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Introduction

This contribution analyses impacts of the early session disposition type on PCC. It analyses requirements and investigates some conceivable solutions. A corresponding CR against TS 29.414 is contained in C3-090976.

Support of Early Session disposition type (RFC 3939) has been added as an option for SIP UAs into TS 24.229 in Rel-8. It is primarily used as one implementation option (among others) for IMS CAT (compare with TS 24.182), but could also be used for other early media.
Some properties of "early session" disposition type call flows

Related call flows from TS 24.282 are copied into an Annex of this contribution for information.

Some noteworthy properties:

A. With early session disposition type a separate SDP offer-answer exchange takes place for early media. This may result in different types of media, and/or codecs with different QoS requirements being negotiated for early and final media, in a different ordering of media components within SDP, and in different IP addresses and ports to be used for early and final media. 

B. The SDP offer for final media will frequently occur before the SDP offer for early media, but can also occur in parallel. The SDP offer for early media will occur before the SDP offer for final media only in exceptional cases. The SDP answer for final media may be contained in the same SIP message as the SDP offer for early media, but can also be sent only afterwards in a 200 OK (INVITE). 
C. The early media session is terminated when the early dialog transitions to a regular dialog.

Note to explain Point B:  RFC 3261 mandates that the SDP offer is provided in the first reliable response, if it was not contained in the INVITE. Thus, the "early session" disposition SDP offer will either be in an INVITE (not recommended by RFC 3959) or a reliable response. Further, the exchange of an offer-answer exchange of "early session" disposition SDP needs to take place before completion of the call setup to be useful and the offer thus needs to be in a 1xx and support of the 100 rel extension is required. The offer with normal "session" disposition type can thus also only be in the INVITE or a 1xx. But according to TS 24.229, the originating UE shall include the SDP offer in the INVITE. On the terminating side, an AS might send an INVITE without "session" disposition SDP offer, but it is against recommendations in RFC 3959 that it then includes an "early session" disposition SDP offer (for some applications such as click-to-dial this might still occur).
Proposed Requirements
1. During the session establishment, resources for the early media described with the early session disposition type need to be authorised or provisioned.
2. After the completion of the session establishment, resources for the final media described with the session disposition type need to be authorised or provisioned.

3. UE-initiated bearer request for final media need to be authorized already during the call establishment phase in the same manner as if no early session were in use.
4. Network initiated resource requests for final media should also occur once the first offer-answer with "session" disposition is completed to avoid clipping.
5. It would be desirable to avoid a reconfiguration of the radio bearer after the call establishment phase.

6. After the completion of the session establishment, resources for the early media should be released or reused for final media.

7. A reservation of radio resources for a temporal parallel transmission of early and final media during the call establishment phase should be prevented; it is preferable that maximum bandwidth and QoS required either for early or final media is provisioned or authorized during the call establishment
8. PCC support of the early session disposition type is required at the originating side.
(This scenario occurs for IMS CAT with early session model.)

The subsequent requirements are considerer less urgent, but a clearer identification of the early media flows in SDP thanks to the "early disposition" SDP could make a fulfilment feasible

9. It would be desirable to support a policy to block early media flows after completion of the call establishment.

10. It would be desirable to support a policy to block final media flows until completion of the call establishment.

11. For discussion: Early media could require only a lower QoS class than final media because they are typically unidirectional and therefore do not have conversational requirements on delay.

12. For discussion: Might separate charging keys for early media be required?

13. For discussion: Are separate event notifications for early media flows required? 

14. For discussion: Is PCC support of the early session disposition type also required at the terminating side?
(This scenario does not occur for IMS CAT with early session model. However, according to the TS 24.229 profile tables the early session disposition type may be supported by any receiving UA. If the same PCC procedures as for the originating side allow to cover this scenario, it should not be ruled out)
Possible impacts on the Gx Interface
Existing Gx functionality is not sufficient to satisfy all proposed requirements simultaneously:
· Requirements 9, 10, 11, 12 and 13 are best addressed by placing early media and final media in separate PCC rules, because gating, QoS, Flow identifiers for charging correlation, and charging rule reports are all on this level of granularity. (Requirement 9 and 10 could also be addressed by removing filters from a PCC rule, but only if no "default" PCC rule with wild carded filters is in use. Further, an undesirable reconfiguration of the IP CAN bearer would result)
· However, requirements 5, 6 and 7 could be best addressed by placing early media and corresponding final media in the same PCC rules.
It is still recommended to place early media flows and corresponding established media flows into the same PCC rules as the corresponding requirements are considered more fundamental.  If the flows were placed in separate PCC rules, some identifier to correlate those PCC rules and to express that some QoS applies for a combination of those PCC rules and that those PCC rules also need to be placed into the same bearer would otherwise be required. This may severely complicate the procedures at the PCEF.
It could be studied in future releases how to address requirements 9, 10, 11, 12 and 13. For instance, a finer granularity within PCC rules might be introduced, for instance to correlate filters with charging keys and gates.

Possible solutions for Rx Interface

A. Reuse of SIP-Forking-Indication AVP.

A motivation for reusing functionality designed for forking comes from requirements 5, 6 and 7 which are quite similar to forking. For a policy to place early media flows and established media flows into the same PCC rules, as recommended above for the Gx interface, PCRF functionality is simplified considerably and existing functionality can be reused.

However, reusing the Rx functionality to support SIP forking is complicated by some noteworthy differences between call flows with forking and with "early session" disposition SDP:

a. With forking, only one SDP offer is available but multiple answers. However, the "early session" disposition SDP and the "session" disposition SDP are not interrelated in any manner. Consequences are detailed below.

b. There may be early media flows with no corresponding final media flows of same type (for instance, only early media may have a video component)
c. The order of sequence of m-lines in "early session" disposition SDP or "session" disposition SDP may be different (for instance video and audio m-line may be interchanged)
d. Corresponding media components (e.g. the only media component of audio media type in "early session" disposition SDP or "session" disposition SDP)  may have different ports and IP addresses also at the caller's side, not only at the callee's side
e. The "early session" disposition SDP type may also be encountered at the terminating side

f. The "early session" disposition SDP and the "session" disposition SDP may both be contained together in a single SIP message.

The forking related functionality in the Rx protocol does not contain explicit restrictions related to points d. and e., and it is therefore expected that existing PCRF implementations may already be able to handle a SIP-Forking-Indication AVP at the terminating side and media components where filter information related to the caller differs while the forking indication is set (although a PCRF might have policies to check these points). The other outlined issues will need to be considered in the protocol design.
The following procedures are suggested:
For the first provisioning of session information (either derived from "early session" disposition SDP or "session" disposition SDP) the P-CSCF does not supply the SIP-Forking-Indication AVP. As soon as the P-CSCF then provisions service information derived from the other type of SDP, and for any subsequent provisioning until the call establishment is completed, the SIP-Forking-Indication AVP is supplied with value SEVERAL_DIALOGUES.  Early and corresponding final media are described in the same Media-Component-Description AVP; it is discussed further down what "corresponding" media means and how flow identifiers are selected for them.  Early and final media that do not have corresponding final or early media, respectively, are described in separate media components and obtain distinct flow identifiers. If a special policy for early media is desired, early media with corresponding final media can also be described in separate Media-Component-Description AVPs. Session information containing any media components describing a "corresponding" early and final media flow shall be provisioned in separate Rx messages for early media and final media, as the encoding of the media-component does not allow for the simultaneous provisioning of two corresponding filters. When the session establishment is completed, the complete session information derived from the "session" disposition SDP is provisioned without the SIP-Forking-Indication AVP and any media components that relate to early media only obtain flow status "removed".
The advantage of this approach is that impacts are limited to the P-CSCF. The PCRF is expected to be affected only if special policies related to early media are desired (compare with requirement 9 to 13). Total implementation effort over P-CSCF and PCRF is expected to be smallest. Update and network configuration is also simplified if impacts to the PCRF are avoided. This approach can also easily be applied when forking occurs in addition.
Drawbacks include the need for two message exchanges to provision service information derived from the "early session" disposition SDP or "session" disposition SDP arriving in the same SIP message. 

Still, this option is regarded as most favourable.

B. Describing early media in separate Media-Component-Description AVPs.

The following procedures are suggested:

Service information derived from "early session" disposition SDP and "session" disposition SDP is described in entirely different Media-Component-Description AVPs within the same Rx Diameter session. To keep apart Media-Component-Description AVPs derived from "early session" disposition SDP and "session" disposition SDP, new mapping rules to derive flow Identifiers from "early session" disposition SDP are being defined, e.g. adding 1000 to the media component number derived by existing rules. When the session establishment is completed, the P-CSCF updates the session information by assigning the flow status "removed" to all media components that relate to early media.

To satisfy requirements 5 to 7, the PCRF will need to recognise early media with the help of the flow IDs and potentially correlate them with corresponding established media to derive suitable PCC rules.
Drawbacks of this approach are that the PCRF will need to be updated in addition to the P-CSCF.

Advantages are that service information derived from the "early session" disposition SDP or "session" disposition SDP arriving in the same SIP message can be provisioned together within one Diameter Rx message.
C. Describing early media in separate Rx session.

The following procedures are suggested:

Service information derived from "early session" disposition SDP is described in a separate Rx Diameter session. When the session establishment is completed, the P-CSCF terminates this Rx session.

To satisfy requirements 5 to 7, the PCRF will need to recognise early media and potentially correlate them with corresponding established media to derive suitable PCC rules. To enable such functionality at the PCRF, the P-CSCF marks the early media related Rx session, for instance by using a special AF-Application-Identifier or with a new AVP. Further, the P-CRF may need to add cross-references to the related Rx session for established media with new protocol extensions within the Rx session for early media, and/or cross-references to the related Rx session for early media with new protocol extensions within the Rx session for established media. No flow Identifiers are assigned to by the PCRF to PCC rules relating to early media

This approach avoids that rules to derive flow identifiers need to be updated. However, drawbacks of this approach are that the PCRF will need to be updated in addition to the P-CSCF. Standardised Rx protocol extensions would be required. Further, charging correlation for early media would not be supported. In addition, a higher total number of Rx messages as in proposals A and B would be required.
Proposed Handling of Flow Identifiers for early session

Flow identifiers, as contained in the Flows AVP, are derived from SDP according to rules defined in Annex B of 3GPP TS 29.214 and used both on the Rx and the Gx interface.

The flow identifiers have a couple of applications:

· For charging correlation purposes, the Flows AVP is used together with the AF-Charging-Identifier AVP within PCC rules (on Gx) and flow identifiers are contained in Media-Component-Description AVPs in the service information (on Rx). For this charging correlation, standardised rules how to assign the flow identifiers at the P-CSCF are required.
· On the Rx interface, the Flows AVP are also used to correlate refer to existing media components if service information is updated, and to denote which IP flows are affected when events or Access Network Charging Identifiers are being reported.
With two types of SDP, questions arise how to derive flow identifiers for early media. Early media flow and the corresponding established media flows may have different media component numbers. 

One option would be to extend the flows AVP with an indication that early media are used.  One possible way to achieve this would be using a high value range well above the number of media lines to be expected within SDP as media component numbers to avoid the need to modify the Rx and Gx protocols. However, on Rx this would mean that separate media component AVPs are used and as a consequence if PCRF procedures are not adjusted on Gx separate PCC rules would be generated with high likelihood, which is against the earlier proposals. Further, if several flow IDs are assigned to one PCC rule, this may complicate charging correlation.
Thus, a mapping of early media to media component numbers of final media component numbers of corresponding media appears desirable. However, this is complicated by the following facts:

· Corresponding media flows (e.g. the single audio or video flows within the SDP) may be described in an m-line with a different position in the "early session" disposition SDP and "session" disposition SDP. Different media component numbers would thus be derived according to the existing algorithm in Annex B of TS 29.414.

· If several m-lines with same media type are contained in "early session" disposition SDP and/or "session" disposition SDP, it is unclear how to perform a mapping between them.

· "Early session" disposition SDP may contain media types not present in "session" disposition SDP.

It is proposed that if a corresponding final media flow for an early media flow can be identified (e.g. only one audio media components in the "early session" disposition SDP and "session" disposition SDP), the early media flow should also obtain the same media component number derived from "session" disposition SDP. (For charging correlation purposes, it is important to use the "session" rather than the "early session" media component number.)
As explained in point B of the properties of "early session" disposition type call flows chapter above, the "session" disposition type offer will be available in most cases when the "early session" disposition type offer is being processed by the P-CSCF, and at latest when the "early session" disposition type answer is being processed. In the rare cases where the "early session" disposition type offer arrives at the P-CSCF before any "session" disposition SDP is available to derive media component numbers, and the optional provisioning of service information derived from the SDP offer is applied, the derived media components shall receive a media component number in a reserved range for early media.
If no corresponding final media flow can be found for an early media flow, or a special policy is desired for the early media flow, the early media flow should obtain a media component number in a reserved range for early media and derived from the "early session" disposition SDP by a standardised algorithm, e.g. by adding 1000 to the number of the corresponding media line in the "early session" disposition SDP.

This proposal has the advantage that it allows to reuse the existing SIP forking support, and also leads to a reasonable resource control on the Gx interface taking into account requirement 5, 6 and 7.  Further, protocol impacts on the Gx and Rx interfaces are avoided. Procedural impacts are limited to the P-CSCF. However, a PCRF implementation desiring to apply special policy for early media is able to recognise them in the session description.
Consequences if no solution is standardized

Reactions of a P-CSCF not supporting the early-session disposition type and receiving such SDP are undefined in standards, but behaviour leading to blocking of media or call failure is likely:

· The P-CSCF could reject such call setups.

· The P-CSCF could also intermingle the SDP for early session and final session, possible resulting in wrong filters to be installed and wrong QoS to be provisioned in the PCEF for the early or final session, and thus in the blocking of early and/or final media flow .

· The P-CSCF could also ignore the early-session disposition SDP, thus preventing a configuration of the PCEF to support them, resulting in a blocking of the early media streams.

Recommendations

1. It is proposed to standardise optional PCC procedures to handle the SDP "early session" disposition type.
2. CT3 needs to discuss if this can be regarded as essential correction for Rel-8 to align with TS 24.229 and TS 24.182, or as addition of feature for Rel-9. If CT3 only agrees related updates for Rel-9, CT1 needs to be informed that "early disposition" SDP is not supported by PCC in Rel-8.

3. It is suggested that CT3 discusses and confirms the requirements in this paper.

4. It is suggested to design the Rx functionality in such a manner that policies to place early media flows and corresponding established media flows into the same PCC rules are supported.
5. It is suggested to reuse the Rx functionality to support forking as far as possible (Rx solution A)

6. Particular rules to derive Flow Identifiers from "early session" disposition SDP are being suggested.

7. A CR to implement those proposals contained in C3-090976 is suggested.
8. We should inform SA5B about our rules to derive flow IDs, although direct impacts to SA5B specs are not expected.

Annex: Callflows from TS 24.182 for information

A.4
CAT early session model signalling flows

A.4.1
Introduction

The following flows show establishment of a session between UE#1 and UE#2, using the early session model described in subclause 4.5.5.3.3 to provide CAT to UE#1. The following flows are included:

-
subclause A.4.2 shows CAT, using the early session model, when UE#1 and UE#2 have resources available;

-
subclause A.4.3 shows CAT, using the early session model, when UE#1 does not have resources available;

-
subclause A.4.4 shows CAT, using the early session model, when UE#2 does not have resources available;

A.4.2
CAT when UE#1 and UE#2 have resources available
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Figure A.4.2-1: CAT, no resource reservation

1

INVITE request (UE#1 to S-CSCF) see example in table A.4.2-1

UE#1 sends a SIP INVITE request to the intermediate IM CN subsystem.

Table A.4.2-1: INVITE request (UE#1 to S-CSCF)

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:orig@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

Supported: precondition, 100rel, early-session

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:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept:application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp 

Content-Disposition: session

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=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 preconditions, reliable provisional responses, and early-session SDP.

SDP:
The SDP offer (SDP_O) contains a set of codecs supported by UE#1 and desired by the calling user for this session. If preconditions are used, the local preconditions are indicated as fulfilled.

2

INVITE request (S-CSCF to CAT-AS)


The S-CSCF forwards the SIP INVITE request to the CAT-AS.


The CAT-AS instructs the MRF to reserve CAT resources.

3-4

INVITE request (CAT-AS to UE#2)


The CAT-AS forwards the request to UE#2.

5-6

Relable 180 (Ringing) provisional response (UE#2 to CAT-AS) see example in table A.4.2-5

The called party is alerted. UE#2 sends a SIP 180 (Ringing) provisional response for the INVITE request to the CAT-AS.


The CAT-AS terminates the provisional response.
Table A.4.2-5: 180 (Ringing) response (UE#2 to CAT-AS)

SIP/2.0 180 Ringing
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK472a32.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.2, SIP/2.0/UDP catas.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To: <tel:+1-212-555-2222>;tag=2236

Call-ID:

Cseq:

RSeq: 9022

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Content-Length: 0

7-8

183 (Session Progress) provisional response (CAT-AS to UE#1) see example in table A.4.2-7

The CAT-AS sends a reliable SIP 183 (Session Progress) provisional response to UE#1.


An early-session SDP is sent to the UE#1 via the 183 provisional response.

Table A.4.2-7: 183 (Session Progress) response (CAT-AS to UE#1)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To:

Call-ID:

Cseq:

Require: precondition, 100rel, early-session

RSeq: 9022

Contact:<sip:cat-as.home1.net>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Content-Type: application/sdp 

Content-Disposition: early-session

Content-Length: (…)

v=0

o=- 2987933616 2987933616 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 5555::ccc:aaa:bbb:acc
t=0 0

m=audio 3456 RTP/AVP 97

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

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

early SDP
The early-session SDP offer (early SDP_O) contains a set of codecs supported to be used for CAT. The early-session SDP content is based on information received from the MRF. The local preconditions are indicated as fulfilled.

9-10
PRACK request (UE#1 to CAT-AS) see example in table A.4.2-9


UE#1 sends a SIP PRACK request with a early-session SDP answer, which acknowledges the SIP 183 (Session Progress) provisional response, towards UE#2.


The CAT-AS instructs the MRF to play CAT media.

Table A.4.2-9: PRACK request (UE#1 to CAT-AS)

PRACK sip:cat-as.home1.net 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:orig@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:

To:

Call-ID: 

Cseq: 128 PRACK
Contact:

Content-Type: application/sdp 

Content-Disposition: early-session

Content-Length: (…)
v=0

o=- 2987933616 2987933616 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

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

t=0 0

m=audio 3466 RTP/AVP 97

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote sendrecv

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
early SDP
The early-session SDP answer (early SDP_A) contains a set of codecs supported by UE#1 to be used for CAT. The local preconditions are indicated as fulfilled.
11-12
200 (OK) response to PRACK (CAT-AS to UE#1)


The CAT-AS sends a SIP 200 (OK) response for the SIP PRACK request to UE#1.
13-14
200 (OK) response to INVITE (UE#2 to CAT-AS) see example in table A.4.2-13


The called party answers the call. UE#2 sends a SIP 200 (OK) final response for the SIP INVITE request towards UE#1.


The CAT-AS instructs the MRF to stop CAT media.

Table A.4.2-13: 200 (OK) response (UE#2 to CAT-AS)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764XC12.1, SIP/2.0/UDP catas.home2.net;branch=z9hG4bK764Q32.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To:

Call-ID:

Cseq:

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 >;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Content-Type: application/sdp
Content-Disposition: session

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 6666::eee:fff:aaa:bbb

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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
SDP
The SDP answer (SDP_A) contains a set of codecs to be used for the session. If preconditions are used, they are indicated as fulfilled.

15-16
200 (OK) response to INVITE (CAT-AS to UE#1)


The CAT-AS forwards the SIP 200 (OK) response to UE#1.


A regular session is established between UE#1 and UE#2.


The early session between UE#1 and the CAT-AS is terminated.

17-18 ACK request (UE#1 to UE#2)


UE#1 sends a SIP ACK request, which acknowledges the SIP 200 (OK) final response, to UE#2.

A.4.3
CAT when UE#1 does not have required resources available while UE#2 has resources available
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Figure A.4.3-1: CAT, UE#1 does not have resources available

1-2

INVITE request (UE#1 to CAT-AS) see example in table A.4.3-1

UE#1 sends a SIP INVITE request to the intermediate IM CN subsystem.

Table A.4.3-1: INVITE request (UE#1 to S-CSCF)

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:orig@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

Supported: precondition, 100rel, early-session

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:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Accept:application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp
Content-Disposition: session

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 none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=inactive
a=rtpmap:98 H263

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=inactive
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 preconditions, reliable provisional responses, and early-session SDP.

SDP
The SDP offer (SDP_O1) contains a set of codecs supported by UE#1 and desired by the user at UE#1 for this session. The SDP contains an indication that the local preconditions are not fulfilled.

2

INVITE request (S-CSCF to CAT-AS)


The S-CSCF forwards the SIP INVITE request to the CAT-AS.

3-4

INVITE request (CAT-AS to UE#2)


The CAT-AS forwards the SIP INVITE request to UE#2.

5-6

183 (Session Progress) provisional response (UE#2 to CAT-AS) see example in table A.4.3-5


UE#2 sends a SIP 183 (Session Progress) provisional response for the INVITE request to the CAT-AS.

Table A.4.3-5: 183 (Session Progress) response (UE#2 to CAT-AS)

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764XC12.1, SIP/2.0/UDP catas.home2.net;branch=z9hG4bK764Q32.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To: <tel:+1-212-555-2222>;tag=6322

Call-ID:

Cseq:

Require: 100rel, precondition
RSeq: 9021

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Content-Type: application/sdp
Content-Disposition: session

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

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 mandatory 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 mandatory remote sendrecv

a=rtpmap:97 AMR 

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

a=rtpmap:96 telephone-event

SDP
The SDP answer (SDP_A1) contains a set of codecs to be used for the session. The local preconditions are indicated as fulfilled.

7-8

183 (Session Progress) provisional response (CAT-AS to UE#1) see example in table A.4.3-7

The CAT-AS forwards the SIP 183 provisional response with early-session SDP for CAT to UE#1.

Table A.4.3-7: 183 (Session Progress) response (CAT-AS to UE#1)

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To:

Call-ID:

Cseq:

Require: 100rel, precondition, early-session

RSeq: 9021

Contact:

Content-Type: multipart/mixed; boundary="boundary1"
Content-Length: (…)

--boundary1

Content-Type: application/sdp

Content-Disposition: session

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 6666::eee:fff:aaa:bbb

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 mandatory 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 mandatory remote sendrecv

a=rtpmap:97 AMR 

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

a=rtpmap:96 telephone-event
--boundary1

Content-Type: application/sdp

Content-Disposition: early-session

v=0

o=- 2987933616 2987933616 IN IP6 5555::ccc:aaa:bbb:acc
s=-

c=IN IP6 5555::ccc:aaa:bbb:acc
t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local none

a=curr:qos remote none

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 3456 RTP/AVP 97
b=AS:25.4

a=curr:qos local none

a=curr:qos remote none
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
--boundary1

early SDP
The early-session SDP offer (early SDP_O1) contains a set of codecs to be used for CAT. The preconditions are indicated as not fulfilled.

9-10
PRACK request (UE#1 to CAT-AS) see example in table A.4.3-9

UE#1 sends a SIP PRACK request with early-session SDP answer, which acknowledges the 183 (Session Progress) provisional response, towards UE#2.

Table A.4.3-9: PRACK request (UE#1 to CAT-AS)

PRACK sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 70

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

To:

Call-ID:

Cseq: 128 PRACK
Contact:
Content-Type: application/sdp
Content-Disposition: early-session

Content-Length: (…)

v=0

o=- 2987933616 2987933616 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

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

t=0 0

m=video 3500 RTP/AVP 98 

b=AS:75

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

m=audio 3556 RTP/AVP 97
b=AS:25.4

a=curr:qos local none

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
early SDP
The early-session SDP answer (early SDP_A1) contains a set of codecs supported by UE#1 to be used for CAT. The preconditions are indicated as not fulfilled.

11-12
PRACK request (CAT-AS to UE#2) see example in table A.4.3-11


CAT-AS forwards the SIP PRACK request without early-session SDP answer to UE#2.

Table A.4.3-11: PRACK request (CAT-AS to UE#2)

PRACK sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6  SIP/2.0

Via: SIP/2.0/UDP catas.home2.net;branch=z9hG4bK614Q63.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK464z73.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK351b51.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK582f12.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 66

Privacy:

From:

To:

Call-ID:

Cseq: 128 PRACK
Contact:
Content-Length: 0

13-16
200 (OK) response to PRACK (UE#2 to UE#1)


UE#2 sends a SIP 200 (OK) response for the SIP PRACK request to UE#1.
17-18
UPDATE request (UE#1 to CAT-AS) see example in table A.4.3-17


UE#1 reserved resources for regular session and early session, it sends an SIP UPDATE request with session SDP offer and early-session SDP offer towards UE#2.

Table A.4.3-17: UPDATE request (UE#1 to CAT-AS)

UPDATE sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 70

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

To:

Call-ID:

Cseq: 129 UPDATE
Contact:
Content-Type: multipart/mixed; boundary="boundary1"
Content-Length: (…)

--boundary1

Content-Type: application/sdp

Content-Disposition: session

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 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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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
--boundary1

Content-Type: application/sdp

Content-Disposition: early-session

v=0

o=- 2987933616 2987933616 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

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

t=0 0

m=video 3500 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 mandatory remote sendrecv

a=rtpmap:98 H263

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

m=audio 3556 RTP/AVP 97
b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none
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
--boundary1

SDP
The offer (SDP_O2) contains a set of codecs supported by UE#1 and desired by the user at UE#1 for this session. The SDP contains an indication that the preconditions are fulfilled.
early SDP
The early-session SDP offer (early SDP_O2) contains a set of codecs supported by UE#1 to be used for CAT. The local preconditions are indicated as fulfilled.

19-20
UPDATE request (CAT-AS to UE#2) see example in table A.4.3-19


CAT-AS forwards the SIP UPDATE request towards UE#2 without early-session SDP.

The CAT-AS instructs the MRF to reserve CAT resources.

Table A.4.3-19: UPDATE request (CAT-AS to UE#2)

UPDATE sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP catas.home2.net;branch=z9hG4bK164Q63.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK442z73.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK514b51.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK812f12.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 66

Privacy:

From:

To:

Call-ID:

Cseq: 129 UPDATE
Contact:
Content-Type: application/sdp

Content-Disposition: session

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 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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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
21-22
200 (OK) response to UPDATE (UE#2 to CAT-AS) see example in table A.4.3-21

UE#2 sends a SIP 200 (OK) for the SIP UPDATE request to the CAT-AS.

Table A.4.3-21: 200 (OK) response (UE#2 to CAT-AS)

SIP/2.0 200 OK
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK611k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764KS12.1, SIP/2.0/UDP catas.home2.net;branch=z9hG4bK164Q63.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK442z73.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK514b51.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK812f12.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

From:

To:

Call-ID:

Cseq:

Contact:

Content-Type: application/sdp
Content-Disposition: session

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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

SDP
The SDP answer (SDP_A2) contains a set of codecs to be used for the session. The preconditions are indicated as fulfilled.

23-24
200 (OK) response to UPDATE (CAT-AS to UE#1) see example in table A.4.3-23

CAT-AS forwards the SIP 200 (OK) for the SIP UPDATE request to UE#1.

Table A.4.3-23: 200 (OK) response (CAT-AS to UE#1)

SIP/2.0 200 OK
Via: SIP/2.0/UDP catas.home2.net;branch=z9hG4bK164Q63.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK442z73.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK514b51.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK812f12.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

From:

To:

Call-ID:

Cseq:

Contact:

Content-Type: multipart/mixed; boundary="boundary1"
Content-Length: (…)

--boundary1

Content-Type: application/sdp

Content-Disposition: session

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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
--boundary1

Content-Type: application/sdp

Content-Disposition: early-session

v=0

o=- 2987933616 2987933616 IN IP6 5555::ccc:aaa:bbb:acc
s=-

c=IN IP6 5555::ccc:aaa:bbb:acc
t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

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 3456 RTP/AVP 97
b=AS:25.4

a=curr:qos local sendrecv

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
--boundary1

early SDP
The early-session SDP answer (early SDP_A2) contains a set of codecs supported by UE#1 to be used for CAT. The early-session SDP content is based on information received from the MRF. The preconditions are indicated as fulfilled.

25-26
180 (Ringing) response to INVITE (UE#2 to CAT-AS)

The called party is alerted. UE#2 sends a SIP 180 (Ringing) provisional response for the INVITE request towards UE#1.


The CAT-AS terminates the provisional response.

The CAT-AS instructs the MRF to play CAT media.
27-28
200 (OK) response to INVITE (UE#2 to CAT-AS)


The called party answers the call. UE#2 sends a SIP 200 (OK) final response for the SIP INVITE request towards UE#1.


The CAT-AS instructs the MRF to stop CAT media.

29-30
200 (OK) response to INVITE (CAT-AS to UE#1)


The CAT-AS forwards the SIP 200 (OK) response to UE#1.


A regular session is established between UE#1 and UE#2.


The early session between UE#1 and the CAT-AS is terminated.

31-32
ACK request (UE#1 to UE#2)


UE#1 sends a SIP ACK request, which acknowledges the 200 (OK) final response, to UE#2.

A.4.4
CAT when UE#1 has resources available while UE#2 does not have required resources available
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Figure A.4.4-1: CAT, UE#2 does not have resources available

1-2

INVITE request (UE#1 to CAT-AS) see example in table A.4.4-1

UE#1 sends a SIP INVITE request to the intermediate IM CN subsystem.

Table A.4.4-1: INVITE request (UE#1 to S-CSCF)

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:orig@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

Supported: precondition, 100rel, early-session

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:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6> >;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Accept:application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp
Content-Disposition: session

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=inactive
a=rtpmap:98 H263

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=inactive
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 preconditions, reliable provisional responses, and early-session SDP.

SDP
The SDP offer (SDP_O1) contains a set of codecs supported by UE#1 and desired by the user at UE#1 for this session. The SDP contains an indication that the local preconditions are fulfilled.

2

INVITE request (S-CSCF to CAT-AS)


The S-CSCF forwards the SIP INVITE request to the CAT-AS.

3-4

INVITE request (CAT-AS to UE#2)


The CAT-AS forwards the SIP INVITE request to UE#2.

5-6

183 (Session Progress) provisional response (UE#2 to CAT-AS) see example in table A.4.4-5


UE#2 sends a SIP 183 (Session Progress) provisional response for the INVITE request to the CAT-AS.

Table A.4.4-5: 183 (Session Progress) response (UE#2 to CAT-AS)

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764XC12.1, SIP/2.0/UDP catas.home2.net;branch=z9hG4bK764Q32.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To: <tel:+1-212-555-2222>;tag=6322

Call-ID:

Cseq:

Require: 100rel, precondition
RSeq: 9021

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Content-Type: application/sdp
Content-Disposition: session

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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

SDP
The SDP answer (SDP_A1) contains a set of codecs to be used for the session. The preconditions are indicated as fulfilled.

7-8

183 (Session Progress) provisional response (CAT-AS to UE#1) see example in table A.4.4-7

The CAT-AS forwards the SIP 183 provisional response with early-session SDP for CAT to UE#1.

Table A.4.4-7: 183 (Session Progress) response (CAT-AS to UE#1)

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, 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

From:

To:

Call-ID:

Cseq:

Require: 100rel, precondition, early-session

RSeq: 9021

Contact:

Content-Type: multipart/mixed; boundary="boundary1"
Content-Length: (…)

--boundary1

Content-Type: application/sdp

Content-Disposition: session

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=IN IP6 6666::eee:fff:aaa:bbb

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=curr:qos local sendrecv

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 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

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
--boundary1

Content-Type: application/sdp

Content-Disposition: early-session

v=0

o=- 2987933616 2987933616 IN IP6 5555::ccc:aaa:bbb:acc
s=-

c=IN IP6 5555::ccc:aaa:bbb:acc
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 mandatory remote sendrecv

a=rtpmap:98 H263

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

m=audio 3456 RTP/AVP 97
b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none
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
--boundary1

early SDP
The early-session SDP offer (early SDP_O1) contains a set of codecs to be used for CAT. The local preconditions are indicated as fulfilled.

9-10
PRACK request (UE#1 to CAT-AS) see example in table A.4.4-9

UE#1 sends a SIP PRACK request with early-session SDP answer, which acknowledges the 183 (Session Progress) provisional response, towards UE#2.

Table A.4.4-9: PRACK request (UE#1 to CAT-AS)

PRACK sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 70

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

To:

Call-ID:

Cseq: 128 PRACK
Contact:
Content-Type: application/sdp
Content-Disposition: early-session

Content-Length: (…)

v=0

o=- 2987933616 2987933616 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

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

t=0 0

m=video 3500 RTP/AVP 98 

b=AS:75

a=curr:qos local sendrecv

a=curr:qos remote sendrecv

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

m=audio 3556 RTP/AVP 97
b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote sendrecv

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
early SDP
The early-session SDP answer (early SDP_A1) contains a set of codecs supported by UE#1 to be used for CAT. The preconditions are indicated as fulfilled.

11-12
PRACK request (CAT-AS to UE#2) see example in table A.4.4-11


CAT-AS forwards the SIP PRACK request without early-session SDP answer to UE#2.

Table A.4.4-11: PRACK request (CAT-AS to UE#2)

PRACK sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74SIP/2.0

Via: SIP/2.0/UDP catas.home2.net;branch=z9hG4bK614Q63.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK464z73.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK351b51.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK582f12.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKna234s7

Max-Forwards: 66

Privacy:

From:

To:

Call-ID:

Cseq: 128 PRACK
Contact:
Content-Length: 0

13-16
200 (OK) response to PRACK (UE#2 to UE#1)


UE#2 sends a SIP 200 (OK) response for the SIP PRACK request to UE#1.
17-18
180 (Ringing) response to INVITE (UE#2 to CAT-AS)

The called party is alerted. UE#2 sends a SIP 180 (Ringing) provisional response for the INVITE request towards UE#1.


The CAT-AS terminates the provisional response.

The CAT-AS instructs the MRF to play CAT media.
19-20
200 (OK) response to INVITE (UE#2 to CAT-AS)


The called party answers the call. UE#2 sends a SIP 200 (OK) final response for the SIP INVITE request towards UE#1.


The CAT-AS instructs the MRF to stop CAT media.

21-22
200 (OK) response to INVITE (CAT-AS to UE#1)


The CAT-AS forwards the SIP 200 (OK) response to UE#1.


A regular session is established between UE#1 and UE#2.


The early session between UE#1 and the CAT-AS is terminated.

23-24
ACK request (UE#1 to UE#2)


UE#1 sends a SIP ACK request, which acknowledges the 200 (OK) final response, to UE#2.

