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1. Introduction

At SA2#49 the following editor’s note was added to the TR 23.818:

“Editor’s Note: The PoC TR 23.979 uses the principle that the UE declares that the IP-CAN resources for the media are available already at the initial INVITE. It is FFS whether such principal can be considered applicable for real time media.”

At SA2#50, Ericsson presented a paper discussing this principle with various possible options for session set-up, in order to analyze them further. These options were added in 23.818, and the following editor’s note has been added: “Editor’s Note: It is FFS which of the above alternatives that would be most appropriate and also the relation to which procedure to use in the GPRS IP-CAN”

There have been several discussions on the same topic in 3GPP2 IMS/MMD group, and the call flows for list of scenarios have approved. This document presents these signalling flows for the IP multimedia call control based on SIP and SDP, to discuss whether 3GPP can adopt and/or benefit from these. 
The scenarios covered by these call flows are:

· Scenario 1: Originating UE has resources ready before sending INVITE, terminating UE has resources ready before sending the first provisional response;

· Scenario 2: Originating UE has resources ready before sending INVITE, terminating UE does not have resources ready before sending the first provisional response;

· Scenario 3: Originating UE does not have resources ready before sending INVITE, terminating UE has resources ready before sending the first provisional response;

· Scenario 4: Originating UE does not have resources ready before sending INVITE, terminating UE does not have resources ready before sending the first provisional response.

2. Discussion

The call flows for the above four scenarios are attached for discussion. 
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3. Introduction

The document provides examples of signaling flows for the IP multimedia call control based on SIP and SDP. The signaling flows specified in this document are only for informational purposes. If there ambiguity between this specification and [1], the text specified in [1] should be followed.

The call flows describe the behavior of the mobile stations under various conditions for setting up real time services like VoIP and PSVT.

In this document, several key words are used to signify the requirements. The key words “shall”, “shall not”, “should”, “should not” and “may” are to be interpreted as described in [x] and the TIA Engineering Style Manual.

4. Glossary and Definitions
4.1. Acronyms
IMS
IP Multimedia Subsystem

IP
Internet Protocol

MS
Mobile Station

NAI
Network Address Identifier
PSVT
Packet Switch Video Telephony

SDP
Session Description Protocol

SIP
Session Initiation Protocol
UDP
User Datagram Protocol
VoIP
Voice Over IP

4.2. Definitions

Caller
The person placing a call

Callee
The recipient or destination of a call

Alert
The audible notification given to the Callee of an incoming call.

Ring Back
The audible notification given to a Caller to indicate that the Callee has been located and is being alerted

5. References
The following documents contain provisions, which, through reference in this text, constitute provisions of this 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 3GPP2 document, a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
5.1. Normative References
[1] TIA-873-004-A: “IP Multimedia Call Control Protocol Based on SIP and SDP Stage 3”.

3GPP2 X.S0013-004-A: “IP Multimedia Call Control Protocol Based on SIP and SDP Stage 3”.

[2] TIA-873-002-A: “IP Multimedia (IM) Subsystem – Stage 2”.

3GPP2 X.S0013-002-A: “IP Multimedia (IM) Subsystem – Stage 2”.

[3] IETF RFC 3261, “SIP: Session Initiation Protocol”, June 2002.

[4] IETF RFC 2327 "SDP: Session Description Protocol"

[5] IETF RFC 2429, “ RTP Payload Format for the 1998 Version of ITU-T Rec. H.263 Video (H.263+)”.

[6] IETF RFC 3558, “RTP Payload Format for Enhanced Variable Rate Codecs (EVRC) and Selectable Mode Vocoders (SMV)”.

[7] IETF RFC 3262, “Reliability of provisional Responses in the Session Initiation Protocol (SIP)”

[8] IETF RFC 3310, “Hypertext Transfer Protocol (HTTP) Digest Authentication Using Authentication and Key Agreement (AKA).

[9] IETF RFC 3312, “Integration of Resource Management and Session Initiation Protocol (SIP)”.

[10] 3GPP2 X.S0013-005-A: “All-IP Core Network Multimedia Domain IP Multimedia Subsystem Cx Interface Signaling flows and Message Contents” – Annex A.
5.2. Informative References

[11] 3GPP TS 24.228: “Signalling flows for the IP multimedia call control based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3”

[12] TIA/TSB-151: IP Network Reference Model (NRM) for cdma2000® Spread Spectrum Systems, December 2003.

3GPP2 S.R0037-0, “3GPP2 All-IP Network Architecture Model Version 2.0, May 14, 2002”. 
6. Methodology

6.1. Functional Entities covered by this call flow

The flows show the signaling exchanges between the following functional entities:

· User Equipment (UE)  

· Proxy-CSCF (P-CSCF)

· Interrogating-CSCF (I-CSCF)

· Serving-CSCF (S-CSCF)

The call flows mainly show the interactions between the UE-1 and UE-2 for call origination and termination. The procedures and the message exchanged between these elements are as described in [1]. 

6.2. Identities

6.2.1. User and Network Identities

The public identity of UE-1 is sip:UE-1@domain1.net. The public identity of UE-2 is sip:UE-2@domain2.net

The following are network entities associated with UE-1:

· Home Domain of UE-1: domain1.net

· P-CSCF serving UE-1:  p-cscf1.domain1.net

· I-CSCF serving UE-1:  i-cscf1.domain1.net

· S-CSCF serving UE-1:  s-cscf1.domain1.net

The following are the network entities associated with UE-2:

· Home Domain of UE-1: domain2.net

· P-CSCF serving UE-1:  p-cscf2.domain2.net

· I-CSCF serving UE-1:   i-cscf2.domain2.net

· S-CSCF serving UE-1:  s-cscf2.domain2.net

In the example session establishment flows, both UE-1 and UE-2 are assumed to be in the home network. So, the P-CSCF1 and P-CSCF2 are in UE-1’s and UE-2’s respective home networks. However, according to [2], the P-CSCF can be either in the home or visited network. The session establishment call flows described in this document are not affected whether the P-CSCF is in the visited or home network. 

For brevity, I-CSCF and S-CSCF are shown together in the session establishment call flows.

6.3. Notation for call flows
Offer/Answer exchange process is also shown in the call flows. For brevity, the following notation is used to represent offer and answer:

· “O” and “A” in the call flows represent “Offer” and “Answer”.

· “On” represents the nth SDP offer. For example, if there are two offer/answer exchanges during the call setup process, then the first offer will be noted as “O1” and the second as “O2”.

· “An” represents the nth SDP Answer.  Answer “An” corresponds to Offer “On”.
7. Registration Procedures

The registration procedures for UE-1 and UE-2 are as specified in [5] and [10]. UE-1 registers with S-CSCF1 through P-CSCF1 and UE-2 registers with S-CSCF2 through P-CSCF2.

8. Signaling flows for session establishment

In all of the call flows provided in this document, registration procedures are assumed to have already been completed.
Editors Note: All the flows described in this sub-section should clearly state all the assumptions.

8.1. General assumptions

All the call flows shown in this document assume the following: 

· The originating UE and the terminating UE both support precondition and reliable provisional responses (100rel). 

· The originating UE will only include “Supported: precondition” in the SIP INVITE it sends out to its peer, even if it requires precondition. 

· If the originating UE wishes to both send and receive media with its peer, and the resources are reserved for the stream, the originating UE marks the stream as sendrecv using the “a=sendrecv” attribute. (Note: for sendonly streams, the originating UE marks the stream as “a=sendonly” and for recvonly streams, the originating UE marks the stream as “a=recvonly”).

· If the originating UE wishes to communicate with its peer, and the resources are not reserved for the stream, the originating UE marks the particular stream as inactive using the “a=inactive” attribute. 

· The terminating UE sends 180 (Ringing) response reliably. Note that sending the 180 (Ringing) response reliably does not increase the call setup time experienced by the caller.

· If the 180 (Ringing) response contains an answer (or offer), the callee is alerted only after receiving a PRACK request for the 180 (Ringing) response. This enhances the caller/callee user experience. For example, if the callee picks up the phone before the 180 (Ringing) response reaches the caller, the caller will only be able to hear the callee but will not be able to respond,

· Both UEs have the required resources ready before the terminating UE can alert the callee of an incoming call. 

8.2. Scenarios

The following scenarios are considered for the session establishment process:

· Scenario 1: Originating UE has resources ready before sending INVITE, terminating UE has resources ready before sending the first provisional response;

· Scenario 2: Originating UE has resources ready before sending INVITE, terminating UE does not have resources ready before sending the first provisional response;

· Scenario 3: Originating UE does not have resources ready before sending INVITE, terminating UE has resources ready before sending the first provisional response;

· Scenario 4: Originating UE does not have resources ready before sending INVITE, terminating UE does not have resources ready before sending the first provisional response.

The call flows for the above four scenarios are depicted in the subsequent sub sections.
8.2.1. Scenario 1

This section covers the scenario where the originating UE’s resources are ready before sending INVITE, and the terminating UE’s resources ready before sending the first provisional response.

Assumptions

Call Flow
The following section applies to the case where UE1 has its resource ready before sending the INVITE request to UE-2. The terminating UE, UE-2, also has its resource ready before answering the INVITE request with the first provisional response.


[image: image1.emf]UE-1

P-

CSCF1

I/S-

CSCF1

P-

CSCF2

1. INVITE (O1)

UE-2

I/S-

CSCF2

2. INVITE (O1)

3. INVITE (O1)

4. INVITE (O1)

5. INVITE (O1)

10. 180 Ringing (A1)

9. 180 Ringing (A1)

8. 180 Ringing (A1)

7. 180 Ringing (A1)

6. 180 Ringing (A1)

11.  PRACK

12. PRACK

13. PRACK

14. PRACK

15. PRACK

20. 200 OK

19. 200 OK

18. 200 OK

17. 200 OK

16. 200 OK

25. 200 OK

24. 200 OK

23. 200 OK

22. 200 OK

21. 200 OK

26. ACK

27. ACK

28. ACK

29. ACK

30. ACK

User Answers

Ring User

Resource Resv

Completed

Resource 

Ready


Figure 1 Originating UE resource ready, termination UE ready
1.
INVITE (UE-1 to PCSCF1)

UE-1 determines the set of codecs or media streams that it wishes to support for the session. It builds an SDP offer containing characteristics of each codec, and assigns local port numbers for each possible media flow. Multiple media flows may be offered, and for each media flow (m= line in SDP), there may be multiple codec choices offered. 

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 one H.263 codec as specified in [5]. The audio stream supports both EVRC and SMV codec as specified in [6].

In addition, UE-1 indicates that precondition is supported for this session. In the SDP offer, it indicates that resource is already available at the local end point.

Table 6.2.1.2-1 INVITE (UE-1 to P-CSCF1)

	INVITE sip:UE2@domain2.net SIP/2.0

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

CSeq: 1 INVITE

Via: SIP/2.0/UDP 10.20.1.100:1357;comp=sigcomp;branch=z9hG4bK-78f-1d86b6-24d29348

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>, <sip:scscf1.domain1.net;lr>

P-Preferred-Identity: "User-1" <sip:UE1@domain1.net>

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=1234123412341234123412341234123411

Privacy: none

Contact: <sip:UE1@10.20.1.100:1357;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Supported: 100rel, precondition

Content-Type: application/sdp

Content-Length: xxx

v=0

o=- 3323527065117000 3323527065117000 IN IP4 10.20.1.100

s=-

c=IN IP4 10.20.1.100

t=0 0

m=audio 49500 RTP/AVP 97 99

b=AS:25.4
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:60

a=rtpmap:99 SMV/8000

m=video 49600 RTP/AVP 34

b=AS:75
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


2.
INVITE (P-CSCF1 to I/S-CSCF1)

The P-CSCF1 adds itself to the Record-Route header and Via header. As the request is forwarded to an interface that is not compressed, the own P-CSCF1 SIP URI does not contain the "comp=sigcomp" parameter. The P-CSCF1 removes the Security-Verify header and associated "sec-agree" option-tags prior to forwarding the request. As the Proxy-Require header is empty, it removes this header completely.

The INVITE request is forwarded to the I/S-CSCF.

3.
INVITE (I/S-CSCF1 to I/S-CSCF2)

S-CSCF1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since the originating operator does not desire to keep their internal configuration hidden, S-CSCF1 forwards the INVITE request directly to to I-CSCF2 in the destination network. As the S-CSCF1 does not know whether the I-CSCF2 is a loose router or not, it does not introduce a Route header.

The I-CSCF2 sends a query to the HSS to find out the S-CSCF2 of the called user. The HSS responds with the address of the current S-CSCF2 for the terminating subscriber. I-CSCF2 forwards the INVITE request to the S-CSCF2 that will handle the session termination. S-CSCF2 validates the service profile of this subscriber and evaluates the initial filter criterias.

4-5. 
INVITE (I/S-CSCF2 to UE-2)

S-CSCF2 forwards the INVITE request to UE-2 via P-CSCF2.

6.
180 Ringing (UE-2 to P-CSCF2)
UE-2 has accepted both video and audio streams, and EVRC is the chosen codec for the audio stream. Since resources are already available for UE-2, it can send a 180 (Ringing) response reliably with the SDP answer indicating that resources are reserved at both endpoints. Table 2 shows the 180 (Ringing) response in details.

7-10.
180 Ringing (P-CSCF2 to UE-1)

P-CSCF2 forwards the 180 (Ringing) response to UE-1 (Table 2) via I/S-CSCF2, I/S-CSCF1, and P-CSCF1.

Table 6.2.1.2-2 180 Ringing (P-CSCF1 to UE-1)

	SIP/2.0 180 Ringing

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>;tag=169f7f8-0-13c4-9f6-33835972-9f6

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

CSeq: 1 INVITE

Via: SIP/2.0/UDP 10.20.1.100:1357;comp=sigcomp;branch=z9hG4bK-78f-1d86b6-24d29348

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>,<sip:scscf1.domain1.net;lr>,

<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@10.30.1.24:8805;comp=sigcomp>

P-Asserted-Identity: "User 2" <sip:UE2@domain2.net>, <tel:+1-858-335-7341>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=domain1.net; term-ioi=domain2.net

Privacy: none

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

Require: 100rel

RSeq: 1000

Content-Type: application/sdp
Content-Length: xxx

v=0

o=- 33235270718000 33235270718000 IN IP4 10.30.1.24

s=-

c=IN IP4 10.30.1.24

t=0 0

m=audio 49700 RTP/AVP 97

a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:60

m=video 49702 RTP/AVP 34

a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


11.
PRACK (UE-1 to P-CSCF1)

UE-1 acknowledges the 180 (Ringing) response from UE-2 with a PRACK request as specified in [7]. (Table 3) 

If UE-1 determines to make any change in media flows, it includes a new SDP offer in the PRACK request sent to UE-2. Otherwise, no SDP offer is included in the PRACK request.

Table 6.2.1.2-3 PRACK (UE-1 to P-CSCF1)

	PRACK sip:UE2@10.30.1.24:8805;comp=sigcomp SIP/2.0

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>; tag=169f7f8-0-13c4-9f6-33835972-9f6

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

P-Access-Network-Info: 3GPP2-1X-HRPD;ci-3gpp2=1234123412341234123412341234123411

CSeq: 2 PRACK

Via: SIP/2.0/UDP 10.20.1.100:1357;comp=sigcomp;branch=z9hG4bK-78f-1d86b6-24d29348

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>,<sip:scscf2.domain2.net;lr>,

<sip:pcscf2.domain2.net;lr>

RAck: 1000 1 INVITE

Content-Length: 0


12.
PRACK (P-CSCF1 to I/S-CSCF1)

The P-CSCF forwards the PRACK request to S-CSCF. The P-CSCF removes the Security-Verify header and associated "sec-agree" option-tags prior to forwarding the request. As the Proxy-Require header is empty, it removes this header completely.

13-14.
PRACK (I/S-CSCF1 to P-CSCF2)

The I/S-CSCF1 forwards the PRACK request to P-CSCF2 via I/S-CSCF2.

15.
PRACK (P-CSCF2 to UE-2)

UE-2 starts alerting the user after it receives the PRACK request for the 180 (Ringing) response. UE-2 may also alert the user before receiving the PRACK request, but there may be media clipping if the user answers the call before the 180 (Ringing) response reaches UE-1.

16.
200 OK (UE-2 to P-CSCF2)

The 200 OK response is generated by UE-2 to acknowledge the reception of the PRACK request.

17-20.
200 OK (P-CSCF2 to UE-1)

The P-CSCF2 forwards the 200 OK response to UE-1 (Table 4) via I/S-CSCF2, I/S-CSCF1, and P-CSCF1.

Table 6.2.1.2-4 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>;tag=169f7f8-0-13c4-9f6-33835972-9f6

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

CSeq: 2 PRACK

Via: SIP/2.0/UDP 10.20.1.100:1357;comp=sigcomp;branch=z9hG4bK-78f-1d86b6-24d29348

Content-Length: 0


21.
200 OK (UE-2 to P-CSCF2)

When the user at UE-2 answers the call, UE-2 generates a 200 OK response towards UE-1 to answer the INVITE request.

22-25.
200 OK (P-CSCF2 to UE-1)

The P-CSCF2 forwards the 200 OK response to UE-1 (Table 5) via I/S-CSCF2, I/SCSCF1, and P-CSCF1.

Table 6.2.1.2-5 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>;tag=169f7f8-0-13c4-9f6-33835972-9f6

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>,<sip:scscf1.domain1.net;lr>,

<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>
Via: SIP/2.0/UDP 10.20.1.100:1357;comp=sigcomp;branch=z9hG4bK-78f-1d86b6-24d29348

Contact: <sip:UE2@10.30.1.24:8805;comp=sigcomp>

Content-Length: 0


26.
ACK (UE-1 to P-CSCF1)

UE starts the media flow for this session, and responds to the 200 OK with an ACK request sent to P-CSCF1. (Table 6).

Table 6.2.1.2-6 ACK (UE-1 to P-CSCF1)

	ACK sip:UE2@10.30.1.24:8805;comp=sigcomp SIP/2.0

From: <sip:UE1@domain1.net>;tag=169f498-0-13c4-78e-2044f20e-78e

To: <sip:UE2@domain2.net>;tag=169f7f8-0-13c4-9f6-33835972-9f6

Call-ID: 16a1b80-0-13c4-78e-6a540802-78e@10.20.1.100

CSeq: 1 ACK


Via: SIP/2.0/UDP 10.20.1.100:5060;comp=sigcomp;branch=z9hG4bK-792-1d9290-49ff0c31

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>,

<sip:scscf2.domain2.net;lr>,

<sip:pcscf2.domain2.net;lr>

Content-Length: 0


27-30. ACK (P-CSCF1 to UE-2)

The P-CSCF1 forwards the ACK response to UE-2 via I/S-CSCF1, I/S-CSCF2, and P-CSCF2.

8.2.2. Scenario 2
This section covers the scenario where the originating UE’s resources ready before sending INVITE, and the terminating UE’s resources not ready before sending the first provisional response

Assumptions

Call Flow

This scenario assumes that the terminating UE, UE-2, does not have the resource ready before sending the first provisional response. UE-2 sends a 183 (Session Progress) response unreliably. At the same time, UE-2 also starts the resource reservation process. Once the resource is ready at UE-2 side, the UE-2 sends 180 (Ringing) response reliably to UE-1, including an SDP answer to indicate that the resource is ready. 
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Figure 2 Originating UE resource ready, termination UE not ready 
8.2.3. Scenario 3

This section covers the scenario where the originating UE’s resources are not ready before sending INVITE, and terminating UE’s resources are ready before sending the first provisional response. 

Assumptions

The call flow in this section assume that the originating UE, UE-1, will have resources ready before sending the PRACK request to the first provisional response. In case UE-1’s resources are not ready before sending the PRACK request for the first provisional response (183), then UE-1 needs to send an UPDATE request to UE-2 to indicate that resources are ready to UE-2, after the resource reservation is completed.
Call flow

The following section applies to the case where UE-1 has no resource reserved before sending the initial INVITE request to UE-2.
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Figure 3 Originating UE not ready, Terminating UE ready 

8.2.4. Scenario 4a

This section covers the scenario where the originating UE’s resources are not ready before sending INVITE, and the terminating UE’s resources are not ready before sending the first provisional response. 

Assumptions

This scenario assumes that the originating UE, completes resource reservation before, or shortly after, the arrival of the 183 (Session Progress) response from UE-2, and that the terminating UE completes local resource reservation after sending a provisional response to the INVITE request. 

In case the originating UE, UE-1, has resource ready only after sending the PRACK request to the first provisional response (183), then UE-1 needs to send an UPDATE request to indicate resource ready once it completes the resource reservation. On the other hand, if the terminating UE, UE-2, can not finish resource reservation before the offer/answer wherein the UE-1 indicates resource ready, UE-2 can simple send a 180 (Ringing) response as soon as its resource is reserved without going through further offer/answer exchanges. 
Note: The UE-1/UE-2 may start reservation anytime after it sends/receives the initial INVITE.

Call flow
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Figure 4 Originating UE not ready, Terminating UE not ready
a. INVITE (UE-1 to PCSCF1)

UE-1 determines the set of codecs or media streams that it wishes to support for the session. It builds a SDP containing characteristics of each codec, and assigns local port numbers for each possible media flow. Multiple media flows may be offered, and for each media flow (m= line in SDP), there may be multiple codec choices offered.

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 one H.263 codec. The audio stream supports both EVRC and SMV codec.

UE-1 does not indicate that precondition is required for this session, but that it is supported. (This approach optimizes compatibility and performance when interworking with 3rd party (non-MMD) terminals). In the SDP body, UE-1 indicates the current resource status and that the desired resource status is optional. UE-1 also sets every media streams to inactive mode by using the ‘a=active’ SDP attribute in the SDP offer. Detecting the QoS content in the SDP, UE-2 indicates resource reservation, but the session can continue regardless of whether or not this reservation is possible.

UE-1 does not indicate that reliable provisional responses are required, but that they are supported. This gives UE-2 the ability to reliably send only those responses that are most appropriate.

UE-1 may do local resource reservation at any time it feels it has enough information to begin this process. This is assumed to be after sending the INVITE request, but could be sooner.

Table 6.2.4.2-7 - INVITE (UE-1 to P-CSCF1)

	INVITE sip:UE2@domain2.net SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag= a48s

To: <sip:UE2@domain2.net>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net
CSeq: 1 INVITE

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>, <sip:scscf1.domain1.net;lr>

P-Preferred-Identity: "User-1" <sip:UE1@domain1.net>

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=123456789012345

Privacy: none

Contact: <sip:UE1@100.200.1.1:1357;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Require: sec-agree
Proxy-Require: sec-agree
Supported: 100rel, precondition

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=9876543; spi-s=3456789; port-c=8642; port-s=7531

Content-Type: application/sdp

Content-Length: xxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97 99

b=AS:25.4

a=inactive
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:60

a=rtpmap:99 SMV/8000

m=video 10600 RTP/AVP 34

b=AS:75

a=inactive
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


b. 183 Progress (P-CSCF1 to UE-1)

UE-2 accepts both video and audio streams, and chooses EVRC as the codec for the audio stream. An SDP answer is included to assist UE-1 in completing resource reservation as early as possible. The SDP answer includes precondition status.

Table 6.2.4.2-8 - 183 Session Progress (P-CSCF1 to UE-1)

	SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch= z9hG4bK4d29348
From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>, <sip:scscf1.domain1.net;lr>,<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

P-Asserted-Identity: "User 2" <sip:UE2@domain2.net>, <tel:+1-972-321-9876>

Privacy: none

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

Require: 100rel

RSeq: 1000

Supported: precondition
Content-Type: application/sdp

Content-Length: xxx

v=0

o=- 35270718123 35270718123 IN IP4 100.300.1.2

s=-

c=IN IP4 100.300.1.2

t=0 0

m=audio 10700 RTP/AVP 97
b=AS:25.4

a=inactive
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv
a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10702 RTP/AVP 34

b=AS:75

a=inactive
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


c. PRACK (UE-1 to P-CSCF1)

UE-1 acknowledges the 183 (Session Progress) response from UE-2 with a PRACK request. Resource reservation at UE-1 is assumed to have completed at some point prior to sending the PRACK request. The local resource status is included in the SDP offer.

Table 6.2.4.2-10 - PRACK (UE-1 to P-CSCF1)

	PRACK sip:UE2@100.300.1.2:2345;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=123456789012345

CSeq: 2 PRACK

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>, <sip:scscf2.domain2.net;lr>, <sip:pcscf2.domain2.net;lr>

Require: sec-agree

Proxy-Require: sec-agree
RAck: 1000 1 INVITE

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=9876543; spi-s=3456789; port-c=8642; port-s=7531

Content-Type: application/sdp

Content-Length: xxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97

b=AS:25.4

a=sendrecv 
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10600 RTP/AVP 34

b=AS:75

a=sendrecv
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


d. 200 OK (P-CSCF1 to UE-1)

The 200 OK response is generated by UE-2 to acknowledge the reception of the PRACK request. UE-2 has completed resource reservation for both video and audio streams. The response will include an SDP answer to reflect successful resource reservation.


Table 6.2.4.2-11 - 200 OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 2 PRACK

Content-Length: xxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97

b=AS:25.4

a=sendrecv
a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10600 RTP/AVP 34

b=AS:75

a=sendrecv
a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


e. 180 Ringing (P-CSCF1 to UE-1)

UE-2 generates a 180 Ringing response to UE-1 and sends it reliably.

Table 6.2.4.2-9 - 180 Ringing (P-CSCF1 to UE-1)

	SIP/2.0 180 Ringing

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch= z9hG4bK4d29348
From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>, <sip:scscf1.domain1.net;lr>,<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

P-Asserted-Identity: "User 2" <sip:UE2@domain2.net>, <tel:+1-972-321-9876>

Privacy: none

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

Require: 100rel
RSeq: 1001
Content-Length: 0


f. PRACK (UE-1 to P-CSCF1)

UE-1 acknowledges the 180 Ringing response from UE-2 with a PRACK request..

Table 6.2.4.2-10 - PRACK (UE-1 to P-CSCF1)

	PRACK sip:UE2@100.300.1.2:2345;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=123456789012345

CSeq: 3 PRACK

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>, <sip:scscf2.domain2.net;lr>, <sip:pcscf2.domain2.net;lr>

Require: sec-agree

Proxy-Require: sec-agree
RAck: 1001 1 INVITE

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=9876543; spi-s=3456789; port-c=8642; port-s=7531

Content-Length: 0


g. 200 OK (P-CSCF1 to UE-1)

The 200 OK response is generated by UE-2 to acknowledge the reception of the PRACK request.


Table 6.2.4.2-11 - 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 3 PRACK

Content-Length: 0


h. 200 OK (P-CSCF1 to UE-1)

When the user at UE-2 answers the call, UE-2 generates a 200 OK response towards UE-1 to answer the INVITE request.

Table 6.2.4.2-12 - 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>,<sip:scscf1.domain1.net;lr>, <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

Content-Length: 0


i. ACK (UE-1 to P-CSCF1)

UE-1 sends an ACK request in response to the 200 OK response from UE-2.

 Table 6.2.4.2-13 - ACK (UE-1 to P-CSCF1)

	ACK sip:UE2@100.300.1.2:2345;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 ACK


Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>,

<sip:scscf2.domain2.net;lr>, <sip:pcscf2.domain2.net;lr>

Content-Length: 0


8.2.5. Scenario 4b 

There are many situations where terminals will not be able to ensure resource reservation prior to initiating or receiving a call. If preconditions are specified as required by the originating UE (see [6]), the time between the caller initiating a call (pressing Send), and the point when confirmation of the destination being alerted (Ring Back) is received could be significantly increased over the previous call flows. Thus there may be situations where it is desirable that no QoS preconditions be specified in the INVITE, but that the call signaling should progress in a manner that ensures the highest possible level of confidence regarding resource availability.

The following sections apply when the QoS precondition mechanism is not required for a session. UE-1 does not specify precondition in the Require header of the INVITE request sent to UE-2.

Resources are not assumed to be available prior to sending an Invite request. Similarly, resource reservation at UE-2 is assumed to begin after receipt of the initial INVITE. 

Assumptions

This flow assumes that “a=inactive” is not used to indicate that QoS resources are not ready at the UE-1 or UE-2.
Call Flows

This scenario assumes that the Originating UE, completes resource reservation before, or shortly after, the arrival of the 180 Ringing response from UE-2, and that the terminating UE completes local resource reservation after sending a provisional response to the INVITE request. 

Note: The UE-1/UE-2 may start reservation anytime after it sends/receives the initial INVITE.
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Figure 5 – Originating UE-1 not ready and terminating UE-2 are not ready 

INVITE (UE-1 to PCSCF1)

UE-1 determines the set of codecs or media streams that it wishes to support for the session. It builds a SDP containing characteristics of each codec, and assigns local port numbers for each possible media flow. Multiple media flows may be offered, and for each media flow (m= line in SDP), there may be multiple codec choices offered.

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 one H.263 codec. The audio stream supports both EVRC and SMV codec.

UE-1 does not indicate that precondition is required for this session, but that it is supported. (This approach optimizes compatibility and performance when interworking with 3rd party (non-MMD) terminals). In the SDP body, UE-1 indicates the current resource status and that the desired resource status is optional. Detecting the QoS content in the SDP, UE-2 indicates  resource reservation, but the session can continue regardless of whether or not this reservation is possible.

UE-1 does not indicate that reliable provisional responses are required, but that they are supported. This gives UE-2 the ability to reliably send only those responses that are most appropriate.

UE-1 may do local resource reservation at any time it feels it has enough information to begin this process. This is assumed to be after sending the Invite message, but could be sooner.

Table 7 - INVITE (UE-1 to P-CSCF1)

	INVITE sip:UE2@domain2.net SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag= a48s

To: <sip:UE2@domain2.net>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net
CSeq: 1 INVITE

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>, <sip:scscf1.domain1.net;lr>

P-Preferred-Identity: "User-1" <sip:UE1@domain1.net>

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=123456789012345

Privacy: none

Contact: <sip:UE1@100.200.1.1:1357;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Require: sec-agree
Proxy-Require: sec-agree
Supported: 100rel, precondition

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=9876543; spi-s=3456789; port-c=8642; port-s=7531

Content-Type: application/SDP

Content-Length: xxxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97 99

b=AS:25.4
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:60

a=rtpmap:99 SMV/8000

m=video 10600 RTP/AVP 34

b=AS:75
a=curr:qos local none

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


183 Progress (P-CSCF1 to UE-1)

UE-2 accepts both video and audio streams, and chooses EVRC as the codec for the audio stream. Since resources are not yet available for UE-2, it does not send the 183 response reliably. This allows the subsequent 180 Ringing response to be sent as soon as local reservation is complete, rather than having to wait for the PRACK to the 183 Progress message to be received confirming establishment of the RSeq numbering, as specified in [4]. An SDP answer MAY included to assist UE-1 in completing resource reservation as early as possible. Since this is not a reliable response, the SDP must only be a copy of the SDP to be included in the first reliable response – in this case the 180 Ringing message, as specified in [3]. Since precondition is not specified as Required in the Invite, and is indicated as Optional in the SDP offer, the SDP answer must not include precondition status (since the resource status will change between the 183 Progress and the 180 Ringing messages, invalidating the requirement that the SDP content in these messages be a copy of one another). If resource reservation at UE-2 can be completed very quickly, sending of the 183 Progress message MAY be skipped.

Table 8 - 183 Progress (P-CSCF1 to UE-1)

	SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch= z9hG4bK4d29348
From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>, <sip:scscf1.domain1.net;lr>,<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

P-Asserted-Identity: "User 2" <sip:UE2@domain2.net>, <tel:+1-972-321-9876>

Privacy: none

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

Require: 
Content-Type: application/SDP

Content-Length: xxxx

v=0

o=- 35270718123 35270718123 IN IP4 100.300.1.2

s=-

c=IN IP4 100.300.1.2

t=0 0

m=audio 10700 RTP/AVP 97
a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10702 RTP/AVP 34

a=rtpmap:34 H263/90000

a=cif:1


180 Ringing (P-CSCF1 to UE-1)

UE-2 has completed resource reservation for both video and audio streams. The 180 Ringing response must be sent reliably since it carries the SDP Answer. UE-1 does not receive an explicit status, via SDP content, of resource reservation at UE-2. For calls within the MMD network (i.e. calls to terminals supporting these standards), receiving the 180 Ringing message indicates that this process is complete.

Table 9 - 180 Ringing (P-CSCF1 to UE-1)

	SIP/2.0 180 Ringing

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch= z9hG4bK4d29348
From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>, <sip:scscf1.domain1.net;lr>,<sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

P-Asserted-Identity: "User 2" <sip:UE2@domain2.net>, <tel:+1-972-321-9876>

Privacy: none

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

Require: 100rel
RSeq: 1000

Content-Type: application/SDP

Content-Length: xxxx

v=0

o=- 35270718123 35270718123 IN IP4 100.300.1.2

s=-

c=IN IP4 100.300.1.2

t=0 0

m=audio 10700 RTP/AVP 97
a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10702 RTP/AVP 34

a=rtpmap:34 H263/90000

a=cif:1


PRACK (UE-1 to P-CSCF1)

UE-1 acknowledges the 180 Ringing response from UE-2 with a PRACK request. Resource reservation at UE-1 is assumed to have completed at some point prior to sending the PRACK. The local resource status is included in the SDP content.

UE-1 provides Ring Back to the caller when both local resource reservation, and the reception of the 180 Ringing response from UE-2 have occurred. They may occur in any order. 

UE-2 starts alerting the user after it receives the PRACK request for the 180 Ringing response. UE-2 may also alert the user before receiving the PRACK request, but there may be media clipping if the user answers the call before the 180 Ringing response reaches UE-1.

If the Tx interface is supported , the P-CSCF includes any access-network-charging-info parameter, received via the PCRF, in the P-Charging-Vector header in PRACK message before forwarding towards the I/S-CSCF.

Table 10 - PRACK (UE-1 to P-CSCF1)

	PRACK sip:UE2@100.300.1.2:2345;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

P-Access-Network-Info: 3GPP2-1X-HRPD; ci-3gpp2=123456789012345

CSeq: 2 PRACK

Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>, <sip:scscf2.domain2.net;lr>, <sip:pcscf2.domain2.net;lr>

Require: sec-agree

Proxy-Require: sec-agree
RAck: 1000 1 INVITE

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=9876543; spi-s=3456789; port-c=8642; port-s=7531

Content-Type: application/SDP

Content-Length: xxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97

b=AS:25.4
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10600 RTP/AVP 34

b=AS:75
a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1


200 OK (P-CSCF1 to UE-1)

The 200 OK response is generated by UE-2 to acknowledge the reception of the PRACK request. The response will include an SDP answer to the SDP offer received in the PRACK.


Table 11 - 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 2 PRACK

Content-Length: xxx

v=0

o=- 2987935614 2987935614 IN IP4 100.200.1.1

s=-

c=IN IP4 100.200.1.1

t=0 0

m=audio 10500 RTP/AVP 97

b=AS:25.4
a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:97 EVRC/8000

a=ptime:20

m=video 10600 RTP/AVP 34

b=AS:75
a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos optional local sendrecv

a=des:qos optional remote sendrecv

a=rtpmap:34 H263/90000

a=cif:1



200 OK (P-CSCF1 to UE-1)

When the user at UE-2 answers the call, UE-2 generates a 200 OK response towards UE-1 to answer the INVITE request.

Table 12 - 200OK (P-CSCF1 to UE-1)

	SIP/2.0 200 OK

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 INVITE

Record-Route:<sip:pcscf2.domain2.net;lr>,<sip:scscf2.domain2.net;lr>,<sip:scscf1.domain1.net;lr>, <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>

Contact: <sip:UE2@100.300.1.2:2345;comp=sigcomp>

Content-Length: 0




ACK (UE-1 to P-CSCF1)

UE-1 sends an ACK request in response to the 200 OK response from UE-2.

 Table 13 - ACK (UE-1 to P-CSCF1)

	ACK sip:UE2@100.300.1.2:2345;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP 100.200.1.1:1357;comp=sigcomp;branch=z9hG4bK4d29348

From: <sip:UE1@domain1.net>;tag=a48s
To: <sip:UE2@domain2.net>;tag=a9f6

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6@domain1.net

CSeq: 1 ACK


Max-Forwards: 70

Route: <sip:pcscf1.domain1.net:7531;lr;comp=sigcomp>,<sip:scscf1.domain1.net;lr>,

<sip:scscf2.domain2.net;lr>, <sip:pcscf2.domain2.net;lr>

Content-Length: 0
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