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Introduction:

The document presents the scenario when there is an existing audio and video session between UE#1 and UE#2 and UE#1 removes video flow from this session.
Annex x
Modifications of MITE session by removing video flow


x.1
Introduction

This clause is to describe a scenario when UE#1 and UE#2 are in active audio and video session and UE#1 invites UE#2 to remove video flow from the session.
x.2 
Signaling flows 
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Figure x.2-1: The flow shows the procedure when UE#1 removes video from already existing video - audio session.
1- UE#1 and UE#2 are involved in an audio and video session.
2- UE#1 sends re-INVITE with SDP offer to disconnect video flow and de-activate QoS for video flow
Table x.2-1: re-INVITE request (from UE#1 to Intermediate IM CN subsystem entities) 
INVITE sip: [5555::eee:fff:aaa:bbb]:2468;comp=sigcomp 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>, <sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.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

Cseq: 127 INVITE

Require: sec-agree 

Supported: precondition, 100rel
From: <sip:user1_public1@home1.net>;tag=171828

To: <user2_public1@home2.net>;tag=571235
Call-ID: cb03a0s09a2sdfglkj490333

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

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

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

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933617 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

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

t=0 0
m=video 0 RTP/AVP 98 99
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; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

3- Intermediate IM CN subsystem entities responds to the re-INVITE with 100 Trying response. 

4- Intermediate IM CN subsystem entities validates the service profile of this subscriber and evaluates the initial filter criteria.

5- Intermediate IM CN subsystem entities forwards the re-INVITE request to UE#2.
Table x.2-2: re-INVITE request (from Intermediate IM CN subsystem entities to UE#2)
INVITE sip: [5555:eee:fff:aaa:bbb]:2468;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net:8642;comp=sigcomp;branch=z9hG4bK578c12, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK387e91, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP 5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Max-Forwards: 66
Record-Route: <sip:pcscf2.visited.net;lr>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.home1.net;lr>

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

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

Privacy: 
Cseq: 
Supported:
From: 
To:
Call-ID: 
Contact: 

Allow: 

Content-Type:
Content-Length: (…)

v=

o= 

s=

c= 

t=

m=
b=

a=

a=

a=

a=

a=

a=

a=

m=

b=

a=

a=

a=

a=

a= 

a=

a=

a=

6- UE#2 responds to re-INVITE with 100 Trying response. 

7- UE#2 sends 200 OK with SDP answer to Intermediate IM CN subsystem entities
Table x.2-3: 200 OK (from UE#2 to Intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:8642;comp=sigcomp;branch=z9hG4bK578c12, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK387e91, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route:

From: 

To: 

Call-ID: 

CSeq: 

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=527611D0DFE11

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933625 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

t=0 0

m=video 0 RTP/AVP 98

m=audio 6544 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

8- IM CN subsystem entities forwards the 200 OK response to UE#1.

Table x.1-4: 200 OK (from IM CN subsystem 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:

From: 

To: 

Call-ID: 

CSeq: 

P-Asserted-Identity: "Bob" <sip:user2_public1@home2.net>

Content-Type:

Content-Length:

v=

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=
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9- UE#1 responds to the 200 OK with ACK response.

10- Intermediate IM CN subsystem entities forwards the ACK to UE#2.

11- UE#1 and UE#2 are now engaged in sending and receiving only audio flows. This step may occur any time after step 1.
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