Fehler! Kein Text mit angegebener Formatvorlage im Dokument.
1
Fehler! Kein Text mit angegebener Formatvorlage im Dokument.

3GPP TSG CT WG1#44 
C1-061959(
Fairfax, US, 30th Oct – 3rd Nov

Source:
Siemens

Title:
CRs 24.930 – Editorial Tidyup of TR 24.930

Agenda item:
8.5
Document for:
INFORMATION

Changes: 

· Deleted the introduction clause

· Deleted unnecessary Editor’s Note in subclause 4.2
· Editorials in 5.4.1, 5.5.2, 5.6.2

· Deleted text that related to video streams in the PoC subclause 5.6.2 as the shown messages only contain audio description
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4.2
Key required to interpret signalling flows

The key to interpret signalling flows specified in 3GPP TS 24.228 [2] subclauses 4.1 and 4.2.


Each signalling flow table contains descriptions for headers where the content of the header is new to that signalling flow, as is already performed in 3GPP TS 24.228 [2].

However, 3GPP TS 24.228 [3] includes extensive descriptions for the contents of various headers following each of the tables representing the contents of the signalling flows. Where the operation of the header is identical to that shown in 3GPP TS 24.228 [2], then such text is not reproduced in the present document. 

Additional text may also be found on the contents of headers within 3GPP TS 24.228 [2] in addition to the material shown in the present document.

In order to differentiate between messages for SIP and media, the notation in figure 4.1-1 is used.
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Figure 4.1-1: Signalling flow notation

**** next change ****

5.4.1
Introduction

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

The box intermediate IM CN subsystem nodes stands for the combination of I-CSCF/S-CSCF on the originating Routing of messages between those nodes is not described in the flow below.
As the topology on the non-IMS, terminating side is not know, only a UE is shown on the terminating side. However, this does not rule out, that there are proxies in the terminating signalling path.
**** next change ****

5.5.2
Signalling Flow
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Figure 5.5-1: IMS session setup, resource reservation on terminating side 

 The details of the signalling flows are as follows: 

1.
INVITE request (UE#1 to P-CSCF#1) see example in table 5.5-1


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 the  H.263 coded. The audio stream supports the AMR codec.


UE# does not indicate that it supports precondition and does not indicate support for the 100rel extension.

Table 5.5-1: INVITE (UE#1 to IM CN Subsytem entities)

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

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

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:scscf1.home1.net;lr>
P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

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

Privacy: none

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

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

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

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

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

Content-Type: application/sdp 

Content-Length: (…)

v=0

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

s=-

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

t=0 0

m=video 3400 RTP/AVP 98 

b=AS:75

a=rtpmap:98 H263

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=rtpmap:97 AMR 

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

a=rtpmap:96 telephone-event

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

2.
100 (Trying) response 


The IM CN subsystem respond to the INVITE request with a 100 (Trying) provisional.

3.
INVITE request (S-CSCF to P-CSCF) -  see example in table 5.5-2

Table 5.5-2: INVITE (S-CSCF to P-CSCF)

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

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

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

Record-Route: <sip:scscf2.home2.net;lr>,
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Allow: 

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

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


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

5.
INVITE request (P-CSCF to UE) see example in table 5.5-3

Table 5.5-3: INVITE (P-CSCF to UE) 

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

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 66
Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>,,
From: 

To: 

Call-ID: 

Cseq: 

Require:

Contact: 

Allow: 

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

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

6.
. Reserve IPCAN bearer for media


The IMS UE sets up the bearer in accordance with the media description received SDP and if necessary its codec decision. 

7 -9 . 180 (Ringing) response 

UE#2 indicates that it is ringing..

10.
200 (OK) response (UE#2 to P-CSCF)  - see example in table 5.5-4


UE#2 does not use preconditions as they are not supported by the originating side.
Table 5.5-4: 200OK (UE#2 to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>
P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

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

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

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

RSeq: 9021

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::eee:fff:ggg:hhh

s=-

c=IN IP6 5555::eee:fff:ggg:hhh 

t=0 0

m=video 3400 RTP/AVP 98

b=AS:75

a=rtpmap:98 H263

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

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes
11.
200 (OK) response (P-CSCF to S-CSCF)  - see example in table 5.5-5

Table 5.5-5: 200OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Record-Route:

P-Access-Network-Info:
Privacy:

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

Cseq:
Contact:

Allow:

RSeq: 

Content-Type: application/sdp 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=
a=

a=

m=

b=

a=

a=

a=
12.
200 (OK) response (P-CSCF#1 to UE#1)  - see example in table 5.5-6

Table 5.5-6: 200OK (S-CSCF to UE#1)

SIP/2.0 200 OK

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

Privacy:

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

Cseq:
Contact:

Allow:

RSeq: 

Content-Type: application/sdp 

Content-Length: (…)

v=

o=

s=

c=

t=

m=

b=

a=
a=

a=

m=

b=

a=

a=

a=
13.-15. .ACK request


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

**** next change ****

5.6.2
Signalling Flow
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Figure 5.6-1: IMS session setup, no resource reservation, no preconditions 

 The details of the signalling flows are as follows: 

1.
INVITE request (UE#1 to P-CSCF#1) see example in table 5.6-1


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


UE# does not indicate that it supports precondition and does not indicate support for the 100rel extension.
Within the Intermediate IM CN subsystem entities are two PoC Servers that acts as B2BUAs
Table 5.6-1: INVITE (UE#1 to IM CN Subsytem entities)

INVITE sip:PoCConferenceFactoryURI.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:scscf1.home1.net;lr>
P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

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

Privacy: none

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

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

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE

Require: sec-agree,recipient-list-invite
Supported: timer
Proxy-Require: sec-agree

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

Contact: <sip:[5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp>;+g.poc.talkburst
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY, PUBLISH
Accept-Contact: *;+g.poc.talkburst;require;explicit
User-Agent: PoC-client/OMA1.0 Acme-Talk5000/v1.01

Session-Expires: 1800;refresher=uac
Content-Type: multipart/mixed
Content-Length: (…)

--boundary1

Content-Type: application/sdp

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
b=AS:25.4

a=rtpmap:97 AMR

a=rtcp:5560
a=fmtp:97 mode-set=0,2,5,7; maxframes=2

m=application 2000 udp TBCP 

a=fmtp:TBCP queuing=1; tb_priority=2; timestamp=1

--boundary1

Content-Type: application/resource-lists+xml

Content-Disposition: recipient-list

<?xml version="1.0" encoding="UTF-8"?>
<resource-lists xmlns="urn:ietf:params:xml:ns:resource-lists">

<list>

<entry uri="tel:+1-212-555-2222"/>

</list>

</resource-lists>

--boundary1--
SDP
The SDP contains a set of codecs supported by UE#1 and desired by the user at UE#1 for this session. 
Resource List
The Resource List contains the URI of UE#2 being invited by the user at UE#1 for this session. 
2.
100 (Trying) response 


The IM CN subsystem respond to the INVITE request with a 100 (Trying) provisional.

3.
INVITE request (P-CSCF to UE) see example in table 5.6-2
Table 5.6-2: INVITE (IM CN Subsytem entities to UE) 

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

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP PoC-SessionABCDEF@pocserver2.home2.net;session=1-1

Max-Forwards: 68
Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>
From: <sip:user1_public1@home1.net>;tag=487651
To: 

Call-ID: 03a0sdcglkj433s09a290bf3
Cseq: 10227 INVITE
Require: sec-agree
Supported: norefersub,timer
Contact: <PoC-SessionABCDEF@pocserver2.home2.net;session=1-1>;+g.poc.talkburst
Allow: 

P-Called-Party-ID: <sip:user2_public1@home2.net>
Accept-Contact: *;+g.poc.talkburst; require;explicit
User-Agent: PoC-serv/OMA1.0
Session-Expires: 1800;refresher=uas
Answer-Mode: Auto
Content-Type: application/sdp
Content-Length: (…)

v=

o=- 3361529879 3361529879 IN IP6 60333::ddd:ccc:aaa:bbb
s=

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

m=audio audio 63776 RTP/AVP 97

b=AS:25.4

a=rtpmap:97 AMR

a=rtcp:6390

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

m=application 60000 udp TBCP 

a=fmtp:TBCP queuing=1; tb_priority=2; timestamp=1
4.
200 (OK) response (UE#2 to IM CN Subsytem entities)  - see example in table 5.6-3

UE#2 does not use preconditions as they are not supported by the originating side.
Table 5.6-3: 200OK (UE#2 to IM CN Subsytem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP SessionABCDEF@pocserver2.home2.net;session=1-1
Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>
P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

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

Cseq:
Require:timer
Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>;+g.poc.talkburst

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

Server: PoC-client/OMA1.0 Acme-Talk5000/v1.01
Session-Expires: 1800;refresher=uas
Content-Type: application/sdp 

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=audio 3456 RTP/AVP 97

b=AS:25.4

a=rtpmap:97 AMR

a=rtcp:75000
a=fmtp:97 mode-set=0,2,5,7; maxframes=2

m=application 75590 udp TBCP 

a=fmtp:TBCP queuing=1; tb_priority=2; timestamp=1
5.
200 (OK) response (IM CN Subsytem entities to UE#1)  - see example in table 5.6-4
Table 5.6-4: 200OK (IM CN Subsytem entities to UE#1)

SIP/2.0 200 OK

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Record-Route: <sip:scscf1.home1.net;lr>,<sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>
Privacy:

From: <sip:user1_public1@home1.net>;tag=171828
To: <tel:+1-212-555-2222>;tag=257645
Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE

Contact: <sip:PoC-SessionABCDEF@PoC-ServerA.home1.net;session=1-1>;+g.poc.talkburst

Allow:

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 3362987915 3362987915 IN IP6 57777::eee:fff:aaa:bbb
s=-

c=IN IP6 57777::eee:fff:aaa:bbb
t=0 0

m=audio 57787 RTP/AVP 97

b=AS:25.4

a=rtpmap:97 AMR

a=rtcp:57000

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

m=application 57790 udp TBCP 

a=fmtp:TBCP queuing=1; tb_priority=2; timestamp=1
6.-7. .ACK request


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