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<Start of Change 1>
C.24
Generic test procedure for SRVCC media removal

Test procedure:

1) UE sends an re-INVITE request to the SS.

2) SS responds to the INVITE request with a 100 Trying response.

3) SS responds to the INVITE request with a 200 OK.

4) SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with audio removed.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	200 OK
	SS responds INVITE with 200 OK. 

	4
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark


	Message-body
	The following SDP types and values.

Session description:

-
v=0

-
o=-(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

-
s=(session name)

-
c=IN (addrtype) (connection-address for UE) [Note 1]


Time description:

-
t= (start-time) (stop-time)

Media description:

-
m=audio 0 RTP/AVP (fmt)

-
c=IN (addrtype) (connection-address for UE) [Note 1]




Note 1: At least one "c=" field shall be present.


<End of Change 1>
