Page 1



3GPP TSG-RAN WG5 Meeting #63 
R5-142963
Seoul, Korea, 19th – 23rd May 2014
	CR-Form-v11

	CHANGE REQUEST

	

	
	34.229-1
	CR
	CRNum
	rev
	-
	Current version:
	12.1.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	
	Radio Access Network
	
	Core Network
	


	

	Title:

	Updates to SDP content representation

	
	

	Source to WG:
	MCC TF160, CGC, Anritsu Ltd, Rohde&Schwarz, Anite, Ericsson, Qualcomm, Microsoft 

	Source to TSG:
	R5

	
	

	Work item code:
	TEI8_Test
	
	Date:
	09/05//2014

	
	
	
	
	

	Category:
	F
	
	Release:
	Rel-12

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)

	
	

	Reason for change:
	The purpose of this CR is to complete the RAN5 SIG action point AP#62.06, whose objective is to improve the notation and presentation of SDP messages in TS 34.229-1. 


	
	

	Summary of change:
	As endorsed by RAN5 in R5-140972 at RAN5#62, the current SDP messages specification in TS 34.229-1 has been replaced by a new SDP content representation. 

For each SDP message, the new SDP content representation is composed of:

1.
The ‘Textual view’, inherited from the current SDP notation, aimed at representing the SDP message in text form as is done in the RFC 4566 [5]. 

2.
The ‘Structured view’, a well-structured representation of the content of the SDP message, aimed at specifying the detailed semantics requirements, i.e. the allowed value(s) for each SDP field in each SDP line. 

The following should be noted: obvious syntactical errors are corrected as well, but in order not to mix up issues of presentation with technical discussions the SDP message contents are kept unchanged. When SDP message content is considered needing updates, this shall be handled by separate CRs. 


	
	

	Consequences if not approved:
	RAN5 SIG action point AP#62.06 will not be completed.  

	
	

	Clauses affected:
	2, 15.6, 15.12, 15.21, 15.24, 16.2, 16.3, 16.4, 16.10, 17.1, 17.2, 19.3.2, 19.3.3, 19.3.4, C, C.8, C.9, C.11, C.13, C.15, C.21, C.22, C.24, C.25, C.26, C.28, C.31, G(new)

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	X
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	No TTCN impact. 
This is an update of R5-142581 and the outcome of 1 revision to this document. 


<Start of Next Modified Section>
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.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

-
For a Release 5 UE, references to 3GPP documents are to version 5.x.y, when available.

-
For a Release 6 UE, references to 3GPP documents are to version 6.x.y, when available.

-
For a Release 7 UE, references to 3GPP documents are to version 7.x.y, when available.

-
For a Release 8 UE, references to 3GPP documents are to version 8.x.y, when available.

-
For a Release 9 UE, references to 3GPP documents are to version 9.x.y, when available.

[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]
3GPP TS 26.234: " Transparent end-to-end Packet-switched Streaming Service (PSS); Protocols and codecs ".

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

[13]
3GPP TS 33.102: "3GPPSecurity; Security architecture".

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

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

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

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

[18]
RFC 3455: "Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3rd-Generation Partnership Project (3GPP)"

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

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

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

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

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

[24]
RFC 3320: “Signalling Compression (SigComp)”

[25]
RFC 3485: “The Session Initiation Protocol (SIP) and Session Description Protocol (SDP) Static Dictionary for Signalling Compression (SigComp)”

[26]
RFC 3486: “Compressing the Session Initiation Protocol (SIP)”

[27]
RFC 4566: "SDP: Session Description Protocol".

[28]
RFC 2403: "The Use of HMAC-MD5-96 within ESP and AH".

[29]
RFC 2404: "The Use of HMAC-SHA-1-96 within ESP and AH".

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

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

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

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

[34]
RFC 3265: "Session Initiation Protocol (SIP) Specific Event Notification".

[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]
3GPP TS 23.060: "General Packet Radio Service (GPRS); Service description; Stage 2".

[42]
3GPP TS 27.060: "Packet domain; Mobile Station (MS) supporting Packet Switched services".

[43]
3GPP TS 29.061: "Interworking between the Public Land Mobile Network (PLMN) supporting packet based services and Packet Data Networks (PDN)".

[44]
3GPP TS 23.107: "Quality of Service (QoS) concept and architecture".

[45]
3GPP TS 29.207: "Policy control over Go interface".

[46]
3GPP TS 29.208: "End-to-end Quality of Service (QoS) signalling flows".

[47]
RFC 2373: "IP Version 6 Addressing Architecture".

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

[49]
RFC 2132: "DHCP Options and BOOTP Vendor Extensions "

[50]
RFC 3263: "Session Initiation Protocol (SIP): Locating SIP Servers".

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

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

[53]
RFC 3556: "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth".

[54]
RFC 2833: "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".

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

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

[57]
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]
RFC 3903: " Session Initiation Protocol (SIP) Extension for EventState Publication".

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

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

[63]
RFC 3840: "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)"

[64]
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]
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]
RFC 2616: "Hypertext Transfer Protocol -- HTTP/1.1".

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

[71]
RFC 4745: "Common Policy: A Document Format for Expressing Privacy Preferences".

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

[73]
RFC 4032: "Update to the Session Initiation Protocol (SIP) Preconditions Framework".

[74]
3GPP TS 24.423: "PSTN/ISDN simulation services; Extensible Markup Language (XML) Configuration Access Protocol (XCAP) over the Ut interface for Manipulating NGN PSTN/ISDN Simulation Services".

[75]
3GPP TS 24.407: "PSTN/ISDN simulation services; Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR); Protocol specification".

[76]
3GPP TS 24.408: "PSTN/ISDN simulation services; Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR); Protocol specification".

[77]
3GPP TS 24.404: "PSTN/ISDN simulation services: Communication Diversion (CDIV); Protocol specification".

[78]
3GPP TS 24.411: "PSTN/ISDN simulation services: Anonymous Communication Rejection (ACR) and Communication Barring (CB); Protocol specification".

[79]
3GPP TS 24.405: "PSTN/ISDN simulation services: Conference (CONF); Protocol specification".

[80]
3GPP TS 24.406: "PSTN/ISDN simulation services: Message Waiting Indication (MWI): Protocol specification".

[81]
3GPP TS 24.410: "PSTN/ISDN simulation services: Communication HOLD (HOLD); PSTN/ISDN simulation services".

[82]
3GPP TS 24.429: "PSTN/ISDN simulation services: Explicit Communication Transfer (ECT); Protocol specification".

[83]
RFC 4244: "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]
IETF RFC 4353: "A Framework for Conferencing with the Session Initiation Protocol (SIP)".

[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]
RFC 6442 (December 2011): "Location Conveyance for the Session Initiation Protocol".

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

[100]
draft-patel-ecrit-sos-parameter-08 (February 2010): "SOS Uniform Resource Identifier (URI) parameter for marking of Session Initiation Protocol (SIP) requests related to emergency services".

[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]
3GPP TS 36. 523-1: "Evolved Universal Terrestrial Radio Access (E-UTRA) and Evolved Packet Core (EPC); User Equipment (UE) conformance specification; Part 1: Protocol conformance specification".

[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]
3GPP TS 36.331: "Evolved Universal Terrestrial Radio Access (E-UTRA); Radio Resource Control (RRC); Protocol specification".

[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]
draft-montemurro-gsma-imei-urn-19: "A Uniform Resource Name Namespace for the GSM Association (GSMA) and the International Mobile station Equipment Identity (IMEI)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[123]
3GPP TS 27.007: " AT command set for User Equipment (UE)".


[124]
IETF RFC 5939: “Session Description Protocol (SDP) Capability Negotiation”

[125]
IETF RFC 6679: “Explicit Congestion Notification (ECN) for RTP over UDP”

[126]
IETF RFC 4585: “Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)”

[127]
IETF RFC 3611: “RTP Control Protocol Extended Reports (RTCP XR)”

[128]
IETF RFC 5506: “Support for Reduced-Size Real-Time Transport Control Protocol (RTCP): Opportunities and Consequences”

[129]
IETF RFC 4568: “Session Description Protocol (SDP) Security Descriptions for Media Streams”
[130]
IETF RFC 2198: “RTP Payload for Redundant Audio Data”
[131]
IETF RFC 3984: “RTP Payload Format for H.264 Video”
[132]
IETF RFC 4975: “The Message Session Relay Protocol (MSRP)”
<End of Modified Section>

<Start of Next Modified Section>
15.6
Communication Deflection 

15.6.1
Definition and applicability

Test to verify that the MT UE correctly performs MTSI Communication Deflection. This process is described in 3GPP TS 24.173 [65] and TS 24.604  [106]. The test case is applicable for IMS security or GIBA.
15.6.2
Conformance requirement

[TS 24.604, clause 4.2.1.6]:

The CD service enables the served user to respond to an incoming communication by requesting redirection of that communication to another user. The CD service can only be invoked before the connection is established by the served user, i.e. in response to the offered communication (before ringing), i.e. CD Immediate, or during the period that the served user is being informed of the communication (during ringing). The served user's ability to originate communications is unaffected by the CD supplementary service.

The maximum number of diversions permitted for each communication is a network provider option. The network provider shall define the upper limit of diversions. When counting the number of diversions, all types of diversion are included.

Reference(s)

3GPP TS 24.604  [106] clause 4.2.1

15.6.3
Test purpose

1) To verify that the UE correctly returns 302 when initiating MTSI Communication Deflection
15.6.4
Method of test
Initial conditions

UE contains either SIM application  (GIBA), ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step. UE is configured to deflect incoming sessions so that the session should be diverted to "sip:user@company.com".

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security).

Related ICS/IXIT Statement(s)

IMS security (Yes/No)

GIBA (Yes/No)
Support for MTSI
(Yes/No)

Support for initiating a session (Yes/No)

Support for speech (Yes/No)

Support for Communication Diversion  (Yes/No)
Test procedure

1)
SS sends an INVITE request to the UE.

2)
SS may receive 100 Trying from the UE.
3)
SS receives 302 Moved Temporarily from the UE.

4)
SS send an ACK to the UE

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response.

	3
	(
	302 Moved Temporarily
	The UE responds to INVITE with 302 Moved Temporarily

	4
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “GIBA”  when applicable

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.















 








SDP Message (Step 1):

Session description
Textual view

	v=0

o= - 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVPF 99

c= IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	99
	
	

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Attributes for media
Textual view

	a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	99
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	99
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2

302 Moved Temporarily (Step 3)

Use the default message “302 Moved Temporarily” in annex A.4.5

ACK (Step 4)

Use the default message “ACK” in annex A.2.7 
15.6.5
Test requirements

The UE shall send requests and responses as described in clause 15.6.4

<End of Modified Section>
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15.12
MT Call Hold without announcement

15.12.1
Definition and applicability
Test to verify that the UE correctly performs IMS mobile terminated call hold and resume. This process is described in 3GPP TS 24.610 [108]. The test case is applicable for IMS security or GIBA.
15.12.2
Conformance requirement

[TS 24.610 clause 4.5.2.9]:

Basic communication procedures according to TS 24.229 shall apply.

[TS 24.229 clause 6.1.1]:

If the media line in the SDP indicates the usage of RTP/RTCP, and if the UE is configured to request an RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556, then in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in RFC 3556 to specify the required bandwidth allocation for RTCP. The bandwidth-value in the b=RS: and b=RR: lines may include transport overhead as described in subclause 6.1 of RFC 3890.

For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in or 3GPP 29.213.

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent; therefore, the RR bandwidth modifier will typically get the value of zero.

[TS 26.114 clause 7.3.1]:

RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. Point-to-point speech only sessions may not require these functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with SDP bandwidth modifiers values greater than zero, and send RTCP packets to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

Reference(s)

3GPP TS 24.610 [108], TS 24.229 [10]
15.12.3
Test purpose

1)
To verify that the held UE responds correctly to call hold and resume requests from SS.

15.12.4
Method of test

Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has discovered P-CSCF, registered to IMS services and set up the MO call, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step and thereafter executing the generic test procedure in TS 36.508 [94] table 4.5A.6.3-1 steps 1 to 14 for a UE with E-UTRA support (TS 34.229-2 [5] A.18/1).

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration and MO call.

Related ICS/IXIT Statement(s)
Support for initiating a session

(Yes/No)

Support for MTSI
(Yes/No) 

Support for speech
(Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

Support for Communication Hold
(Yes/No)

Support for sending RTCP while call is being hold
(Yes/No)

IMS security (Yes/No)

GIBA (Yes/No)
Test procedure

1)
SS initiates the call hold by sending a re-INVITE to set the media streams into sendonly state.

2)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

3)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

4)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

5)
SS resumes the call by sending another re-INVITE request with a SDP offer to set the media streams into sendrecv state again.
6)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

7)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

8)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

9)
SS sends a BYE request to the UE in order to release the call.

10)
UE responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with a SDP offer indicating all medias as sendonly

	2
	(
	100 Trying
	Optional: The UE responds with a 100 Trying provisional response

	3
	(
	200 OK
	The UE responds INVITE with 200 OK to indicate that the  UE is no more expecting to receive any media

	4
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE

	5
	(
	INVITE
	SS sends INVITE with a SDP offer indicating all medias as sendrecv

	6
	(
	100 Trying
	Optional: The UE responds with a 100 Trying provisional response

	7
	(
	200 OK
	The UE responds INVITE with 200 OK to indicate that the SS can again send media

	8
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE

	9
	(
	BYE
	The SS releases the call with BYE

	10
	(
	200 OK
	The UE sends 200 OK for BYE


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the following exceptions:

The SS shall include the same lines in the SDP body as finally accepted for the dialog but  replace in each media line the direction attribute “a=sendrecv” by “a=sendonly”. Version number of the SDP must be incremented by one compared to the previous SDP sent by the SS.

100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 3)

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

	Message-body
	Properly generated SDP answer to the SDP offer contained in the INVITE including:


- All mandatory SDP lines as specified in RFC 4566[27].

- The same number of media lines (“m=”) as in the INVITE.

- All the media lines having  direction attribute “a=recvonly”. Alternatively, the UE may send one such direction attribute on session level.

- RTCP “RR” and “RS” modifiers having values greater than zero, if the UE supports sending RTCP while call is being hold"




ACK (Step 4)

Use the default message “ACK” in annex A.2.7.

INVITE (Step 5)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the following exceptions:

The SS shall include the same lines in the SDP body as in Step 1 but change the directionality of all media lines as "sendrecv". Version number of the SDP must be incremented by one compared to the previous SDP sent by the SS.

100 Trying for INVITE (Step 6)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 7)

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

	Message-body
	Properly generated SDP answer to the SDP offer contained in the INVITE including:


- All mandatory SDP lines as specified in RFC 4566[27].

- The same number of media lines (“m=”) as in the INVITE.

- All the media lines having  direction attribute “a=sendrecv”




ACK (Step 8)

Use the default message “ACK” in annex A.2.7.

BYE (Step 9)

Use the default message “BYE” in annex A.2.8.

200 OK for BYE (Step 10)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
15.12.5
Test requirements

SS must check that the UE correctly responds to all the mid-dialog INVITEs sent by the SS.

<End of Modified Section>

<Start of Next Modified Section>

15.21
Joining a conference after being invited to it

15.21.1
Definition and applicability
Test to verify that the UE is able to join a MTSI voice conference after being invited to it. This process is described in 3GPP TS 24.147 [84]. The test case is applicable for IMS security or GIBA.
15.21.2
Conformance requirement

 [TS 24.147, clause 5.3.1.4.1]:

Upon generating an initial INVITE request to join a conference for which the conference URI is known to the conference participant, the conference participant shall:

1)
set the request URI of the INVITE request to the conference URI; and

2)
send the INVITE request towards the conferencing AS that is hosting the conference.

NOTE 1:
The initial INVITE request is generated in accordance with 3GPP TS 24.229.

NOTE 2:
The conference participants can get the conference URI as described in subclause 5.3.1.4.2.  Other mechanisms can also be used by the conference participant to become aware of the conference URI, but they are out of scope of this specification..

On receiving a 200 (OK) response to the INVITE request with the "isfocus" feature parameter indicated in Contact header, the conference participant shall store the contents of the received Contact header as the conference URI. In addition to that, the conference participant may subscribe to the conference event package as described in RFC 4575 by using the stored conference URI.

NOTE 3:
A conference participant can decide not to subscribe to the conference event package for conferences with a large number of attendees, due to the signalling traffic caused by the notifications about e.g. users joining or leaving the conference. 

Upon receipt of an INVITE request that includes a Replaces header, the conference participant shall apply the procedures described in RFC 3891 to the INVITE request.

 [TS 24.147, clause 5.3.1.4.2]:

Upon receipt of a REFER request that either includes a Refer-To header which includes the "method" uri parameter set to INVITE or does not include the "method" URI parameter, the conference participant shall:

1)
handle the REFER request in accordance with RFC 3515;

2)
perform the actions as described in subclause 5.3.1.4.1 for a user joining a conference; and

3)
if the received REFER request included a Referred-By header, include the Referred-By header in accordance with RFC 3892 in the INVITE request that is sent for joining the conference.

Reference(s)

3GPP TS 24.147 [84], clauses 5.3.1.4.1 and 5.3.1.4.2
15.21.3
Test purpose

1)
To verify that the UE correctly processes the REFER request which invites the user to join the conference; and

2)
To verify that the UE issues correctly composed NOTIFYs to report its progress; and

3)
To verify that the UE sets up a new dialog with conference focus by sending an INVITE request; and

4)
To verify that the UE terminates the dialog with the conference focus when receiving a BYE request.
15.21.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration.

Related ICS/IXIT Statement(s)
Support for initiating a session

(Yes/No)

Support for MTSI
(Yes/No)

Support for speech
(Yes/No)

Support for Conference
(Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

IMS security (Yes/No)

GIBA (Yes/No)
Test procedure

1)
SS sends to the UE a REFER request, which refers to the conference focus.
2)
SS waits the UE to respond to the REFER request with a valid 202 Accepted response.

3)
SS waits the UE to send an INVITE request to the conference focus
4)
SS responds to the INVITE request with a 100 Trying response

5)
SS waits the UE to send an initial NOTIFY to tell that it is trying to join the conference.

6)
SS responds to the NOTIFY request with valid 200 OK response.

7)
SS responds to the INVITE request with a 183 Session in Progress response 

8)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

9)
SS responds to the PRACK request with valid 200 OK response.
10)
SS waits for the UE to optionally send a UPDATE request containing the final SDP offer. UE will not send the UPDATE request if the PRACK in step 8 already contained the final offer with preconditions met.

11)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
12)
SS responds to the INVITE request with a 200 OK response

13)
SS waits the UE to send an ACK and NOTIFY requests. Additionally the UE may send a SUBCRIBE request for the conference event package. The UE is allowed to send these requests in any order.

14)
SS responds to the NOTIFY request with a valid 200 OK response.

15)
If UE sent SUBSCRIBE, SS responds to it with 200 OK response.

16)
If UE sent SUBSCRIBE, SS sends a NOTIFY for the conference event package to the UE.

17) If SS sent a NOTIFY, SS waits the UE to respond the NOTIFY with 200 OK.

18)
SS sends a BYE request in order to remove the UE from the conference

19)
SS waits the UE to respond to the BYE request with a valid 200 OK response.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	REFER
	SS sends REFER to UE referring to the conference

	2
	(
	202 Accepted
	UE responds with a 202 Accepted response

	3
	(
	INVITE
	UE sends INVITE to set up a dialog with conference focus. UE indicates the medias and codecs the UE supports. 

	4
	(
	100 Trying
	SS responds the INVITE with 100 Trying

	5
	(
	NOTIFY
	UE sends initial NOTIFY for the implicit subscription created by the REFER request

	6
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	7
	(
	183 Session in Progress
	SS responds with an SDP answer only supporting AMR audio codec 

	8
	(
	PRACK
	UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP that indicates preconditions as met 

	9
	(
	200 OK
	The SS responds PRACK with 200 OK and answers the second SDP with mirroring its contents and indicates having reserved the resources if UE has also done so.

	10
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources with GPRS procedures for PDP context used for the media

	11
	(
	200 OK
	Optional step : The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	12
	(
	200 OK
	SS responds the INVITE with 200 OK

	13
	(
	ACK

NOTIFY
SUBSCRIBE (optional message)
	UE sends the ACK to complete three-way handshake for INVITE and NOTIFY to confirm that the UE was able to join the conference. Additionally the UE may subscribe to the conference event package related to the conference to which the user joined. Note that the UE may send these messages in any order

	14
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	15
	(
	200 OK
	Optional step: SS responds to the subscription if the UE sent the SUBSCRIBE request

	16
	(
	NOTIFY
	Optional step: SS sends the initial state of the conference event to the UE if the UE subscribed it

	17
	(
	200 OK
	Optional step: UE responds to the NOTIFY

	18
	(
	BYE
	SS sends a BYE to remove the UE from the conference

	19
	(
	200 OK
	UE responds the BYE with 200 OK


In addition to the steps shown above the UE might send extra NOTIFY requests to indicate the progress e.g. after receiving the 183 response from the SS. As the timing of these optional NOTIFY requests from the UE is not deterministic, they are not shown in the expected sequence. SS must be prepared to receive such NOTIFY requests between steps 3 and 13 and respond to them with 200 OK response.

Specific Message Contents

REFER (Step 1)

Use the default message “MT REFER” in annex A.2.12  with the following exceptions:

	Header/param
	Value/remark

	Request-URI
	Contact URI of the UE invited to the conference (as within the REGISTER request from the UE)

	Refer-To
	

	
addr-spec
	px_FinalConferenceUri

	Referred-by
	-- check this

	
addr-spec
	sip:master@conference.com

	To
	

	
addr-spec
	SIP URI of the user invited to the conference

	
tag

	no tag given

	Call-ID
	

	
callid
	any value according to Call-ID syntax can be used

	CSeq
	

	
value
	any value according to CSeq syntax can be used


202 Accepted for REFER (Step 2)

Use the default message “202 Accepted” in annex A.3.3.

INVITE (Step 3)

Use the default message “INVITE for MO call setup” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Request-Line
	

	
Request-URI
	px_FinalConferenceUri

	To
	

	
addr-spec
	px_FinalConferenceUri

	Referred-by
	

	
addr-spec
	sip:master@conference.com

	Supported
	

	
option-tag
	100rel, precondition

	Message-body
	SDP message as defined below.



SDP Message (Step 3):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) mode-change-capability=2; max-red= (att-field)
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“max-red=” any value between 0..220
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional“
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


100 Trying for INVITE (Step 4)

Use the default message “100 Trying for INVITE” in annex A.2.2.

NOTIFY (Step 5)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SIP/2.0 100 Trying


200 OK for NOTIFY (Step 6)

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

183 Session in Progress for INVITE (Step 7)

Use the default message “183 Session in Progress for INVITE” in annex A.2.3 with the following exceptions:

	Header/param
	Value/remark

	Require
	

	
option-tag

	precondition

	Contact
	

	
addr-spec
	px_FinalConferenceUri

	Message-body
	SDP body of the 183 response copied from the received INVITE but modified as below. 







SDP Message (Step 7):

Same SDP message as received in the INVITE of step 3 with the following exceptions:

Session description

Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (Note 1)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 3
	
	


Attributes for media

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 3
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 3
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions

Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	When there are additional non-speech media descriptions for each of them the SS shall set the port number to 0 in order to reject non-speech streams.


PRACK (Step 8)

Use the default message “PRACK” in annex A.2.4 with the exception that either Supported or Require header shall contain the "precondition" tag. In case the PRACK contains an SDP body the SDP message shall be as defined below.

Optional SDP Message (Step 8):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value greater than the value in previous SDP message sent by the UE
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description (Note 2)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“max-red=” any value between 0..220
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional“
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.

	NOTE 2
	There shall be at least as many media descriptions as in the SDP message of the INVITE (step 3)


200 OK for PRACK (Step 9)

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

	Content-Type
	header shall be present only if there is SDP in message-body

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received PRACK, if it contained one but otherwise omitted. The copied SDP body shall be modified as defined below. 







Optional SDP Message (Step 9):

Same SDP message as received in the PRACK of step 8 with the following exceptions:

Session description

Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (Note 1)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 8
	
	


Attributes for media

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 8
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 8
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	When there are additional non-speech media descriptions for each of them the SS shall set the port number to 0 in order to reject non-speech streams.


UPDATE (Step 10) optional step used when PRACK contained a=curr:qos local none
Use the default message “UPDATE” in annex A.2.5 with the exception that either Supported or Require header shall contain the "precondition" tag.

UPDATE shall contain an SDP body with an SDP message as defined below.


SDP Message (Step 10):

Same requirements as for the SDP message in step 8.

200 OK for UPDATE (Step 11) - optional step used when UE sent UPDATE

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

	Content-Type
	

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as defined below. 






SDP Message (Step 11):

Same SDP message as received in the UPDATE of step 10 with the following exceptions: The same modification are done as specified for the SDP message of step 9.

200 OK for INVITE (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

	Contact
	

	
addr-spec
	px_FinalConferenceUri


ACK (Step 13)

Use the default message “ACK” in annex A.2.7.
NOTIFY (Step 13)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Subscription-State
	

	
substate-value
	terminated

	
expires
	omitted from the request

	
reason
	noresource

	Message-body
	SIP/2.0 200 OK


SUBSCRIBE (Step 13)

Use the default message “SUBSCRIBE for conference event package” in annex A.5.1.

200 OK for NOTIFY (Step 14)

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

200 OK for SUBSCRIBE (Step 15)

Use the default message “200 OK for SUBSCRIBE” in annex A.5.2.

NOTIFY (Step 16)

Use the default message “NOTIFY for conference event package” in annex A.5.3. 

200 OK for NOTIFY (Step 17)

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

BYE (Step 18)

Use the default message “BYE” in annex A.2.8. 
200 OK for BYE (Step 19)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1
15.21.5
Test requirements

SS must check that the UE 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.
Step 3: the UE shall send an INVITE message with correct content. 











Step 8: the UE shall send a PRACK request with the correct content. 






Step 10: the UE may conditionally send an UPDATE request with the correct content. 





<End of Modified Section>

<Start of Next Modified Section>

15.24
MT Explicit Communication Transfer - Blind Call Transfer

15.24.1
Definition and applicability
Test to verify that the transferee UE correctly performs IMS Multimedia Telephony Explicit Communication Transfer (ECT). This process is described in 3GPP TS 24.629 [104]. The test case is applicable for IMS security or GIBA.
15.24.2
Conformance requirement

When a REFER request is received in the context of a call transfer scenario (see clause 4.5.2.4.1), the transferee UE shall perform the following steps: 

1)
apply the procedure for holding the active communication with the transferor as described in 3GPP TS 24.610 clause 4.5.2.1; and

2)
apply normal REFER handling procedures according to 3GPP TS 24.229 .

Reference(s)

3GPP TS 24.629, clause 4.5.2.1 [104]
15.24.3
Test purpose

1)
To verify that the transferee UE is able to put the call to hold before the transfer with a correct exchange of  SIP/SDP protocol signalling messages; and

2)
To verify that the transferee UE correctly processes the REFER request which initiates the call transfer; and

3)
To verify that the transferee UE issues a correctly composed NOTIFYs to the transferor; and

4)
To verify that the transferee UE sets up a new dialog with transfer target by sending an INVITE request; and

5)
To verify that the transferee UE terminates the dialog with the transferor when receiving a BYE request.
15.24.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF, registered to IMS services and set up a MO call by executing test case 12.12 (MO MTSI Voice Call Successful with preconditions) up to the step 12.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration and the MO call.

Related ICS/IXIT Statement(s)
Support for initiating a session

(Yes/No)

Support for MTSI
(Yes/No)

Support for speech
(Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

Support for Explicit Communication Transfer - blind transfer
(Yes/No)
IMS security (Yes/No)

GIBA (Yes/No)
Test procedure

1-4) The same procedure as in steps 1 - 4 of subclause 15.12.4 (MT Call hold) are used to put the call into hold.

5)
SS sends to the UE a REFER request, which refers to the transfer target.
6)
SS waits the UE to respond to the REFER request with a valid 202 Accepted response.

7)
SS waits the UE to send an initial NOTIFY to tell that the implicit refer subscription is pending.

8)
SS responds to the NOTIFY request with valid 200 OK response.

9)
SS waits the UE to send an INVITE request to the transfer target
10)
SS responds to the INVITE request with a 100 Trying response

11)
SS responds to the INVITE request with 180 Ringing response. 

12)
SS waits for the UE to send a PRACK request.

13)
SS responds to the PRACK request with valid 200 OK response.

14)
SS responds to the INVITE request with a 200 OK response

15)SS waits the UE to send an ACK

16)
SS waits the UE to send the final NOTIFY to tell that the call transfer was successfully completed.

17)
SS responds to the NOTIFY request with a valid 200 OK response.

18)
SS sends a BYE request in order to terminate its session with the UE

19)
SS waits the UE to respond to the BYE request with a valid 200 OK response.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-4
	
	Messages in MT Call Hold test case (subclause 15.12)
	The same messages as in steps 1 - 4 of subclause 15.12.4 are used

	5
	(
	REFER
	SS sends REFER to SS referring to the transfer target

	6
	(
	202 Accepted
	UE responds with a 202 Accepted response

	7
	(
	NOTIFY
	UE sends initial NOTIFY for the implicit subscription created by the REFER request

	8
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	9
	(
	INVITE
	UE sends INVITE to set up a dialog with transfer target. UE indicates the medias and codecs the UE supports. The UE has also reserved its resources.

	10
	(
	100 Trying
	SS responds the INVITE with 100 Trying

	11
	(
	180 Ringing
	The SS responds INVITE with 180 Ringing with SDP answer indicating that the resources have been reserved for one single codec selected per each offered media.

	12
	(
	PRACK
	UE acknowledges the receipt of 180 response by sending PRACK

	13
	(
	200 OK
	The SS responds PRACK with 200 OK

	14
	(
	200 OK
	SS responds the INVITE with 200 OK

	15
	(
	ACK
	UE sends the ACK

	16
	(
	NOTIFY
	UE sends a NOTIFY to confirm that the call transfer has been completed

	17
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	18
	(
	BYE
	SS sends a BYE to terminate its session with UE

	19
	(
	200 OK
	UE responds the BYE with 200 OK


Specific Message Contents

REFER (Step 5)

Use the default message “MT REFER” in annex A.2.12  

202 Accepted for REFER (Step 6)

Use the default message “202 Accepted” in annex A.3.3.

NOTIFY (Step 7)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SIP/2.0 100 Trying


200 OK for NOTIFY (Step 8)

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

INVITE (Step 9)

Use the default message “INVITE for MO call setup” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Request-Line
	

	
Request-URI
	SIP or Tel URI of the transfer target

	To
	

	
addr-spec
	SIP or Tel URI of the transfer target

	Supported
	

	
option-tag
	100rel, precondition

	Message-body
	SDP message as defined below.



SDP Message (Step 9):
Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“max-red=” any value between 0..220
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos (strength-tag) remote (direction-tag)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“none” or “optional“ or “mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendonly” or “recvonly” or “sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


100 Trying for INVITE (Step 10)

Use the default message “100 Trying for INVITE” in annex A.2.2.
180 Ringing for INVITE (Step 11)

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

	Header/param
	Value/remark

	Require
	

	
option-tag

	precondition

	Contact
	

	
addr-spec
	Different URI must be used than the one SS uses when setting up the MO call as this is supposed now to represent another UE to which the call is being forwarded. . 

	Message-body
	SDP message as defined below.





 


SDP Message (Step 11):

Same SDP message as received in the INVITE of step 9 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 9
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 9
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 9
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions
Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote (direction-tag)

a=des:qos mandatory local (direction-tag)

a=des:qos mandatory remote (direction-tag)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendonly” when direction-tag has been “recvonly” in step 9,
“recvonly” when direction-tag has been “sendonly” in step 9,

“sendrecv” else.
	
	


PRACK (Step 12)

Use the default message “PRACK” in annex A.2.4. 
200 OK for PRACK (Step 13)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
200 OK for INVITE (Step 14)

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

	Contact
	

	
addr-spec
	Same value as in the 180 response of step 11


ACK (Step 15)

Use the default message “ACK” in annex A.2.7.
NOTIFY (Step 16)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Subscription-State
	

	
substate-value
	terminated

	
expires
	omitted from the request

	
reason
	noresource

	Message-body
	SIP/2.0 200 OK


200 OK for NOTIFY (Step 17)

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

BYE (Step 18)

Use the default message “BYE” in annex A.2.8. 
200 OK for BYE (Step 19)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1
15.24.5
Test requirements

SS must check that the UE 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.
Step 9: the UE shall send an INVITE message with correct content. 










<End of Modified Section>

<Start of Next Modified Section>

16.2
Speech AMR, indicate selective codec modes 

16.2.1
Definition and applicability

Test to verify that the UE correctly performs IMS Multimedia Telephony speech call setup when selective AMR codec modes are offered. This process is described in 3GPP TS 24.173 [65], TS 24.229 [10] and TS 26.114 [66]. The test case is applicable for IMS security or GIBA.

16.2.2
Conformance requirement

Same as 34.229-1 clause 16.1.2.

16.2.3
Test purpose

1) To verify that, when initiating MT MTSI speech AMR call with selective codec modes and SS has resources available, the UE performs correct exchange of SIP protocol signalling messages for setting up the session.

2) To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3) To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4) To verify that the UE is able to release the call.
16.2.4
Method of test
Same as 34.229-1 clause 16.1.4 except

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.



















· 
· 
· 
· 
· 


SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 99

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	99
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media
Textual view

	a=rtpmap:99 AMR/8000/1 

a=fmtp:99 mode-set=0,2,4,7; mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	99
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	99
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,2,4,7“
	
	

	
	
	
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


180 Ringing (Step 4)

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

	Header/param
	Value/remark

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Optional SDP message as defined below.



























SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test
c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	IMS conformance test
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) mode-set=0,2,4,7;


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,2,4,7“
	further parameters may occur in any order
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK for INVITE (Step 7)

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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header not present if 180 Ringing (step 4) contained SDP.

Header present if 180 Ringing (step 4) did not contain SDP.

Contents if present: The same requirements for SDP types and values as specified in step 4.


16.2.5
Test requirements

The UE shall send requests and responses as described in clause 16.2.4.

<End of Modified Section>

<Start of Next Modified Section>

16.3
Speech AMR-WB, indicate all codec modes 

16.3.1
Definition and applicability

Test to verify that the UE correctly performs IMS Multimedia Telephony speech call setup when all AMR-WB codec modes are offered. This process is described in 3GPP TS 24.173 [65], TS 24.229 [10] and TS 26.114 [66]. The test case is applicable for IMS security orGIBA.
16.3.2
Conformance requirement

[TS 24.229, clause 5.1.4.1]

If an initial INVITE request is received the terminating UE shall check whether the terminating UE requires local resource reservation.

NOTE 1:
The terminating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.

If local resource reservation is required at the terminating UE and the terminating UE supports the precondition mechanism, and:

a) 
the received INVITE request includes the "precondition" option-tag in the Supported header or Require header, the terminating UE shall make use of the precondition mechanism and shall indicate a Require header with the "precondition" option-tag in any response or subsequent request it sends towards to the originating UE; or

…

[TS 26.114, clause 5.2.1]

MTSI terminals offering speech communication shall support:

-
AMR speech codec (3GPP TS 26.071, 3GPP TS 26.090, 3GPP TS 26.073 and 3GPP TS 26.104) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093. The terminal shall be capable of operating with any subset of these 8 codec modes.

…

MTSI terminals offering wideband speech communication at 16 kHz sampling frequency shall support:

-
AMR wideband codec (3GPP TS 26.171, 3GPP TS 26.190, 3GPP TS 26.173 and 3GPP TS 26.204) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193. The terminal shall be capable of operating with any subset of these 9 codec modes.

…

MTSI terminals offering wideband speech communication shall also offer narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be listed as the first payload type in the m line of the SDP offer (RFC 4566 ).

[TS 24.229, clause 6.1.1]

During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description, or when the SDP payload must be included in the message because of SIP rules described in RFC 3261.

[TS 26.114, clause 6.2.5]

The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566.

[TS 26.114, clause 7.3.1]

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556.

Reference(s)

3GPP TS 24.229[10] clauses 5.1.4.1, TS 26.114 [66] clause 5.2.1, 6.2.5 and 7.3.1.

16.3.3
Test purpose

1) To verify that, when initiating MT MTSI speech AMR-WB call and SS has resources available, the UE performs correct exchange of SIP protocol signalling messages for setting up the session.

2) To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3) To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4) To verify that the UE is able to release the call.
16.3.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security).

Related ICS/IXIT Statement(s)
IMS security (Yes/No)

GIBA (Yes/No)
Support for initiating a session (Yes/No)

Support for speech (Yes/No)

Support for speech, AMR wideband (Yes/No) 

Support for IMS Multimedia Telephony (Yes/No) 

Test procedure

1)
SS sends an INVITE request to the UE.

2)
Void.

3)
SS may receive 100 Trying from the UE.

4)
SS may receive 183 Session Progress from the UE. 
5)
SS may send PRACK to the UE to acknowledge the 183 Session Progress. 

6)
SS may receive 200 OK for PRACK from the UE. 

7)
SS may send UPDATE to the UE

8)
SS may receive 200 OK for UPDATE from the UE, with proper SDP as answer. 

9)
SS may receive 180 Ringing from the UE.

10)
SS may send PRACK to the UE to acknowledge the 180 Ringing.

11)
SS may receive 200 OK for PRACK from the UE.

11A)
The UE accepts the session invite.
If 180 Ringing is not received from the UE after 5s from step 1, the MMI command shall be started to trigger the UE to accept the call.
12)
SS expects and receives 200 OK for INVITE from the UE.

13)
SS send an ACK to acknowledge receipt of the 200 OK for INVITE

14)
SS sends BYE to the UE.

15)
SS expects and receives 200 Ok for BYE from the UE

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	
	
	Void

	3
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response.

	4
	(
	183 Session Progress
	(Optional) The UE sends 183 response reliably with the SDP answer to the offer in INVITE

	5
	(
	PRACK
	(Optional) SS acknowledges if a 183 Session Progress is received.

	6
	(
	200 OK
	(Optional) The UE responds if a PRACK is sent.

	7
	(
	UPDATE
	(Optional) SS sends an UPDATE with SDP offer if a 183 Session Progress is received.

	8
	(
	200 OK
	(Optional) The UE acknowledges if an UPDATE is sent.

	9
	(
	180 Ringing 
	(Optional) The UE responds to INVITE with 180 Ringing.

	10
	(
	PRACK
	(Optional) SS shall send PRACK if  the 180 response contains 100rel option-tag in the Require header.

	11
	(
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	11A
	
	
	Make UE accept the speech AMR offer.

	12
	(
	200 OK
	The UE responds INVITE with 200 OK .

	13
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	14
	(
	BYE
	The SS releases the call with BYE.

	15
	(
	200 OK
	The UE sends 200 OK for BYE.


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “GIBA”  when applicable

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below. 





















· 
· 
· 
· 


SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97 99

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97 99
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR-WB/16000/1 

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220 

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	rtpmap
	
	payload type
	99
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	99
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


100 Trying for INVITE (Step 3)

Use the default message “100 Trying for INVITE” in annex A.2.2

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

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below. 


























SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	IMS conformance test
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)
c=IN (addrtype) (connection-address for UE)
b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR-WB codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local (direction-tag)  

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv” or “none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


PRACK (step 5)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message.

200 OK (Step 6)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

UPDATE (step 7)

Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 



























SDP Message (Step 7):

Session description
Textual view

	v=0

o=- 1111111111 1111111112 IN IP6 (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111112“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97
c=IN (addrtype) (connection-address for UE)
b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR-WB/16000/1 

a=fmtp:97 mode-change-capability=2;  max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions:
Textual view

	a=curr:qos local sendrecv 

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 4)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 8)

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

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	Message-body
	SDP message as defined below. 


























SDP Message (Step 8):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)
c=IN (addrtype) (connection-address for UE)
b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header optional if 183 Session Progress is not used

Header not present if 183 Session Progress is used (step 4)

Contents if present as below.


























SDP Message (Step 9):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)
c=IN (addrtype) (connection-address for UE)
b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


PRACK (step 10)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message

200 OK (Step 11)

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

200 OK for INVITE (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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header not present if 183 Session Progress is used (step 4) or 180 Ringing (step 9) contained SDP.

Header present if 183 Session Progress is not used (step 4) and 180 Ringing (step 9) did not contain SDP.

Contents if present: The same requirements for SDP types and values as specified in step 9.


ACK (Step 13)

Use the default message “ACK” in annex A.2.7.
BYE (step 14)

Use the default message "BYE" in annex A.2.8.

200 OK (step 15)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1. 
16.3.5
Test requirements

The UE shall send requests and responses as described in clause 16.3.4.

<End of Modified Section>

<Start of Next Modified Section>

16.4
Speech AMR-WB, indicate selective codec modes 

16.4.1
Definition and applicability

Test to verify that the UE correctly performs IMS Multimedia Telephony speech call setup when selective AMR-WB codec modes are offered. This process is described in 3GPP TS 24.173 [65], TS 24.229 [10] and TS 26.114 [66]. The test case is applicable for IMS security orGIBA.
16.4.2
Conformance requirement

Same as 34.229-1 clause 16.3.2.

16.4.3
Test purpose

1) To verify that, when initiating MT MTSI speech AMR-WB call with selective codec modes and SS has resources available, the UE performs correct exchange of  SIP protocol signalling messages for setting up the session.

2) To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3) To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4) To verify that the UE is able to release the call.
16.4.4
Method of test
Same as 34.229-1 clause 16.3.4 except

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below. 

























· 


SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97 99

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97 99
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR-WB/16000/1 

a=fmtp:97 mode-set=0,1,2; mode-change-capability=2; max-red=220

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-set=0,2,4,7; mode-change-capability=2; max-red=220 

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2“
	
	

	
	
	
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	rtpmap
	
	payload type
	99
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	99
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,2,4,7“
	
	

	
	
	
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


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

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below. 


























SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	IMS conformance test
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format) mode-set=0,1,2;


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR-WB codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2“
	additional parameters may occur in any order and are ignored
	


Attributes for preconditions
Textual view

	a=curr:qos local (direction-tag)  

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv” or “none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


UPDATE (step 7)

Use the default message "UPDATE" in annex A.2.5, but with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 



























SDP Message (Step 7):

Session description
Textual view

	v=0

o=- 1111111111 1111111112 IN IP6 (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111112“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR-WB/16000/1 

a=fmtp:97 mode-set=0,1,2;  mode-change-capability=2;  max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2“
	
	

	
	
	
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions:
Textual view

	a=curr:qos local sendrecv 

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 4)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 8)

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

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	Message-body
	SDP message as defined below. 


























SDP Message (Step 8):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format) mode-set=0,1,2;


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR-WB codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2“
	additional parameters may occur in any order and are ignored
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header optional if 183 Session Progress is not used

Header not present if 183 Session Progress is used (step 4)

Contents if present as below. 


























SDP Message (Step 9):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format) mode-set=0,1,2;


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR-WB codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2“
	additional parameters may occur in any order and are ignored
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK for INVITE (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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header not present if 183 Session Progress is used (step 4) or 180 Ringing (step 9) contained SDP.

Header present if 183 Session Progress is not used (step 4) and 180 Ringing (step 9) did not contain SDP.

Contents if present as below. 


























SDP Message (Step 12):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR-WB/16000

a=fmtp:(format) mode-set=0,1,2,7,8;


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR-WB”
	
	

	
	
	
	clockrate
	16000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR-WB codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-set=0,1,2,7,8“
	additional parameters may occur in any order and are ignored
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


16.4.5
Test requirements

The UE shall send requests and responses as described in clause 16.4.4.
<End of Modified Section>

<Start of Next Modified Section>

16.10
MO MTSI Text session with MSRP

16.10.1
Definition and applicability
Test to verify that the UE correctly performs MTSI mobile originated text messaging MSRP session setup (without preconditions) and release. The test case is applicable for IMS security or GIBA.
16.10.2
Conformance requirement

[TS 24.247, clause 8.2.1]:

For the purpose of session-mode messaging and session-mode messaging conferences, the UE shall implement the role of 

- 
an SDP offerer as described in subclause 8.3.1; and

- 
an SDP answerer as described in subclause 8.3.2.

...

[TS 24.247, clause 8.3.1]:

When an SDP offerer wants to create a session mode massaging session, the SDP offerer shall populate the SDP as specified in subclause 6.1 in 3GPP TS 24.229. SDP offerer shall also include:

a)
a media attribute in accordance with RFC 4975; and

b)
the supported MIME types in the accept-types or accept-wrapped-types attributes  in accordance with RFC 4975; and

c)
the address of the SDP offerer in the path attribute, in accordance with RFC 4975. 

d)
an a=setup attribute in accordance with draft-ietf-simple-msrp-acm.

The SDP may also include a max-size attribute. The attribute shall be formatted in accordance with RFC 4975

The SDP offerer may want to indicate to the other user(s), that the SDP offerer is prepared to receive isComposing information, then it shall add the MIME type “application/ im-iscomposing+xml to the accept type or access-wrapped types attributes.

At the receipt of the SDP answer, if the SDP answer contains an a=setup attribute with a "passive" value, the SDP offerer shall set up a TCP connection (if not already available) when an IP-CAN bearer with sufficient QoS is available.

In accordance with draft-ietf-simple-msrp-acm [18], the SDP offerer shall not include an a=connection attribute in the initial SDP offer. For file transfer, the SDP shall also include media level attributes in accordance with RFC 5547, with the exception that it shall include the file selector attribute (a=file-selector) with at least a size parameter.

When the 200 (OK) response for the last MSRP SENT is received, the SDP offerer shall close the MSRP media stream(s) for that particular file transfer, by sending an SDP offer where the m line port value for the file transfer media stream is set to zero, unless the MSRP media stream is the only stream in the SIP session, in which case a SIP BYE request shall be sent in order to terminate the SIP session.

...

[TS 24.247, clause 8.3.2]:

When receiving an SDP offer the SDP answerer shall populate the SDP answer as specified in subclause 6.1 in 3GPP TS 24.229. In addition the answerer shall include:

a)
a media attribute in accordance  with the received media attribute in the SDP offer; and

b)
the supported MIME types in the accept-types or accept-wrapped-types attributes in accordance with RFC 4975; and

c) the MSRP URI of the SDP answerer in the path attribute in accordance with RFC 4975. 

d)
an a=setup attribute in accordance with draft-ietf-simple-msrp-acm [18].

The SDPmay also include a max-size attribute. The attribute shall be formatted in accordance with RFC 4975.

If SDP answerer receives the MIME type “application/im-iscomposing+xml” in the accept-types or accept-wrapped-types attribute and the SDP answerer accepts the exchange of isComposing information the SDP answerer shall add the MIME type “application/im-iscomposing+xml” to the accept-types or access-wrapped types attributes. 

If the SDP answer contains an a=setup attribute with an "active" value, the SDP answerer shall set up a TCP connection (if not already available) when an IP-CAN bearer with sufficient QoS is available.

For file transfer, the answerer shall behave in accordance with draft-ietf-mmusic-file-transfer-mech-00.

...

[TS 24.247, clause 9.2.1]:

The UE shall: 

-
implement the role of an MSRP sender as described in subclause 9.3.1; and

-
implement the role of an MSRP receiver as described in subclause 9.3.2.

...

[TS 24.247, clause 9.3.1]:

When a MSRP sender wishes to send a message, the MSRP sender shall ensure that the message length is not longer than the max-size attribute, as received in a SDP offer or a SDP answer. Depending on the message length the message may be included in one SEND request or chunked into a number of SEND requests. The MSRP sender shall follow the procedures and rules as specified in RFC 4975, when the MSRP sender fragments a message into a number SEND requests. 

The SEND request shall include the Byte-Range header. The MSRP sender shall populate the Byte-Range header fields as follows:

-
the range end set to * (interruptible), to make the chunks interruptible, if the SEND request is longer than 2048 octets; and

-
the total field set to the total size of the message. 

The MSRP sender shall create a SEND request in accordance with RFC 4975 [9], where the value of To-Path is the MSRP URI shall be set to value of path attribute received in a SDP offer or a SDP answer.

If it is possible to exchange isComposing information, the MSRP sender may include in a SEND request an isComposing status message as defined in RFC 3994.

...

[TS 24.247, clause 9.3.2]:

When a MSRP receiver receives a SEND request,  the MSRP receiver shall parse the SEND request.  The MSRP receiver shall either send a response including: 

a)
a 200 (OK) status-code , as specified in RFC 4975, for the concerned SEND message if the parsing was successful; or

b)
an appropriate status-code, as specified in RFC 4975, for the concerned SEND message if the parsing was unsuccessful. 

The MSRP receiver shall send a REPORT request if this is explicit or implicit requested in the SEND request(s) belonging to the message. It shall either be:

a)
a successful REPORT request including status-code 200 (OK) if a complete message is received and  the Report-Success header in the SEND request was set to "yes"; or

b)
an unsuccessful REPORT request including status-code other than 200 (OK) as defined in RFC 4975 if the MSRP receiver can conclude that a complete  message is not received and  the Report-Failure header is set to "yes" or not included. The criteria to conclude that a complete message is not received are specified in RFC 4975.

Reference(s)

3GPP TS 24.247 [87] clauses 8.2.1, 8.3.1, 8.3.2, 9.2.1, 9.3.1, 9.3.2

16.10.3
Test purpose

1)
To verify that when initiating MO MTSI text messaging session for MSRP the UE performs correct exchange of  SIP protocol signalling messages for setting up the session.

2)
To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3)
To verify that within SIP signalling the UE performs the correct exchange of SDP contents for MSRP.
4)
To verify that the UE is able to release the messaging session.
16.10.4
Method of test
Initial conditions

UE contains either SIM application (early IMS security), ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (early IMS security only) up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security).

Related ICS/IXIT Statement(s)
Support for initiating a session
(Yes/No)

Support for text, MSRP (Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

IMS security (Yes/No)

GIBA (Yes/No)

Test procedure

1)
MO MTSI text messaging session is initiated on the UE. SS waits the UE to send an INVITE request with a SDP offer.

2)
SS responds to the INVITE request with a 100 Trying response.

3)
SS responds to the INVITE request with valid 200 OK response.

4)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

5)
Messaging session is released on the UE. SS waits the UE to send a BYE request.

6)
SS responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with a SDP offer

	2
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	3
	(
	200 OK
	The SS responds INVITE with 200 OK

	4
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	5
	(
	BYE
	The UE releases the call with BYE

	6
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “GIBA” when applicable

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MO Call" in annex A.2.1, with the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below. 












· 
· 
· 

.


SDP Message (Step 1):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=message (transport port) TCP/MSRP *

c=(network type) (address type) (connection address of UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“message”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“TCP/MSRP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	


Attributes for media (NOTE 2)
Textual view

	a=accept-types: (MIME types supported by the UE for MSRP)

a=path:(MSRP URI of the UE as defined within RFC 4975) 

a=setup:active


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	accept-types
	
	any value
	MIME types supported by the UE for MSRP
	RFC 4975 [132]

	path
	
	any value
	MSRP URI of the UE as defined within RFC 4975
	RFC 4975 [132]

	setup
	
	“active”
	
	FFS


	Notes
	

	NOTE 1
	At least one connection information shall be present.

	NOTE 2
	In addition to those the UE may optionally include attributes like max-size or accept-wrapped-types as defined in RFC 4975 [132].


100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 3)

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

	Content-Type
	

	    media-type
	application/sdp

	Content-Length
	

	   value
	length of message-body

	Message-body
	SDP message as received in INVITE (step 1) but modified as below. 






· 


SDP Message (Step 3):

Same SDP message as received in the INVITE of step 1 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description
Textual view

	m=message (transport port)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	
	RFC 4566 [27]


Attributes for media

Textual view

	a=path:(MSRP URI of the UE as defined within RFC 4975) 

a=setup:passive


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	path
	
	MSRP URI of the SS towards which the UE should start sending the MSRP messages
	
	RFC 4975 [132]

	setup
	
	“passive”
	
	FFS


ACK (Step 4)

Use the default message “ACK” in annex A.2.7. 

BYE (Step 5)

Use the default message “BYE” in annex A.2.8.

200 OK for BYE (Step 6)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
16.10.5
Test requirements

After receiving ACK from SS the UE proceeds with creating a TCP connection to the TCP port which SS allocated for the MSRP session and indicated within its SDP answer. The UE shall tear down the TCP connection down after receiving the 200 OK for BYE request.

<End of Modified Section>

<Start of Next Modified Section>

17.1
MO Speech, add video remove video

17.1.1
Definition and applicability
Test to verify that the UE is able to add a bidirectional video component to an ongoing IMS Multimedia telephony voice call. This process is described in 3GPP TS 24.229 [10], TS 24.173 [65] and TS 26.114 [66]. The test case is applicable for IMS security or GIBA.
17.1.2
Conformance requirement

[TS 24.173, clause 5.2]:

IMS multimedia telephony communication service can support different types of media, including media types listed in 3GPP TS 22.173. The session control procedures for the different media types shall be in accordance with 3GPP TS 24.229 and 3GPP TS 24.247, with the following addition:

a)
Multimedia telephony is an IMS communication service and the P-Preferred-Service and P-Asserted-Service headers shall be treated as described in 3GPP TS 24.229. The coding of the ICSI value in the P-Preferred-Service and P-Asserted-Service headers shall be according to subclause 5.1.
[TS 24.229, clause 5.1.2A.1]:

If this is a request within an existing dialog, and the request includes a Contact header field, then the UE should insert the previously used Contact header field.

...

After the dialog is established the UE may change the dialog capabilities (e.g. add a media or request a supplementary service) if defined for the IMS communication service as identified by the ICSI value using the same dialog. Otherwise, the UE shall initiate a new initial request to the other user.

[TS 24.229, clause 5.1.3]:

The "integration of resource management and SIP" extension is hereafter in this subclause referred to as "the precondition mechanism" and is defined in RFC 3312 as updated by RFC 4032. 

The precondition mechanism should be supported by the originating UE.

The UE may initiate a session without the precondition mechanism if the originating UE does not require local resource reservation. 

NOTE 1:
The originating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.

In order to allow the peer entity to reserve its required resources, an originating UE supporting the precondition mechanism should make use of the precondition mechanism, even if it does not require local resource reservation.

Upon generating an initial INVITE request using the precondition mechanism, the UE shall:

-
indicate the support for reliable provisional responses and specify it using the Supported header mechanism; and

-
indicate the support for the preconditions mechanism and specify it using the Supported header mechanism.

Upon generating an initial INVITE request using the precondition mechanism, the UE should not indicate the requirement for the precondition mechanism by using the Require header mechanism.

NOTE 2:
If an UE chooses to require the precondition mechanism, i.e. if it indicates the "precondition" option tag within the Require header, the interworking with a remote UE, that does not support the precondition mechanism, is not described in this specification.

NOTE 3:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261. The UE can accept or reject any of the forked responses, for example, if the UE is capable of supporting a limited number of simultaneous transactions or early dialogs.

Upon successful reservation of local resources the UE shall confirm the successful resource reservation (see subclause 6.1.2) within the next SIP request. 

NOTE 4:
In case of the precondition mechanism being used on both sides, this confirmation will be sent in either a PRACK request or an UPDATE request. In case of the precondition mechanism not being supported on one or both sides, alternatively a reINVITE request can be used for this confirmation after a 200 (OK) response has been received for the initial INVITE request, in case the terminating UE does not support the PRACK request (as described in RFC 3262) and does not support the UPDATE request (as described in RFC 3311).

 [TS 24.229, clause 6.1]:

The "integration of resource management and SIP" extension is hereafter in this subclause referred to as "the precondition mechanism" and is defined in RFC 3312 as updated by RFC 4032.

In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect the SDP payloads. Hence, the UE shall not encrypt the SDP payloads.

During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description, or when the SDP payload must be included in the message because of SIP rules described in RFC 3261.
...

For "video" and "audio" media types that utilize the RTP/RTCP, the UE shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor and the "AS" bandwidth modifier in the SDP.

...

If the media line in the SDP indicates the usage of RTP/RTCP, and if the UE is configured to request an RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556, then in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in RFC 3556 to specify the required bandwidth allocation for RTCP. The bandwidth-value in the b=RS: and b=RR: lines may include transport overhead as described in subclause 6.1 of RFC 3890.

For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in 3GPP TS 29.208.

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.

The UE shall include the MIME subtype "telephone-event" in the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC 4733.
The UE shall inspect the SDP contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 and perform the appropriate actions for IP-CAN bearer establishment for media according to IP-CAN specific procedures (see subclause B.2.2.5 for IP-CAN implemented using GPRS).

If resource reservation is needed, the UE shall start reserving its local resources whenever it has sufficient information about the media streams, media authorization and used codecs available.

NOTE 2:
Based on this resource reservation can, in certain cases, be initiated immediately after the sending or receiving of the initial SDP offer.

In order to fulfil the QoS requirements of one or more media streams, the UE may re-use previously reserved resources. In this case the local preconditions related to the media stream, for which resources are re-used, shall be indicated as met.

[TS 24.229, clause 6.1.2]:

An INVITE request generated by a UE shall contain a SDP offer and at least one media description. The SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.

If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the SDP offer, the UE shall:

- 
indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 and RFC 4032, as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1); and,

- 
set the related media streams to inactive, by including an "a=inactive" line, according to the procedures described in RFC 4566, unless the UE knows that the precondition mechanism is supported by the remote UE.

NOTE 1:
When setting the media streams to the inactive mode, the UE can include in the first SDP offer the proper values for the RS and RR modifiers and associate bandwidths to prevent the receiving of the RTCP packets, and not send any RTCP packets.

If the desired QoS resources for one or more media streams are available at the UE when the initial SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312  and RFC 4032, as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1).
NOTE 2:
If the originating UE does not support the precondition mechanism it will not include any precondition information in SDP.

...

Upon generating the SDP offer for an INVITE request generated after receiving a 488 (Not Acceptable Here) response, as described in subclause 5.1.3.1, the UE shall include SDP payload containing a subset of the allowed media types, codecs and other parameters from the SDP payload of all 488 (Not Acceptable Here) responses related to the same session establishment attempt (i.e. a set of INVITE requests used for the same session establishment). The UE shall order the codecs in the SDP payload according to the order of the codecs in the SDP payload of the 488 (Not Acceptable Here) response.

NOTE 3:
The UE can attempt a session establishment through multiple networks with different policies and potentially can need to send multiple INVITE requests and receive multiple 488 (Not Acceptable Here) responses from different CSCF nodes. The UE therefore takes into account the SDP contents of all the 488 (Not Acceptable Here) responses received related to the same session establishment when building a new INVITE request.

Upon confirming successful local resource reservation, the UE shall create a SDP offer in which: 

-
the related local preconditions are set to met, using the segmented status type, as defined in RFC 3312 and RFC 4032; and

-
the media streams previously set to inactive mode are set to active (sendrecv, sendonly or recvonly) mode.
Upon receiving an SDP answer, which includes more than one codec for one or more media streams, the UE shall send an SDP offer at the first possible time, selecting only one codec per media stream.

[TS 26.114 Rel-8, clause 5.2.2]:

MTSI terminals offering video communication shall support:

ITU-T Recommendation H.263 Profile 0 Level 45.

In addition they should support:

ITU-T Recommendation H.263 Profile 3 Level 45;

MPEG-4 (Part 2) Visual Simple Profile Level 3with the following constraints:

-
Number of Visual Objects supported shall be limited to 1.

-
The maximum frame rate shall be 30 frames per second.

-
The maximum f_code shall be 2.

-
The intra_dc_vlc_threshold shall be 0.

-
The maximum horizontal luminance pixel resolution shall be 352 pels/line.

-
The maximum vertical luminance pixel resolution shall be 288 pels/VOP.

-
If AC prediction is used, the following restriction applies: QP value shall not be changed within a VOP (or within a video packet if video packets are used in a VOP). If AC prediction is not used, there are no restrictions to changing QP value.

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC Baseline Profile Level 1.1 with constraint_set1_flag=1 and without requirements on output timing conformance (annex C of H.264). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.

[TS 26.114 Rel-10, clause 5.2.2]

MTSI clients in terminals offering video communication shall support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile (CBP) Level 1.2.

In addition they should support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile Level 3.1.
In addition they may support:

-
ITU-T Recommendation H.263 [22] Profile 0 Level 45.

[TS 26.114 Rel-8, clause 6.2.1]:

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s) and any additional session parameters.

[TS 26.114 Rel-8, clause 6.2.1a.1]

MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework.

SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements needed for supporting SDPCapNeg in SDP messages.

NOTE:
This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the tcap, pcfg and acfg attributes. Implementers may therefore (incorrectly) assume that it is sufficient to implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing so would however not be future proof since future versions may use other parts of the framework and there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence, MTSI clients are required to support the complete framework.

 [TS 26.114 Rel-8, clause 6.2.1a.2]

For voice and real-time text, SDPCapNeg shall be used when offering AVPF the first time for a new media type in the session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall either offer AVPF and AVP together using SDPCapNeg, or the MTSI client shall offer only AVPF, without using SDPCapNeg.  If an MTSI client has offered only AVPF for video, and then receives as response either an SDP answer where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating that only AVP is supported for video media, the MTSI client should send a new SDP offer with AVP as transport for video. Subsequent SDP offers, in a re-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP is not used; and in re-INVITEs or UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.

When offering AVP and AVPF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:

-
The support for AVPF is indicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF shall be preferred over AVP.

-
At least one configuration using AVPF shall be listed using the attribute for potential configurations ‘pcfg’.

[TS 26.114, clause 6.2.3]:

If video is used in a session, the session setup shall determine the bandwidth, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in should be supported.

An MTSI terminal shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.

[TS 26.114, clause 6.2.5]:

The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566.

[TS 26.114, clause 6.3]:

During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed.

[TS 26.114, clause 7.3.1]

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556. Therefore, an MTSIclient shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them.

Reference(s)

3GPP TS 24.229[10], clauses 5.1.2A.1, 5.1.3 and 6.1, TS 24.173 [65] clause 5.2 and TS 26.114 [66], clauses 5.2.2, 6.2.1, 6.2.1a.1, 6.2.1a.2, 6.2.3, 6.2.5, 6.3 and 7.3.1.
17.1.3
Test purpose

1)
To verify that when adding a video component to an ongoing IMS Multimedia Telephony voice call the UE performs correct exchange of SIP protocol signalling messages; and

2)
To verify that within SIP signalling the UE performs correct SDP offer/answer exchanges for negotiating media and indicating preconditions for resource reservation (as described by  3GPP TS 24.229 [10], clause 6.1); and

3)
To verify that when removing the video component from the IMS Multimedia Telephony call the UE performs correct exchange of SIP and SDP protocol messages.
17.1.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF, registered to IMS services and set up the MO call, by executing  annex C.21.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration and MO call.

Related ICS/IXIT Statement(s)
Support for initiating a session

(Yes/No)

Support for MTSI
(Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

Support for speech
(Yes/No)

Support for video

(Yes/No)

Support for Speech, add/remove video
(Yes/No)

IMS security (Yes/No)

GIBA (Yes/No)
Test procedure applicable for a UE with E-UTRA support (TS 34.229-2 [5] A.18/1)

1-7)

UE executes the procedures described in TS 36.508 [94] table 4.5A.11.3-1, steps 1 to 7.
Test procedure

1)
Add video to the voice call is initiated on the UE.
2)
UE to sends a re-INVITE request to the SS.
3)
SS responds to the re-INVITE request with a 100 Trying response.

4)
SS responds to the re-INVITE request with a 183 Session in Progress response. 

5)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer for update of precondition state.

6)
SS responds to the PRACK request with valid 200 OK response.
7)
SS waits for the UE to optionally send a UPDATE request containing the final SDP offer. UE will not send the UPDATE request if the PRACK within step 4 already contained the final offer with preconditions met.

8)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
9)
SS responds to the re-INVITE request with valid 200 OK response.

10)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

11)
Video stream is removed from the multimedia call on the UE. SS waits the UE to send a re-INVITE request with a SDP offer indicating the removal of the video stream. 
12)
SS responds to the re-INVITE request with a 100 Trying response.

13)
SS responds to the re-INVITE request with valid 200 OK response.

14)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for re-INVITE.

15)
Call is released on the UE. SS waits the UE to send a BYE request.

16)
SS responds to the BYE request with valid 200 OK response.
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 add IMS video to the voice call.
	

	2
	(
	INVITE
	UE sends re-INVITE with a SDP offer containing media lines for both voice and video

	3
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	4
	(
	183 Session in Progress
	Optional step: If the UE has not yet reserved the resources for the additional video stream SS responds with an SDP answer indicating that SS has not reserved its resources for video.

	5
	(
	PRACK
	Optional step: UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP to indicate the changed precondition status.

	6
	(
	200 OK
	Optional step: The SS responds PRACK with 200 OK and answers the second SDP (if any) with mirroring its contents.

	7
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources for video if meeting the preconditions was not already indicated in step 1 or 4.

	8
	(
	200 OK
	Optional step : The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	9
	(
	200 OK
	The SS responds re-INVITE with 200 OK and provides its final SDP answer if steps 3-7 were omitted

	10
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	11
	(
	INVITE
	UE sends re-INVITE with a SDP offer indicating that the video component is removed from the call

	12
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	13
	(
	200 OK
	The SS responds re-INVITE with 200 OK

	14
	(
	ACK
	The UE acknowledges the receipt of 200 OK for re-INVITE

	15
	(
	BYE
	The UE releases the call with BYE

	16
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE:
The default messages contents in annex A are used with condition “IMS security“ or “GIBA” when applicable

Specific Message Contents

INVITE (Step 2)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.












































SDP Message (Step 2):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) (transport protocol)
c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“ or “RTP/AVP”
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:(payload type) H264/90000

a=fmtp:(format) profile-level-id=42e00c; sprop-parameter sets=J0LgDJWgUH6Af1A=,KM46gA==


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	tcap
	
	trpr-cap-num
	1
	present if transport is “RTP/AVP” in media description
	RFC 5939 [124]

	
	
	proto-list
	"RTP/AVPF"
	
	

	pcfg
	
	config-number
	1
	present if transport is “RTP/AVP” in media description
	RFC 5939 [124]

	
	
	pot-cfg-list
	"t=1"
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“profile-level-id=42e00c“
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.










































SDP Message (Step 4):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	"1111111111"
	
	

	
	
	sess-version
	"1111111111"
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	


Attributes for media (audio)

Textual view

	a=rtpmap: (payload type) AMR/8000/1

a=fmtp: (format) mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	same value as used for the H264 codec in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	


Attributes for media (video)

Textual view

	a=acfg:1 t=1

a=rtpmap:(payload type)

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	acfg
	
	config-number
	1
	Present if tcap/pcfg attributes were included in step 2
	RFC 5939 [124]

	
	
	sel-cfg-list
	"t=1"
	
	

	rtpmap
	
	payload type
	same value as used for the H264 codec in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	
	Editor’s note: needs to be specified (FFS)
	

	
	
	
	clockrate
	
	
	

	
	
	
	parameters
	
	
	

	fmtp
	
	format
	same value as used for the H264 codec in step 2
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	
	Editor’s note: needs to be specified (FFS)
	

	
	
	
	
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


PRACK (Step 5)

Use the default message “PRACK” in annex A.2.4 with the exceptions: 

	Header/param
	Value/Remark

	Message-body
	optional SDP message as defined below.











































Optional SDP Message (Step 5):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value greater than the value in step 2
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value as in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) H264/90000

a=fmtp:(format) packetization-mode=0;profile-level-id=42e00c; \ 

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“profile-level-id=42e00c“
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK for PRACK (Step 6)

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

	Content-Type
	Header optional

Contents if present:

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	Header present if Prack (step 5) contained SDP.

Contents if present as defined below.





Optional SDP Message (Step 6):

Same SDP message as received in the PRACK of step 5 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60352
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


UPDATE (Step 7)

Use the default message “UPDATE” in annex A.2.5 with the following exceptions:
	Header/param
	Value/remark

	Message-body
	Same contents as specified in step 5.


200 OK for UPDATE (Step 8)

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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as below. 





Optional SDP Message (Step 8):

Same SDP message as received in the UPDATE of step 7 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60352
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


INVITE (Step 11)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below. 







































SDP Message (Step 11):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video 0 RTP/AVPF (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	0
	
	

	
	
	transport
	“RTP/AVPF“ 
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) 

a=fmtp:(format) 


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


17.1.5
Test requirements

The UE shall send requests and responses as described in clause 17.1.4

<End of Modified Section>

<Start of Next Modified Section>

17.2
MT Speech, add video remove video
17.2.1
Definition and applicability

Test to verify that the UE correctly add and remove media video to a mobile terminated speech session video when using IMS Multimedia Telephony. This process is described in 3GPP TS 24.229 [10], clause  5.1.2A.2, TS 24.173 [65] and TS 26.114 [66]. The test case is applicable for IMS security or GIBA.
17.2.2
Conformance requirement

[TS 24.229, clause 5.1.2A.2]

After the dialog is established the UE may change the dialog capabilities (e.g. add a media or request a supplementary service) if defined for the IMS communication service as identified by the ICSI value using the same dialog. Otherwise, the UE shall initiate a new initial request to the other user.
[TS 24.229 release 9 start, clause 6.1.1]

During the session establishment procedure, and during session modification procedures, SIP messages shall only contain SDP payload if that is intended to modify the session description, or when the SDP payload must be included in the message because of SIP rules described in RFC 3261.
[TS 24.229 release 9 end]

[TS 26.114, clause 5.2.1]

MTSI terminals offering speech communication shall support:

-
AMR speech codec (3GPP TS 26.071, 3GPP TS 26.090, 3GPP TS 26.073 and 3GPP TS 26.104) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093. The terminal shall be capable of operating with any subset of these 8 codec modes.

[TS 26.11 Rel-84, clause 5.2.2]

MTSI terminals offering video communication shall support:

ITU-T Recommendation H.263 Profile 0 Level 45.

In addition they should support:

ITU-T Recommendation H.263 Profile 3 Level 45;

MPEG-4 (Part 2) Visual Simple Profile Level 3with the following constraints:

-
Number of Visual Objects supported shall be limited to 1.

-
The maximum frame rate shall be 30 frames per second.

-
The maximum f_code shall be 2.

-
The intra_dc_vlc_threshold shall be 0.

-
The maximum horizontal luminance pixel resolution shall be 352 pels/line.

-
The maximum vertical luminance pixel resolution shall be 288 pels/VOP.

-
If AC prediction is used, the following restriction applies: QP value shall not be changed within a VOP (or within a video packet if video packets are used in a VOP). If AC prediction is not used, there are no restrictions to changing QP value.

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC Baseline Profile Level 1.1 with constraint_set1_flag=1 and without requirements on output timing conformance (annex C of H.264). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.

[TS 26.114 Rel-10, clause 5.2.2]

MTSI clients in terminals offering video communication shall support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile (CBP) Level 1.2.

In addition they should support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile Level 3.1.
In addition they may support:

-
ITU-T Recommendation H.263 [22] Profile 0 Level 45.

[TS 26.114, clause 6.2.1a.1] 

MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework.

SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements needed for supporting SDPCapNeg in SDP messages.

NOTE:
This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the tcap, pcfg and acfg attributes. Implementers may therefore (incorrectly) assume that it is sufficient to implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing so would however not be future proof since future versions may use other parts of the framework and there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence, MTSI clients are required to support the complete framework.

[TS 26.114, clause 6.2.1a.2]

For voice and real-time text, SDPCapNeg shall be used when offering AVPF the first time for a new media type in the session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall either offer AVPF and AVP together using SDPCapNeg, or the MTSI client shall offer only AVPF, without using SDPCapNeg.  If an MTSI client has offered only AVPF for video, and then receives as response either an SDP answer where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating that only AVP is supported for video media, the MTSI client should send a new SDP offer with AVP as transport for video. Subsequent SDP offers, in a re-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP is not used; and in re-INVITEs or UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.

When offering AVP and AVPF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:

-
The support for AVPF is indicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF shall be preferred over AVP.

-
At least one configuration using AVPF shall be listed using the attribute for potential configurations ‘pcfg’.

[TS 26.114, clause 6.2.3]

If video is used in a session, the session setup shall determine the bandwidth, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported.

An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.

[TS 26.114, clause 6.2.5]

The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566.

[TS 26.114, clause 6.3]

During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed.

[TS 26.114, clause 7.3.1]

…

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556.

…

Reference(s)

3GPP TS 24.229[10] clause 5.1.2A.2, 6.1.1 (release 9), TS 26.114 [66] clauses 5.2.1, 5.2.2, 6.2.1a.1, 6.2.1a.2, 6.2.3, 6.2.5, 6.3 and 7.3.1.

NOTE 1:
Reference to a specific release is used when a corrected requirement is not updated in earlier releases of the core specifications but applies to these earlier releases.

17.2.3
Test purpose

1) To verify that media video can be added and removed when MT MTSI speech call is established.

2) To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3) To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4) To verify that the UE is able to release the call.
17.2.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF, registered to IMS services and established a MT MTSI speech call, by executing the generic test procedure in Annex C.11 steps 1 to 13.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration.

Related ICS/IXIT Statement(s)
IMS security (Yes/No)

GIBA (Yes/No)
Support for initiating a session (Yes/No)

Support for video (Yes/No)

Support for speech (Yes/No)

Support for IMS Multimedia Telephony (Yes/No)

Test procedure applicable for a UE with E-UTRA support (TS 34.229-2 [5] A.18/1)

1-6)

UE executes the procedures described in TS 36.508 [94] table 4.5A.12.3-1, steps 1 to6.
Test procedure

1) SS sends a re-INVITE request to the UE.

2) Void

3) SS receives 183 Session Progress  from the UE.

4) SS sends PRACK to the UE to acknowledge the 183 Session Progress.

5) SS receives 200 OK for PRACK from the UE.

6) SS sends UPDATE to the UE, with SDP indicating that precondition is met on the server side.

7) SS receives 200 OK for UPDATE from the UE.

7A) The UE accepts the session invite.
8) SS expects and receives 200 OK for re-INVITE from the UE.

9) SS sends ACK to the UE.

10) SS sends a re-INVITE to the UE with a SDP offer indicating that the video component is removed from the call.

11) SS expects and receives 200 OK for re-INVITE from the UE.

12) SS sends ACK to the UE.

13) SS sends BYE to the UE.

14) SS expects and receives 200 OK for BYE from the UE.

Expected sequence

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

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends re-INVITE with second SDP offer to add video.

	2
	
	
	Void.

	3
	(
	183 Session Progress 
	The UE responds to re-INVITE by sending 183 response reliably with the SDP answer

	4
	(
	PRACK
	SS acknowledges the receipt of 183 response from the UE

	5
	(
	200 OK
	The UE acknowledges the PRACK with 200 OK.

	6
	(
	UPDATE
	SS sends an UPDATE with SDP offer indicating SS reserved resources.

	7
	(
	200 OK 
	The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

	7A
	
	
	Make UE accept the speech and video offer.

	8
	(
	200 OK 
	The UE responds to the re-INVITE with a 200 OK final response.

	9
	(
	ACK 
	The SS acknowledges the receipt of 200 OK for the re-INVITE. 

	10
	(
	INVITE
	SS sends a re-INVITE with a SDP offer indicating that the video component is removed from the call 

	11
	(
	200 OK
	The UE responds to the re-INVITE with a 200 OK final response. 

	12
	(
	ACK 
	The SS acknowledges the receipt of 200 OK for the re-INVITE.

	13
	
	
	Void

	14
	(
	BYE
	The SS sends BYE to release the call.

	15
	(
	200 OK
	The UE sends 200 OK for the BYE request and ends the call.


NOTE:
The default messages contents in annex A are used with condition “IMS security“or “GIBA” when applicable

Specific Message Content

INVITE (Step 1)

Use the default message “INVITE for MT Call” in annex A.2.9 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.










































SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000/1

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF 98
b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	98
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	315
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media (video)

Textual view

	a=rtpmap: 98 H264/90000

a=fmtp: 98 packetization-mode=0;profile-level-id=42e00c; \

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	98
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	fmtp
	
	format
	98
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“trr-int 5000“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack pli“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm fir“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm tmmbr“
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


183 Session Progress (step 3)

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

	Header/param
	Value/remark

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.









































SDP Message (Step 3):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap: 98 H264/90000

a=fmtp: 98 packetization-mode=0;profile-level-id=42e00c; \

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none 

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	Conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


PRACK (step 4)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message.

200 OK (step 5)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

UPDATE  (step 6)

Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 











































SDP Message (Step 6):

Session description
Textual view

	v=0

o=- 1111111111 1111111112 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111112“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF 98

b=AS:315

b=RS:0

b=RR:2500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	98
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	315
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media (video)

Textual view

	a=rtpmap: 98 H264/90000

a=fmtp: 98 packetization-mode=0;profile-level-id=42e00c; \

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	98
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	fmtp
	
	format
	98
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“trr-int 5000“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack pli“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm fir“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm tmmbr“
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none 

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 3)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 7)

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

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	Message-body
	SDP message as defined below.








































SDP Message (Step 7):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test”
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap: (payload type) AMR/8000

a=fmtp: (format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap: 98 H264/90000

a=fmtp: 98 packetization-mode=0;profile-level-id=42e00c; \

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK (Step 8)
Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1. 

ACK  (step 9)

Use the default message "ACK" in annex A.2.7.

INVITE (step 10)

Use the default message “INVITE for MT Call” in annex A.2.9 9 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.






































SDP Message (Step 10):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:97 AMR/8000/1 

a=fmtp:97 mode-change-capability=2; max-red=220


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video 0 RTP/AVPF (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	0
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	98
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	315
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) 

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	98
	Editor’s note: needs to be specified (FFS)
	RFC 4566 [27]

	
	
	codec
	encoding
	
	
	

	
	
	
	clockrate
	
	
	

	fmtp
	
	format
	98
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	
	Editor’s note: needs to be specified (FFS)
	

	
	
	
	
	
	

	
	
	
	
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 11)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

ACK (step 12)

Use the default message "ACK" in annex A.2.7.

BYE (step 14)

Use the default message "BYE" in annex A.2.8.

200 OK (step 15)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

17.2.5
Test requirements

The UE shall send requests and responses as described in clause 17.2.4

<End of Modified Section>

<Start of Next Modified Section>
19.3.2
Non-UE detectable emergency call / IM CN sends 380 Alternative Service / Non-emergency IMS registration / UTRAN or GERAN

19.3.2.1
Definition and applicability
Test to verify that the UE correctly requests an emergency service on CS domain over UTRAN or GERAN if the UE has received a 380 (Alternative Service) response to an INVITE request. 

19.3.2.2
Conformance requirement

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

NOTE 11:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

…

A CS and IM CN subsystem capable UE shall follow the conventions and rules specified in 3GPP TS 22.101 [1A] and 3GPP TS 23.167 [4B] to select the domain for the emergency call attempt. If the CS domain is selected, the UE shall attempt an emergency call setup using appropriate access technology specific procedures.

…

If the UE is connected to more than one domain in which it is possible for the UE to make voice calls, the UE shall attempt an emergency call on the same domain it would use to originate a non-emergency voice call unless serving network policy (based on regulatory requirements and operator needs) requires the UE, including an unauthenticated UE, to attempt the emergency call on a specific domain first.

Reference(s)

3GPP TS 24.229[10], clauses 5.1. 3.1, 5.1.6.1

3GPP TS 22.101[39]: clause 10.1.2
19.3.2.3
Test purpose

To verify that if the UE is not able to detect that an emergency number has been dialled:

-
in the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a XML body that includes an <alternative-service> child element with the <type> child element set to "emergency" and the <action> element is not set to "emergency-registration", the UE:

-
send an ACK request to the P-CSCF as per normal SIP procedures;

-
attempt an emergency call setup via CS domain over UTRAN or GERAN according to the procedures described in 3GPP TS 24.008 [12], only if the P-Asserted-Identity header field with a value equal to the value of the SIP URI of the P-CSCF received in the Path header field during registration.
19.3.2.4
Method of test
Initial conditions

UE contains ISIM and USIM applications or only USIM application on UICC. UE has activated EPS bearers, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration.

The SS is configured:

      - with 2 cells: as in TS 36.508

· E-UTRAN cell 1

· if px_RATComb_Tested = EUTRA_UTRA, cell 5
· if px_RATComb_Tested = EUTRA_GERAN, GERAN cell 24
· Cell 1 power level is set as “serving cell” and  cell 24/cell 5 power level is set as “suitable cell”

Related ICS/IXIT Statement(s)
-
IMS security (Yes/No)

-
GIBA (Yes/No)

-
UE supports Emergency speech call (Yes/No)

-
UE supports emergency speech call on CS domain (UTRAN/GERAN) (Yes/No)

-
Network supports UTRAN or GERAN (px_RATComb_Tested)

Note: Setting px_RATComb_Tested = EUTRA_Only is not allowed.

Test procedure

1-2)
MO call is initiated on the UE by dialling a non emergency number.

3)
SS responds to the INVITE request with a 380 Alternative Service.

4)
SS waits for the UE to send an ACK to acknowledge receipt of the 380 Alternative Service.
5)
SS waits for an emergency call setup according to the procedures described in 3GPP TS 24.008 [12].

6)
Having reached the active state, the call is cleared by the SS.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	
	MO call is initiated on the UE by dialling a “non emergency” number. 

	2
	(
	INVITE
	UE sends INVITE. Request-URI of the INVITE request matches with the “non emergency” number dialled.

	3
	(
	380 Alternative Service
	The SS responds with a 380 Alternative Service

	4
	(
	ACK
	The UE acknowledges the receipt of 380 response for INVITE and starts the emergency call in CS domain

	5
	
	
	SS waits for an emergency call setup. according to the procedures described in 3GPP TS 24.008[12].

	6
	
	
	Having reached the active state, the call is cleared by the SS


NOTE: The default messages contents in annex A are used with condition “IMS security “ or “GIBA” when applicable.

Specific Message Contents

ATTACH ACCEPT (preamble)

Use the default message as in TS 36.508 [94] sub-clause Table 4.7.2-1 except the following change:

	Information Element
	Value/remark
	Comment

	EPS network feature support
	'0000 0001'B
	IMS voice over PS session in S1 mode supported

emergency bearer services in S1 mode not supported


INVITE (Step 2)

Use the default message “INVITE” in annex A.2.1 for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 















SDP Message (Step 2):

Session description
Textual view

	v=0

o=- (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port)

c=IN (addrtype) (connection-address for UE) 

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


380 Alternative Service (Step 3)

Use the default message “380 Alternative Service” in annex A.4.1.

ACK (Step 4)

Use the default message "ACK" in annex A.2.7

19.3.2.5
Test requirements

Check that the UE 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.
Step 2: the UE sends an INVITE message with correct content.

Step 5, 6: Check that the emergency call on the CS domain UTRAN or GERAN is successfully established according to the procedures described in 3GPP TS 24.008 [12].

<End of Modified Section>

<Start of Next Modified Section>
19.3.3
Non-UE detectable emergency call / IM CN sends 380 Alternative Service / Emergency IMS registration

19.3.3.1
Definition and applicability
To verify that In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

19.3.3.2
Conformance requirement

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

NOTE 11:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

...

When an initial request for a dialog or a standalone transaction, or an unknown method transmitted as part of UE detected emergency call procedures as defined in subclause 5.1.6 is initiated upon reception of 380 (Alternative Service) response to an initial request for a dialog, or a standalone transaction, or an unknown method as defined in procedures in subclause 5.1.3.1, subclause 5.1.6.8.1, subclause 5.1.6.8.3 and subclause 5.1.6.8.4, and if the 380 (Alternative Service) response contains a Contact header field containing a service URN with a top-level service type of "sos", the UE shall set the Request-URI of the initial request for a dialog or the standalone transaction, or the unknown method transmitted as part of UE detected emergency call procedures as defined in subclause 5.1.6 to the service URN of the Contact header field of the 380 (Alternative Service) response.

Reference(s)

3GPP TS 24.229[10], clauses 5.1.3.1 and 5.1.6.8.1.

19.3.3.3
Test purpose

To verify that In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

19.3.3.4
Method of test
Initial conditions

UE contains ISIM and USIM applications or only USIM application on UICC. UE has activated EPS bearers, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration.

Related ICS/IXIT Statement(s)
-
UE supports IMS emergency services
(Yes/No)

-
UE uses Geolocation header to provide its geographical location for emergency session setup
(Yes/No)

-
UE supports IPSec ESP confidentiality protection (Yes/No)

-
IMS security (Yes/No)

-
GIBA (Yes/No)

Test procedure

1-2)
MO call is initiated on the UE by dialling a non emergency number.

3)
SS responds to the INVITE request with a 380 Alternative Service.

4)
SS waits for the UE to send an ACK to acknowledge receipt of the 380 Alternative Service.
5-19)
SS waits for an IMS emergency registration and call setup.

20-21)
Having reached the active state, the call is cleared by the UE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	
	MO call is initiated on the UE by dialling a “non emergency” number. 

	2
	(
	INVITE
	UE sends INVITE. Request-URI of the INVITE request matches with the “non emergency” number dialled.

	3
	(
	380 Alternative Service
	The SS responds with a 380 Alternative Service

	4
	(
	ACK
	The UE acknowledges the receipt of 380 response for INVITE.

	5-19
	
	Steps defined in annex C.20 followed by the steps defined in annex C.22
	IMS emergency registration by the UE followed by IMS emergency call setup with PSAP. Referred from 36.508 [94] table 4.5A.4.3-1 for a UE with E-UTRA support.

	20
	(
	BYE
	The UE releases the call with BYE

	21
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE: The default messages contents in annex A are used with condition “IMS security “.

Specific Message Contents

INVITE (Step 2 of Annex C.21)

Use the default message “INVITE” in annex A.2.1. for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 















SDP Message (Step 2):

Session description
Textual view

	v=0

o=- (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port)

c=IN (addrtype) (connection-address for UE) 

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


380 Alternative Service (Step 3)

Use the default message “380 Alternative Service” in annex A.4.1 with the following exception.

	Header/param
	Value/remark
	Rel
	Reference

	Contact
	
	
	

	addr-spec
	urn:service:sos.ambulance
	
	

	Message-body
	<?xml version="1.0"?>

<ims-3gpp version="1">

  <alternative-service>

    <type>emergency</type>

    <reason/>

    <action>emergency-registration</action>
  </alternative-service>

</ims-3gpp>
	
	


ACK (Step 4)

Use the default message "ACK" in annex A.2.7

INVITE (step 1 of Annex C.22)

Use the default message “INVITE for MO call setup” in annex A.2.1. with conditions A7 and A8 and the following exceptions:

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	

	
Request-URI
	
	urn:service:sos.ambulance
	
	


180 Ringing for INVITE (step 3 of Annex C.22)

Use the default message “180 Ringing for INVITE” in annex A.2.6  The condition A4 “180 sent by the SS when setting up an emergency call” shall apply.

200 OK for INVITE (step 4 of Annex C.22)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1. The condition A6 “Response sent by SS for INVITE  for emergency call” shall apply 

BYE (Step 20)

Use the default message “BYE” in annex A.2.8.
19.3.3.5
Test requirements

Steps 5-19: the UE sets up emergency call correctly.

<End of Modified Section>

<Start of Next Modified Section>
19.3.4
Non-UE detectable emergency call / IM CN sends 380 with an Alternative Service / Previous emergency IMS registration not expired

19.3.4.1
Definition and applicability
To verify that In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

19.3.4.2
Conformance requirement

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

NOTE 11:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

…

The UE shall perform a new initial emergency registration, as specified in subclause 5.1.6.2, if the UE determines that:

-
it has previously performed an emergency registration which has not yet expired; and

-
it has obtained an IP address from the serving IP-CAN, as specified in subclause 9.2.1, different than the IP address used for the emergency registration.

Reference(s)

3GPP TS 24.229[10], clauses 5.1.3.1, 5.1.6.2A.

19.3.4.3
Test purpose

To verify that In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the last entry on the Path header field value received during registration and the response containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with an <alternative-service> child element with the <type> child element set to "emergency" (see table 7.7AA), the UE shall attempt an emergency call as described in subclause 5.1.6.

19.3.4.4
Method of test
Initial conditions

UE contains ISIM and USIM applications or only USIM application on UICC. UE has activated EPS bearers, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration.

Related ICS/IXIT Statement(s)
-
UE supports IMS emergency services
(Yes/No)

-
UE uses Geolocation header to provide its geographical location for emergency session setup
(Yes/No)

-
UE supports IPSec ESP confidentiality protection (Yes/No)

-
IMS security (Yes/No)

-
GIBA (Yes/No)

Test procedure

1-15)
Emergency registration followed by an emergency call set-up

16-17)
The emergency call is terminated by the UE

18)
MO call is initiated on the UE by dialling a non emergency number.

19)
SS waits the UE to send an INVITE request with Request-URI that matches the non emergency number dialled.
20)
SS responds to the INVITE request with a 380 Alternative Service.

21)
SS waits for the UE to send an ACK to acknowledge receipt of the 380 Alternative Service.
22-37)
SS waits for an IMS emergency registration and a call setup.

38-39)
Having reached the active state, the call is cleared by the UE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	
	
	
	
	

	1-15
	
	Steps defined in annex C.20 followed by the steps defined in annex C.22
	IMS emergency registration by the UE followed by IMS emergency call setup with PSAP. Referred from 36.508 [94] table 4.5A.4.3-1 for a UE with E-UTRA support.

	16
	(
	BYE
	The UE releases the call with BYE

	17
	(
	200 OK
	The SS sends 200 OK for BYE

	18
	
	
	MO call is initiated on the UE by dialling a “non emergency” number. 

	19
	(
	INVITE
	UE sends INVITE. Request-URI of the INVITE request matches with the “non emergency” number dialled.

	20
	(
	380 Alternative Service
	The SS responds with a 380 Alternative Service

	21
	(
	ACK
	The UE acknowledges the receipt of 380 response for INVITE.

	22-25
	
	Steps defined in annex C.20 for emergency registration
	Optional procedure: IMS emergency registration.

Referred from 36.508 [94] table 4.5A.4.3-1 for a UE with E-UTRA support.

	26-37
	
	Steps defined in annex C.22
	IMS emergency call setup with PSAP. Referred from 36.508 [94] table 4.5A.4.3-1 for a UE with E-UTRA support.

	38
	(
	BYE
	The UE releases the call with BYE

	39
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE: The default messages contents in annex A are used with condition “IMS security “.

Specific Message Contents

INVITE (Step 19)

Use the default message “INVITE” in annex A.2.1. for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 















SDP Message (Step 19):

Session description
Textual view

	v=0

o=- (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port)

c=IN (addrtype) (connection-address for UE) 

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


380 Alternative Service (Step 20)

Use the default message “380 Alternative Service” in annex A.4.1 with the following exception.

	Header/param
	Value/remark
	Rel
	Reference

	Message-body
	<?xml version="1.0"?>

<ims-3gpp version="1">

  <alternative-service>

    <type>emergency</type>

    <reason/>

    <action>emergency-registration</action>
  </alternative-service>

</ims-3gpp>
	
	


ACK (Step 21)

Use the default message "ACK" in annex A.2.7

INVITE (step 1 of Annex C.22)

Use the default message “INVITE for MO call setup” in annex A.2.1. with the following conditions:

-
A7 “INVITE for creating an emergency session within an emergency registration” shall apply; and

-
A8 “UE uses Geolocation header to provide its geographical location for emergency session setup, has obtained its location and is setting up an emergency session “ shall apply if the UE uses Geolocation header to provide its geographical location for emergency session setup.

180 Ringing for INVITE (step 3 of Annex C.22)

Use the default message “180 Ringing for INVITE” in annex A.2.6. The condition A4 “180 sent by the SS when setting up an emergency call” shall apply.

200 OK for INVITE (step 4 of Annex C.22)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1. The condition A6 “Response sent by SS for INVITE  for emergency call” shall apply 

BYE (Steps 16, 38)

Use the default message “BYE” in annex A.2.8.
19.3.4.5
Test requirements

Steps 26-37: the UE sets up emergency call correctly.

<End of Modified Section>

<Start of Next Modified Section>
Annex C (normative):
Generic Test Procedure

This Annex contains information about generic test procedures.

Unless specified otherwise in the present section, Annex A requirements for default messages apply.
For each SDP message content, two views are specified: 
- Textual view: 
- Specifies the SDP syntax requirements according to RFC 4566 [27] and basic SDP semantic requirements. 

- SDP text denoted as (name), means the "name" field must be present but any value is allowed.
- Structured table view: 

- Specifies the detailed semantic requirements, i.e. the allowed value(s) for SDP fields in each SDP line.
- SDP lines are represented in a structured format (see annex G for further information).

- The following rules apply:
- SDP messages in DL:
- The SS shall send the SDP messages exactly as specified.

- SDP messages in UL:
- Only relevant information is specified i.e. an SDP message in UL may contain additional information. Additional information in UL shall be ignored in the following cases:

- Additional optional SDP lines on SDP message level, 
- Additional information in case of SDP lines for which the same kind of information can occur one or several times (e.g. timezones in z= line).
- When there may be further information within some SDP line in addition to the content specified for this line (e.g. additional parameters in an fmtp line) this is stated in the content column or as clarification in the comment column; the additional information shall be ignored by the SS in this case.

- The order of fields within an SDP line is specified by the BNF of the respective RFC: the fields may be well-ordered or the order is not specified (e.g. parameters in an fmtp line). 

- Notation of character strings:
- Literal strings are double quoted.

<End of Modified Section>

<Start of Next Modified Section>
C.8
Generic test procedure for putting a MTSI speech call to hold or to resume the call from the UE

The generic test procedure for putting a MTSI speech call on hold may be performed while MTSI speech call is going on

Test procedure

1)
SS waits for the UE to send an INVITE or UPDATE request with a SDP offer

2)
If the UE sent an INVITE request in step 1, SS responds to the it with a 100 Trying response. No such response is sent for UPDATE.

3)
SS responds to the INVITE or UPDATE request with a valid 200 OK response.

4)
If the UE sent an INVITE in step 1, SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE or UPDATE
	UE sends INVITE or UPDATE with a SDP offer to hold or resume the call

	2
	(
	100 Trying
	Optional: The SS responds to the INVITE with a 100 Trying provisional response

	3
	(
	200 OK
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)

	4
	(
	ACK
	Optional: If  the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE


Specific Message Contents

INVITE or UPDATE (Step 1)

Use the default message “INVITE for MO call setup” in annex A.2.1 or “UPDATE” in annex A.2.5. In case of an INVITE the UE shall use also the same URI in the request line as the SS has sent in the Contact header of an earlier message within the same dialog (in case of an UPDATE ref. to A.2.5).

SDP Message (Step 1):



· 


· 


· 


· 

The UE shall include the same SDP message as in the previous offer with the following exceptions:

Session description

Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)
s=(session name)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	sess-version
	any value greater than the value in UE’s previous offer
	
	RFC 4566 [27]

	inactive
	A1 AND A5
	
	
	NOTE 1
	RFC 4566 [27]

	sendonly
	A1 AND A6
	
	
	NOTE 1
	RFC 4566 [27]

	recvonly
	A2 AND A5
	
	
	NOTE 1
	RFC 4566 [27]

	sendrecv
	A2 AND A6
	
	
	NOTE 1
	RFC 4566 [27]


Media description (NOTE 2)

Textual view

	b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	A1 AND A3
	bandwidth
	any value greater than zero
	
	

	
	A2 AND A4
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	A1 AND A3
	bandwidth
	any value greater than zero
	
	

	
	A2 AND A4
	bandwidth
	0
	
	


Attributes for media (NOTE 2)

Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	inactive
	A1 AND A5
	
	
	NOTE 1
	RFC 4566 [27]

	sendonly
	A1 AND A6
	
	
	NOTE 1
	RFC 4566 [27]

	recvonly
	A2 AND A5
	
	
	NOTE 1
	RFC 4566 [27]

	sendrecv
	A2 AND A6
	
	
	NOTE 1
	RFC 4566 [27]


	Notes
	

	NOTE 1
	when there is a direction attribute on session level there shall be no direction attribute for any media on media level

	NOTE 2
	Applies to all media descriptions (if more than one)


	Condition
	Explanation

	A1
	Call hold

	A2
	Call Resume

	A3
	UE supports sending RTCP while the call is being held

	A4
	UE suppresses RTCP during the active two-way voice sessions

	A5
	direction attribute has been "recvonly" in previous offer

	A6
	direction attribute has been "sendrecv" in previous offer


100 Trying for INVITE (Step 2) optional step used when UE sent INVITE in step 1

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE or UPDATE (Step 3)

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

SDP Message (Step 3):

SDP body of the 200 OK response copied from the received INVITE or UPDATE but modified as below:
	
	

	
	






Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for SS)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	recvonly
	A1 AND A2
	
	
	“recvonly” replaces “sendonly” of SDP message of step 1
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for media (NOTE 1)

Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	recvonly
	A1 AND A5
	
	
	“recvonly” replaces “sendonly” of SDP message of step 1
	RFC 4566 [27]


	Notes
	

	NOTE 1
	Applies to all media descriptions (if more than one)


	Condition
	Explanation

	A1
	Call hold

	A2
	“sendonly” attribute present in SDP message of step 1


ACK (Step 4) optional step used when UE sent INVITE in step 1

Use the default message “ACK” in annex A.2.7.

<End of Modified Section>

<Start of Next Modified Section>
C.9
Generic test procedure for putting a MTSI speech call to hold from the SS

The generic test procedure for putting a MTSI speech call to hold may be performed while MTSI speech call is going on

1)
SS initiates the call hold by sending a re-INVITE to set the media streams into sendonly state.

2)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

3)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

4)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with a SDP offer indicating all medias as sendonly

	2
	(
	100 Trying
	Optional: The UE responds with a 100 Trying provisional response

	3
	(
	200 OK
	The UE responds INVITE with 200 OK to indicate that the  UE is no more expecting to receive any media

	4
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the following exceptions:

SDP Message (Step 1):

The SS shall include the same lines in the SDP body as finally accepted for the MTSI call but change the directionality of all media lines as "sendonly". The values of “RS” and “RR” bandwidth modifiers shall be greater than zero. Version number of the SDP must be incremented by one compared to the previous SDP sent by the SS.

The SS shall include the same SDP message as as finally accepted for the MTSI call with the following exceptions:
Session description

Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for SS)

s=(session name)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	sess-version
	incremented by 1
	
	RFC 4566 [27]


Media description (NOTE 1)

Textual view

	b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	value greater than zero
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	value greater than zero
	
	


Attributes for media (NOTE 1)

Textual view

	a=sendonly


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	sendonly
	
	
	
	
	RFC 4566 [27]


	Notes
	

	NOTE 1
	Applies to all media descriptions (if more than one)


100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 3)

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

	
	

	
	






SDP Message (Step 3):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	NOT A1
	bandwidth
	0
	
	

	
	A1
	bandwidth
	any value greater than 0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	NOT A1
	bandwidth
	0
	
	

	
	A1
	bandwidth
	any value greater than 0
	
	


Attributes for media
Textual view

	a=recvonly


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	recvonly
	
	
	
	
	RFC 4566 [27]


	Condition
	Explanation

	A1
	UE supports sending RTCP while the call is being held


ACK (Step 4)

Use the default message “ACK” in annex A.2.7.

<End of Modified Section>

<Start of Next Modified Section>
C.11
Generic test procedure for setting up MTSI MT speech call

The generic test procedure for setting up MTSI MT speech call may be performed after successful IMS or early IMS registration.

Test procedure

1)
SS sends an INVITE request to the UE.

2)
Void.

3)
SS may receive 100 Trying from the UE.

4)
SS expects and receives 183 Session Progress from the UE.
5)
SS sends PRACK to the UE to acknowledge the 183 Session Progress.

6)
SS expects and receives 200 OK for PRACK from the UE.

7)
SS sends UPDATE to the UE, with SDP indicating that precondition is met on the server side.

8)
SS expects and receives 200 OK for UPDATE from the UE, with proper SDP as answer.

9)
SS may receive 180 Ringing from the UE.

10)
 SS may send PRACK to the UE to acknowledge the 180 Ringing.

11) SS may receive 200 OK for PRACK from the UE.

11A) The UE accepts the session invite.
12) SS expects and receives 200 OK for INVITE from the UE.

13) SS sends ACK to the UE.

14) SS sends BYE to the UE.

15) SS expects and receives 200 OK for BYE from the UE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	
	
	Void

	3
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response

	4
	(
	183 Session Progress
	The UE sends 183 response reliably with the SDP answer to the offer in INVITE

	5
	(
	PRACK
	SS acknowledges the receipt of 183 response from the UE.

	6
	(
	200 OK
	The UE responds to PRACK with 200 OK.

	7
	(
	UPDATE
	SS sends an UPDATE with SDP offer indicating SS reserved resources. 

	8
	(
	200 OK
	The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

	9
	(
	180 Ringing
	(Optional) The UE responds to INVITE with 180 Ringing.

	10
	(
	PRACK
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.

	11
	(
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	11A
	
	
	Make UE accept the speech AMR offer.

	12
	(
	200 OK
	The UE responds to INVITE with a 200 OK final response after the user answers the call.

	13
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	14
	(
	BYE
	The SS sends BYE to release the call.

	15
	(
	200 OK
	The UE sends 200 OK for the BYE request and ends the call.


NOTE:
The default messages contents in annex A are used with condition “IMS security” or “early IMS security” when applicable

Specific Message Content

INVITE (Step 1)

Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option tag
	precondition [Note 1]

	Message-body
	SDP message as defined below.

· 
· 
· 
· 
· 

· 

· 
· 
· 
· 

· 
· 
· 
· 

· 
· 
· 
· 



Note 1: and additionally the option tag carried over from A.2.9
SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:30

b=RS:0

b=RR:2500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR/8000/1 

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


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

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option tag
	precondition [Note 1]

	Message-body
	SDP message as defined below.





























Note 1: and additionally the option tag carried over from A.2.9

SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none 

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


UPDATE (step 7)

Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 

· 
· 
· 
· 
· 

· 

· 
· 
· 
· 

· 
· 
· 
· 
· 

· 
· 
· 
· 




SDP Message (Step 7):

Session description
Textual view

	v=0

o=- 1111111111 1111111112 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111112“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:30

b=RS:0

b=RR:2500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media
Textual view

	a=rtpmap:97 AMR/8000

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240

a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions:
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 4)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 8)

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

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	Message-body
	SDP message as defined below. 

· 
· 
· 
· 
· 

· 

· 
· 
· 
· 
· 

· 
· 
· 

· 
· 
· 
· 





SDP Message (Step 8):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Content-Type
	Header not present

	
media-type
	

	Content-Length
	0

	      value
	

	Message-body
	Not present 


<End of Modified Section>

<Start of Next Modified Section>
C.13
Generic test procedure for setting up MTSI MT text call

The generic test procedure for setting up MTSI MT text call may be performed after successful IMS or early IMS registration.

Test procedure

1)
SS sends an INVITE request to the UE.

2)
Void

3)
SS may receive 100 Trying from the UE.
4)
SS may receive 180 Ringing from the UE.

5)
SS may send PRACK to the UE to acknowledge the 180 Ringing.

6)
SS may receive 200 OK for PRACK from the UE.

6A)
The UE accepts the session invite.
If 180 Ringing is not received from the UE after 5s from step 1, the MMI command shall be started to trigger the UE to accept the call.
7)
SS receives 200 OK for INVITE from the UE.

8)
SS send an ACK to acknowledge receipt of the 200 OK for INVITE

9)
SS sends BYE to the UE.

10)
SS expects and receives 200 Ok for BYE from the UE

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	
	
	Void

	3
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response.

	4
	(
	180 Ringing 
	(Optional) The UE responds to INVITE with 180 Ringing.

	5
	(
	PRACK
	(Optional) SS shall send PRACK if the 180 response contains 100rel option-tag in the Require header.

	6
	(
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	6A
	
	
	Make UE accept the speech AMR offer.

	7
	(
	200 OK
	The UE responds INVITE with 200 OK.

	8
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	9
	(
	BYE
	The SS releases the call with BYE.

	10
	(
	200 OK
	The UE sends 200 OK for BYE.


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “early IMS security”  when applicable

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below. 

























SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:3


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	3
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=text (transport port) RTP/AVP  99 101

b=AS:3

b=RS:0

b=RR:500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“text”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	99 101
	
	

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	3
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	500
	
	


Attributes for media
Textual view

	a=rtpmap:99 t140/1000

a=rtpmap:101 red/1000

a=fmtp:101 99/99/99


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	99
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“t140”
	
	

	
	
	
	clockrate
	1000
	
	

	rtpmap
	
	payload type
	101
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“red”
	
	

	
	
	
	clockrate
	1000
	
	

	fmtp
	
	format
	101
	
	RFC 4566 [27]

RFC 2198 [130]

	
	
	format specific parameters
	“99/99/99”
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” 
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


100 Trying for INVITE (Step 3)

Use the default message “100 Trying for INVITE” in annex A.2.2

180 Ringing (Step 4)

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

	Header/param
	Value/remark

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	optional SDP message as defined below.




























SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=text (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“text”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) t140/1000

a=rtpmap:(payload type) red/1000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“t140”
	
	

	
	
	
	clockrate
	1000
	
	

	
	
	
	parameters
	any value if present
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	

	
	
	codec
	encoding
	“red”
	
	

	
	
	
	clockrate
	1000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the red 1000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


PRACK (step 5)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message

200 OK (Step 6)

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

200 OK for INVITE (Step 7)

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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header not present if 180 Ringing (step 4) contained SDP.

Header present if 180 Ringing (step 4) did not contain SDP.

Contents if present: Same SDP message as specified for step 4.


ACK (Step 8)

Use the default message “ACK” in annex A.2.7.
BYE (step 9)

Use the default message "BYE" in annex A.2.8.

200 OK (step 10)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

<End of Modified Section>

<Start of Next Modified Section>
C.15
Generic test procedure for setting up MTSI MO text call

The generic test procedure for setting up MTSI MT text call may be performed after successful IMS or early IMS registration.

Test procedure

1) Make UE initiate text. 

2) UE sends an INVITE request.

3) SS responds to the INVITE request with a 100 Trying response.

4) SS responds to the INVITE request with 180 Ringing response. 

5) SS responds to the INVITE request with valid 200 OK response.

6) SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

7) Call is released on the UE. SS waits the UE to send a BYE request.

8) SS responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	
	Make UE initiate the text offer.

	2
	(
	INVITE
	UE sends INVITE with a SDP offer

	3
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	4
	(
	180 Ringing
	The SS responds INVITE with 180 Ringing to indicate that the remote UE has started ringing.

	5
	(
	200 OK
	The SS responds INVITE with 200 OK

	6
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	7
	(
	BYE
	The UE releases the call with BYE

	8
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “early IMS security” when applicable

Specific Message Contents

INVITE (Step 2)

Use the default message "INVITE for MO Call" in annex A.2.1, with the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.


























SDP Message (Step 2):
Session description
Textual view

	v=(protocol version)

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	any value
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“text”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“t140”
	
	

	
	
	
	clockrate
	1000
	
	

	
	
	
	parameters
	any value if present
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	

	
	
	codec
	encoding
	“red”
	
	

	
	
	
	clockrate
	1000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the red 1000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


100 Trying for INVITE (Step 3)

Use the default message “100 Trying for INVITE” in annex A.2.2.
180 Ringing for INVITE (Step 4)

Use the default message “180 Ringing for INVITE” in annex A.2.6.
200 OK for INVITE (Step 5)

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

	Content-Type
	

	    media-type
	application/sdp

	Content-Length
	

	   value
	length of message-body

	Message-body
	SDP message as defined below. 



























SDP Message (Step 5):

Session description
Textual view

	v=0

o=- (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	same value as received in step 2
	
	

	
	
	sess-version
	same value as received in step 2
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same value as received in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	same value as received in step 2
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same value as received in step 2
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as received in step 2
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“text”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same values as used for “t140” and “red” payload type in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as received in step 2
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as received in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as received in step 2
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same values as used for “t140” payload type in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“t140”
	
	

	
	
	
	clockrate
	1000
	
	

	rtpmap
	
	payload type
	same values as used for “red” payload type in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“red”
	
	

	
	
	
	clockrate
	1000
	
	

	fmtp
	
	format
	same values as used for “red” payload type in step 2
	
	RFC 4566 [27]

RFC 2198 [130]

	
	
	format specific parameters
	(none)
	
	


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


ACK (Step 6)

Use the default message “ACK” in annex A.2.7. 

BYE (Step 7)

Use the default message “BYE” in annex A.2.8.

200 OK for BYE (Step 8)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
<End of Modified Section>

<Start of Next Modified Section>
C.21
Generic test procedure for setting up MTSI MO speech call for EPS

Test procedure:

1)
MO speech is initiated on the UE. The call is initiated towards the URI configured to SS as px_CalleeUri Depending on the UE support this URI may be either SIP or Tel URI, possibly containing a dialstring indicating a global, home local or geo-local telephone number. SS waits the UE to send an INVITE request with first SDP offer

2)
UE sends an INVITE request to the SS.

3)
SS responds to the INVITE request with a 100 Trying response.

4)
SS responds to the INVITE request with a 183 Session Progress response 

5)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

6)
SS responds to the PRACK request with a 200 OK.

7)
SS waits for the UE to send a UPDATE request containing the final SDP offer. 

8)
SS responds to the UPDATE request with a 200 OK.
9)
SS responds to the INVITE request with a 180 Ringing. 

10)
SS waits for the UE to send a PRACK request.

11)  SS responds to the PRACK request with a 200 OK.

12)
 SS responds to the INVITE request with a 200 OK.

13)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	Make the UE attempt an IMS speech call
	

	2
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	3
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	4
	(
	183 Session Progress
	SS sends an SDP answer.

	5
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network.

	6
	(
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	7
	(
	UPDATE
	Optional step: UE sends a second SDP if a dedicated EPS bearer is established by the network. 

	8
	(
	200 OK
	Optional step: SS sends a 200 OK. 

	9
	(
	180 Ringing
	SS sends a 180 Ringing.

	10
	(
	PRACK
	UE acknowledges.

	11
	(
	200 OK
	SS responds PRACK with 200 OK.

	12
	(
	200 OK
	SS responds INVITE with 200 OK. 

	13
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 2)

Use the default message “INVITE for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.
















































SDP Message (Step 2):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	A4
	bandwidth
	0
	
	

	
	A5
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	A4
	bandwidth
	0
	
	

	
	A5
	bandwidth
	any value greater than 0
	
	


Attributes for media
Textual view

	a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) mode-change-capability=2; max-red= (att-field)
a=rtpmap:(payload type) telephone-event

a=ecn-capable-rtp: leap; ect=0

a=rtcp-fb:* nack ecn

a=rtcp-xr:ecn-sum

a=rtcp-rsize

a=ptime:20

a=maxptime:240

a=inactive


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	tcap
	A3
	trpr-cap-num
	1
	
	RFC 5939 [124]

	
	
	proto-list
	"RTP/AVPF"
	
	

	pcfg
	A3
	config-number
	1
	
	RFC 5939 [124]

	
	
	pot-cfg-list
	"t=1"
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“max-red=” any value between 0..220
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description;

value shall be different from the value used for AMR 8000 codec
	
	RFC 4566 [27]



	
	
	codec
	encoding
	“telephone-event”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	

	ecn-capable-rtp
	A1
	init-list
	“leap”
	parameters are in any order, additional parameters may occur and are ignored
	RFC 6679 [125]

	
	
	parm-list
	“ect=0”
	parameters are in any order, additional parameters may occur and are ignored
	

	rtcp-fb
	A1
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack ecn“
	
	

	rtcp-xr
	A1
	
	“ecn-sum”
	xr-formats are in any order, additional xr-formats may occur and shall be ignored
	RFC 3611 [127]

RFC 6679 [125]

	rtcp-rsize
	A1
	
	
	
	RFC 5506 [128]

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]

	inactive
	
	
	
	
	RFC 4566 [27]


Attributes for media security mechanism
Textual view

	a=3ge2ae: requested

a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:WVNfX19zZW1jdGwgKCkgewkyMjA7fQp9CnVubGVz|2^20|1:4FEC_ORDER=FEC_SRTP"


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	3ge2ae
	A2
	indicator
	“requested”
	
	TS 24.229 Table 7.1 [10]

	crypto
	A2
	tag
	“1”
	
	RFC 4568 [129]

	
	
	crypto-suite
	“AES_CM_128_HMAC_SHA1_80“
	
	

	
	
	key-params
	“inline:WVNfX19zZW1jdGwgKCkgewkyMjA7fQp9CnVubGVz|2^20|1:4”
	
	

	
	
	session-param
	“FEC_ORDER=FEC_SRTP”
	
	


Attributes for preconditions
Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Condition
	Explanation

	A1
	UE supports Explicit Congestion Notification

	A2
	UE supports use of end-to-access-edge security

	A3
	A Release 9 or later UE offers AVPF

	A4
	A.12/nn 3GPP TS 34.229-2 [5] is ”x”

	A5
	A.12/nn 3GPP TS 34.229-2 [5] is ”m”


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.





































SDP Message (Step 4):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	"1111111111"
	
	

	
	
	sess-version
	"1111111111"
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ecn-capable-rtp
	A1
	parameters
	“leap”
	
	RFC 6679 [125]

	
	
	
	“ect=0”
	
	

	rtcp-fb
	A1
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack ecn“
	
	

	rtcp-xr
	A1
	
	“ecn-sum”
	
	RFC 3611 [127]

RFC 6679 [125]

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for media security mechanism
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	3ge2ae
	A2
	indicator
	“requested”
	
	TS 24.229 Table 7.1 [10]

	crypto
	A2
	tag
	“1”
	
	RFC 4568 [129]

	
	
	crypto-suite
	“AES_CM_128_HMAC_SHA1_80“
	
	

	
	
	key-params
	“inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4”
	
	


Attributes for preconditions
Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Condition
	Explanation

	A1
	UE supports Explicit Congestion Notification

	A2
	UE supports use of end-to-access-edge security


PRACK (Step 5)

Use the default message “PRACK” in annex A.2.4 with the following exceptions:

	Header/param
	Value/Remark

	Message-body
	optional SDP message as defined below.































Optional SDP Message (Step 5):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value greater than the value in step 2
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value as in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK for PRACK (Step 6)

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

	Content-Type
	Header optional

Contents if present:

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	Header present if Prack (step 5) contained SDP.

Contents if present as defined below.





Optional SDP Message (Step 6):

Same SDP message as received in the PRACK of step 5 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for SS)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


UPDATE (Step 7)

Use the default message “UPDATE” in annex A.2.5 with the following exceptions:
	Header/param
	Value/remark

	Message-body
	Same contents as specified in step 5.


200 OK for UPDATE (Step 8)

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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as below.


· 


Optional SDP Message (Step 8):

Same SDP message as received in the UPDATE of step 7 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for SS)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


180 Ringing (Step 9)

Use the default message “180 Ringing for INVITE” in annex A.2.6 applying condition A3 (Response sent reliably).

<End of Modified Section>

<Start of Next Modified Section>
C.22
Generic test procedure for setting up emergency speech call

Test procedure:

1)
SS waits for UE to send an INVITE request.

2)
The SS responds to the INVITE request with a 100 Trying response.

3)
SS responds to the INVITE request with a 180 Ringing.
4)
The SS responds to the INVITE request with a 200 OK.

5)
The SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	180 Ringing
	SS sends a 180 Ringing.

	4
	(
	200 OK
	SS responds INVITE with 200 OK.

	5
	(
	ACK
	UE acknowledges.


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below.















SDP Message (Step 1):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	any value
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	any value
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) (encoding name)/(clock rate)  


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR” or “AMR-WB”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


180 Ringing for INVITE (Step 3)

Use the default message “180 Ringing for INVITE” in annex A.2.6 with condition A4 “180 sent by the SS when setting up an emergency call”.

200 OK for INVITE (Step 4)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with condition A6 “Response sent by SS for INVITE  for emergency call” and the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below.






















SDP Message (Step 4):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	"1111111111"
	
	

	
	
	sess-version
	"1111111111"
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 1
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same as in step 1
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP  (fmt)

b=AS:30

b=RS:0

b=RR:0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR codec in step 1
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR codec in step 1
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR codec in step 1
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


<End of Modified Section>

<Start of Next Modified Section>
C.24
Generic test procedure for SRVCC media removal

Test procedure:

1) UE sends an re-INVITE request to the SS.

2) SS responds to the INVITE request with a 100 Trying response.

3) SS responds to the INVITE request with a 200 OK.

4) SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with audio removed.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	200 OK
	SS responds INVITE with 200 OK. 

	4
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark

	Message-body
	SDP message as defined below.

















SDP Message (Step 1):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio 0 RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:0

b=RR:0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	0
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


<End of Modified Section>

<Start of Next Modified Section>
C.25
Generic test procedure for setting up MTSI MO video call for EPS

Test procedure:

1)
MO video call is initiated on the UE. The call is initiated towards the URI configured to SS as px_CalleeUri Depending on the UE support this URI may be either SIP or Tel URI, possibly containing a dialstring indicating a global, home local or geo-local telephone number. SS waits the UE to send an INVITE request with first SDP offer

2)
UE sends an INVITE request to the SS.

3)
SS responds to the INVITE request with a 100 Trying response.

4)
SS responds to the INVITE request with a 183 Session Progress response 

5)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

6)
SS responds to the PRACK request with a 200 OK.

7)
SS waits for the UE to send a UPDATE request containing the final SDP offer. 

8)
SS responds to the UPDATE request with a 200 OK.
9)
SS responds to the INVITE request with a 180 Ringing. 

10)
SS waits for the UE to send a PRACK request.

11)  SS responds to the PRACK request with a 200 OK.

12)
 SS responds to the INVITE request with a 200 OK.

13)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	Make the UE attempt an IMS video call
	

	2
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	3
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	4
	(
	183 Session Progress
	SS sends an SDP answer.

	5
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network.

	6
	(
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	7
	(
	UPDATE
	Optional step: UE sends a second SDP if a dedicated EPS bearer is established by the network. 

	8
	(
	200 OK
	Optional step: SS sends a 200 OK. 

	9
	(
	180 Ringing
	SS sends a 180 Ringing.

	10
	(
	PRACK
	UE acknowledges.

	11
	(
	200 OK
	SS responds PRACK with 200 OK.

	12
	(
	200 OK
	SS responds INVITE with 200 OK. 

	13
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 2)

Use the default message “INVITE for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below.


















































SDP Message (Step 2):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) mode-change-capability=2; max-red= (att-field)

a=rtpmap:(payload type) telephone-event

a=ptime:20

a=maxptime:240

a=inactive


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“max-red=” any value between 0..220
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description;

value shall be different from the value used for AMR 8000 codec
	
	RFC 4566 [27]



	
	
	codec
	encoding
	“telephone-event”
	
	

	
	
	
	clockrate
	any value
	
	

	
	
	
	parameters
	any value if present
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]

	inactive
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) (transport protocol) 

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“ or “RTP/AVP”
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:(payload type) H264/90000

a=fmtp:(format) profile-level-id=42e00c; sprop-parameter sets=J0LgDJWgUH6Af1A=,KM46gA==

a=inactive


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	tcap
	
	trpr-cap-num
	1
	present if transport is “RTP/AVP” in media description
	RFC 5939 [124]

	
	
	proto-list
	"RTP/AVPF"
	
	

	pcfg
	
	config-number
	1
	present if transport is “RTP/AVP” in media description
	RFC 5939 [124]

	
	
	pot-cfg-list
	"t=1"
	
	

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“profile-level-id=42e00c“
	parameters are in any order, additional parameters may occur and are ignored
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	inactive
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


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

	Supported
	

	    option-tag
	precondition

	Message-body
	SDP message as defined below. 











































SDP Message (Step 4):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for UE)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	"1111111111"
	
	

	
	
	sess-version
	"1111111111"
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000/1

a=fmtp:(format) mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 2
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	same value as used for the H264 codec in step 2
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 2
	
	


Attributes for media (video)

Textual view

	a=acfg:1 t=1

a=rtpmap:(payload type)

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	acfg
	
	config-number
	1
	Present if tcap/pcfg attributes were included in step 2
	RFC 5939 [124]

	
	
	sel-cfg-list
	"t=1"
	
	

	rtpmap
	
	payload type
	same value as used for the H264 codec in step 2
	
	RFC 4566 [27]

	
	
	codec
	encoding
	
	Editor’s note: needs to be specified (FFS)
	

	
	
	
	clockrate
	
	
	

	
	
	
	parameters
	
	
	

	fmtp
	
	format
	same value as used for the H264 codec in step 2
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	
	Editor’s note: needs to be specified (FFS)
	

	
	
	
	
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


PRACK (Step 5)

Use the default message “PRACK” in annex A.2.4 with the exceptions: 

	Header/param
	Value/Remark

	Message-body
	optional SDP message as defined below.













































Optional SDP Message (Step 5):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value greater than the value in step 2
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 2
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)
c=IN (addrtype) (connection-address for UE)
b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format) 
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value as in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	same as in step 2
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) H264/90000

a=fmtp:(format) profile-level-id=42e00c; sprop-parameter sets=J0LgDJWgUH6Af1A=,KM46gA==
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“profile-level-id=42e00c“
	parameters are in any order, additional parameters may occur and areignored
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK for PRACK (Step 6)

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

	Content-Type
	Header optional

Contents if present:

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	Header present if Prack (step 5) contained SDP.

Contents if present as defined below. 





Optional SDP Message (Step 6):

Same SDP message as received in the PRACK of step 5 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60352
	transport port of the simulated remote UE;
see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


UPDATE (Step 7)

Use the default message “UPDATE” in annex A.2.5 with the following exceptions:
	Header/param
	Value/remark

	Message-body
	Same contents as specified in step 5.


200 OK for UPDATE (Step 8)

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

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as below. 





Optional SDP Message (Step 8):

Same SDP message as received in the UPDATE of step 7 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60352
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


<End of Modified Section>

<Start of Next Modified Section>
C.26
Generic test procedure for setting up MTSI MT video call for EPS

Test procedure

1)
SS sends an INVITE request to the UE.

2)
Void

3)
SS may receive 100 Trying from the UE. 

4)
SS expects and receives 183 Session Progress from the UE.
5)
SS sends PRACK to the UE to acknowledge the 183 Session Progress.

6)
SS expects and receives 200 OK for PRACK from the UE.

7)
SS sends UPDATE to the UE, with SDP indicating that precondition is met on the server side.

8)
SS expects and receives 200 OK for UPDATE from the UE, with proper SDP as answer.

9)
SS may receive 180 Ringing from the UE.

10) SS may send PRACK to the UE to acknowledge the 180 Ringing.

11) SS may receive 200 OK for PRACK from the UE.
11A) The UE accepts the session invite.
12) SS expects and receives 200 OK for INVITE from the UE.

13) SS sends ACK to the UE.

14) SS sends BYE to the UE.

15) SS expects and receives 200 OK for BYE from the UE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	
	
	Void

	3
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response

	4
	(
	183 Session Progress
	The UE sends 183 response reliably with the SDP answer to the offer in INVITE

	5
	(
	PRACK
	SS acknowledges the receipt of 183 response from the UE.

	6
	(
	200 OK
	The UE responds to PRACK with 200 OK.

	7
	(
	UPDATE
	SS sends an UPDATE with SDP offer indicating SS reserved resources. 

	8
	(
	200 OK
	The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

	9
	(
	180 Ringing
	(Optional) The UE responds to INVITE with 180 Ringing.

	10
	(
	PRACK
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.

	11
	(
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	11A
	
	
	Make UE accept the video offer.

	12
	(
	200 OK
	The UE responds to INVITE with a 200 OK final response after the user answers the call.

	13
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	14
	(
	BYE
	The SS sends BYE to release the call.

	15
	(
	200 OK
	The UE sends 200 OK for the BYE request and ends the call.


NOTE:
The default messages contents in annex A are used with condition “IMS security“ or “early IMS security” when applicable

Specific Message Content

INVITE (Step 1)

Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.












































SDP Message (Step 1):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111111“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:97 AMR/8000/1 

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF 98

b=AS:315

b=RS:0

b=RR:2500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	98
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	315
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media (video)

Textual view

	a=rtpmap:98 H264/90000

a=fmtp:98 packetization-mode=0;profile-level-id=42e00c; sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	98
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	fmtp
	
	format
	98
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“trr-int 5000“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack pli“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm fir“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm tmmbr“
	
	


Attributes for preconditions (video)

Textual view

	a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“optional”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


100 Trying (Step 3)

Use the default message "100 Trying for INVITE" in annex A.2.2.

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

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition 

	Message-body
	SDP message as defined below.










































SDP Message (Step 4):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	


Attributes for preconditions (audio)
Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none 

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	Curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	
	

	Curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) H264/90000

a=fmtp:(format) packetization-mode=0;profile-level-id=42e00c; \ 

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	


Attributes for preconditions (video)
Textual view

	a=curr:qos local (direction-tag)

a=curr:qos remote none 

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=conf:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	conf
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


PRACK (step 5)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message.

200 OK (Step 6)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

UPDATE (step 7)

Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SDP message as defined below. 















































SDP Message (Step 7):

Session description
Textual view

	v=0

o=- 1111111111 1111111112 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	“1111111111”
	
	

	
	
	sess-version
	“1111111112“
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	unicast-address
	IP address of the SS
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the SS
	same as for originator (“o=” line)
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP 97

b=AS:30

b=RS:0

b=RR:2000


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	97
	
	

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	as used for registration
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2000
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:97 AMR/8000/1 

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	97
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	97
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	parameters are in any order, additional parameters may occur and areignored
	

	
	
	
	“max-red=220”
	
	

	ptime
	
	
	20
	
	RFC 4566 [27]

	maxptime
	
	
	240
	
	RFC 4566 [27]

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 4)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF 98

b=AS:315

b=RS:0

b=RR:2500


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	60352
	transport port of the simulated remote UE
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	98
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	315
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	0
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	2500
	
	


Attributes for media (video)

Textual view

	a=rtpmap:98 H264/90000

a=fmtp:98 packetization-mode=0;profile-level-id=42e00c; sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	98
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	fmtp
	
	format
	98
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“trr-int 5000“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“nack pli“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm fir“
	
	

	rtcp-fb
	
	rtcp-fb-pt
	“*”
	
	RFC 4585 [126]

RFC 6679 [125]

	
	
	rtcp-fb-val
	“ccm tmmbr“
	
	

	sendrecv
	
	
	
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote (direction-tag)

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“none” or “sendrecv”
	same as received in “a=curr:qos local” attribute in 183 Session Progress (step 4)
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


200 OK (step 8)

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

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	Message-body
	SDP message as defined below.










































SDP Message (Step 8):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description (audio)

Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (audio)

Textual view

	a=rtpmap:(payload type) AMR/8000

a=fmtp:(format)
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1 if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (audio)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


Media description (video)

Textual view

	m=video (transport port) RTP/AVPF (fmt)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“video”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVPF“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media (video)

Textual view

	a=rtpmap:(payload type) H264/90000

a=fmtp:(format) packetization-mode=0;profile-level-id=42e00c; \ 

sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“H264”
	
	

	
	
	
	clockrate
	90000
	
	

	
	
	
	parameters
	any value if present
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the H264 codec
	
	RFC 4566 [27]

RFC 3984 [131]

	
	
	format specific parameters
	“packetization-mode=0”
	
	

	
	
	
	“profile-level-id=42e00c”
	
	

	
	
	
	“sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==”
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions (video)

Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


180 Ringing (step 9)

Use the default message "180 Ringing for INVITE" in annex A.2.6

PRACK (step 10)

Use the default message "PRACK" in annex A.2.4. No content body is included in this PRACK message

200 OK (step 11)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1. 
200 OK (step 12)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1. 

ACK (step 13)

Use the default message "ACK" in annex A.2.7.

BYE (step 14)

Use the default message "BYE" in annex A.2.8.

200 OK (step 15)

Use the default message "200 OK for other requests than REGISTER or SUBSCRIBE" in annex A.3.1.

<End of Modified Section>

<Start of Next Modified Section>
C.28
Generic test procedure for SIP UPDATE after aSRVCC/bSRVCC handover failure/cancelled

Test procedure:

1)
SS waits for the UE to send a UPDATE request containing the SDP offer same as used in the existing dialog.

2)
SS responds to the UPDATE request with a 200 OK.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	UPDATE
	UE sends UPDATE.

	2
	(
	200 OK
	SS sends a 200 OK.


Specific Message Contents

UPDATE (Step 1)
Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Reason
	

	
protocol
	SIP

	
reason-params
	cause=487; text="handover cancelled", if this procedure is performed after aSRVCC/bSRVCC handover cancelled.

cause=487; text="failure to transition to CS domain", if this procedure is performed after aSRVCC/bSRVCC handover failure.

	Message-body
	Same contents as used before SRVCC handover.


200 OK for UPDATE (Step 2)

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

	Content-Type
	

	
media-type
	application/sdp

	Content-Length
	Contents if header Content-Type is present:

	
Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as below. 





SDP Message (Step 2):

Same SDP message as received in the UPDATE of step 2 with the following exceptions:

Session description
Textual view

	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

c=IN (addrtype) (connection-address for UE)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	originator and session identifier
	
	unicast-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]

	connection information
	
	connection-address
	IP address of the simulated remote UE
	
	RFC 4566 [27]


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


<End of Modified Section>

<Start of Next Modified Section>
C.31
Generic test procedure for media re-establishment after unsuccessful SRVCC handover

Test procedure:

1)
UE sends a re-INVITE request to the SS.

2)
SS responds to the INVITE request with a 100 Trying response.

3)
SS responds to the INVITE request with a 200 OK.

4)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with audio re-established.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	200 OK
	SS responds to INVITE with a 200 OK final response. 

	4
	(
	ACK
	UE acknowledges the receipt of 200 OK for INVITE. 


INVITE (Step 1)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark

	Reason
	Reason header field with Protocol "SIP" and reason parameter "cause" with value "487" and with reason-text set to "handover cancelled" or “failure to transition to CS domain”

	Message Body
	SDP message as defined below.























SDP Message (Step 1):

Session description
Textual view

	v=0

o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

s=(session name)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	any value
	
	RFC 4566 [27]

	
	
	sess-id
	any value
	
	

	
	
	sess-version
	any value
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	any value
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Time description
Textual view

	t=(start-time) (stop-time)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	any value
	
	RFC 4566 [27]

	
	
	stop-time
	any value
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:(bandwidth-value)

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	any value
	
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	list of media formats (“fmt”):
one or more RTP payload type numbers
	
	

	connection information
	
	nettype
	“IN”
	[NOTE 1]
	RFC 4566 [27]

	
	
	addrtype
	"IP4" or "IP6"
	
	

	
	
	connection-address
	connection-address of the UE
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	any value
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000/1

a=fmtp:(format)
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	any value matching one of the values in fmts of the media description
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as for payload type of the corresponding rtpmap attribute of the AMR 8000 codec
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	any value
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions:
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


	Notes
	

	NOTE 1
	At least one connection information shall be present.


200 OK (Step 3)

Use the default message “200 OK” in annex A.3.1 with conditions A1, A3 and the following exceptions:

	Header/param
	Value/Remark

	Message Body
	SDP message as defined below.
























SDP Message (Step 3):

Session description
Textual view

	v=0

o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

s=IMS conformance test

c=IN (addrtype) (connection-address for SS)

b=AS:30


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	protocol version
	
	
	0
	
	RFC 4566 [27]

	originator and session identifier
	
	username
	“-“
	
	RFC 4566 [27]

	
	
	sess-id
	"1111111111"
	
	

	
	
	sess-version
	"1111111111"
	
	

	
	
	nettype
	“IN”
	
	

	
	
	addrtype
	same as in step 1
	"IP4" or "IP6"
	

	
	
	unicast-address
	IP address of the UE
	
	

	session name
	
	
	“IMS conformance test“
	
	RFC 4566 [27]

	connection information
	
	nettype
	“IN”
	
	RFC 4566 [27]

	
	
	addrtype
	same as in step 1
	"IP4" or "IP6"
	

	
	
	connection-address
	connection-address of the SS
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	


Time description
Textual view

	t=0 0


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	timing
	
	start-time
	0
	
	RFC 4566 [27]

	
	
	stop-time
	0
	
	


Media description
Textual view

	m=audio (transport port) RTP/AVP (fmt)

c=IN (addrtype) (connection-address for UE)

b=AS:30

b=RS:(bandwidth-value)

b=RR:(bandwidth-value)


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	media description
	
	media
	“audio”
	
	RFC 4566 [27]

	
	
	ports
	60350
	transport port of the simulated remote UE;

see RFC 3264 clause 6 [30]
	

	
	
	transport
	“RTP/AVP“
	
	

	
	
	fmts
	same value as used for the AMR 8000 codec in step 1
	
	

	bandwidth information
	
	bwtype
	“AS”
	
	RFC 4566 [27]

	
	
	bandwidth
	30
	
	

	bandwidth information
	
	bwtype
	“RS”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 1
	
	

	bandwidth information
	
	bwtype
	“RR”
	
	RFC 4566 [27]

	
	
	bandwidth
	same value as in step 1
	
	


Attributes for media
Textual view

	a=rtpmap:(payload type) AMR/8000/1

a=fmtp:(format) mode-change-capability=2; max-red=220
a=sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	rtpmap
	
	payload type
	same value as used for the AMR 8000 codec in step 1
	
	RFC 4566 [27]

	
	
	codec
	encoding
	“AMR”
	
	

	
	
	
	clockrate
	8000
	
	

	
	
	
	parameters
	1
	
	

	fmtp
	
	format
	same value as used for the AMR 8000 codec in step 1
	
	RFC 4566 [27]

RFC 4867 [67]

	
	
	format specific parameters
	“mode-change-capability=2”
	
	

	
	
	
	“max-red=220”
	
	

	sendrecv
	
	
	
	
	RFC 4566 [27]


Attributes for preconditions
Textual view

	a=curr:qos local sendrecv   

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv


Structured view

	Line
	Cond
	Content
	Comment
	Reference

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	curr
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“local”
	
	

	
	
	direction-tag
	“sendrecv”
	
	

	des
	
	precondition-type
	“qos”
	
	RFC 3312 [31]

	
	
	strength-tag
	“mandatory”
	
	

	
	
	status-type
	“remote”
	
	

	
	
	direction-tag
	“sendrecv”
	
	


<End of Modified Section>

<Start of Next Modified Section>
Annex G (informative): 
Structured Presentation of SDP Lines

In accordance to the BNF notation of the respective RFCs, SDP lines can be mapped to structured type definitions (as this is done in TTCN). For better understanding of specific message contents in this specification, these structured definitions are shown in the following as tabular presentation.

NOTE:
This information may also be used as a guideline for codec implementation. 

G.1
SDP message

Table G.1-1: SDP message content according to RFC 4566 clause 5

	Line
	Type
	Comment
	Presence

	Session description:

	v=
	protocol version
	integer
	
	M

	o=
	originator and session identifier
	SDP origin
	(see table G.2-1)
	M

	s=
	session name
	charstring
	
	M

	i=
	session information
	charstring
	
	O

	u=
	URI of description
	charstring
	
	O

	e=
	email address
	SDP email list
	(one or several lines; see table G.2-2)
	O

	p=
	phone number
	SDP phone list
	(one or several lines; see table G.2-2)
	O

	c=
	connection information
	SDP connection
	(one or several lines; see table G.2-3)
	O

	b=
	bandwidth information
	SDP bandwidth list
	(one or several lines; see table G.2-4)
	O

	z=
	time zone adjustments
	SDP timezone list
	(one or several lines; see table G.2-5)
	O

	k=
	encryption key
	SDP encryption key
	(see table G.2-6)
	O

	a=
	session attributes
	SDP attributes
	(one or several lines; see table G.3-1)
	O

	Time description [NOTE 1]:

	t=
	time the session is active
	SDP time
	(see table G.2-7)
	M

	r=
	repeat times
	SDP repeat times
	(see table G.2-8)
	O

	Media description [NOTE 2]:

	m=
	media name and transport address
	SDP media
	(see table G.2-9)
	M

	i=
	media title
	charstring
	
	O

	c=
	connection information
	SDP connection
	(one or several lines; see table G.2-3)
	O

	b=
	bandwidth information
	SDP bandwidth list
	(one or several lines; see table G.2-4)
	O

	k=
	encryption key
	SDP encryption key
	(see table G.2-6)
	O

	a=
	media attribute
	SDP attributes
	(one or several lines; see table G.3-1)
	O

	NOTE 1: 
There are one or several time descriptions within an SDP message.

NOTE 2: 
There are no, one or several media descriptions within an SDP message.


G.2
Structured SDP lines

Table G.2-1: Origin according to RFC 4566 clause 5.2

	Field
	Type
	Comment
	Presence

	username
	charstring
	
	M

	sess-id
	charstring
	
	M

	sess-version
	charstring
	
	M

	nettype
	charstring
	“IN” in general
	M

	addrtype
	charstring
	“IP4” or “IP6” in general
	M

	unicast-address
	charstring
	
	M


Table G.2-2: Email Address and Phone Number according to RFC 4566 clause 5.6

	Field
	Type
	Comment
	Presence

	addr-or-phone
	charstring
	
	M

	disp-name
	charstring
	
	O


Table G.2-3: Connection Data according to RFC 4566 clause 5.7

	Field
	Type
	Comment
	Presence

	nettype
	charstring
	“IN” in general
	M

	addrtype
	charstring
	“IP4” or “IP6” in general
	M

	connection-address
	charstring
	
	M


Table G.2-4: Bandwidth according to RFC 4566 clause 5.8

	Field
	Type
	Comment
	Presence

	bwtype
	charstring
	
	M

	bandwidth
	integer
	
	M


Table G.2-5: Time Zones according to RFC 4566 clause 5.11

	Field
	Type
	Comment
	Presence

	adjustment time
	charstring
	
	M

	offset
	SDP-time-value
	(see table G.4-1)
	M

	NOTE 1: 
There can be one or several time zones within a z= line.


Table G.2-6: Encryption Keys according to RFC 4566 clause 5.12

	Field
	Type
	Comment
	Presence

	method
	charstring
	
	M

	encryption-key
	charstring
	
	O


Table G.2-7: Timing according to RFC 4566 clause 5.9

	Field
	Type
	Comment
	Presence

	start-time
	integer
	
	M

	stop-time
	integer
	
	M


Table G.2-8: Repeat Times according to RFC 4566 clause 5.10

	Field
	Type
	Comment
	Presence

	repeat-interval
	charstring
	
	M

	active-duration
	charstring
	
	M

	offsets
	list of SDP-time-value
	one or several offset values

(see table G.4-1)
	M


Table G.2-9: Media description according to RFC 4566 clause 5.14

	Field
	Type
	Comment
	Presence

	media
	charstring
	
	M

	port
	SDP-media-port
	(see table G.4-2)
	M

	proto
	charstring
	
	M

	fmts
	list of charstrings
	one or several media formats
	M


G.3
SDP attributes
The column “Reference” indicates, for each SDP attribute, the RFC where it is defined. 

Table G.3-1: SDP attributes

	Name
	Content
	Comment
	Presence

(content)
	Reference

	cat
	charstring
	
	M
	RFC 4566

	keywds
	charstring
	
	M
	RFC 4566

	tool
	charstring
	
	M
	RFC 4566

	ptime
	charstring
	
	M
	RFC 4566

	maxptime
	charstring
	
	M
	RFC 4566

	recvonly
	NA
	indicator
	NA
	RFC 4566

	sendrecv
	NA
	indicator
	NA
	RFC 4566

	sendonly
	NA
	indicator
	NA
	RFC 4566

	inactive
	NA
	indicator
	NA
	RFC 4566

	orient
	charstring
	
	M
	RFC 4566

	type
	charstring
	
	M
	RFC 4566

	charset
	charstring
	
	M
	RFC 4566

	sdplang
	charstring
	
	M
	RFC 4566

	lang
	charstring
	
	M
	RFC 4566

	framerate
	charstring
	
	M
	RFC 4566

	quality
	charstring
	
	M
	RFC 4566

	fmtp
	format
	charstring
	value as in media description
	M
	RFC 4566

	
	format specific parameters
	list of name=value pairs
	one or several format specific parameters in any order
	M
	

	curr
	precondition-type
	charstring
	
	M
	RFC 3312

	
	status-type
	charstring
	
	M
	

	
	direction-tag
	charstring
	
	M
	

	des
	precondition-type
	charstring
	
	M
	RFC 3312

	
	strength-tag
	charstring
	
	M
	

	
	status-type
	charstring
	
	M
	

	
	direction-tag
	charstring
	
	M
	

	conf
	precondition-type
	charstring
	
	M
	RFC 3312

	
	status-type
	charstring
	
	M
	

	
	direction-tag
	charstring
	
	M
	

	rtpmap
	payload type
	integer
	value as in media description
	M
	RFC 4566

	
	codec
	SDP-rtpmap-codec
	<encoding name>/<clock rate> [/<encoding parameters>]
	M
	

	rtcp
	port
	integer
	
	M
	RFC 3605

	
	nettype
	charstring
	“IN” in general
	O
	

	
	addrtype
	charstring
	“IP4” or “IP6” in general
	
	

	
	connection-address
	charstring
	
	
	

	tcap
	trpr-cap-num
	integer
	
	M
	RFC 5939

	
	proto-list
	charstring
	
	M
	

	pcfg
	config-number
	integer
	
	M
	RFC 5939

	
	pot-cfg-list
	charstring
	
	M
	

	ecn-capable-rtp
	init-list
	list of charstring
	one or several init-values
	M
	RFC 6679

	
	parm-list
	list of charstring
	additional parameters
	O
	

	rtcp-fb
	rtcp-fb-pt
	charstring
	
	M
	RFC 4585, RFC 6679

	
	rtcp-fb-val
	charstring
	
	M
	

	rtcp-xr
	list of charstring
	one or several xr-formats
	M
	RFC 3611, RFC 6679

	rtcp-rsize
	NA
	indicator
	NA
	RFC 5506

	3ge2ae
	charstring
	indicator
	M
	TS 24.229 Table 7.1

	crypto
	tag
	charstring
	
	M
	RFC 4568

	
	crypto-suite
	charstring
	
	M
	

	
	key-params
	charstring
	
	M
	

	
	session-param
	list of parameters
	one or several parameters
	O
	

	NOTE: 
In general SDP attributes may occur one or several times and in any order.


G.4
Common definitions

G.4.1
Common generic definitions 

E.g. RFC 4867 uses “parameter=value” pairs which can be mapped to parameter-name and parameter-value fields by the codec. As there is no freedom regarding encoding (e.g. whitespaces in between), in this document “parameter=value” pairs are presented as strings e.g. “max-red=220”.
G.4.2
Common SDP specific definitions

Table G.4-1: SDP-time-value

	Field
	Type
	Comment
	Presence

	time
	integer
	
	M

	unit
	charstring
	
	M


Table G.4-2: SDP-media-port

	Field
	Type
	Comment
	Presence

	port-number
	integer
	
	M

	num-of-ports
	integer
	
	O


Table G.4-3: SDP-rtpmap-codec

	Field
	Type
	Comment
	Presence

	encoding
	charstring
	
	M

	clockrate
	charstring
	
	M

	parameters
	charstring
	
	O


<End of Modified Section>
