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<Start of Change 1>
15.12
MT Call Hold without announcement

15.12.1
Definition and applicability
Test to verify that the UE correctly performs IMS mobile terminated call hold and resume. This process is described in 3GPP TS 24.610 [108]. The test case is applicable for IMS security or GIBA.
15.12.2
Conformance requirement

[TS 24.610 clause 4.5.2.9]:

Basic communication procedures according to TS 24.229 shall apply.

[TS 24.229 clause 6.1.1]:

If the media line in the SDP indicates the usage of RTP/RTCP, and if the UE is configured to request an RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556, then in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in RFC 3556 to specify the required bandwidth allocation for RTCP. The bandwidth-value in the b=RS: and b=RR: lines may include transport overhead as described in subclause 6.1 of RFC 3890.

For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in or 3GPP 29.213.

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent; therefore, the RR bandwidth modifier will typically get the value of zero.

[TS 26.114 clause 7.3.1]:

RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. Point-to-point speech only sessions may not require these functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with SDP bandwidth modifiers values greater than zero, and send RTCP packets to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

Reference(s)

3GPP TS 24.610 [108], TS 24.229 [10]
15.12.3
Test purpose

1)
To verify that the held UE responds correctly to call hold and resume requests from SS.

15.12.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has discovered P-CSCF, registered to IMS services and set up the MO call, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step and thereafter executing the generic test procedure in TS 36.508 [94] table 4.5A.6.3-1 steps 1 to 14 for a UE with E-UTRA support (TS 34.229-2 [5] A.18/1).

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration and MO call.

Related ICS/IXIT Statement(s)
Support for initiating a session

(Yes/No)

Support for MTSI
(Yes/No) 

Support for speech
(Yes/No)

Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

Support for Communication Hold
(Yes/No)

Support for sending RTCP while call is being hold
(Yes/No)

IMS security (Yes/No)

GIBA (Yes/No)
Test procedure

1)
SS initiates the call hold by sending a re-INVITE to set the media streams into sendonly state.

2)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

3)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

4)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

5)
SS resumes the call by sending another re-INVITE request with a SDP offer to set the media streams into sendrecv state again.
6)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

7)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

8)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

9)
SS sends a BYE request to the UE in order to release the call.

10)
UE responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with a SDP offer indicating all medias as sendonly

	2
	(
	100 Trying
	Optional: The UE responds with a 100 Trying provisional response

	3
	(
	200 OK
	The UE responds INVITE with 200 OK to indicate that the  UE is no more expecting to receive any media

	4
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE

	5
	(
	INVITE
	SS sends INVITE with a SDP offer indicating all medias as sendrecv

	6
	(
	100 Trying
	Optional: The UE responds with a 100 Trying provisional response

	7
	(
	200 OK
	The UE responds INVITE with 200 OK to indicate that the SS can again send media

	8
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE

	9
	(
	BYE
	The SS releases the call with BYE

	10
	(
	200 OK
	The UE sends 200 OK for BYE


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the following exceptions:

The SS shall include the same lines in the SDP body as finally accepted for the dialog but replace in each media line the direction attribute “a=sendrecv” by “a=sendonly”. Version number of the SDP must be incremented by one compared to the previous SDP sent by the SS.

100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 3)

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

	Message-body
	Properly generated SDP answer to the SDP offer contained in the INVITE including:


- All mandatory SDP lines as specified in RFC 4566[27].

- The same number of media lines (“m=”) as in the INVITE.

- All the media lines having direction attribute “a=recvonly”. Alternatively, the UE may send one such direction attribute on session level.
- RTCP “RR” and “RS” modifiers having values greater than zero, if the UE supports sending RTCP while call is being hold"




ACK (Step 4)

Use the default message “ACK” in annex A.2.7.

INVITE (Step 5)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the following exceptions:

The SS shall include the same lines in the SDP body as in Step 1 but change the directionality of all media lines as "sendrecv". Version number of the SDP must be incremented by one compared to the previous SDP sent by the SS.

100 Trying for INVITE (Step 6)

Use the default message “100 Trying for INVITE” in annex A.2.2.
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

	Message-body
	Properly generated SDP answer to the SDP offer contained in the INVITE including:


- All mandatory SDP lines as specified in RFC 4566[27].

- The same number of media lines (“m=”) as in the INVITE.

- All the media lines having direction attribute “a=sendrecv”



ACK (Step 8)

Use the default message “ACK” in annex A.2.7.

BYE (Step 9)

Use the default message “BYE” in annex A.2.8.

200 OK for BYE (Step 10)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
15.12.5
Test requirements

SS must check that the UE correctly responds to all the mid-dialog INVITEs sent by the SS.

<End of Change 1>
