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<Start of first modified section>
16.2
Speech AMR, indicate selective codec modes 

16.2.1
Definition and applicability


Test to verify that the UE correctly performs IMS Multimedia Telephony speech call setup when selective AMR codec modes are offered. This process is described in 3GPP TS 24.173 [65], TS 24.229 [10] and TS 26.114 [66]. The test case is applicable for IMS security or GIBA.
16.2.2
Conformance requirement

Same as 34.229-1 clause 16.1.2.

16.2.3
Test purpose

1) To verify that, when initiating MT MTSI speech AMR call with selective codec modes and SS has resources available, the UE performs correct exchange of SIP protocol signalling messages for setting up the session.

2) To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3) To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4) To verify that the UE is able to release the call.
16.2.4
Method of test
Same as 34.229-1 clause 16.1.4 except

Specific Message Contents

INVITE (Step 1)

Use the default message "INVITE for MT Call" in annex A.2.9, with the following exceptions:

	Header/param
	Value/Remark

	Supported
	

	    option-tag
	precondition

	Message-body
	The following SDP types and values.

Session description:

· v=0
· o= - 1111111111 1111111111 IN (addrtype) (unicast-address for SS)

· s=IMS conformance test
· c=IN (addrtype) (connection-address for SS)

· b=AS:30
Time description:

· t=0 0
Media description:
· m=audio (transport port) RTP/AVP 99
· b=AS:30
· b=RS:0

· b=RR:2000

Attributes for media: 

· a=rtpmap:99 AMR/8000/1 
· a=fmtp:99 mode-set=0,2,4,7;  mode-change-capability=2;  max-red=220  

· a=ptime:20
· a=maxptime:240
Attributes for preconditions:

· a=curr:qos local sendrecv
· a=curr:qos remote none
· a=des:qos mandatory local sendrecv
· a=des:qos optional remote sendrecv



180 Ringing (Step 4)

Use the default message “180 Ringing for INVITE” in annex A.2.6 with the following exceptions:

	Header/param
	Value/remark

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header optional

Contents if present: The following SDP types and values shall be present.
Session description:

· v=0
· o=- (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

· s=IMS conformance test
· c=IN (addrtype) (connection-address for UE) [Note 1]

· b=AS: (bandwidth-value)

Time description:

· t=0 0
Media description:
· m=audio (transport port) RTP/AVP (fmt)
· c=IN (addrtype) (connection-address for UE) [Note 1]

· b=AS: (bandwidth-value)

· b=RS: (bandwidth-value)

· b=RR: (bandwidth-value)

Attributes for media:

· a=rtpmap:(payload type) AMR/8000 [Note 2]

· a=fmtp:(format) mode-set=0,2,4,7;
Attributes for preconditions:

· a=curr:qos local sendrecv
· a=curr:qos remote sendrecv
· a=des:qos mandatory local sendrecv
· a=des:qos mandatory remote sendrecv
Note 1: At least one "c=" field shall be present.

Note 2: The AMR channel number shall be “/1” or omitted.


200 OK for INVITE (Step 7)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions:

	Header/param
	Value/remark

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      value
	length of message-body

	Message-body
	Header not present if 180 Ringing (step 4) contained SDP.

Header present if 180 Ringing (step 4) did not contain SDP.

Contents if present: The same requirements for SDP types and values as specified in step 4.


16.2.5
Test requirements

The UE shall send requests and responses as described in clause 16.2.4.
<End of modified section>
