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2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.
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[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TS 34.123-1: "User Equipment (UE) conformance specification; Part 1: Protocol conformance specification".

[3]
3GPP TS 34.123-2: "User Equipment (UE) conformance specification; Part 2: Implementation Conformance Statement (ICS) proforma specification".

[4]
3GPP TS 34.123-3: "User Equipment (UE) conformance specification; Part 3: Abstract Test Suites (ATS)".

[5]
3GPP TS 34.229-2: "Internet Protocol (IP) multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); User Equipment (UE) conformance specification; Part 2: Implementation Conformance Statement (ICS) proforma specification".

[6]
3GPP TS 34.229-3: "Internet Protocol (IP) multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); User Equipment (UE) conformance specification; Part 3: Abstract Test Suites (ATS)".

[7]
ISO/IEC 9646-1: "Information technology - Open systems interconnection - Conformance testing methodology and framework - Part 1: General concepts".

[8]
ISO/IEC 9646-7: "Information technology - Open systems interconnection - Conformance testing methodology and framework - Part 7: Implementation Conformance Statements".

[9]
ETSI ETS 300 406: "Methods for testing and Specification (MTS); Protocol and profile conformance testing specifications; Standardization methodology".

[10]
3GPP TS 24.229: "IP Multimedia Call Control Protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

[11]
Void.

[12]
3GPP TS 24.008: "Mobile Radio Interface Layer 3 specification; Core Network Protocols; Stage 3".

[13]
Void.

[14]
3GPP TS 33.203: "Access security for IP based services".

[15]
IETF RFC 3261: "SIP: Session Initiation Protocol".

[16]
IETF RFC 2617: "HTTP Authentication: Basic and Digest Access Authentication".

[17]
IETF RFC 3310: "Hypertext Transfer Protocol (HTTP) Digest Authentication Using Authentication and Key Agreement (AKA)".

[18]
Void.

[19]
IETF RFC 3608: "Session Initiation Protocol (SIP) Extension Header Field for Service Route Discovery During Registration".

[20]
IETF RFC 3327: "Session Initiation Protocol Extension Header Field for Registering Non-Adjacent Contacts".

[21]
IETF RFC 3329: "Security Mechanism Agreement for the Session Initiation Protocol (SIP)".

[22]
IETF RFC 3680: "A Session Initiation Protocol (SIP) Event Package for Registrations".

[23]
IETF RFC 3315: "Dynamic Host Configuration Protocol for IPv6 (DHCPv6)".

[24]
IETF RFC 3320: “Signalling Compression (SigComp)”.
[25]
IETF RFC 3485: “The Session Initiation Protocol (SIP) and Session Description Protocol (SDP) Static Dictionary for Signalling Compression (SigComp)”.
[26]
IETF RFC 3486: “Compressing the Session Initiation Protocol (SIP)”.
[27]
IETF RFC 4566: "SDP: Session Description Protocol".

[28]
Void.

[29]
Void.

[30]
IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)".

[31]
IETF RFC 3312: "Integration of Resource Management and Session Initiation Protocol (SIP)".

[32]
3GPP TS 23.003: "Numbering, addressing and identification".

[33]
IETF RFC 3262: "Registration of provisional responses in Session Initiation Protocol (SIP)".

[34]
Void.

[35]
3GPP TR 23.981 “Universal Mobile Telecommunications System (UMTS); Interworking aspects and migration scenarios for IPv4-based IP Multimedia Subsystem (IMS) implementations”.

[36]
ETSI ES 201 873-1: "Methods for Testing and Specification (MTS); The Testing and Test Control Notation version 3; Part 1: TTCN-3 Core Language”.

[37]
ETSI ES 201 873-2: "Methods for Testing and Specification (MTS); The Testing and Test Control Notation version 3; Part 2: TTCN-3 Tabular Presentation Format (TFT)".

[38]
ETSI TR 201 873-3: "Methods for Testing and Specification (MTS); The Testing and Test Control Notation version 3; Part 3: TTCN-3 Graphical Presentation Format (GFT)".

[39]
3GPP TS 22.101: "Service aspects; Service principles".

[40]
3GPP TS 34.108: "Common test environments for User Equipment (UE); Conformance testing".

[41]
Void.

[42]
Void.

[43]
Void.

[44]
Void.

[45]
Void.

[46]
Void.

[47]
Void.

[48]
IETF RFC 3646: "DNS Configuration options for Dynamic Host Configuration Protocol for IPv6 (DHCPv6)".

[49]
IETF RFC 2132: "DHCP Options and BOOTP Vendor Extensions".
[50]
IETF RFC 3263: "Session Initiation Protocol (SIP): Locating SIP Servers".

[51]
IETF RFC 3319: "Dynamic Host Configuration Protocol (DHCPv6) Options for Session Initiation Protocol (SIP) Servers".

[52]
IETF RFC 1035: "Domain Names - Implementation And Specification".

[53]
Void.

[54]
Void.

[55]
IETF RFC 2131: "Dynamic Host Configuration Protocol".

[56]
IETF RFC 2782: "A DNS RR for specifying the location of services (DNS SRV)".

[57]
IETF RFC 3361: "Dynamic Host Configuration Protocol (DHCP-for-IPv4) Option for Session Initiation Protocol (SIP) Servers".

[58]
3GPP TS 25.331: "Radio Resource Control (RRC) protocol specification".

[59]
3GPP TR 33.978: "Security aspects of early IP Multimedia Subsystem (IMS)".

[60]
IETF RFC 3903: " Session Initiation Protocol (SIP) Extension for EventState Publication".

[61]
IETF RFC 5627: "Obtaining and Using Globally Routable User Agent (UA) URIs (GRUU) in the Session Initiation Protocol (SIP)".

[62]
IETF RFC 5628: "Reg Event Package Extension for GRUUs".

[63]
IETF RFC 3840: "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)".
[64]
IETF RFC 3841: "Caller Preferences for the Session Initiation Protocol (SIP)".

[65]
3GPP TS 24.173: "IMS Multimedia Telephony Communication Service and supplementary services; stage 3".
[66]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".

[67]
IETF RFC 4867: "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs".

[68]
IETF RFC 6050: "A Session Initiation Protocol (SIP) Extension for the Identification of Services".

[69]
IETF RFC 2616: "Hypertext Transfer Protocol -- HTTP/1.1".

[70]
IETF RFC 4825: "The Extensible Markup Language (XML) Configuration Access Protocol (XCAP)".

[71]
Void.

[72]
IETF RFC 3515: "The Session Initiation Protocol (SIP) Refer Method".

[73]
Void.

[74]
Void.

[75]
Void.

[76]
Void.

[77]
Void.

[78]
Void.

[79]
Void.

[80]
Void.

[81]
Void.

[82]
Void.

[83]
IETF RFC 7044: "An Extension to the Session Initiation Protocol (SIP) for Request History Information".

[84]
3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

[85]
Void.

[86]
IETF RFC 4575: "A Session Initiation Protocol (SIP) Event Package for Conference State".

[87]
3GPP TS 24.247: "Messaging service using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".

[88]
IETF RFC 3842: "A Message Summary and Message Waiting Indication Event Package for the Session Initiation Protocol (SIP)".

[89]
IETF RFC 3325: "Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity within Trusted Networks".

[90]
3GPP TS 24.341: "Support of SMS over IP networks; Stage 3".

[91]
IETF RFC 3428: "Session Initiation Protocol (SIP) Extension for Instant Messaging".

[92]
3GPP TS 24.011: "Point-to-Point (PP) Short Message Service (SMS) support on mobile radio interface".

[93]
3GPP TS 23.040: "Technical realization of the Short Message Service (SMS)".

[94]
3GPP TS 36.508: "Evolved Universal Terrestrial Radio Access (E-UTRA) and Evolved Universal Terrestrial Radio Access (E-UTRAN); Common Test Environments for User Equipment (UE) Conformance Testing".

[95]
3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem".

[96]
IETF RFC 3581: "An Extension to the Session Initiation Protocol (SIP) for Symmetric Response Routing".

[97]
IETF RFC 5031: "A Uniform Resource Name (URN) for Emergency and Other Well-Known Services".

[98]
IETF RFC 6442: "Location Conveyance for the Session Initiation Protocol".

[99]
IETF RFC 4119: "A Presence-based GEOPRIV Location Object Format".

[100]
Void.

[101]
3GPP TS 24.611: "Anonymous Communication Rejection (ACR)
and Communication Barring (CB) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[102]
3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[103]
3GPP TS 24.608: "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[104]
3GPP TS 24.629: "Explicit Communication Transfer (ECT) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[105]
3GPP TS 24.623: "Extensible Markup Language (XML) Configuration Access Protocol (XCAP) over the Ut interface for Manipulating Supplementary Services ".

[106]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[107]
3GPP TS 24.606: "Message Waiting Indication (MWI) using IP Multimedia (IM) Core Network (CN) subsystem: Protocol specification".

[108]
3GPP TS 24.610: " Communication HOLD (HOLD) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[109]
IETF RFC 5626: "Managing Client-Initiated Connections in the Session Initiation Protocol (SIP)".

[110]
3GPP TS 24.237: “IP Multimedia (IM) Core Network (CN) subsystem IP Multimedia Subsystem (IMS) Service Continuity”.
[111]
Void.

[112]
3GPP2 C.S0005-E: “Upper Layer (Layer 3) Signalling Standard for cdma2000 Spread Spectrum Systems”. 

[113]
3GPP TS 31.121: "UICC-terminal interface; Universal Subscriber Identity Module (USIM) application test specification".

[114]
Void.

[115]
draft-kaplan-dispatch-session-id-00 (December 2009): "A Session Identifier for the Session Initiation Protocol (SIP)".

[116]
Void.

[117]
3GPP TS 34.109: "Terminal logical test interface; Special conformance testing functions".

[118]
3GPP TS 36.509: “Special conformance testing functions for User Equipment (UE)".

[119]
3GPP TS 24.109: "Bootstrapping interface (Ub) and network application function interface (Ua); Protocol details".

[120]
3GPP TS 33.220: "Generic Authentication Architecture (GAA); Generic Bootstrapping Architecture".

[121]
3GPP TS 33.222: "Generic Authentication Architecture (GAA); Access to network application functions using Hypertext Transfer Protocol over Transport Layer Security (HTTPS)".

[122]
IETF RFC 7254: "A Uniform Resource Name Namespace for the Global System for Mobile Communications Association (GSMA) and the International Mobile station Equipment Identity (IMEI)".
[123]
3GPP TS 27.007: " AT command set for User Equipment (UE)".

[124]
IETF RFC 4835: "Cryptographic Algorithm Implementation Requirements for Encapsulating Security Payload (ESP) and Authentication Header (AH)".

[125]
IETF RFC 6809: "Mechanism to Indicate Support of Features and Capabilities in the Session Initiation Protocol (SIP)".

[126]
IETF RFC 4488: "Suppression of Session Initiation Protocol (SIP) REFER Method Implicit Subscription".

[127]
3GPP TS 24.182: "IP Multimedia Subsystem (IMS) Customized Alerting Tones (CAT)".

[128]
3GPP TS 24.628: “Common Basic Communication procedures using IP Multimedia (IM) Core Network (CN) subsystem”.

[129]
IETF RFC 3986: "Uniform Resource Identifier (URI): Generic Syntax".

[130]
IETF RFC 6432: "Carrying Q.850 Codes in Reason Header Fields in SIP (Session Initiation Protocol) Responses".
[131]
IETF RFC 7462: "URNs for the Alert-Info Header Field of the Session Initiation Protocol (SIP)".
[132]
IETF RFC 7315: "Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3GPP".
[133]
GSMA PRD IR.92: "IMS Profile for Voice and SMS".
[134]
GSMA PRD IR.94: "IMS Profile for Conversational Video Service".
[135]
IETF RFC 3323: "A Privacy Mechanism for the Session Initiation Protocol (SIP)".

[136]
Void.

[137]
IETF RFC 3311: "The Session Initiation Protocol (SIP) UPDATE Method".

[138]
IETF RFC 5009: "Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for Authorization of Early Media".

[139]
IETF RFC 6086: “Session Initiation Protocol (SIP) INFO Method and Package Framework”. 

[140]
IETF RFC 6665: “SIP-Specific Event Notification”.
<End of modified section>
<Start of modified section>
12.2a.1
Definition
When the S-CSCF is temporarily unable to process an INVITE as the S-CSCF does not have the user profile or does not trust the data that it has (e.g. due to restart), the S-CSCF can reject the request by returning a 504 (Server Time-out) response to the UE with specific content as specified in 3GPP TS 24.229 [10] clause 5.4.3.2. As a result the UE will initiate restoration procedures by performing an initial registration.
<End of modified section>
<Start of modified section>
15.2a.4
Method of test
Same as clause 12.12 with the following exceptions.
Initial conditions

Same as clause 12.12 with the following addition:


The UE is configured for Originating Identification Restriction
Expected sequence

NOTE:
Only the IMS procedure relevant to the test purpose is described below.

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	Make the UE attempt an IMS speech call with originating identification restriction
	

	2-13
	
	Steps 2 to 13 defined in annex C.21
	MTSI MO speech call. Referred from 36.508 [94] table 4.5A.6.3-1 for a UE with E-UTRA support.

	14
	
	Steps defined in annex C.32
	Generic test procedure for MO release of IMS call


Specific Message Contents

Steps 2 - 13 as specified in annex C.21 with the following exceptions:

INVITE (Step 2)
	Header/param
	Value/remark
	Reference

	From
	
	

	
addr-spec
	“Anonymous" <sip:anonymous@anonymous.invalid>
	

	Privacy
	id
	RFC 3323 [135]

RFC 3325 [89]


15.2a.5
Test requirements

Step 9: The UE shall send the INVITE request including the following headers:

From header: “Anonymous" <sip:anonymous@anonymous.invalid>

Privacy header:
id

<End of modified section>
<Start of modified section>
15.4a.4
Method of test
Same as clause 12.13 with the following exceptions.
Initial conditions

Same as clause 12.13 with the following addition:


The UE is configured for Terminating Identification Restriction
Expected sequence

NOTE:
Only the IMS procedure relevant to the test purpose is described below.

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-11
	
	Steps 1-11 defined in annex C.11
	MTSI MT speech call. Referred from 36.508 [94] table 4.5A.7.3-1 for a UE with E-UTRA support.

	12
	
	
	Make UE accept the speech AMR offer with Terminating Identification Restriction

	13-16
	
	Steps  12-15 defined in annex C.11
	MTSI MT speech call. Referred from 36.508 [94] table 4.5A.7.3-1 for a UE with E-UTRA support.


Specific Message Contents

Steps 1 – 11 and 13-16 as specified in annex C.11 with the following exceptions:

183 Session Progress (Step 4)

Use the default message "183 Session Progress" in annex A.2.3 with the following exceptions:

	Header/param
	Value/remark
	Reference

	Privacy
	id
	RFC 3323 [135]

RFC 3325 [89]


180 Ringing (Step 9)

Use the default message “180 Ringing for INVITE” in annex A.2.6 with the following exceptions:

	Header/param
	Value/remark
	Reference

	Privacy
	id
	RFC 3323 [135]

RFC 3325 [89]


200 Ok (Step 12)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions:

	Header/param
	Value/remark
	Reference

	Privacy
	id
	RFC 3323 [135]

RFC 3325 [89]


15.4a.5
Test requirements

Steps 4, 9 and 12: The UE shall include a Privacy header with privacy type set to "id".

<End of modified section>
<Start of modified section>
18.1.5
Test requirements

SS shall check that the if the UE uses full IMS security, it sends all the requests over the security associations set up during registration, in accordance to 3GPP TS 24.229 [10], clause 5.1.1.5.1.
1) In step 1, the UE shall send a SIP MESSAGE request with the following information:

a)
the Request-URI, which shall contain the Public Service Identity of the SM-SC (value not checked);

b)
the From header, which shall contain a public user identity of the UE;

c)
the To header, which shall contain the same URI as the Request-URI;

d)
the Content-Type header, which shall contain "application/vnd.3gpp.sms"; and

e)
the body of the request shall contain an RP-DATA message as defined in 3GPP TS 24.011, including the SMS headers and the SMS user information encoded as specified in 3GPP TS 23.040.

f)
Mandatory headers Via, Cseq, and max- shall be present

2) In step 4, the UE shall send a 200 OK response.

3) In Step 6, the UE shall send a 200 OK response.

4) In Step 7, the UE shall send a SIP MESSAGE request with the following information:

a)
same Request-URI as used in the P-Asserted-Identity header of the SIP message sent to the UE at step 5;

b)
the From header, which shall contain a public user identity of the UE;

c)
the To header, which shall contain the IP-SM-GW;

d)
the Content-Type header shall contain "application/vnd.3gpp.sms"; and

e)
the body of the request shall contain the RP-ACK or RP-ERROR message for the SM delivery report, as defined in 3GPP TS 24.011 [92].

f)
Mandatory headers Via, Cseq, and max- shall be present.

<End of modified section>
<Start of modified section>
A.7.1
MESSAGE for MT SMS

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

RFC 3428 [91]

	
Method
	
	MESSAGE
	
	

	
Request-URI
	
	UE’s registered contact address in SIP URI form, as provided in the Contact header of the REGISTER message
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

	
sent-protocol
	
	SIP/2.0/UDP 
	
	

	
sent-by
	
	SS P-CSCF address: protected server port of SS 
	
	

	
via-branch

	
	value starting with ‘z9hG4bK’ (NOTE 1)
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	SIP URI of the IP-SM-GW
	
	

	
tag
	
	any value
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	 default public user identity of the UE
	
	

	
tag

	
	not present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	a random text string generated by the SS
	
	

	Session-ID
	A1
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	text string generated by the SS, SHA-1 hashing the Call-ID header value
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	
	any value
	
	

	
method
	
	MESSAGE
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	      ac-value
	
	+g.3gpp.smsip;require;explicit
	
	

	Request-Disposition
	
	
	
	RFC 3841 [64]

	      fork-directive
	
	no-fork
	
	

	P-Asserted-Identity
	
	
	
	RFC 3325 [89]

	      addr-spec
	
	SIP URI of the SS representing IP-SM-GW (same as in the From header)
	
	

	P-Called-Party-ID
	
	
	
	RFC 7315 [132]

	       called-pty-id-spec
	
	same value as in the To header
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/vnd.3gpp.sms
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	

	Message-body
	
	RP-DATA message including a SMS-DELIVER TPDU equal to 

- TP-MTI=’00’B 

- TP-MMS=’1’B (No more messages are waiting for the MS in this SC)

- TP-RP=any allowed value

- TP-OA=any allowed value

- TP-PID=any allowed value

- TP-DCS=any allowed value

- TP-SCTS=any allowed value

- TP-UDL=set according to length of TP-UD field

- TP-UD=a valid SMS generated by SS
	
	TS 24.011 [92]

TS 23.040 [93]


	Condition
	Explanation

	A1
	UE supports Session-ID (A.12/30 TS 34.229-2 [5])


NOTE 1:
Branch parameter values sent by SS are different within a test case execution.

<End of modified section>
<Start of modified section>
A.7.2
MESSAGE for delivery report for MT SMS

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

RFC 3428 [91]
TS 24.341 [90]

	
Method
	
	MESSAGE
	
	

	
Request-URI
	
	same P-Asserted-Identity URI as received in A.7.1
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

	
sent-protocol
	
	SIP/2.0/UDP (when using UDP) or
SIP/2.0/TCP (when using TCP)
	
	

	
sent-by
	
	not checked
	
	

	
via-branch

	
	value starting with ‘z9hG4bK’
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	SIP URI of the UE
	
	

	
tag
	
	any value
	
	

	To
	
	
	
	RFC 3261 [15] 

TS 24.341 [90]

	
addr-spec
	
	same as P-Asserted-Identity URI received in A.7.1
	
	

	
tag

	
	not present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	any value (but different from the Call-ID values used in preceding requests of this test case)
	
	

	In-Reply-to
	
	
	Rel-11
	RFC 3261 [15]

	
callid
	
	The value of the Call-Id received in the original MT SMS
	
	

	Session-ID
	
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	same value as received in MESSAGE request, if Session-ID header field exists in MESSAGE request, otherwise, not present
	
	

	CSeq
	
	    
	
	RFC 3261 [15]

	
value
	
	any value
	
	

	
method
	
	MESSAGE
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/vnd.3gpp.sms
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	

	Message-body
	
	RP-ACK message 
	
	TS 24.011 [92]


<End of modified section>
<Start of modified section>
A.7.4
MESSAGE for submission report for MO SMS

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

RFC 3428 [91]

	
Method
	
	MESSAGE
	
	

	
Request-URI
	
	UE's registered contact address in SIP URI form, as provided in the Contact header of the REGISTER message
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

	
sent-protocol
	
	SIP/2.0/UDP 
	
	

	
sent-by
	
	SS P-CSCF address: protected server port of SS
	
	

	
via-branch

	
	value starting with ‘z9hG4bK’ (NOTE 1)
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	SIP URI of the IP-SM-GW
	
	

	
Tag
	
	any value
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	 default public user identity of the UE
	
	

	
tag

	
	must not be present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
Callid
	
	any value (but different from the Call-ID values used in preceding requests of this test case)
	
	

	Session-ID
	
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	same value as received in MESSAGE request, if Session-ID header field exists in MESSAGE request, otherwise, not present
	
	

	In-Reply-to
	
	
	
	RFC 3261 [15]

	
callid
	
	The value of the Call-Id received in the original MO SMS
	
	

	Cseq
	
	
	
	RFC 3261 [15]

	
value
	
	any value
	
	

	
method
	
	MESSAGE
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
Value
	
	non-zero value
	
	

	Request-Disposition
	
	
	
	RFC 3261 [15]

	
fork-directive
	
	fork
	
	

	P-Called-Party-ID
	
	
	
	RFC 7315 [132]

	
value
	
	same value as in the To header
	
	

	P-Asserted-Identity
	
	
	
	RFC 3325 [136]

	
value
	
	Public Service Identity of the SM-SC (as received from UE in Request URI and To header in corresponding MESSAGE for MO SMS)
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/vnd.3gpp.sms
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
Value
	
	length of message-body
	
	

	Message-body
	
	RP-ACK message with RP‑User Data including SMS-SUBMIT-REPORT:


- TP-MTI=‘01’B (SMS-SUBMIT-REPORT)

- TP-PI=‘00000000’B

- TP-SCTS=set by the SS (encoded as specified in TS 23.040 clause 9.2.3.11)
	
	TS 24.011 [92]

TS 23.040 [93]


NOTE 1:
Branch parameter values sent by SS are different within a test case execution.

<End of modified section>
<Start of modified section>
A.7.6
MESSAGE for delivery report for MO SMS

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

RFC 3428 [91] 
TS 24.341 [90]

	
Method
	
	MESSAGE
	
	

	
Request-URI
	
	same as P-Asserted-Identity URI received in A.7.5
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

	
sent-protocol
	
	SIP/2.0/UDP (when using UDP) or
SIP/2.0/TCP (when using TCP)
	
	

	
sent-by
	
	not checked
	
	

	
via-branch

	
	value starting with ‘z9hG4bK’
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	SIP URI of the UE 
	
	

	
tag
	
	any value
	
	

	To
	
	
	
	RFC 3261 [15] 
TS 24.341 [90]

	
addr-spec
	
	Same as P-Asserted-Identity URI received in A.7.5
	
	

	
tag

	
	not present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	any value (but different from the Call-ID values used in preceding requests of this test case)
	
	

	In-Reply-to
	
	
	Rel-11
	RFC 3261 [15]

	
callid
	
	The value of the Call-Id received in the status report for which this is a delivery report
	
	

	Session-ID
	
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	same value as received in MESSAGE request, if Session-ID header field exists in MESSAGE request, otherwise, not present
	
	

	CSeq
	
	    
	
	RFC 3261 [15]

	
value
	
	any value
	
	

	
method
	
	MESSAGE
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/vnd.3gpp.sms
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	

	Message-body
	
	RP-ACK message
	
	TS 24.011 [92]


<End of modified section>
<Start of modified section>
A.8.1
MESSAGE UE receiving the ATGW information for CS to PS SRVCC

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

RFC 3428 [91]

	
Method
	
	MESSAGE
	
	

	
Request-URI
	
	UE’s registered contact address in SIP URI form, as provided in the Contact header of the REGISTER message
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

	
sent-protocol
	
	SIP/2.0/UDP 
	
	

	
sent-by
	
	px_pcscf: protected server port of SS 
	
	

	
via-branch
	
	value starting with ‘z9hG4bK’ (NOTE 1)
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	<sip:sti-sr@atcf.visited2.net> (SIP URI of the STI-SR)
	
	

	
tag
	
	any value
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	 default public user identity of the UE
	
	

	
tag

	
	not present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	a random text string generated by the SS
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	
	any value
	
	

	
method
	
	MESSAGE
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	      ac-value
	
	+g.3gpp.smsip;require;explicit
	
	

	Content-Disposition
	
	
	
	RFC 3261 [64]

	      disp-type
	
	render
	
	

	P-Asserted-Identity
	
	
	
	RFC 3325 [89]

	      addr-spec
	
	<sip:sti-sr@atcf.visited2.net> (SIP URI of the STI-SR)
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/sdp
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	


NOTE 1:
Branch parameter values sent by SS are different within a test case execution.

<End of modified section>
<Start of modified section>
H.12.2.1
Definition
When the S-CSCF is temporarily unable to process an INVITE as the S-CSCF does not have the user profile or does not trust the data that it has (e.g. due to restart), the S-CSCF can reject the request by returning a 504 (Server Time-out) response to the UE with specific content as specified in [10] clause 5.4.3.2. As a result the UE will initiate restoration procedures by performing an initial registration.
<End of modified section>
