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1. Introduction
This contribution completes the procedures and call flows of ECT Supplementary Services. 
2. Reason for Change
Based on TS 23.237 v10.3.0 subclause 6a.7.11 “Explicit Communication Transfer (ECT)”, procedures and call flows of ECT Supplementary Services for collaborative session are added.
3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.837.
* * * Change 1* * * *
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4.14
Execution of Supplementary Services
4.14.2
Procedures
4.14.2.X
Explicit Communication Transfer (ECT)
Only the controller UE can invoke the ECT service on behalf of the collaborative session and it shall follow the procedures as specified in TS 24.629 [y]. Upon receiving notification that ECT has been performed successfully, the controller UE shall terminate the previous active session with the transferee UE by terminating all related media control sessions on the controllee UEs. The SCC AS associated with a controllee UE shall reject a request from the controllee UE to invoke the ECT service.

Upon receiving an ECT transfer request from the remote end to transfer the collaborative session, the SCC AS shall deliver the request to the controller UE.

Upon receiving an ECT transfer request to transfer the collaborative session, the controller UE shall establish a new session towards the transfer target following the procedures defined in TS 24.629 [y]. If the communication to be transferred is a collaborative session (i.e. the transferee intends to use the collaborative session to communicate with the transfer target), the controller UE shall establish a new collaborative session towards the transfer target using the procedure of establish collaborative session at originating IMS session setup as specified in subclause 4.4.4.1, while the existing access legs between the SCC AS and the controllee UE(s) can be reused (i.e. updated to be bound to the new collaborative session between the controller UE and the transfer target). 

* * * Change 3* * * *

4.14.4
Call flows

4.14.4.Y
Explicit Communication Transfer (ECT)
Figure 4.14.4.Y-1 describes how IMS blind ECT is performed when the controller UE is playing the role of transfer recipient. The controller UE-1 and controllee UE-2 are in a collaborative session with remote party UE-3 under the control of SCC AS, and the session is on held before transfer.
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Figure 4.14.4.Y-1: Signalling flow for the remote party initiate ECT service 
NOTE:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1-2.
SIP REFER request (remote UE-3 to SCC AS) – see example in table 4.14.4.Y-1

It is assumed that controller UE, UE-1, and controllee UE, UE-2, are in a collaborative session with remote Party UE, UE-3, and the session is on held before transfer. 

The UE-3 initiates transfer UE-1 to remote party UE, UE-4, as specified in TS 24.629 [y] by sending SIP REFER request To: UE-1 with Referred-To: UE-4, Referred-By: UE-3. The REFER request is send in the existing collaborative session.
Table 4.14.4.Y-1 SIP REFER request (UE-3 to SCC AS)

REFER sip:user1@example1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 SIP/2.0

Via:

To: sip:user1@example1.net;tag=abcdef
From: sip:user3@example1.net;tag=123456
Call-ID: cb03a0s09a2sdfglkj490333
CSeq: 93809824 REFER

Max-Forwards: 70

Refer-To: <sip:user4@example1.net >
Referred-By: sip: user3@example1.net
Accept: message/sipfrag
3-4.
SIP REFER request (SCC AS to UE-1)
The SCC AS acknowledges the REFER message as a blind ECT transfer request for the UE-1 and sends the REFER to the UE-1.
5-6. SIP 202 (Accepted) response(UE-1 to SCC AS)
The UE-1 sends a SIP 202 (Accepted) response to SCC-AS as response to SIP REFER request
7-8. SIP 202 (Accepted) response(SCC AS to UE-3)
The SCC AS sends a SIP 202 (Accepted) response to UE-3 as response to the SIP REFER request
9-10. SIP Bye request (Remote UE-3 to SCC AS)
The UE-3 initiates the session release with the UE-1 by initiating a SIP BYE message to the SCC AS as specified in TS 24.629 [y]
11-12. SIP Bye request (SCC AS to UE-1)
The SCC AS only sends a SIP Bye request to UE-1, the media session between the UE-2 and the SCC AS is kept for further reuse.
13-14. SIP 200 (OK) response(UE-1 to SCC AS)
The UE-1 acknowledges the SIP Bye request by sending a SIP 200 (OK) response to the SCC AS.

15-16. SIP 200 (OK) response(SCC AS to UE-3)
The SCC AS acknowledges the SIP Bye request by sending a SIP 200 (OK) response to the UE-3.

17-18. SIP INVITE reuqest (UE-1 to SCC AS) - see example in table 4.14.4.Y-17
The UE-1 sends SIP INVITE request to SCC AS to setup the collaborative session with the UE-4.
Table 4.14.4.Y-17: SIP INVITE request (UE-1 to SCC AS)

INVITE SIP: user4@example1.net; SIP/2.0

Via: SIP/2.0/UDP 192.0.2.5;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

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

P-Preferred-Identity: <sip:uesr1@example1.net>

P-Access-Network-Info: 
Privacy: none

From: <sip:user1@example1.net>; tag=171828

To: <sip:user4@example1.net>

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 127 INVITE 

Supported: 100rel; precondition, gruu, 199

Require: sec-agree, replaces

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port1=7531

Contact:<sip:user1@example1.net;gr= urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml 

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP4 192.0.2.5
s=

t=0 0

c=IN IP4 192.0.2.5
a=creq:ccap-v0
m=audio 49170 RTP/AVP 0 8 3

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; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20
m=video 9 RTP/AVP 98
a=creq:ccap-v0

a=ccap:1 URL SIPURI sip:user2@example2.net
b=AS:75

a=rtpmap:98 H263

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

a=rtpmap:99 MP4V-ES
SDP:
The first media stream (audio) will be terminated by UE-1 of which the IP address is indicated in the c-line in the SDP header. 

Editor's Note: The second media stream (video) is destined to be terminated by UE-2, of which the address is only known as a SIP address by UE-1. One possible solution in this example is, UE-1 includes the SIP address of UE-2 in the a=ccap line in the SDP media block for the video media stream, as described in draft-ietf-mmusic-sdp-misc-cap [15] and draft-yang-dispatch-SIP-connection-address-type [16].


The port number of the remote side, i.e. UE-3 for the video media is currently not known to UE-1, therefore the port number for the video media stream is set to the discard port number "9".
19-20.
SIP INVITE request (SCC AS to UE-4) - see example in table 4.14.4.Y-19

SCC AS forwards the SIP INVITE request to UE-4.

Table 4.14.4.Y-19: SIP INVITE request (SCC AS to UE-4) 

INVITE sip:user4@example1.net; SIP/2.0

Via:

Record-Route: sip:scc-as@home1.net 

To: sip:user4@example1.net;

From: sip:user1@example1.net;tag=acegi

Call-ID: 

CSeq: 

Max-Forwards:

P-Asserted-Identity: 
Require:

Contact: <sip:user1@example1.net;gr= urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;
Allow:

Content-Type: application/sdp

Content-Length:(…)

v=0

o=- 2987933615 2987933615 IN IP4 192.0.2.5
s=

t=0 0

c=IN IP4 192.0.2.5
a=creq:ccap-v0
m=audio 49170 RTP/AVP 0 8 3

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; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20
m=video 9 RTP/AVP 98
C=IN IP4 0.0.0.0
b=AS:75

a=rtpmap:98 H263

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

a=rtpmap:99 MP4V-ES
Editor's Note: Whether sending the SIP-URI c-line to remote UE or just using 0.0.0.0 address is FFS.

21-22.
SIP 183 (Session Progress) response to SIP INVITE request (UE-4 to SCC AS)


The UE-4 responds with SIP 183 (Session Progress) response containing the SDP answer of UE-4.

23-24.
SIP 183 (Session Progress) response to SIP INVITE request (SCC AS to UE-1)


The SCC AS responds with SIP 183 (Session Progress) response containing the SDP answer of UE-4.

25-26.
SIP RE-INVITE request (SCC AS to UE-2) – see example in table 4.14.4.Y-25

The SCC AS binds the existing access leg to the new collaborative session between the UE-1 and the UE-4, and reuses the existing access leg to send the SIP RE-INVITE request to UE-2.
Table 4.14.4.Y-25: SIP INVITE request (SCC AS to UE-2) 

INVITE
sip:user2@example1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 SIP/2.0

Via:

Record-Route: sip:scc-as@home1.net 

To: sip:user2@example1.net;tag=edfex
From: sip:scc-as@home1.net;tag=acegi

Call-ID: 

CSeq: 

Max-Forwards:

Require:

Referred-By: sip: user1@example1.net 

Contact: 

Allow:

Content-Type: application/sdp

Content-Length:(…)

v=0

o=- 1027933615 1027933615 IN IP4 192.0.2.23

s=-

t=0 0

m=audio 0 RTP/AVP 0 8 3

m=video 4390 RTP/AVP 34 

a= sendrecv
c=IN IP4 192.0.2.23

b=AS:75

a=rtpmap:98 H263

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

a=rtpmap:99 MP4V-ES

Editor's Note: Whether containing the "Referred-by" header in the INVITE request to indicate the request comes from the controller UE is FFS.
27-28.
SIP 183 (Session Progress) response to SIP RE-INVITE request (UE-2 to SCC AS)


UE-2 sends the SIP 183 (Session Progress) response towards SCC AS containing the SDP answer of UE-2.

29-30.
SIP UPDATE request (SCC AS to UE-3)- see example in table 4.14.4.Y-29

SCC AS sends SIP UPDATE request to UE-4 to update the media in UE-4.

Table 4.14.4.Y-29 SIP UPDATE request (SCC AS to remote UE)

UPDATE sip:user4@example1.net SIP/2.0

Via:

To: sip:user4@example1.net;tag = 66666

From: sip:scc-as@home1.net; tag=33333

Call-ID: 

CSeq: 

Max-Forwards:

P-Asserted-Identity:

Require:
Contact: sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91ewxyz 

Allow:

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 1027933615 1027933615 IN IP4 123.45.67.89

s=-

t=0 0

m=audio 1300 RTP/AVP 96 97

c=IN IP4 123.45.67.89

b=AS:25.4

a=rtpmap:96 AMR 

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:97 telephone-event 

a=maxptime:20

m=video 1302 RTP/AVP 98 99

c=IN IP4 145.23.77.88

b=AS:75

a=rtpmap:98 H263

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

a=rtpmap:99 MP4V-ES
31-32.
SIP 200 (OK) reponse to SIP UPDATE request(UE-4 to SCC AS)


The remote UE-4 responds with SIP 200 (OK) response.

33-34.
SIP 200 (OK) reponse to SIP INVITE request(UE-4 to SCC AS)


The remote UE-4 responds with SIP 200 (OK) response.

35-36.
SIP 200 (OK) reponse to SIP INVITE request(SCC AS to UE-1)


The SCC AS responds with SIP 200 (OK) response.

37-38.
SIP ACK request (UE-1 to SCC AS)


UE-1 sends the SIP ACK request to confirm the establishment of call to SCC AS.
39-40.
SIP ACK request (SCC AS to UE-4)


SCC AS sends SIP ACK request to the UE-4.
* * * End Change * * * *
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