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13.4.3.31
Inter-system mobility / GERAN CS voice to E-UTRA voice / rSRVCC

13.4.3.31.1
Test Purpose (TP)

(1)

with { UE in the GERAN U10 call active state }

ensure that {

  when { UE receives a INTER SYSTEM TO E-UTRAN HANDOVER COMMAND message }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.31.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, clause A.20.2 and TS44.018 clause3.4.4d.1.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS44.018, clause 3.4.4d.1]
The network initiates the CS to PS SRVCC procedure by sending an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message to the mobile station on the main DCCH. The network then starts timer T3121.

If the INTER SYSTEM TO UTRAN HANDOVER COMMAND refers to an unknown cell (see 3GPP TS 25.133 and 3GPP TS 25.123), this shall not be considered as an error.

When sending one of these messages on the network side, and when receiving it on the mobile station side, all transmission of signalling layer messages, except for those RR messages needed for this procedure and for abnormal cases, is suspended until resumption is indicated. These RR messages can be deduced from sub-clause 3.4.3 and 8.5.1 "Radio Resource management".

Upon receipt of the INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message, the mobile station initiates, as described in sub-clause 3.1.4, the release of link layer connections and disconnects the physical channels (including the packet resources, if applicable). 

Switching to the assigned cell(s) and physical channel establishment in E-UTRAN or UTRAN is described in 3GPP TS 36.331 and 3GPP TS 25.331.

13.4.3.31.3
Test description

13.4.3.31.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 24. 

-
System information combination 5 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.31.3.2
Test procedure sequence

Table 13.4.3.31.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.31.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 24
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	OFF

	
	RSSI
	dBm
	-
	
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	-85
	-
	

	
	RSSI
	dBm
	-
	-65
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	


Table 13.4.3.31.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The SS configures GERAN cell 24 to reference configuration according 36.508 table 4.8.4-1, condition GPRS.
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 24 according to the row "T1" in table 13.4.3.31.3.2-1
	-
	-
	-
	-

	8
	Call the generic test procedure in TS 36.508 subclause 6.4.2.9 to make the UE camp on GERAN Cell 24.
	-
	-
	-
	-

	9
	Make the UE attempt a speech call
	-
	-
	-
	-

	10
	Establish a CS call according to procedure in section 10.2.3 of TS 51.010
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.31.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit a INTER SYSTEM TO E-UTRAN HANDOVER COMMAND on Cell 24.
	<--
	INTER SYSTEM TO E-UTRAN HANDOVER COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from GERAN.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.31.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.31.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.31.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.31.3.3
Specific message contents

Table 13.4.3.31.3.3-1: INTER SYSTEM TO E-UTRAN HANDOVER COMMAND (step 12, Table 13.4.3.31.3.2-2)

	Derivation Path: 44.018, Table Table 9.1.15d.1

	Information Element
	Value/remark
	Comment
	Condition

	DL-DCCH-Message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	
	

	CN to MS transparent information
	ATGW information
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	


13.4.3.32
Inter-system mobility / UTRA CS voice to E-UTRA voice / rSRVCC

13.4.3.32.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U10 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.32.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2 and clause A.20.2.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

13.4.3.32.3
Test description

13.4.3.32.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5. 

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.32.3.2
Test procedure sequence

Table 13.4.3.32.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.32.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	


Table 13.4.3.32.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.32.3.2-1
	-
	-
	-
	-

	8
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released.
	-
	-
	-
	-

	9
	Make the UE attempt a speech call
	-
	-
	-
	-

	10
	Establish a CS call according to procedure in section 7.2.3.2 of TS 34.108, using the UTRA reference radio bearer parameters and combination "UTRA Speech" according to TS 36.508 subclause 4.8.3 and Table 4.8.3-1.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.32.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.32.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.32.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.32.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.32.3.3
Specific message contents

Table 13.4.3.32.3.3-1: HANDOVER FROM UTRAN COMMAND (step 12, Table 13.4.3.32.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	ATGW transfer details
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
	


13.4.3.33
Inter-system mobility / GERAN CS voice to E-UTRA voice / alerting / rSRVCC / MO call

13.4.3.33.1
Test Purpose (TP)

(1)

with { UE in GERAN CC state U4 }

ensure that {

  when { UE receives a INTER SYSTEM TO E-UTRAN HANDOVER COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.33.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, clause A.20.2 and TS44.018 clause3.4.4d.1.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS44.018, clause 3.4.4d.1]
The network initiates the CS to PS SRVCC procedure by sending an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message to the mobile station on the main DCCH. The network then starts timer T3121.

If the INTER SYSTEM TO UTRAN HANDOVER COMMAND refers to an unknown cell (see 3GPP TS 25.133 and 3GPP TS 25.123), this shall not be considered as an error.

When sending one of these messages on the network side, and when receiving it on the mobile station side, all transmission of signalling layer messages, except for those RR messages needed for this procedure and for abnormal cases, is suspended until resumption is indicated. These RR messages can be deduced from sub-clause 3.4.3 and 8.5.1 "Radio Resource management".

Upon receipt of the INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message, the mobile station initiates, as described in sub-clause 3.1.4, the release of link layer connections and disconnects the physical channels (including the packet resources, if applicable). 
Switching to the assigned cell(s) and physical channel establishment in E-UTRAN or UTRAN is described in 3GPP TS 36.331 and 3GPP TS 25.331.

13.4.3.33.3
Test description

13.4.3.33.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 24. 

-
System information combination 5 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.33.3.2
Test procedure sequence

Table 13.4.3.33.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.33.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 24
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	OFF
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	-85
	-
	

	
	RSSI
	dBm
	-
	-65
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	


Table 13.4.3.33.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The SS configures GERAN cell 24 to reference configuration according 36.508 table 4.8.4-1, condition GPRS.
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	
	
	

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 24 according to the row "T1" in table 13.4.3.33.3.2-1
	-
	-
	-
	-

	8
	Call the generic test procedure in TS 36.508 subclause 6.4.2.9 to make the UE camp on GERAN Cell 24.
	-
	-
	-
	-

	9
	Make the UE attempt a speech call
	-
	-
	-
	-

	10
	Step 1 to 13 of expected sequence in section 10.2.3 of TS 51.010. UE in alerting CC state U4.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.33.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND on Cell 24.
	<--
	INTER SYSTEM TO E-UTRAN HANDOVER COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from GERAN.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.33.3.2-4 occurs.
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.33.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.33.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.33.3.3
Specific message contents

Table 13.4.3.33.3.3-1: INTER SYSTEM TO E-UTRAN HANDOVER COMMAND (step 12, Table 13.4.3.33.3.2-2)

	Derivation Path: 44.018, Table Table 9.1.15d.1

	Information Element
	Value/remark
	Comment
	Condition

	DL-DCCH-Message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	
	

	CN to MS transparent information
	ATGW information
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	


13.4.3.34
Inter-system mobility / UTRA CS voice to E-UTRA voice / alerting / rSRVCC / MO call

13.4.3.34.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U4 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.34.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2 and clause A.20.2.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

13.4.3.34.3
Test description

13.4.3.34.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5. 

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.34.3.2
Test procedure sequence

Table 13.4.3.34.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.34.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60”
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	


Table 13.4.3.34.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	
	
	

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.34.3.2-1
	-
	-
	-
	-

	8
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released.
	-
	-
	-
	-

	9
	Make the UE attempt a speech call
	-
	-
	-
	-

	10
	Step 1 to 14 of expected sequence in section 7.2.3.2 of TS 34.108 using the UTRA reference radio bearer parameters and combination "UTRA Speech" according to TS 36.508 subclause 4.8.3 and Table 4.8.3-1

. UE in alerting CC state U4.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.34.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.34.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.34.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.34.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.34.3.3
Specific message contents

Table 13.4.3.34.3.3-1: HANDOVER FROM UTRAN COMMAND (step 12, Table 13.4.3.34.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	ATGW transfer details
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
	


13.4.3.35
Inter-system mobility / GERAN CS voice to E-UTRA voice / alerting / rSRVCC / MT call

13.4.3.35.1
Test Purpose (TP)

(1)

with { UE in GERAN CC state U9 }

ensure that {

  when { UE receives a INTER SYSTEM TO E-UTRAN HANDOVER COMMAND message }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.35.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, 12.2B.2.5, clause A.20.2 and TS44.018 clause3.4.4d.1.

[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause 12.2B.2.5]

If SC UE supports the CS to PS SRVCC and if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.2.1, upon receiving the SIP INFO request for transfer of incoming early session inside an early dialog created with the SIP INVITE request due to STI-rSR, the SC UE shall:

1)
send SIP 200 (OK) response to the SIP INFO request; and

2)
consider the SIP dialog to be the transferred incoming early session.
When the served user accepts the transferred incoming early session or if the user has accepted it already (i.e. the CS call which was associated with the dialog of the SIP 1xx response or SIP 2xx response to the SIP INVITE request to STI-rSR in subclause 12.2B.2.1 is in the "connect request" (U8) call state or the "active" (U10) call state as described in 3GPP TS 24.008 [8]), the SC UE shall send a SIP INFO request accepting the session inside the early dialog created with the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request with:
1)
an Info-Package header field with 3gpp.state-and-event info package name; and

2)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

When the served user rejects the transferred incoming early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request with a Reason header field containing protocol "SIP" and the "cause" parameter indicating the selected status code and the "text" parameter indicating the selected reason phrase.

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS44.018, clause 3.4.4d.1]
The network initiates the CS to PS SRVCC procedure by sending an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message to the mobile station on the main DCCH. The network then starts timer T3121.

If the INTER SYSTEM TO UTRAN HANDOVER COMMAND refers to an unknown cell (see 3GPP TS 25.133 and 3GPP TS 25.123), this shall not be considered as an error.

When sending one of these messages on the network side, and when receiving it on the mobile station side, all transmission of signalling layer messages, except for those RR messages needed for this procedure and for abnormal cases, is suspended until resumption is indicated. These RR messages can be deduced from sub-clause 3.4.3 and 8.5.1 "Radio Resource management".

Upon receipt of the INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message, the mobile station initiates, as described in sub-clause 3.1.4, the release of link layer connections and disconnects the physical channels (including the packet resources, if applicable). 

Switching to the assigned cell(s) and physical channel establishment in E-UTRAN or UTRAN is described in 3GPP TS 36.331 and 3GPP TS 25.331.

13.4.3.35.3
Test description

13.4.3.35.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 24.

-
System information combination 5 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.35.3.2
Test procedure sequence

Table 13.4.3.35.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.35.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 24
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	RSSI
	dBm
	-
	-65
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	


Table 13.4.3.35.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The SS configures GERAN cell 24 to reference configuration according 36.508 table 4.8.4-1, condition GPRS.
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 24 according to the row "T1" in table 13.4.3.35.3.2-1
	-
	-
	-
	-

	8
	Call the generic test procedure in TS 36.508 subclause 6.4.2.9 to make the UE camp on GERAN Cell 24.
	-
	-
	-
	-

	9
	Step 1 to B12 of expected sequence in section 10.1.3of TS 51.010. UE in alerting CC state U9.
	-
	-
	-
	-

	10
	SS adjusts cell levels according to row “T2” of table 13.4.3.35.3.2-1.
	-
	-
	-
	-

	11
	The SS transmit an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND message on Cell 24.
	<--
	INTER SYSTEM TO E-UTRAN HANDOVER COMMAND
	-
	-

	12
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	13-13F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from GERAN.
	-
	-
	-
	-

	13G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	13H-13I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	14
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 15-16 below, the behaviour in table 13.4.3.35.3.2-4 occurs. 
	-
	-
	
	

	15
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	16
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.35.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.35.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-11 of expected sequence defined in annex C.40 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.35.3.3
Specific message contents

Table 13.4.3.35.3.3-1: INTER SYSTEM TO E-UTRAN HANDOVER COMMAND (step 11, Table 13.4.3.35.3.2-2)

	Derivation Path: 44.018, Table Table 9.1.15d.1

	Information Element
	Value/remark
	Comment
	Condition

	DL-DCCH-Message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	
	

	CN to MS transparent information
	ATGW information
	The same address type, connection address and transport port as used in step 4 in annex C.40 of TS 34.229-1
	


13.4.3.36
Inter-system mobility / UTRA CS voice to E-UTRA voice / alerting / rSRVCC / MT call

13.4.3.36.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U9 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.36.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, 12.2B.2.5 and clause A.20.2.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause 12.2B.2.5]

If SC UE supports the CS to PS SRVCC and if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.2.1, upon receiving the SIP INFO request for transfer of incoming early session inside an early dialog created with the SIP INVITE request due to STI-rSR, the SC UE shall:

1)
send SIP 200 (OK) response to the SIP INFO request; and

2)
consider the SIP dialog to be the transferred incoming early session.
When the served user accepts the transferred incoming early session or if the user has accepted it already (i.e. the CS call which was associated with the dialog of the SIP 1xx response or SIP 2xx response to the SIP INVITE request to STI-rSR in subclause 12.2B.2.1 is in the "connect request" (U8) call state or the "active" (U10) call state as described in 3GPP TS 24.008 [8]), the SC UE shall send a SIP INFO request accepting the session inside the early dialog created with the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request with:
1)
an Info-Package header field with 3gpp.state-and-event info package name; and

2)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

When the served user rejects the transferred incoming early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request with a Reason header field containing protocol "SIP" and the "cause" parameter indicating the selected status code and the "text" parameter indicating the selected reason phrase.

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

13.4.3.36.3
Test description

13.4.3.36.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5. 

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.36.3.2
Test procedure sequence

Table 13.4.3.36.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.36.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60”
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	


Table 13.4.3.36.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.36.3.2-1
	-
	-
	-
	-

	8
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released.
	-
	-
	-
	-

	9
	Void
	
	
	
	

	10
	Step 1 to 15 of expected sequence in section 7.2.3.1 of TS 34.108 using the UTRA reference radio bearer parameters and combination "UTRA Speech" according to TS 36.508 subclause 4.8.3 and Table 4.8.3-1. UE in alerting CC state U9.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.36.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.36.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.36.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.36.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-11 of expected sequence defined in annex C.40 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.36.3.3
Specific message contents

Table 13.4.3.36.3.3-1: HANDOVER FROM UTRAN COMMAND (step 12, Table 13.4.3.36.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	Address type,

Connection-address for SS,

Transport port for audio
	The same address type, connection address and transport port as used in step 4 in annex C.40 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
	


13.4.3.37
Inter-system mobility / GERAN CS voice to E-UTRA voice / rSRVCC / HO cancelled

13.4.3.37.1
Test Purpose (TP)

(1)

with { UE in GERAN CC state U9 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

(2)

with { UE having sent INVITE on E-UTRAN cell}

ensure that {

   when { the voice call is declined by the UE }

       then { UE send the CANCEL message }

13.4.3.37.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, 12.2B.2.5 and clause A.20.2.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause 12.2B.2.5]

If SC UE supports the CS to PS SRVCC and if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.2.1, upon receiving the SIP INFO request for transfer of incoming early session inside an early dialog created with the SIP INVITE request due to STI-rSR, the SC UE shall:

1)
send SIP 200 (OK) response to the SIP INFO request; and

2)
consider the SIP dialog to be the transferred incoming early session.
When the served user accepts the transferred incoming early session or if the user has accepted it already (i.e. the CS call which was associated with the dialog of the SIP 1xx response or SIP 2xx response to the SIP INVITE request to STI-rSR in subclause 12.2B.2.1 is in the "connect request" (U8) call state or the "active" (U10) call state as described in 3GPP TS 24.008 [8]), the SC UE shall send a SIP INFO request accepting the session inside the early dialog created with the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request with:
1)
an Info-Package header field with 3gpp.state-and-event info package name; and

2)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

When the served user rejects the transferred incoming early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request with a Reason header field containing protocol "SIP" and the "cause" parameter indicating the selected status code and the "text" parameter indicating the selected reason phrase.

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS44.018, clause 3.4.4d.1]
The network initiates the CS to PS SRVCC procedure by sending an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message to the mobile station on the main DCCH. The network then starts timer T3121.

If the INTER SYSTEM TO UTRAN HANDOVER COMMAND refers to an unknown cell (see 3GPP TS 25.133 and 3GPP TS 25.123), this shall not be considered as an error.

When sending one of these messages on the network side, and when receiving it on the mobile station side, all transmission of signalling layer messages, except for those RR messages needed for this procedure and for abnormal cases, is suspended until resumption is indicated. These RR messages can be deduced from sub-clause 3.4.3 and 8.5.1 "Radio Resource management".

Upon receipt of the INTER SYSTEM TO E-UTRAN HANDOVER COMMAND or INTER SYSTEM TO UTRAN HANDOVER COMMAND message, the mobile station initiates, as described in sub-clause 3.1.4, the release of link layer connections and disconnects the physical channels (including the packet resources, if applicable). 

Switching to the assigned cell(s) and physical channel establishment in E-UTRAN or UTRAN is described in 3GPP TS 36.331 and 3GPP TS 25.331.

13.4.3.37.3
Test description

13.4.3.37.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 24. 

-
System information combination 5 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.37.3.2
Test procedure sequence

Table 13.4.3.37.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.37.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 24
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	RSSI
	dBm
	-
	-65
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	RSSI
	dBm
	-
	-85
	


Table 13.4.3.37.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The SS configures GERAN cell 24 to reference configuration according 36.508 table 4.8.4-1, condition GPRS.
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 24 according to the row "T1" in table 13.4.3.37.3.2-1
	-
	-
	-
	-

	8
	Call the generic test procedure in TS 36.508 subclause 6.4.2.9 to make the UE camp on GERAN Cell 24.
	-
	-
	-
	-

	9
	Void
	
	
	
	

	10
	Step 1 to B12 of expected sequence  in section 10. 1.3 of TS 51.010. UE in alerting CC state U9.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.37.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit an INTER SYSTEM TO E-UTRAN HANDOVER COMMAND on Cell 24.
	<--
	INTER SYSTEM TO E-UTRAN HANDOVER COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from GERAN.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.37.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.37.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.37.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 1-4 of expected sequence defined in annex C.41 of TS 34.229-1. IMS speech call reject.
	-
	-
	2
	P


13.4.3.37.3.3
Specific message contents

Table 13.4.3.37.3.3-1: INTER SYSTEM TO E-UTRAN HANDOVER COMMAND (step 12, Table 13.4.3.37.3.2-2)

	Derivation Path: 44.018, Table Table 9.1.15d.1

	Information Element
	Value/remark
	Comment
	Condition

	DL-DCCH-Message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	
	

	CN to MS transparent information
	Address type,

Connection-address for SS,

Transport port for audio
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	


13.4.3.38
Inter-system mobility / UTRA CS voice to E-UTRA voice / rSRVCC / HO cancelled

13.4.3.38.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U9 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

(2)

with { UE having sent INVITE on E-UTRAN cell}

ensure that {

   when { the voice call is declined by the UE }

       then { UE send the CANCEL message }

13.4.3.38.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, 12.2B.2.5 and clause A.20.2.
[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause 12.2B.2.5]

If SC UE supports the CS to PS SRVCC and if the SC UE supports the CS to PS SRVCC for calls in alerting phase, in addition to the procedures in subclause 12.2B.2.1, upon receiving the SIP INFO request for transfer of incoming early session inside an early dialog created with the SIP INVITE request due to STI-rSR, the SC UE shall:

1)
send SIP 200 (OK) response to the SIP INFO request; and

2)
consider the SIP dialog to be the transferred incoming early session.
When the served user accepts the transferred incoming early session or if the user has accepted it already (i.e. the CS call which was associated with the dialog of the SIP 1xx response or SIP 2xx response to the SIP INVITE request to STI-rSR in subclause 12.2B.2.1 is in the "connect request" (U8) call state or the "active" (U10) call state as described in 3GPP TS 24.008 [8]), the SC UE shall send a SIP INFO request accepting the session inside the early dialog created with the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INFO request with:
1)
an Info-Package header field with 3gpp.state-and-event info package name; and

2)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the annex D.2 with the event XML element containing "call-accepted".

When the served user rejects the transferred incoming early session, the SC UE shall send a SIP CANCEL request cancelling the SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP CANCEL request with a Reason header field containing protocol "SIP" and the "cause" parameter indicating the selected status code and the "text" parameter indicating the selected reason phrase.

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

13.4.3.38.3
Test description

13.4.3.38.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5. 

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Generic RB Established (state 3) on Cell 1 according to [18].

13.4.3.38.3.2
Test procedure sequence

Table 13.4.3.38.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.38.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60”
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	


Table 13.4.3.38.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.38.3.2-1
	-
	-
	-
	-

	8
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released.
	-
	-
	-
	-

	9
	Void
	
	
	
	

	10
	Step 1 to 15 of expected sequence in section 7.2.3.1 of TS 34.108 using the UTRA reference radio bearer parameters and combination "UTRA Speech" according to TS 36.508 subclause 4.8.3 and Table 4.8.3-1. UE in alerting CC state U9.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.38.3.2-1.
	-
	-
	-
	-

	12
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	13
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	14-14F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	14G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	14H-14I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	15
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	
	

	-
	EXCEPTION: In parallel to the events described in steps 16-17 below, the behaviour in table 13.4.3.38.3.2-4 occurs. 
	-
	-
	
	

	16
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	
	

	17
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	
	


Table 13.4.3.38.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.38.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 1-4 of expected sequence defined in annex C.41 of TS 34.229-1. IMS speech call reject.
	-
	-
	2
	P


13.4.3.38.3.3
Specific message contents

Table 13.4.3.38.3.3-1: HANDOVER FROM UTRAN COMMAND (step 12, Table 13.4.3.38.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	Address type,

Connection-address for SS,

Transport port for audio
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
	


13.4.3.39
Inter-system mobility / UTRA CS voice + PS Data to E-UTRA voice + PS Data  /rSRVCC

13.4.3.39.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U10 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND and an CS call+ PS data  is ongoing, PS bearer + Speech combination is configured for an E-UTRA cell }

    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.39.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2 and clause A.20.2 and TS 23.216  clause 6.4.3.2.
 [TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.

[image: image9.emf]MSC server / 

MGW

ATCF UE B UE A

I-CSCF

2c. PS media

ATGW SCC AS

1. UE A is on an active session with UE B  through the CS network. The media is anchored at ATGW. The active call was initiated by the UE A.

S-CSCF

P-CSCF

2b. PS media 2a. CS media

3. Interaction 

between UE, RAN, 

MME/SGSN and 

MSC as specified in 

3GPP TS 23.216 [5]

4. CS to PS request

5. INFO (Session Transfer 

Notification request)

8. INFO (Session Transfer 

Notification response,  ATGW IP 

address/port)

12. INFO(Session Transfer 

Preparation)

13. 200 (OK) 

INFO

16. INVITE (STI-rSR)

17. INVITE

(STI-rSR)

24. INVITE (CS to PS ATU-STI,C-MSISDN)

27. 200 (OK) 

INVITE

25. INVITE (CS 

to PS ATU-

STI,C-MSISDN)

26. 200 (OK) 

INVITE

31. BYE

30. BYE

32. BYE

33. 200 (OK) 

BYE

34. 200 (OK) 

BYE

35. 200 (OK) 

BYE

10. Preparation for 

access transfer

PS CS

22. ACK

28. ACK

29. ACK

18. 200 (OK) 

INVITE

20. 200 (OK) 

INVITE

36. CS call

locally 

cleared

7. ATCF reserves resources 

in ATGW

14. ATCF configures

resources in ATGW

9. 200 OK 

INFO

6. 200 OK 

INFO

19. Bearer resource 

reservation

15b. PS media 15a. PS media using IMS signalling bearer

23b. PS media 23a. PS media using dedicated bearer

11. CS to PS 

handover 

command 

(ATGW IP 

address/port)

37. CS call

locally 

cleared

21. ACK


Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS 23.216, clause 6.4.3.3]

The call flow for this scenario is similar to the call flow depicted in figure 6.4.3.1-1, with the clarification that the BSC/RNC shall only send CS to PS HO required to MSC Server when CS to PS HO is supposed to be triggered. The PS to PS HO required shall not be sent to the old SGSN. Hence, no PS HO signalling is initiated. The target MME/SGSN shall send Context Request using P-TMSI and RAI to find the old SGSN to obtain the bearer contexts of the UE.

13.4.3.39.3
Test description

13.4.3.39.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5.

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Registered, Idle mode (state 2) on Cell 1 according to [18].

13.4.3.39.3.2
Test procedure sequence

Table 13.4.3.39.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.39.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	
	PCCPCH_Ec (UTRA LCR TDD)
	dBm/1.28 MHz
	-
	-88
	


Table 13.4.3.39.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	 void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	6
	SS transmits an RRCConnectionRelease message to release the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	7
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.39.3.2-1
	-
	-
	-
	-

	8
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released.
	-
	-
	-
	-

	9
	Make the UE attempt a speech call
	-
	-
	-
	-

	10
	Establish a CS call according to procedure in section 7.2.3.2 of TS 34.108 using the UTRA reference radio bearer parameters and combination "UTRA Speech" according to TS 36.508 subclause 4.8.3 and Table 4.8.3-1.
	-
	-
	-
	-

	11
	SS adjusts cell levels according to row “T2” of table 13.4.3.39.3.2-1.
	-
	-
	-
	-

	12
	Make the UE initiate a packet switched session according to procedure 7.2.4.2 of TS 34.108 and that events as per steps 5-13 in table 7.2.4.2.3 occur (Note 1)
	-
	
	
	

	13
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	14 
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1.
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	15-15F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	15G
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	15H-15I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	16
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	-
	-

	-
	EXCEPTION: In parallel to the events described in steps 17-18 below, the behaviour in table 13.4.3.39.3.2-4 occurs. 
	-
	-
	-
	-

	17
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	-
	-

	18
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	-
	-

	Note 1:
PS RAB shall be configured on APN other than default IMS APN.


Table 13.4.3.39.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.39.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.32.3.3
Specific message contents

Table 13.4.3.39.3.3-1: HANDOVER FROM UTRAN COMMAND (step 13, Table 13.4.3.39.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	ATGW transfer details
	The same address type, connection address and transport port as used in step4 in annex C.39 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
	


13.4.3.40
Inter-system mobility / UTRA CS voice to E-UTRA voice/ rSRVCC /Multiple voice calls with mid-call feature

13.4.3.40.1
Test Purpose (TP)

(1)

with { UE in UTRA CC state U10 }

ensure that {

  when { UE receives a HANDOVER FROM UTRAN COMMAND and an active CS call and held call is configured for an E-UTRAN cell}
    then { UE transmits a RRCConnectionReconfigurationComplete message and performs Tracking Area update on EUTRAN }

            }

13.4.3.40.2
Conformance requirements

References: The conformance requirements covered in the present TC are specified in: TS 24.237, clauses 6.5.4, 12.2B.2, clause A.20.2 & section 12.2B.3.1.

[TS 24.237, clause 6.5.4]

If the ATCF supports the CS to PS SRVCC, in order to send the ATGW information for CS to PS SRVCC to the SC UE within a registration path, the ATCF shall:

1)
generate the ATGW information for CS to PS SRVCC. When generating the SDP, the ATCF shall:

A)
set c-line to the unspecified address (0.0.0.0), if IPv4, or to a domain name within the ".invalid" DNS top-level domain as described in IETF RFC 6157 [74], if IPv6; and

B)
set port number of the media line to 9;

2)
set the ATGW information for CS to PS SRVCC bound to the registration path (see subclause 6A.3.1) to the generated ATGW information for CS to PS SRVCC; and

3)
send SIP MESSAGE request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP MESSAGE request with:

A)
Request-URI containing the contact address of the SC UE bound to the registration path (see subclause 6A.3.1);

B)
Route header fields containing the route set towards the SC UE of the registration path (see subclause 6A.3.1);

C)
P-Asserted-Identity header field containing the STI-rSR allocated by ATCF;

D)
Content-Disposition header field with value "render"; and

E)
application/sdp MIME body containing the generated ATGW information for CS to PS SRVCC.

[TS 24.237, clause 12.2B.2]

If SC UE supports the CS to PS SRVCC, upon receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated, the SC UE shall:

1)
if a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]) exists and if the ATGW transfer details were received from the lower layers:

A)
determine the active call being transferred as a CS call in Active (U10) state (defined in 3GPP TS 24.008 [8]) and Idle auxiliary state (defined in 3GPP TS 24.083 [43]);

B)
start rendering speech media of the determined active call being transferred received according to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3); and

C)
start sending speech media of the determined active call being transferred according to the ATGW information for CS to PS SRVCC received from the network (see subclause 6.2.3) where the address type, the connection address and the transport port to which the media stream is sent are replaced with the ATGW transfer details received from the lower layers; and
2)
send a SIP INVITE request to STI-rSR according to 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request with:

A)
Request-URI set to the STI-rSR received during registration (see subclause 6.2.1);

B)
SDP offer set to the UE information for CS to PS SRVCC sent to the network (see subclause 6.2.3);

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field; and

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; 

F)
if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

b)
the Accept header field containing the application/vnd.3gpp.mid-call+xml MIME type; and

G)
if the SC UE supports CS to PS SRVCC for calls in alerting phase:

a)
the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20], if not inserted already;

b)
an Accept header field containing the application/vnd.3gpp.state-and-event-info+xml MIME type;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name; and

d)
a Supported header field with "100rel" option tag.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response.

If the SC UE is not aware of such CS call, or the CS call is the "disconnect request" (U11) call state, the "disconnect indication" (U12) call state, the "release request" (U19) call state or the "null" (U0) call state as described in 3GPP TS 24.008 [8], the SC UE shall release or cancel the dialog established by the SIP 1xx or 2xx response to the SIP INVITE request to STI-rSR. If the CS call is the "disconnect request" (U11) call state as described in 3GPP TS 24.008 [8], the SC UE shall populate the SIP CANCEL request or the SIP BYE request with a Reason header field with the protocol field set to "SIP", the "cause" header field parameter indicating the selected status code and the "text" header field parameter indicating the selected reason phrase according to IETF RFC 3326 [57].

[TS 24.237, clause A.20.2]

The signalling flow shown in figure A.20.2-1 gives an example for CS to PS access transfer when using CS to PS SRVCC. The call is established, contains active speech media component and has been anchored in ATGW during the establishment of the call.

The call may have been established either via the MSC server or as the result of the CS to PS SRVCC procedure.
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Figure A.20.2-1: Signalling flows for CS to PS Access Transfer: CS to PS SRVCC occurs during a call

NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

[TS 24.237 Section 12.2B.3.1]

12.2B.3.1
General

If SC UE supports the CS to PS SRVCC, if the SC UE supports the CS to PS SRVCC with the assisted mid-call feature or the CS to PS SRVCC for calls in alerting phase then upon receiving a SIP REFER request for transfer of an additional session within dialog established by the SIP INVITE request to STI-rSR, the SC UE shall:

1)
handle the SIP REFER request as specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20];

2)
send a SIP INVITE request for transfer of an additional session according to 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The SC UE shall populate the SIP INVITE request as follows:

A)
header fields which were included as URI header fields in the URI in the Refer-To header field of the received SIP REFER request as specified in IETF RFC 3261 [19] except the "body" URI header field;

B)
the SDP offer with:

a)
the same amount of the media descriptions as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

b)
each "m=" line having the same media type as the corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

c)
port set to zero value in each "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with zero value;

d)
media directionality as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request; and

e)
all or a subset of payload type numbers and their mapping to codecs and media parameters not conflicting with those in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

NOTE:
port can be sent to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with nonzero value.

C)
if a GRUU was received at registration, include the public GRUU or temporary GRUU in the Contact header field;

D)
if the SC UE supports the PS to CS SRVCC with the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag in the Contact header field;

E)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase, include the g.3gpp.srvcc-alerting media feature tag in the Contact header field; and

F)
if the SC UE supports the CS to PS SRVCC for calls in alerting phase:

a)
a Supported header field with "100rel" option tag.; and

3)
if the SC UE supports the CS to PS SRVCC for calls in alerting phase and if the REFER request contains a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and direction set to "receiver" then consider the SIP dialog to be transferred incoming early session.

Upon receiving a SIP 1xx or 2xx response to the SIP INVITE request for transfer of an additional session, the SC UE shall associate the dialog of the SIP 1xx or 2xx response with the CS call where the transaction identifier sent by MSC server equals to the value of the g.3gpp.ti feature-capability indicator of a Feature-Caps header field of the SIP response. If the SC UE is not aware of such CS call, the SC UE shall release or cancel the dialog established by SIP 1xx or 2xx response to the SIP INVITE request for transfer of an additional session.
12.2B.3.2
Transfer of call with active speech media component

No additional procedures in addition to the procedures in subclause 12.2B.3.1 apply.

13.4.3.40.3
Test description

13.4.3.40.3.1
Pre-test conditions

System Simulator:

-
Cell 1 and Cell 5.

-
System information combination 4 as defined in TS 36.508 [18] clause 4.4.3.1 is used in E-UTRA cells.

UE:

None.

Preamble:

-
The UE is in state Registered, Idle mode (state 2) on Cell 1 according to [18].

13.4.3.40.3.2
Test procedure sequence

Table 13.4.3.40.3.2-1 illustrates the downlink power levels and other changing parameters to be applied for the cells at various time instants of the test execution. Row marked "T0" denotes the initial conditions after preamble, while columns marked "T1" is to be applied subsequently. The exact instants on which these values shall be applied are described in the texts in this clause.

Table 13.4.3.40.3.2-1: Time instances of cell power level and parameter changes
	
	Parameter
	Unit
	Cell 1
	Cell 5
	Remark

	T0
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	

	T1
	Cell-specific RS EPRE
	dBm/15kHz
	OFF
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-64
	

	T2
	Cell-specific RS EPRE
	dBm/15kHz
	-60
	-
	

	
	CPICH_Ec (UTRA FDD)
	dBm/3.84 MHz
	-
	-88
	


Table 13.4.3.40.3.2-2: Main behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Void
	-
	-
	-
	-

	2-5
	Steps 1-4 of expected sequence defined in annex C.42 of TS 34.229-1. UE receives ATGW details.
	-
	-
	-
	-

	5A
	SS releases the RRC connection.
	<--
	RRCConnectionRelease
	-
	-

	6
	The SS changes the power level for Cell 1 and Cell 5 according to the row "T1" in table 13.4.3.32.3.2-1
	-
	-
	-
	-

	7
	Check: Does the test result of generic test procedure in TS 36.508 subclause 6.4.2.8 indicate that the UE is camped on UTRAN Cell 5?

NOTE: The UE performs an RAU procedure and the RRC connection is released
	-
	-
	-
	-

	8
	The UE is brought into U10, Call Active, Held state in call A and U10, Call Active state in call B, using generic test procedure in TS 34.108 clause 7.2.3.3.1.4.
	-->
	HOLD
	-
	-

	9-11
	void
	
	
	-
	-

	12
	SS adjusts cell levels according to row “T2” of table 13.4.3.40.3.2-1.
	-
	-
	-
	-

	13
	The SS transmit a HANDOVER FROM UTRAN COMMAND including rSRVCC details on Cell 5.
	<--
	HANDOVER FROM UTRAN COMMAND
	-
	-

	14
	Check: Does the UE transmit an RRCConnectionReconfigurationComplete message on Cell 1?
	-->
	RRCConnectionReconfigurationComplete
	1
	P

	15-15F
	Steps 1-6 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
NOTE: The UE performs tracking area updating procedure without ISR and security reconfiguration after successful completion of handover from UTRA.
	-
	-
	-
	-

	15H
	Step 2 of the expected sequence defined in Annex C.39 of TS 34.229-1. UE sends INVITE.
	-
	-
	-
	-

	15G-15I
	Steps 7-8 of the generic test procedure in TS 36.508 subclause 6.4.2.10 are performed on Cell 1.
	-
	-
	-
	-

	
	
	
	
	
	

	16
	The SS configures a new RLC-UM data radio bearer with condition DRB (0,1), associated with the dedicated EPS bearer context. RRCConnectionReconfiguration message contains the ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST message. EPS bearer context #4 (QCI 1) according to table 6.6.2-1: Reference dedicated EPS bearer contexts.
	<--
	RRC: RRCConnectionReconfiguration

NAS:

ACTIVATE DEDICATED EPS BEARER CONTEXT REQUEST
	-
	-

	-
	EXCEPTION: In parallel to the events described in steps 17-18 below, the behaviour in table 13.4.3.40.3.2-4 occurs.
	-
	-
	-
	-

	17
	The UE transmits an RRCConnectionReconfigurationComplete message to confirm the establishment of the new data radio bearer, associated with the dedicated EPS bearer.
	-->
	RRC: RRCConnectionReconfigurationComplete
	-
	-

	18
	The UE transmits an ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT message.
	-->
	RRC: ULInformationTransfer

NAS:ACTIVATE DEDICATED EPS BEARER CONTEXT ACCEPT
	-
	-

	19
	Generic test procedure for transfer of additional CS to PS call described in annex C.43 of TS 34.229-1 takes place
	-
	-
	-
	-

	20
	Generic test procedure for MO release of IMS call as described in annex C.32 of TS 34.229-1 takes place.
	-
	-
	-
	-


Table 13.4.3.40.3.2-3: Void
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


Table 13.4.3.40.3.2-4: Parallel behaviour

	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Step 3-5 of expected sequence defined in annex C.39 of TS 34.229-1. IMS speech call setup.
	-
	-
	-
	-


13.4.3.40.3.3
Specific message contents

Table 13.4.3.40.3.2-6: HANDOVER FROM UTRAN COMMAND (step 10, Table 13.4.3.40.3.2-2)

	Derivation Path: 36.508, Table 4.7B.1-2

	Information Element
	Value/remark
	Comment
	Condition

	rSR-VCC info
	
	
	

	    IMS information
	 Address type,

Connection-address for SS,

Transport port for audio
	The same address type, connection address and transport port as used in step 4 in annex C.39 of TS 34.229-1
	

	       - E-UTRA message
	RRCConnectionReconfiguration using condition HO-TO-EUTRA(1,0)
	See TS 36.508, Table 4.6.1-8
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21. ACK


22. ACK


28. ACK


29. ACK


18. 200 (OK) INVITE 


20. 200 (OK) INVITE 


11. CS to PS handover command (ATGW IP address/port)


9. 200 OK INFO


6. 200 OK INFO


19. Bearer resource reservation


15b. PS media


15a. PS media using IMS signalling bearer


23b. PS media


23a. PS media using dedicated bearer


37. CS call locally cleared



