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*** Next Change ***

5.1
Establishing a session when UE#1 and UE#2 do not have required resources available
5.1.1
Introduction

The following flows show the establishment of a session where UE#1 and UE#2 do not yet have the required local resources available and need to perform resource reservation. In subclause 5.1.2 both UEs will initiate the IP-CAN bearer setup. In subclause 5.1.3 the network will initiate the IP-CAN bearer setup for UE#1.

It is assumed that both the originating UE and terminating UE are using a dedicated IP-CAN bearer for SIP signalling and a dedicated IP-CAN bearer for media.

The box "Intermediate IM CN subsystem entities" stands for the combination of I-CSCF/S-CSCF on the originating and on the terminating side. Routing of messages between those nodes is not described in the flow below.
*** Next Change ***

5.2
Establishing a session when UE#1 does not have required resources available while UE#2 has resources already available
5.2.1
Introduction

The following flow shows the establishment of a session where UE#1 does not yet have the required local resources available and needs to perform resource reservation (e.g. using a GRPS IP-CAN) while UE#2 already has the required local resources available and does not need to perform resource reservation (e.g. connected via IWLAN IP-CAN). 

The box "Intermediate IM CN subsystem entities" stands for the combination of I-CSCF/S-CSCF on the originating and on the terminating side. Routing of messages between those nodes is not described in the flow below.
*** Next Change ***
5.3
Establishing a session when UE#1 has resources available while UE#2 does not have required resources available
5.3.1
Introduction

The following flows show the establishment of a session where UE#1 already has all necessary local resources available (e.g. having an appropriate PDP context for the desired media available) and does not need to perform resource reservation while UE#2 does not yet have the required resources available and has to perform resource reservation. 

Flow 5.3.2 shows the case where UE#2 performs resource reservation and uses a 200 (OK) response to the INVITE Request to send the SDP Answer. Flow 5.3.3 shows the case where UE#2 performs resource reservation and uses a 180 Ringing response to the INVITE Request to send the SDP Answer. Finally, Flow 5.3.4 shows the case where the IP-CAN performs the resource reservation for UE#2 and UE#2 uses a 183 Session Progress response to the INVITE Request to send the SDP Answer. 
The box "Intermediate IM CN subsystem entities" stands for the combination of I-CSCF/S-CSCF on the originating and on the terminating side. Routing of messages between those nodes is not described in the flow below.
*** Next Change ***
5.3.4 Signalling Flow with SDP answer in reliable 183 Session Progress response for INVITE request when the IP-CAN performs resource reservation for UE#2
When the IP-CAN performs the resource reservation for UE#2, UE#2 uses a 183 Session Progress response to the INVITE Request to send the SDP Answer.
NOTE 1: 
It will be possible for UE#2 to execute this signalling flow even if UE#2 is responsible to perform resource reservation. 
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Figure 5.3-3: IMS session setup, resource reservation only on terminating side (NW-initiated)
 The details of the signalling flows are as follows: 

1.
INVITE request (UE#1 to P-CSCF#1) see example in table 5.3-19

For this example, it is assumed that UE#1 is willing to establish a multimedia session comprising a video stream and an audio stream. The video stream supports H.263 codec. The audio stream supports the AMR codec.


UE#1indicates that it supports precondition and it indicates that it supports reliable provisional responses. However, it does not use the "Require” header for these capabilities.


UE#1 does have available the resources that are necessary to transport the media.

Table 5.3-19: INVITE request (UE#1 to P-CSCF#1)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Supported: precondition, 100rel 

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:[5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event

Supported:
The UE indicates support for the “precondition” mechanism and the support for reliable provisional responses

SDP
The SDP contains a set of codecs supported by UE#1 and desired by the user at UE#1 for this session.

2.
100 (Trying) response (P-CSCF#1 to UE#1)


The P-CSCF responds to the INVITE request with a 100 (Trying) provisional response.

3.
INVITE request (P-CSCF#1 to S-CSCF#1) - see example in table 5.3-20
Table 5.3-20: INVITE request (P-CSCF#1 to S-CSCF#1)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 69

Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:pcscf1.visited1.net;lr>

P-Asserted-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"

Privacy:

From: 

To: 

Call-ID: 

Cseq: 

Supported:

Contact: 

Allow: 

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

4.
100 (Trying) response (S-CSCF#1 to P-CSCF#1)


The S-CSCF responds to the INVITE request with a 100 (Trying) provisional response.

5.
INVITE request (S-CSCF#2 to P-CSCF#2) see example in table 5.3-21
Table 5.3-21: INVITE request (S-CSCF#2 to P-CSCF#2)

INVITE sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 66
Route: <sip:pcscf2.visited2.net;lr>

Record-Route: <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

P-Asserted-Identity:

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"

Privacy:

From: 

To: 

Call-ID: 

Cseq: 

Require:

Supported:

Contact: 

Allow: 

P-Called-Party-ID: <sip:user2_public1@home2.net>

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

6.
100 (Trying) response (P-CSCF#2 to S-CSCF#2)


The P-CSCF#2 responds to the INVITE request with a 100 (Trying) provisional response.

7.
 INVITE request (P-CSCF#2 to UE #2) - see example in table 5.3-22
Table 5.3-22: INVITE request (P-CSCF#2 to UE#2)

INVITE sip:user2_public1@home2.net SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 67
Route: <sip:scscf2.home2.net;lr>

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

P-Asserted-Identity: 

Privacy:

From: 

To: 

Call-ID: 

Cseq: 

Require:

Supported:

Contact: 

Allow: 

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

8.
100 (Trying) response (UE#2 to P-CSCF)

The UE responds to the INVITE request with a 100 (Trying) provisional response.

9.
183 (Session Progress) response (UE#2 to P-CSCF#2) - - see example in table 5.3-23

UE#2 determines the complete set of codecs that it is capable of supporting for this session. It determines the intersection with those appearing in the SDP in the INVITE request. UE#2 makes the final codec selection and chooses H.263 and AMR.


UE#2 responds with a 183 (Session Progress) response containing SDP back to the originator. This response is sent to P-CSCF. 

Table 5.3-23: 183 (Session Progress) response (UE#2 to P-CSCF#2)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: 

To: <tel:+1-212-555-2222>;tag=314159

Call-ID: 

CSeq: 

Require: 100rel, precondition

Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

RSeq: 9021

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 5555::eee:fff:aaa:bbb

t=0 0

m=video 10001 RTP/AVP 98

b=AS:75

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

m=audio 6544 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event

10.-11.
Authorize QoS and reserve IP-CAN bearer for media

P-CSCF authorizes the resources necessary for this session. 

NOTE 2: 
In the case where IP-CAN bearers are managed by the IP-CAN, this triggers the IP-CAN to initiate the reservation of required resources, including the initiation of an IP-CAN bearer setup or the modification of an existing one.
12-13. 183 (session progress) response  

14.
Authorize QoS

P-CSCF authorizes the resources necessary for this session.

15.183 (Session Progress) response (P-CSCF#1 to UE#1) – 

16.-23. PRACK request / 200(OK) response exchange 

The PRACK request does not carry SDP as the final codec decision is already made as part of the initial offer/answer exchange.

24. 180 (Ringing) response UE#2 to P-CSCF#2) - - see example in table 5.3-24-
The UE#2 indicates that it is ringing. The UE#2 does not use Require “100rel” as the 180 (Ringing) does not have a SDP and therefore need not to be sent reliable.
NOTE 3:  According to RFC 4032 [xx] there is no need to send a new offer from the terminating UE to indicate that resources are available since 180 (Ringing) will implicit indicate that resources are available.

Table 5.3-24: 180 (Ringing) response (UE#2 to P-CSCF#2)

SIP/2.0 180 Ringing
Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: 

To: <tel:+1-212-555-2222>;tag=314159

Call-ID: 

CSeq: 

Require: 100rel, precondition

Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

RSeq: 9021

25-27. 180 (Ringing) response
28 200  (OK) response UE#2 to P-CSCF#2) - - see example in table 5.3-25

When the called party answers the UE#2 sends a 200 (OK) response final response to the INVITE request (7) to P-CSCF#2, and starts the media flow(s) for this session.

Table 5.3-25: 200 (OK) response (UE#2 to P-CSCF#2)

SIP/2.0 200 OK 
Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: 

To: <tel:+1-212-555-2222>;tag=314159

Call-ID: 

CSeq: 

Require: 100rel, precondition

Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

RSeq: 9021

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 5555::eee:fff:aaa:bbb

t=0 0

m=video 10001 RTP/AVP 98

b=AS:75

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

m=audio 6544 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event

29. –31. 200 (OK) response  
32.-35. ACK request 

The calling party responds to the 200 (OK) response with an ACK request.
*** Next Change ***

5.4
Establishing a session when UE#1 does not have required resources available and UE#2 is non-IMS
5.4.1
Introduction

The following flow shows the establishment of a session where UE#1, connected to the IM CN subsystem, does not yet have the required local resources available and needs to perform resource reservation while UE#2 is plain SIP, i.e. does not support the preconditions framework.
It is assumed that the originating UE uses a dedicated IP-CAN bearer for SIP signalling and dedicated IP-CAN bearer for media.

The box "Intermediate IM CN subsystem entities" stands for the combination of I-CSCF/S-CSCF on the originating Routing of messages between those nodes is not described in the flow below.

As the topology on the non-IMS, terminating side is not known, only a UE is shown on the terminating side. However, this does not rule out the possibility that there are proxies in the terminating signalling path.

*** Next Change ***

5.5
Establishing a session when UE#1 is non-IMS and UE#2 does not have required resources available
5.5.1
Introduction

The following flow shows the establishment of a session where UE#1 is a non-IMS UE. i.e. is plain SIP while UE#2 is connected to the IM CN subsystem, does not yet have the required local resources available and needs to perform resource reservation.
It is assumed that the terminating UE uses a dedicated IP-CAN bearer for SIP signalling and dedicated  IP-CAN bearer for media.

The box "Intermediate IM CN subsystem entities" stands for the combination of I-CSCF/S-CSCF on the terminating side Routing of messages between those nodes is not described in the flow below.

As the topology on the non-IMS, originating side is not known, only a UE is shown on the terminating side. However, this does not rule out the possibility that there are proxies in the originating signalling path.
*** Next Change ***

5.6
Establishing a session when UE#1 and UE#2 have resources already available
5.6.1
Introduction

The following flows show the establishment of a session where both UE#1 and UE#2 are connected to the IM CN subsystem and already have the required local resources available so they do not need to perform resource reservation. The example that does not use preconditions is based on the Push to Talk over Cellular (PoC) on demand session establishment automatic answer scenario from OMA PoC 1.0 enabler but with a confirmed indication (no media buffering performed by the PoC Server). The example in subclause 5.6.3 shows the scenario where UE#1 has resources already reserved but supports the precondition mechanism and initiates session establishment following the procedures defined in 3GPP TS 24.229 [1] for when the originating UE supports preconditions. During session establishment the originating UE is unaware if the other endpoint requires the use of the preconditions mechanism or whether the other endpoint is required to reserve resources. In this example, the other endpoint, UE#2, also has its resources ready before answering the INVITE request with the first provisional response.

It is assumed that the both UEs uses a dedicated IP-CAN bearer for SIP signalling and dedicated IP-CAN bearer for media.

The box "Intermediate IM CN subsystem entities" stands for the combination of P-CSCF/I-CSCF/S-CSCF nodes in the network. Routing of messages between those nodes is not described in the flow below.
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