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A.2
Default messages for Call Setup

A.2.1
INVITE for MO Call Setup

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]
TS 24.229 [10]
5.1.2A.1.3, 5.1.2A.1.5,
7.2A.10

	
Method
	
	INVITE
	
	

	
Request-URI
	A4
	px_CalleeUri, when calling to URI equalling to px_CalleeUri configured to SS
or

URI (SIP or TEL) containing the dialstring and phone-context parameter, when calling to dialstring. SIP URI must also contain user=phone or user=dialstring parameter.
For home local numbers the value of phone-context parameter must equal the home domain name i.e. px_HomeDomainName. For geo-local numbers the home domain name must be prefixed by string “geo-local.” or access technology specific prefix, if the UE supports that option.

Note: The way how the UE determines whether numbers in a non-international format are geo-local, home-local or relating to another network, is UE implementation specific. For instance the UE migh have a UI setting.
	
	

	
Request-URI
	A5
	px_CalleeContactUri
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

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

SIP/2.0/TCP  (when using TCP)
	
	

	
sent-by
	A1
	IP address or FQDN and protected server port of the UE
	
	

	
	A2
	IP address or FQDN, port (optional) and not checked
	
	

	
via-branch

	
	value starting with ‘z9hG4bk’
	
	

	Route
	
	order of the parameters in this header must be like in this table
	
	RFC 3261 [15]

	
route-param
	A1
	<sip:px_pcscf:px_SSProtectedServerPort;lr>, <sip:px_scscf;lr>
	
	

	
	A2
	<sip:px_pcscf:px_SSUnprotectedServerPort (optional);lr>, <sip:px_scscf;lr
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	A4
	any SIP URI (except public user identity derived from px_IMSI) matching with the URI within the P-Preferred-Identity header or px_PublicUserIdentity if there is no P-Preferred-Identity header within the INVITE request
	
	

	
tag
	A4
	must be present, value not checked
	
	

	
addr-spec
	A5
	local SIP URI of the UE as used in any previous request in the same dialog  (In the earlier requests within the same dialog this URI appears in From header within requests sent by the UE and in To header within requests sent by the SS)
	
	

	
tag
	A5
	local tag value corresponding to the SIP URI of the UE in the same dialog. (In the earlier requests within the same dialog this tag appears in From header within requests sent by the UE and in To header within requests sent by the SS)
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	A4
	Same as Request-URI
	
	

	
tag

	A4
	not present
	
	

	
addr-spec
	A5
	remote SIP URI of SS (i.e. the remote UE) as used in any previous request in the same dialog  (In the earlier requests within the same dialog this URI appears in To header within requests sent by the UE and in From header within requests sent by the SS)
	
	

	
tag
	A5
	remote tag value corresponding to the SIP URI of the SS in the same dialog. (In the earlier requests within the same dialog this tag appears in To header within requests sent by the UE and in From header within requests sent by the SS)
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	A4
	value different to that received in REGISTER message
	
	

	
callid
	A5
	value of Call-ID as in any previous request in the same dialog
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	A4
	must be present, value not checked
	
	

	
value
	A5
	value of CSeq sent by the UE within its previous request in the same dialog but increased by one
	
	

	
method
	
	INVITE
	
	

	Supported
	
	
	
	RFC 3261 [15]

	
option-tag
	
	100rel
	
	

	Require
	
	(header optional in A2)
	
	RFC 3261 [15]
RFC 3312 [31]

RFC 3329 [21]

	
option-tag
	A1
	sec-agree
	
	

	
	
	
	
	

	Proxy-Require
	
	(header optional in A2)
	
	RFC 3261 [15]

RFC 3329 [21]

	
option-tag
	A1
	sec-agree
	
	

	
	
	
	
	

	Security-Verify
	A1
	(not present in A2)
	
	RFC 3329 [21]

	
sec-mechanism
	
	same value as SecurityServer header sent by SS
	
	

	
	
	
	
	

	Contact
	
	
	
	RFC 3261 [15]

RFC 3840 [63]
draft-ietf-sip-gruu [61]

	
addr-spec
	A1
	SIP URI with IP address or FQDN and protected server port of UE or GRUU as returned by the SS in registration
	
	

	
	A2
	SIP URI with IP address or FQDN and unprotected server port of UE or GRUU as returned by the SS in registration
	
	

	
feature-param
	A3
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (see NOTE 2)
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/sdp
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	P-Access-Network-Info
	A1
	(header optional when A2)
	
	RFC 3455 [18]

	
access-net-spec
	
	access network technology and, if applicable, the cell ID
	
	

	Accept
	
	(header optional when A5)
	Rel-7
	RFC 3261 [15]

	
Media-range
	A4
	application/sdp,application/3gpp-ims+xml
(additional medias can be added in any order)
	
	

	P-Preferred-Service
	
	
	
	draft-drage-sipping-service-identification [68]

	
Service-ID
	A3
	urn:urn-7:3gpp-service.ims.icsi.mmtel
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	
ac-value
	A3
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (see NOTE 2)
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
Value
	
	length of message-body
	
	


	Condition
	Explanation

	A1
	IMS security (A.6a/2 3GPP TS 34.229-2 [5])

	A2
	early IMS security (A.6a/1 3GPP TS 34.229-2 [5])

	A3
	UE supports MTSI (A.12/18 3GPP TS 34.229-2 [5])

	A4
	INVITE creating a dialog

	A5
	re-INVITE within a dialog


<************ Beginning of the second change *************>
C.7
Generic test procedure for setting up MTSI MO speech call

The generic test procedure for setting up MTSI MO speech call may be performed after successful IMS or early IMS registration

1)
MO call is initiated on the UE. The call is initiated towards a SIP URI configured to SS as px_CalleeUri or towards 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)
SS responds to the INVITE request with a 100 Trying response.

3)
SS responds to the INVITE request with a 183 Session in Progress response 

4)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

5)
SS responds to the PRACK request with valid 200 OK response.
6)
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 4 already contained the final offer with preconditions met.

7)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
8)
SS responds to the INVITE request with 180 Ringing response. 

9)
SS waits for the UE to send a PRACK request.

10)
SS responds to the PRACK request with valid 200 OK response.

11.
SS responds to the INVITE request with valid 200 OK response.

12)
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 indicating all desired medias and codecs the UE supports

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

	3
	(
	183 Session in Progress
	SS responds with an SDP answer only supporting AMR audio codec and indicating that SS has not yet reserved its resources.

	4
	(
	PRACK
	UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP that indicates preconditions as met 

	5
	(
	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.

	6
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources with GPRS procedures for PDP context used for the media

	7
	(
	200 OK
	Optional step : The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	8
	(
	180 Ringing
	SS responds with 180 Ringing.

	9
	(
	PRACK
	UE acknowledges the receipt of 180 response by sending PRACK

	10
	(
	200 OK
	The SS responds PRACK with 200 OK

	11
	(
	200 OK
	The SS responds INVITE with 200 OK to indicate that the virtual remote UE had answered the call

	12
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MO call setup” in annex A.2.1 with the exception that Supported header shall contain the "precondition" tag. and that the UE shall include an SDP body with the following lines:

-
All mandatory SDP lines, as specified in SDP grammar in RFC 4566 [27] appendix A, including:

-
"o=" line indicating e.g. the session identifier and the IP address of the UE;

-
"c=" line indicating the IP address of the UE for receiving the media flow for the session and/or media;

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the session;

-
Media description lines for the speech media proposed by UE for the MO call. For the offered speech media at least the following lines must exist within the SDP:

-
"m=" line describing the media type as audio, transport port and protocol used for media and media format as RTP/AVP;

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media;

-
"b=" line proposing the RTCP "RS" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero;

-
"b=" line proposing the RTCP "RR" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero;

-
"a=tcap" line with media format RTP/AVPF unless the UE supports VoLTE profile. UE supporting VoLTE profile must not include this line;

-
"a=pcfg" line unless the UE supports VoLTE profile. UE supporting VoLTE profile must not include this line;

-
extra "a=" line for rtpmap attribute per each dynamic payload type given in the "m=" line. The UE shall offer at least the mandatory AMR codec; Additionally the UE shall offer telephone-events with event codes 0-15 if the UE supports sending DTMF events over RTP.
-
"a=" line for fmtp attribute per each rtpmap attribute. The fmtp attribute must cover at least the following parameters defined in RFC 4867 [67] for the AMR codec:
mode-change-capability with value 2

-
an "a=inactive" line

-
four "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31]. At this stage of the call setup the lines shall be as follows:
a=curr:qos local [none or sendrecv]
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.

100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
183 Session in Progress for INVITE (Step 3)

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

	Message-body
	SDP body of the 183 response copied from the received INVITE but modified as follows:


- IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media; and

- For speech media, the SS shall indicate only ARM codec and RTP/AVPF to be supported. RTP/AVPF is included only if the UE offered that in step 1. For all other media lines SS shall set the port number as zero in order to reject non-speech streams.

- the "a=tcap" and "a=pcfg" lines (if included to the initial offer in step 1) replaced by a single "a=acfg " line which refers to the selected pcfg for RTP/AVPF

- the "a=" lines describing the current and desired state of the preconditions, updated as follows:

a=curr:qos local [none or sendrecv] (*
a=curr:qos remote [none or sendrecv] (*
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv
a=conf:qos remote sendrecv

*) The value of these direction-tags in 183 must be none if the UE has not yet reserved its resources, but otherwise sendrecv




PRACK (Step 4)

Use the default message “PRACK” in annex A.2.4 with the exception that either Supported or Require header shall contain the "precondition" tag. The UE may include a SDP body in the PRACK request to indicate it has met the preconditions. In that case the following lines shall be included in the SDP body of PRACK:

-
All mandatory SDP lines are present, as specified in SDP grammar in RFC 4566 [27] appendix A; and

-
"o" line shall be the same like in INVITE request, except that the version number shall be increased; and

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the session; and

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media; and

-
"b=" line proposing the RTCP "RS" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero; and

-
"b=" line proposing the RTCP "RR" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero; and

-
SDP must contain at least as many media description lines as the SDP in the INVITE contained. One of them must be for speech media with AMR codec supported by the SS and the other for telephone-events if included to the original offer in step 1; and

-
four "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31]. At this stage of the call setup the lines shall be as follows:
a=curr:qos local sendrecv
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.

-
as the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line. 

200 OK for PRACK (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
	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 must be modified as follows for the 200 OK response:


-
IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media; and

- For speech media, the SS shall indicate only ARM codec and RTP/AVPF to be supported. RTP/AVPF is included only if the UE offered that in step 1. For all other media lines SS shall set the port number as zero in order to reject non-speech streams.


-
the "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31], updated as follows:

a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv 




UPDATE (Step 6) 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. The UE must include a SDP body in the UPDATE request to indicate it has met the preconditions. The following lines shall be included in the SDP body:

-
All mandatory SDP lines are present, as specified in SDP grammar in RFC 4566 [27] appendix A; and

-
"o" line shall be the same like in INVITE request, except that the version number shall be increased; and

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the session; and

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media; and

-
"b=" line proposing the RTCP "RS" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero; and

-
"b=" line proposing the RTCP "RR" bandwidth modifier for the media. If the UE supports VoLTE profile, the UE shall offer the value as zero; and

-
SDP must contain at least as many media description lines as the SDP in the INVITE contained. One of them must be for speech media with AMR codec supported by the SS and the other for telephone-events if included to the original offer in step 1; and

-
four "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31]. At this stage of the call setup the lines shall be as follows:
a=curr:qos local sendrecv
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.

-
as the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line. 

200 OK for UPDATE (Step 7) - 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 but modified as follows:


-
IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media; and

- For speech media, the SS shall indicate only ARM codec and RTP/AVPF to be supported. RTP/AVPF is included only if the UE offered that in step 1. For all other media lines SS shall set the port number as zero in order to reject non-speech streams.


-
the "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31], updated as follows:

a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv



180 Ringing for INVITE (Step 8)

Use the default message “180 Ringing for INVITE” in annex A.2.6

PRACK (Step 9)

Use the default message “PRACK” in annex A.2.4.

200 OK for PRACK (Step 10)

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