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<Start of modified section 1>
[bookmark: _Toc51948510][bookmark: _Toc52162585][bookmark: _Toc60916223]8.26	MO Call Hold without announcement / 5GS
[bookmark: _Toc60916163]8.26.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and having set up a voice call }
ensure that {
  when { UE is being made to hold the call }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure }
            }

(2)
with { UE having put the voice call on hold }
ensure that {
  when { UE is being made to resume the call }
    then { UE sends re-INVITE or UPDATE, and completes the call resume procedure }
            }
8.26.2	Conformance Requirements
[TS 24.610 clause 4.5.2.1]:
…
In addition to the application of procedures according to 3GPP TS 24.229 [1], the following procedures shall be applied at the invoking UE in accordance with RFC 3264 [4].
A UE shall not invoke the HOLD service on a dialog associated with an emergency call the UE has initiated.
If not all the media streams are affected, the invoking UE shall generate a new SDP offer where:
1)	for each media stream that is to be held, the SDP offer contains:
-	an "inactive" SDP attribute if the stream was previously set to "recvonly"; or
-	a "sendonly" SDP attribute if the stream was previously set to "sendrecv";
NOTE 1:	If the directionality attribute of the media stream is currently "sendonly" or "inactive", then that media stream is not put on hold and, in the SDP offer, the directionality for that media stream remains unchanged.
2)	for each held media stream that is to be resumed, the SDP offer contains:
-	a "recvonly" SDP attribute if the stream was previously an inactive media stream; or
-	a "sendrecv" SDP attribute if the stream was previously a sendonly media stream, or the attribute may be omitted, since sendrecv is the default; and
3)	for each media stream that is unaffected, the media parameters in the SDP offer remain unchanged from the previous SDP.
If all the media streams are to be held:
-	if they all have identical directionality, the invoking UE shall generate an SDP offer containing a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"inactive" if the streams were previously set to "recvonly"; or
2)	"sendonly" if the streams were previously set to "sendrecv"; and
NOTE 2:	If the directionality attribute of all the media streams is currently "sendonly" or "inactive", then all these media streams are not put on hold and, in the SDP offer, the directionality for these media streams will remain unchanged.
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If all the media streams were previously on hold and are to be resumed:
-	if they all have identical directionality, the invoking UE shall generate a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"recvonly" if the streams were previously inactive media streams; or
2)	"sendrecv" if the streams were previously sendonly media streams, or the attribute may be omitted, since sendrecv is the default; and
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If, in the generated SDP offer, there is at least one media stream whose directionality has changed from the previous SDP, the UE shall send the generated SDP offer in a re-INVITE request (or UPDATE request) to the remote UE.
…
[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. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
…
[TS 24.229 clause 6.1.1]:
…
If the media line in the SDP message body indicates the usage of /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 [56], 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 [56] 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 [152].
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 [13C].
NOTE 3:	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.
…
Reference(s)
3GPP TS 24.610 [32] clause 4.5.2.1, 3GPP TS 26.114 [33] clause 7.3.1 and 3GPP TS 24.229 [7] clause 6.1.1.
8.26.3	Test description
[bookmark: _Toc43210221][bookmark: _Toc51948447][bookmark: _Toc52162520][bookmark: _Toc60916124]8.26.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
Preamble:
-	The UE has registered to IMS and set up the MO call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A4.1.
[bookmark: _Toc43210222][bookmark: _Toc51948448][bookmark: _Toc52162521][bookmark: _Toc60916125]8.26.3.2	Test procedure sequence
Table 8.26.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE is made to hold the call
	-
	-
	
	

	2
	Check: Does the UE send INVITE or UPDATE with a SDP offer to hold the call?
	-->
	INVITE or UPDATE
	1
	P

	3
	Optional: The SS responds to the INVITE with a 100 Trying provisional response
	<--
	100 Trying
	
	

	4
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)
	<--
	200 OK
	
	

	5
	Optional: If the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE
	-->
	ACK
	
	

	6
	The UE is made to resume the call
	-
	-
	
	

	7
	Check: Does the UE send INVITE or UPDATE with a SDP offer to resume the call?
	-->
	INVITE or UPDATE
	2
	P

	8
	Optional: The SS responds to the INVITE with a 100 Trying provisional response
	<--
	100 Trying
	
	

	9
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)
	<--
	200 OK
	
	

	10
	Optional: If the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE
	-->
	ACK
	
	



[bookmark: _Toc43210223][bookmark: _Toc51948449][bookmark: _Toc52162522][bookmark: _Toc60916126]8.26.3.3	Specific message contents
Table 8.26.3.3-1: INVITE (step 2, table 8.26.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A2.1, condition A1, A3 and A28

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
Request-URI
	
	
the same URI in the request line as the SS has sent in the Contact header of an earlier message within the same dialog
	
	

	Supported
Option-tag
	
	
precondition
	
	

	Message-body
	
	Header optional

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

Session description:
v=0
o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 11]
s=(session name)
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) [Note 12]
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) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=5.9-13.2; bw=nb-swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=5.9-24.4; bw=nb-swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=13.2; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=9.6-13.2; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=9.6-24.4; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) AMR-WB/16000 [Note 3, 9]
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 4, 6]
a=rtpmap: (payload type) telephone-event/16000
a=fmtp: (format)
a=rtpmap: (payload type) AMR/8000 [Note 3, 9]
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 4, 6]
a=rtpmap: (payload type) telephone-event/8000 
a=fmtp: (format)
a=ecn-capable-rtp: leap ect=0 [Note 7]
a=rtcp-fb:* nack ecn [Note 7]
a=rtcp-xr:ecn-sum [Note 7]
a=rtcp-rsize [Note 7]
a=ptime:20
a=maxptime:240

Attributes for preconditions:
a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv or a=des:qos mandatory remote sendrecv

Note 1: At least one "c=" field shall be present.
Note 2: The RR value shall be greater than 0. The RS value can be any value.
Note 3: The channel number shall be "/1" or omitted.
Note 4: The max-red values from 0 to 220 are allowed.
Note 5: The parameters dtx, dtx-recv and evs-mode-switch shall not be present.
Note 6: The parameters mode-set, mode-change-period, mode-change-neighbor, crc, robust-sorting and interleaving shall not be included.
Note 7: Attributes for ECN Capability may be present if the UE supports Explicit Congestion Notification.
Note 8: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.
Note 9: The ordering of payload types shall be as listed, i.e., EVS before AMR-WB before AMR.
Note 10: The EVS payload type shall carry at least one of the five EVS configurations
Note 11: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one.
Note 12: The value for fmt, payload type and format is not checked
	
	TS 24.229 [7]



Table 8.26.3.3-2: UPDATE (step 2, table 8.26.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A2.5, condition A1, A3 and A28

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
Request-URI
	
	the same URI in the request line as the SS has sent in the Contact header of an earlier message within the same dialog
	
	

	Supported
Option-tag
	
	
precondition
	
	

	Message-body
	
	Header optional

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

Session description:
v=0
o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 11]
s=(session name)
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) [Note 12]
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) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=5.9-13.2; bw=nb-swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=5.9-24.4; bw=nb-swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=13.2; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=9.6-13.2; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) EVS/16000 [Note 3, 9, 10]
a=fmtp: (format) br=9.6-24.4; bw=swb; max-red= (att-field) [Note 4, 5, 10]
a=rtpmap: (payload type) AMR-WB/16000 [Note 3, 9]
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 4, 6]
a=rtpmap: (payload type) telephone-event/16000
a=fmtp: (format)
a=rtpmap: (payload type) AMR/8000 [Note 3, 9]
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 4, 6]
a=rtpmap: (payload type) telephone-event/8000 
a=fmtp: (format)
a=ecn-capable-rtp: leap ect=0 [Note 7]
a=rtcp-fb:* nack ecn [Note 7]
a=rtcp-xr:ecn-sum [Note 7]
a=rtcp-rsize [Note 7]
a=ptime:20
a=maxptime:240

Attributes for preconditions:
a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv or a=des:qos mandatory remote sendrecv

Note 1: At least one "c=" field shall be present.
Note 2: The RR value shall be greater than 0. The RS value can be any value.
Note 3: The channel number shall be "/1" or omitted.
Note 4: The max-red values from 0 to 220 are allowed.
Note 5: The parameters dtx, dtx-recv and evs-mode-switch shall not be present.
Note 6: The parameters mode-set, mode-change-period, mode-change-neighbor, crc, robust-sorting and interleaving shall not be included.
Note 7: Attributes for ECN Capability may be present if the UE supports Explicit Congestion Notification.
Note 8: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.
Note 9: The ordering of payload types shall be as listed, i.e., EVS before AMR-WB before AMR.
Note 10: The EVS payload type shall carry at least one of the five EVS configurations
Note 11: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one.
Note 12: The value for fmt, payload type and format is not checked
	
	TS 24.229 [7]



Table 8.26.3.3-3: 100 Trying (step 3, table 8.26.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A2.2, condition A1



Table 8.26.3.3-4: 200 OK (step 4, table 8.26.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A3.1, condition A10 and A22



Table 8.26.3.3-5: ACK (step 5, table 8.26.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A2.6, condition A1 and A3



<End of modified section 1>
