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[bookmark: _Toc85547264]90 IP Multimedia Subsystem (IMS)-IP-CAN independent
[bookmark: _Toc85547265]90.1 IP-CAN Independent – System Access & Registration
[bookmark: _Toc85547266]90.1.1 IMS SIP Registration
[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-FiVxLTE/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
GSMA IR.51, Chapter 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-FiVxLTE/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: _Toc85547267]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
TS 24.229, 
GSMA IR.92 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
TS 24.229, 
GSMA IR.92 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: _Toc85547268]90.2 IP-CAN Independent – Basic Calls
[bookmark: _Toc85547269]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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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: _Toc85547270]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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR)
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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/VxNRVxLTE).
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: _Toc85547271]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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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: _Toc85547272]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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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: _Toc85547274]90.2.6 SIP Preconditions Required (Resource Unavailable)
[bookmark: _Toc85547275]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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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
GSMA IR.92, 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-FiVxLTE/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: _Toc85547276]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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is not supporting video calls over IMS (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/VxWi-Fi/VxNR).
DUT is not supporting video calls over IMS (VxLTE/VxWi-FiVxLTE/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-FiVxLTE/VxWi-Fi/VxNR).
Client-1 is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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: _Toc85547277]90.3 IP-CAN Independent – SMS
[bookmark: _Toc85547278]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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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
GSMA IR.92 2.5
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-FiVxLTE/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: _Toc85547279]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: _Toc85547280]90.4.0 General
[bookmark: _Toc85547281]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-FiVxLTE/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-FiVxLTE/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: _Toc85547282]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-FiVxLTE/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-FiVxLTE/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: _Toc85547283]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-FiVxLTE/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: _Toc85547284]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-FiVxLTE/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: _Toc85547285]90.4.5 Malicious Communication Identification (MCID)
[bookmark: _Toc85547286]90.4.6 Anonymous Communication Rejection (ACR)
[bookmark: _Toc85547287]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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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: _Toc85547288]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-FiVxLTE/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
GSMA IR.92, clause 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-FiVxLTE/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
GSMA IR.92, sub clause 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-FiVxLTE/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
GSMA IR.92, sub clause 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-FiVxLTE/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
GSMA IR.92, sub clauses 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-FiVxLTE/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
GSMA IR.92, sub clause 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-FiVxLTE/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
GSMA IR.92, clause 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-FiVxLTE/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; 
GSMA IR.92, clause 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
GSMA IR.92, clause 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-FiVxLTE/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: _Toc85547289]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-FiVxLTE/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
GSMA IR.92, section 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-FiVxLTE/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
GSMA IR.92, section 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-FiVxLTE/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
GSMA IR.92, section 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-FiVxLTE/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
GSMA IR.92, section 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-FiVxLTE/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
GSMA IR.92, section 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-FiVxLTE/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: _Toc85547290]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
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.
DUT is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/VxWi-Fi/VxNR)
Client-1 required.
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAIC.
	Confirm DUT indicates BAIC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAIC.
	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
	Confirm DUT indicates BAIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	5
	At DUT interrogate the status of BAIC.
	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
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.
DUT is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/VxWi-Fi/VxNR)
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.


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
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.
DUT is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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.
	Confirm DUT indicates BOIC is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BOIC.
	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
	Confirm DUT indicates BOIC is deactivated.
Confirm DUT used Ut/XCAP protocol.

	6
	At DUT interrogate the status of BAIC.
	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
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.
DUT is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/VxWi-Fi/VxNR)
	-
	Test procedure
	Expected behaviour

	1
	At DUT, activate BAIC-R.
	Confirm DUT indicates BAIC-R is activated.
Confirm DUT used Ut/XCAP protocol.

	2
	At DUT interrogate the status of BAIC-R.
	Confirm DUT indicates BAIC-R is activated.
Confirm DUT used Ut/XCAP protocol.

	3
	At DUT, deactivate BAIC-R
	Confirm DUT indicates BAIC-R is deactivated.
Confirm DUT used Ut/XCAP protocol.

	4
	At DUT interrogate the status of BAIC-R.
	Confirm DUT indicates BAIC-R is deactivated.
Confirm DUT used Ut/XCAP protocol.


[bookmark: _Toc85547291]90.4.11 Completion of Communications to Busy Subscriber (CCBS)
[bookmark: _Toc85547292]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-FiVxLTE/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: _Toc85547293]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; 
GSMA 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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
Reason for test
To ensure the DUT can successfully join a conference call.
Initial configuration
DUT is successfully registered for IMS services (VxLTE/VxWi-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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
GSMA IR.92, sections 2.3.3, 4.3.2
GSMA IR.51
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-FiVxLTE/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.
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[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-FiVxLTE/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-FiVxLTE/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-FiVxLTE/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 network gatewaysesrvices  isare available (VxLTE and/ 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.
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[bookmark: _Toc85547296]90.5 IP-CAN Independent – Service Interworking
[bookmark: _Toc85547297]90.6 IP-CAN Independent – Mobility
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