, create a new SMS and enter the MSISDN of DUT as the recipient.
Enter 160 characters (1 segment) in the SMS text.
	The SMS is created.

	2
	Send the SMS to DUT
	At DUT, check in SIP protocol messages:
- There is no MT MESSAGE.
SMS is successfully received on DUT upon reception of DL NAS TRANSPORT message.
The message content is identical to the message prepared on Client-1.



[bookmark: _Toc112016609][bookmark: _Toc156375100]93.4 VxNR - Supplementary Services          
[bookmark: _Toc112016610][bookmark: _Toc156375101]93.4.1 Supplementary Services via VxNR (Supported by network)
93.4.1.1 Communication Forwarding Unconditional (CFU) 
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over Ut/XCAP while registered for IMS services. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
GSMA NG.114
Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding Unconditional over Ut/XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxNR)
All Communication Forwarding are erased at DUT.
Client-1 and Client-2 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	4
	At Client-2 end the call.
	Call is ended.

	5
	At DUT deactivate CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	7
	At DUT activate CFU.
	Confirm DUT indicates CFU is activated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	9
	At DUT erase CFU to MSISDN of Client-1.
	Confirm DUT indicates CFU is erased.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFU.
	Confirm DUT indicates CFU is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	11
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is received successfully on DUT.

	12
	End the voice call between DUT and Client-2.
	Call is ended.



93.4.1.2 Communication Forwarding on Busy User (CFB) 
Description
The DUT must be able to register/activate and erase/deactivate the Communication Diversion successfully over XCAP while registered for IMS service. When activated, the voice call shall be forwarded as expected for the Communication Diversion configured in the DUT.
Related core specifications
3GPP TS 24.229, TS 24.604
GSMA NG.114

Reason for test
To confirm the DUT is able to successfully register/activate and erase/deactivate Communication Forwarding on Busy User over XCAP when registered for IMS services.
Initial Configuration
Network under test supports Communication Diversion over Ut/XCAP.
DUT is successfully registered for IMS services (VxNR)
All Communication Forwarding are erased at DUT.
Communication Waiting is deactivated on DUT.
Client-1, Client-2 and Client-3 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT register CFB to MSISDN of Client-1. 
	Confirm DUT indicates CFB is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT make MO voice call to Client-3.
	Confirm the voice call is established.

	4
	At Client-2 make MO voice call to DUT.
	Confirm the voice call from Client-2 is forwarded to Client-1.
Confirm DUT shows no indication of the voice call from Client-2.

	5
	At Client-2 end the call.
	Call is ended.

	6
	At DUT end the call.
	Call is ended.

	7
	At DUT deactivate CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.

	8
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is still set as the destination number, even though the service is deactivated.

	9
	At DUT activate CFB.
	Confirm DUT indicates CFB is activated.
Confirm DUT used Ut/XCAP protocol.

	10
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is activated to MSISDN of Client-1.
Confirm DUT used Ut/XCAP protocol.
Confirm MSISDN of Client-1 is displayed as the destination number.

	11
	At DUT erase CFB to MSISDN of Client-1.
	Confirm DUT indicates CFB is erased.
Confirm DUT used Ut/XCAP protocol.

	12
	At DUT interrogate the status of CFB.
	Confirm DUT indicates CFB is deactivated.
Confirm DUT used Ut/XCAP protocol.
Confirm no destination number is pre-set anymore.

	13
	At DUT make MO voice call to Client-3.
	Confirm the voice call is established.

	14
	At Client-2 make MO voice call to DUT.
	Confirm Client-2 displays a notification that DUT is busy in another call (audible/visual) and the call is not forwarded.

	15
	End the voice call between DUT and Client-3.
	Call is ended.



93.4.1.3 Communication Waiting (CW) – Invocation – Activated in DUT – Accept and Hold
Description
For Terminal based Communication Waiting, the operation is handled at the DUT.  When a second incoming call is received, the DUT must handle the call according to the DUT Communication Waiting status.
Related core specifications
GSMA NG.114
3GPP TS 24.615
Reason for test
To verify when Terminal based Communication Waiting is activated and the DUT is in an ongoing voice call, the DUT indicates to the user when a 2nd incoming call is received.  If the 2nd incoming call is answered, the initial call can be placed on hold.
Initial configuration
Communication Waiting is activated in the network.
DUT is successfully registered for IMS services (VxNR)
Communication Waiting is activated in the DUT.
Client-1 and Client-2 required.
Scenario A: Voice
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Voice call to Client-1.
	Confirm Voice call with Client-1 is established.
Confirm 2-way audio.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	5
	At DUT, end all calls.
	Confirm all calls are released.


Scenario B: Video
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO Video call to Client-1.
	Confirm Video call with Client-1 is established.
Confirm 2-way audio.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, receive MT Voice call from Client-2.
	Confirm DUT has an audible / visual notification that a 2nd incoming call from Client-2 is waiting.

	3
	At DUT, accept the Voice call from Client-2 and put the Video call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released.
Confirm the active call with Client-2 is stable with 2-way audio.

	5
	At DUT, end all calls.
	Confirm all calls are released.



93.4.1.4 MO & MT Voice Communication Hold
Description
MO and MT Communication Hold operation during an IMS Voice call
Related core specifications
3GPP TS 24.173, 3GPP TS 24.610
GSMA NG.114
Reason for test
To ensure there is no audio in either direction when the call is placed on hold by both parties.  There is only 2-way audio when both parties have retrieved the call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
DUT is an ongoing Voice call with Client-1.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, place Client-1 on hold using the menu option.
	Confirm there is a visible indication on the DUT that the call is held.
Confirm there is no audio on invoking side (DUT)

	2
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by DUT).

	3
	At Client-1, place DUT on hold.
	Confirm there is a visible notification on the DUT that the call has been placed on hold (if supported by server).
Confirm there is no audio in either direction.

	4
	Wait 15 seconds.
	Confirm call is on hold in both directions (Held by DUT and Client-1).

	5
	At DUT, retrieve the call using the menu option.
	Confirm the call from DUT to Client-1 is retrieved but there is still no audio in either direction because the call from Client-1 to DUT remains held.
If supported by the network – an announcement will be played at held party instead of no audio in both directions.

	6
	Wait 15 seconds.
	Confirm call is on hold in 1 direction (Held by Client-1).

	7
	At Client-1, retrieve the call.
	Confirm the call with DUT is restored.
Confirm there is a visible notification on the DUT that the call has been retrieved (if supported by server).
Confirm 2-way audio between DUT and Client-1.

	8
	At DUT, end the voice call.
	Confirm the call is successfully ended.
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93.5.1.1 Voice Call setup during Active Data Transfer
Description
The DUT shall successfully setup a VxNR call during an active data transfer.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxNR call during an active data transfer Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.
	
	Test procedure
	Expected behaviour

	1
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).

	2
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Data transfer is ongoing on DUT.

	3
	At DUT, end the voice call with Client-1.
	Call is ended.
Data transfer is ongoing on DUT.

	4
	At DUT, receive MT voice call from Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Data transfer is ongoing on DUT.

	5
	At Client-1, end the voice call with DUT.
	Call is ended.
Data transfer is ongoing on DUT.

	6
	End the data download.
	Data transfer is stopped.


93.5.1.2 Data Transfer setup during Active Voice Call
Description
The DUT shall successfully perform data transfer during an ongoing VxNR call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer during an ongoing VxNR call
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).
Call is ongoing with Client-1.

	3
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	4
	At DUT, end the voice call with Client-1.
	Call is ended.


93.5.1.3 Voice Call setup during Active Data Transfer over Wi-Fi
Description
The DUT shall successfully setup a VxNR call during an active data transfer over Wi-Fi.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxNR call during an active data transfer over Wi-Fi.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the 5G SA network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.

	3
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	4
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.

	5
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Data transfer over Wi-Fi is ongoing on DUT.

	6
	At DUT, end the voice call with Client-1.
	Call is ended.
Data transfer over Wi-Fi is ongoing on DUT.

	7
	End the data download.
	Data transfer is stopped.

	8
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.


93.5.1.4 Data Transfer over Wi-Fi setup during Active Voice Call
Description
The DUT shall successfully perform data transfer over Wi-Fi during an ongoing VxNR call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer over Wi-Fi during an ongoing VxNR call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the 5G SA network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.

	3
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
Call is ongoing with Client-1.

	4
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	5
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.
Call is ongoing with Client-1.

	6
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	7
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
Call is ongoing with Client-1.

	8
	At DUT, end the voice call with Client-1.
	Call is ended.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.
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93.5.2.1 Video Call setup during Active Data Transfer
Description
The DUT shall successfully setup a VxNR call during an active data transfer.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxNR call during an active data transfer.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.

	-
	Test procedure
	Expected behaviour

	1
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).

	2
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer is ongoing on DUT.

	3
	At DUT, end the video call with Client-1.
	Call is ended.
Data transfer is ongoing on DUT.

	4
	At DUT, receive MT video call from Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer is ongoing on DUT.

	5
	At Client-1, end the video call with DUT.
	Call is ended.
Data transfer is ongoing on DUT.

	6
	End the data download.
	Data transfer is stopped.


93.5.2.2 Data Transfer setup during Active Video Call
Description
The DUT shall successfully perform data transfer during an ongoing VxNR call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer during an ongoing VxNR call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
If the DUT is supporting a Carrier Aggregation combination of the network then this shall be used when performing the active data transfer.
	
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.
(If DUT is supporting a Carrier Aggregation of the network then CA is successfully established).
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	4
	At DUT, end the video call with Client-1.
	Call is ended.


93.5.2.3 Video Call setup during Active Data Transfer over Wi-Fi
Description
The DUT shall successfully setup a VxNR call during an active data transfer over Wi-Fi.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can successfully setup a VxNR call during an active data transfer over Wi-Fi.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the 5G SA network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.

	3
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	4
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.

	5
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.
Data transfer over Wi-Fi is ongoing on DUT.

	6
	At DUT, end the video call with Client-1.
	Call is ended.
Data transfer over Wi-Fi is ongoing on DUT.

	7
	End the data download.
	Data transfer is stopped.

	8
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.


93.5.2.4 Data Transfer over Wi-Fi setup during Active Video Call
Description
The DUT shall successfully perform data transfer over Wi-Fi during an ongoing VxNR call.
Related 3GPP core specifications
3GPP TS 24.229 
Reason for test
To verify the DUT can perform data transfer over Wi-Fi during an ongoing VxNR call.
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR).
DUT preference for internet is access is Wi-Fi preferred, Mobile data secondary.
DUT has VxWi-Fi calling disabled in the menu (or is not supporting VxWi-Fi).
Wi-Fi hotspot that provides a connection to the internet is available.
	-
	Test procedure
	Expected behaviour

	1
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the 5G SA network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  

	2
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	3
	At DUT, enable Wi-Fi and connect to the Wi-Fi hotspot.
	DUT displays the Wi-Fi connection icon to indicate it is connected to the Wi-Fi hotspot.
Call is ongoing with Client-1.

	4
	At DUT open the browser and load the page “www.whatismyip.com”.
This will display the IP address and ISP for the Wi-Fi network the DUT is registered on.
Make a note of these.
	IP address and ISP is displayed.  
The IP and ISP in this step should be different to that in step 1.


	5
	At DUT, download a large file from an external server.
	Data transfer is ongoing over Wi-Fi on DUT.
Call is ongoing with Client-1.

	6
	End the data download.
	Data transfer is stopped.
Call is ongoing with Client-1.

	7
	At DUT, disable Wi-Fi.
	Wi-Fi connection icon disappears.
Call is ongoing with Client-1.

	8
	At DUT, end the video call with Client-1.
	Call is ended.
DUT still displays the VxNR icon to indicate VxNR calls are available according to the ustomization requirement.
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93.6.1.1 Service Reselection – NG to E-UTRA – Idle
Description
This test case checks if the DUT is VxNR registered and moves to an area where NG-RAN network is not available, it can successfully establish MO and MT voice calls using VxLTE in E-UTRAN.
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between NG-RAN and E-UTRAN.
Initial Configuration
Network is supporting NG-RAN and E-UTRAN.
Network supports IMS services on both RAT
DUT is configured to LTE/5G mode (or tested in an area where the only available networks are E-UTRAN and NG-RAN).
DUT is successfully registered for IMS services (VxNR) in NG-RAN
DUT is in IDLE state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no NG-RAN network is available, so it reselects to a E-UTRAN network.
	DUT reselects from NG-RAN to E-UTRAN and performs a Tracking Area update procedure.
DUT does not send a new REGISTER message upon RAT change
DUT displays VxLTE service indication.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in IMS domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in IMS domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.



93.6.1.2 Service Reselection – E-UTRA to NG – Idle
Description
This test case checks if the DUT is VxLTE registered in E-UTRAN and moves to an area where NG-RAN network is available, it can successfully establish MO and MT voice calls using VxNR in NG-RAN
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between E-UTRAN and NG-RAN.
Initial Configuration
Network is supporting E-UTRAN and NG-RAN.
Network supports IMS services on both RAT
DUT is configured to LTE/5G mode (or tested in an area where the only available networks are E-UTRAN and NG-RAN).
DUT is successfully registered for IMS services (VxLTE) in E-UTRAN
DUT is in IDLE state.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no E-UTRAN network is available, so it reselects to a NG-RAN network.
	DUT reselects from E-UTRAN to NG-RAN and performs a Registration Update procedure.
DUT does not send a new REGISTER message upon RAT change
DUT displays VxNR service indication.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in IMS domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in IMS domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.



[bookmark: _Toc112016616][bookmark: _Toc85547320][bookmark: _Toc156375107]93.6.2 Service continuity after Handover/Release redirect
93.6.2.1 VxNR to VxLTE Service – During Data Transfer
Description
This test case checks if the DUT is VxNR registered with an active data transfer ongoing, moves to an area where VxNR network is not available, it can successfully establish MO and MT voice calls over VxLTE.
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between 5G SA and E-UTRAN.
Initial Configuration
Network is supporting 5G SA and E-UTRAN. 
Network supports VxNR and VxLTE services

DUT is configured to have only 5G/E-UTRAN (or tested in an area where the only available networks are E-UTRAN and 5G SA).
DUT is successfully registered for IMS services (VxNR).
DUT is in CONNECTED state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where no 5G SA network is available so the network performs a Handover / Release redirect to a E-UTRAN network.
	DUT performs Handover / Release redirect from 5G SA to E-UTRAN.  
Confirm data transfer continues in the E-UTRAN network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxLTE domain with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxLTE domain with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.



93.6.2.2 VxLTE to VxNR Service – During Data Transfer 
Description
This test case checks if the DUT moves from E-UTRAN with VxLTE support to a VxNR supported 5G SA network during an active data transfer, it is able to successfully making and receiving calls over VxNR.
This test case checks if the DUT is VxLTE registered with an active data transfer ongoing, moves to an area where VxNR network is available, it can successfully establish MO and MT voice calls over VxNR
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to perform MO and MT voice calls when changing RAT between 5G SA and E-UTRAN.
Initial Configuration
Network is supporting 5G SA and E-UTRAN. 
Network supports VxNR and VxLTE services

DUT is configured to have only 5G/E-UTRAN (or tested in an area where the only available networks are E-UTRAN and 5G SA).
DUT is successfully registered for IMS services (VxNR).
DUT is in CONNECTED state with an ongoing data transfer.
	-
	Test procedure
	Expected behaviour

	1
	Move DUT to an area where 5G SA network is available so the network performs a Handover / Release redirect to 5G SA network.
	DUT performs Handover / Release redirect from E-UTRAN to 5G SA.  
Confirm data transfer continues in the 5G SA network.

	2
	At DUT, Receive MT voice call Client-1.  

	Call is successfully established in VxNR with 2-way audio.

	3
	End the voice call between DUT and Client-1.
	Call is ended.

	4
	At DUT, make MO voice call to Client-1.
	Call is successfully established in VxNR with 2-way audio.

	5
	End the voice call between DUT and Client-1.
	Call is ended.

	6
	End the data transfer at DUT.
	Data transfer is stopped.



[bookmark: _Hlk99963115][bookmark: _Toc85547321][bookmark: _Hlk87972780]93.6.2.3 VxNR to VxLTE Service – 1 Active Call, 1 Held Call
Description
The DUT shall successfully perform RAT change from 5G SA to E-UTRAN while a call is held and a 2nd call is active.
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to successfully maintain multiple voice calls when changing RAT between 5G SA and E-UTRAN.
Initial Configuration
Network is supporting 5G SA and E-UTRAN. 
Network supports VxNR and VxLTE services
DUT is configured to have only 5G/E-UTRAN (or tested in an area where the only available networks are E-UTRAN and 5G SA).
DUT is successfully registered for IMS services (VxNR).
Client-1 and Client-2 are in a static location where no cell changes will occur
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with Client-1 over VxNR.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting with incoming VxNR call from Client-2.

	3
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	Move DUT to an area where no 5G SA network is available so the network commands a Handover to E-UTRAN.
	DUT performs Handover from 5G SA to E-UTRAN  
Call with Client-1 remains held..
Call with Client-2 remains active with 2-way audio.


	5
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released
Confirm the active call with Client-2 is stable with 2-way audio

	6
	End the voice call between DUT and Client-2.
	Call is ended.



93.6.2.4 VxLTE to VxNR Service – 1 Active Call, 1 Held Call
Description
The DUT shall successfully perform RAT change from E-UTRAN to 5G SA while a call is held and a 2nd call is active 
Related core specifications
GSMA IR.92; NG.114
Reason for test
The DUT must be able to successfully maintain multiple voice calls when changing RAT between 5G SA and E-UTRAN.
Initial Configuration
Network is supporting 5G SA and E-UTRAN. 
Network supports VxNR and VxLTE services
DUT is configured to have only 5G/E-UTRAN (or tested in an area where the only available networks are E-UTRAN and 5G SA).
DUT is successfully registered for IMS services (VxLTE).
Client-1 and Client-2 are in a static location where no cell changes will occur.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established with Client-1 over VxLTE.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, receive MT voice call from Client-2.
	DUT is alerting with incoming VxLTE call from Client-2.

	3
	At DUT, accept the Voice call from Client-2 and put the Voice call with Client-1 on hold.
	Confirm DUT puts Client-1 on hold.
Confirm Voice call with Client-2 is established. Confirm 2-way audio.

	4
	Move DUT to an area where no E-UTRA network is available ( or 5G SA network is stronger than the E-UTRAN)  so the network commands a Handover to 5G SA.
	DUT performs Handover from E-UTRAN  to 5G SA
Call with Client-1 remains held..
Call with Client-2 remains active with 2-way audio.


	5
	At Client-1, end the call with DUT.
	Confirm the held call with Client-1 is released
Confirm the active call with Client-2 is stable with 2-way audio

	6
	End the voice call between DUT and Client-2.
	Call is ended.




[bookmark: _Toc112016617][bookmark: _Toc156375108]93.6.3 Service continuity during handovers
93.6.3.1 Active Voice Call
Description
The DUT shall maintain the VxNR call during 5G SA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a VxNR call along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same gNodeBs.
· Cells not sharing the same gNodeB.
· Cells using a different AMF.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.

	2
	Move DUT along the test route 

	VxNR call remains active with 2-way audio throughout the route.
No call drops are observed.

	3
	At the end of the route, end the voice call between DUT and Client-1.
	Call is ended.


93.6.3.2 Active Voice Call, Data Transfer
Description
The DUT shall maintain the VxNR call during 5G SA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a VxNR call and FTP download along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same gNodeB.
· Cells not sharing the same gNodeB.
· Cells using a different AMF.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO voice call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT along the test route 

	VxNR call remains active with 2-way audio throughout the route.
No call drops are observed.
Data transfer is stable throughout the route.

	4
	At the end of the route, end the voice call between DUT and Client-1.
	Call is ended.

	5
	At the end of the route, end the data download.
	Data transfer is stopped.


93.6.3.3 Active Video Call
Description
The DUT shall maintain the Video call during 5G SA Handovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a Video call along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same gNodeB.
· Cells not sharing the same gNodeB.
· Cells using a different AMF.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	Move DUT along the test route 

	Video call remains active with 2-way audio / video media stream throughout the route.
No call drops are observed.

	3
	At the end of the route, end the video call between DUT and Client-1.
	Call is ended.


93.6.3.4 Active Video Call, Data Transfer
Description
The DUT shall maintain the Video call during 5G SAHandovers.
Related 3GPP core specifications
3GPP TS 24.229
Reason for test
To verify the DUT can maintain a Video call and FTP download along a test route which covers multiple Handover procedures. 
Initial configuration
DUT and Client-1 are successfully registered for IMS services (VxNR)
Client-1 is in a static location where no cell changes will occur.
Ideally, the test route should contain as many of the scenarios as possible:
· Cells within the same Tracking Area.
· Cells in different Tracking Areas.
· Cells sharing the same gNodeB.
· Cells not sharing the same gNodeB.
· Cells using a different AMF.
· Cells using the same frequency.
· Areas of poor signal strength.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, make MO video call to Client-1.
	Call is successfully established over VxNR.
Confirm 2-way audio between DUT and Client-1.
Confirm 2-way video media stream between DUT and Client-1.

	2
	At DUT, download a large file from an external server.
Note:
This can be via an internal FTP application or via a tethered laptop connection.
	Data transfer is ongoing on DUT.

	3
	Move DUT along the test route 

	Video call remains active with 2-way audio / video media stream throughout the route.
No call drops are observed.
Data transfer is stable throughout the route.

	4
	At the end of the route, end the video call between DUT and Client-1.
	Call is ended.

	5
	At the end of the route, end the data download.
	Data transfer is stopped.



[bookmark: _Toc156375109]94 IP Multimedia Subsystem (IMS)-eCall
[bookmark: _Toc156375110]94.1 Basic Test scenarios for IVS
[bookmark: _Toc156375111]94.1.1 Initiation of manual IMS eCall
Description

The DUT shall successfully make IMS eCall with manual service URN

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301
IETF RFC 8147
CEN EN 15722

Reason for test

To verify if the DUT is able to initiate IMS eCall when registered to a network supporting eCall over IMS.

Scenario A: E-UTRAN Access
Initial configuration
Network is supporting E-UTRAN..
Network is supporting eCall over IMS in LTE SIB 1
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is configured for IMS PS Voice preferred, CS Secondary or IMS PS Voice only.
DUT is in eCall capable mode.

Note:
The following test cases covering eCall over IMS are written using the “SoS” APN. 
However, some operators may use an alternative APN for eCalls.  Please clarify with the operator as to what the expected APN name will be in use for the ECalls over IMS

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates a manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.manual”. 
- MO INVITE contains MSD information indicating (automaticActivation = false)
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



Scenario B: NR Access

Initial configuration
DUT and NW support 5G NR Option 2
Network is supporting eCall over IMS in NR SIB 1
Network is supporting Emergency Calls over VxNR (EMC = 1) and IMS services (IMS-VoPS-3GPP= 1)
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is successfully registered for IMS Serveices (VxNR)
DUT is in eCall capable mode.

Note:
The following test cases covering eCall over IMS are written using the “SoS” APN. 
However, some operators may use an alternative APN for eCalls.  Please clarify with the operator as to what the expected APN name will be in use for the ECalls over IMS

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates a manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with request type 2 “initial emergency request” being included in UL NAS TRANSPORT message
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.manual”. 
- MO INVITE contains MSD information indicating (automaticActivation = false)
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE
Call is ended.





[bookmark: _Toc156375112]94.1.2 Initiation of automatic IMS eCall
Description

The DUT shall successfully make IMS eCall with automatic service URN

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301
IETF RFC 8147
CEN EN 15722

Reason for test

To verify if the DUT is able to initiate IMS eCall when registered to a network supporting eCall over IMS.
Scenario A: E-UTRAN Access
Initial configuration
Network is supporting E-UTRAN.
Network is supporting eCall over IMS in LTE SIB 1
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is configured for IMS PS Voice preferred, CS Secondary or IMS PS Voice only.
DUT is in eCall capable mode.

Note:
The following test cases covering eCall over IMS are written using the “SoS” APN. 
However, some operators may use an alternative APN for Ecalls.  Please clarify with the operator as to what the expected APN name will be in use for the ECalls over IMS

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic”. 
- MO INVITE contains MSD information indicating (automaticActivation = true)
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.



Scenario B: NG Access
Reason for test

To verify if the DUT is able to initiate IMS eCall when registered to NR network supporting eCall over IMS.

Initial configuration

DUT and NW support 5G NR Option 2
Network is supporting eCall over IMS in NR SIB 1
Network is supporting Emergency Calls over VxNR (EMC = 1) and IMS services (IMS-VoPS-3GPP= 1)
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is successfully registered for IMS Serveices (VxNR)
DUT is in eCall capable mode.

Note:
The following test cases covering eCall over IMS are written using the “SoS” APN. 
However, some operators may use an alternative APN for eCalls.  Please clarify with the operator as to what the expected APN name will be in use for the ECalls over IMS

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with request type 2 “initial emergency request” being included in UL NAS TRANSPORT message
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic”. 
- MO INVITE contains MSD information indicating (automaticActivation = True)
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE
Call is ended.



[bookmark: _Toc156375113]94.1.6 IVS clears down the eCall upon timer T2 expiry
Description

The DUT shall successfully clear-down eCall over IMS after expiry of Call cleardown Fallback Timer (CCFT) T2

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301
IETF RFC 8147
EN 16062:2015
Reason for test
To verify if the DUT does not receive call clear-down indication for ongoing IMS eCall from mobile network or from the PSAP and the Timer T2 is expired, then eCall shall be cleared down by the IVS.
. 
Initial configuration
Network is supporting E-UTRAN.
Network is supporting eCall over IMS in LTE SIB 1
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is configured for IMS PS Voice preferred, CS Secondary or IMS PS Voice only.
DUT is in eCall capable mode.
PSAP has the ability to record the call-back identifier of DUT.
Note: This test scenario is RAT Agnostic. For simplicity, The test scenario is described using E-UTRAN access.

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic or manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic” or “urn:service:sos.ecall.manual”
- MO INVITE contains MSD information indicating URN type.
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.
AT DUT, Timer T2 (60 mins) has started. voice call is active for the duration of Timer T2.

	2
	IVS clears down the call.
	At DUT, 
Timer T2 has expired.
Check in SIP messages:
- At DUT, Sends BYE.
- DUT receives 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.




[bookmark: _Toc156375114]94.1.7 IVS remain registered for ≥ 1 hr
Description

After clear down of eCall over IMS, The DUT remains registered to mobile network for the duration of minimum network registration period (Timer T9) to allow a call-back from the PSAP if required.

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301
IETF RFC 8147
EN 16062:2015
Reason for test
To verify if the DUT remains registered to mobile network for the duration of Timer T9 to allow call-back from PSAP.
Initial configuration
Network is supporting E-UTRAN.
Network is supporting eCall over IMS in LTE SIB 1
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is configured for IMS PS Voice preferred, CS Secondary or IMS PS Voice only.
DUT is in eCall capable mode.
PSAP has the ability to record the call-back identifier of DUT.
Note: This test scenario is RAT Agnostic. For simplicity, The test scenario is described using E-UTRAN access.

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic or manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic” or “urn:service:sos.ecall.manual”
- MO INVITE contains MSD information indicating URN type.
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.
AT DUT, Timer T9 (60 mins) has started. DUT remains registered to network to allow callback from PSAP.

	3
	After 59 Mins, At DUT, receive MT voice call from PSAP
	At DUT, check SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- DUT sends 200 OK response and answers call automatically.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- Confirm 2-way audio between DUT and PSAP operator.
- eCall is not disconnected by IVS.

	4
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Call is ended.



[bookmark: _Toc156375115]94.1.9 PSAP initiated callback to IVS
Description

The DUT shall successfully receive a voice call over IMS from PSAP.

Related core specifications
3GPP TS 23.167, TS 24.229, TS 24.301
IETF RFC 8147
Reason for test
To verify if the DUT is able to receive a voice call from PSAP, when registered to an IMS eCall capable network.

Scenario A: E-UTRAN Access
Initial configuration
Network is supporting E-UTRAN.
Network is supporting eCall over IMS in LTE SIB 1
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is configured for IMS PS Voice preferred, CS Secondary or IMS PS Voice only.
DUT is in eCall capable mode.
PSAP has the ability to record the call-back identifier of DUT.

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic or manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDN CONNECTIVITY REQUEST to the network with Request type 4 “Emergency”.
- Network sends ACTIVATE DEFAULT EPS BEARER CONTEXT REQUEST to DUT with APN “SoS”. 
- DUT sends ACTIVATE DEFAULT BEARER CONTEXT ACCEPT to the network.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic” or “urn:service:sos.ecall.manual”
- MO INVITE contains MSD information indicating URN type.
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
Call is ended.
AT DUT, Timer T9 (60 mins) has started. DUT remains registered to network to allow callback from PSAP.

	3
	At DUT, receive MT voice call from PSAP
	At DUT, check SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- DUT sends 200 OK response and answers call automatically.
- Network sends ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
- DUT sends ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
- Confirm 2-way audio between DUT and PSAP operator.

	4
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends DEACTIVATE EPS BEARER CONTEXT REQUEST
- DUT sends DEACTIVATE EPS BEARER CONTEXT ACCEPT
- Call is ended.



Scenario B: NR Access

Reason for test

To verify if the DUT is able to receive a voice call from PSAP, when registered to NR network.

Initial configuration

DUT and NW support 5G NR Option 2
Network is supporting eCall over IMS in NR SIB 1
Network is supporting Emergency Calls over VxNR (EMC = 1) and IMS services (IMS-VoPS-3GPP= 1)
DUT is configured as Voice centric.
DUT is configured in Automatic RAT mode.
DUT is successfully registered for IMS Serveices (VxNR)
DUT is in eCall capable mode.

	-
	Test procedure
	Expected behaviour

	1
	DUT initiates an automatic or manual eCall.
	At DUT, check NAS protocol messages:
- DUT sends PDU SESSION ESTABLISH REQUEST to the network with request type 2 “initial emergency request” being included in UL NAS TRANSPORT message
- Network sends PDU SESSION ESTABLISHMENT ACCEPT
- DUT starts IMS Emergency registration procedure
- DUT sends INVITE with “From” identity being equal to public identity received during IMS emergency registration and “To” containing service URN “urn:service:sos.ecall.automatic” or “urn:service:sos.ecall.manual”
- MO INVITE contains MSD information indicating URN type.
- MO INVITE contains Geographical Location information.
 - DUT receives 200OK (INVITE) response with positive acknowledgement for the MSD from PSAP.
- Confirm 2-way audio between DUT and PSAP operator.

	2
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends PDU SESSION RELEASE COMMAND
- DUT sends PDU SESSION RELEASE COMPLETE
Call is ended.
AT DUT, Timer T9 (60 mins) has started. DUT remains registered to network to allow callback from PSAP.

	3
	At DUT, receive MT voice call from PSAP
	At DUT, check SIP protocol messages:
- MT INVITE contains “m=audio” supported (not zero)
- DUT sends 200 OK response and answers call automatically.
- Network sends PDU SESSION MODIFICATION COMMAND with new QOS rules for dedicated bearer
- DUT sends PDU SESSION MODIFICATION COMPLETE
- Confirm 2-way audio between DUT and PSAP operator.

	4
	PSAP clears down the call.
	At DUT, check in SIP messages:
- At DUT, BYE request is received.
- DUT sends 200 OK to clear down the call.
check in NAS protocol messages:
- Network sends PDU SESSION MODIFICATION COMMAND deleting QOS rules from step 3
- DUT sends PDU SESSION MODIFICATION COMPLETE
- Call is ended.
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Type of emergency service

Emergency service URN

Police urn:service:sos.police
Ambulance urn:service:sos.ambulance
Fire Brigade urn:service:sos.fire

Marine Guard

urn:service:sos.marine

Mountain Rescue

urn:service:sos.mountain





