ETS| TR 123 903 V6.1.0 (2005-03)

Technical Report

Universal Mobile Telecommunications System (UMTS);
Redial solution for voice-video switching
(B3GPP TR 23.903 version 6.1.0 Release 6)

G

—

D




3GPP TR 23.903 version 6.1.0 Release 6 1 ETSI TR 123 903 V6.1.0 (2005-03)

Reference
RTR/TSGS-0223903v610

Keywords
UMTS

ETSI

650 Route des Lucioles
F-06921 Sophia Antipolis Cedex - FRANCE

Tel.: +334 9294 42 00 Fax: +33 4 93 65 47 16

Siret N° 348 623 562 00017 - NAF 742 C
Association a but non lucratif enregistrée a la
Sous-Préfecture de Grasse (06) N° 7803/88

Important notice

Individual copies of the present document can be downloaded from:
http://www.etsi.org

The present document may be made available in more than one electronic version or in print. In any case of existing or
perceived difference in contents between such versions, the reference version is the Portable Document Format (PDF).
In case of dispute, the reference shall be the printing on ETSI printers of the PDF version kept on a specific network drive
within ETSI Secretariat.

Users of the present document should be aware that the document may be subject to revision or change of status.
Information on the current status of this and other ETSI documents is available at
http://portal.etsi.org/tb/status/status.asp

If you find errors in the present document, please send your comment to one of the following services:
http://portal.etsi.org/chaircor/ETSI_support.asp

Copyright Notification

No part may be reproduced except as authorized by written permission.
The copyright and the foregoing restriction extend to reproduction in all media.

© European Telecommunications Standards Institute 2005.
All rights reserved.

DECT™, PLUGTESTS ™ and UMTS™ are Trade Marks of ETSI registered for the benefit of its Members.

TIPHON™ and the TIPHON logo are Trade Marks currently being registered by ETSI for the benefit of its Members.
3GPP™is a Trade Mark of ETSI registered for the benefit of its Members and of the 3GPP Organizational Partners.

ETSI


http://www.etsi.org/
http://portal.etsi.org/tb/status/status.asp
http://portal.etsi.org/chaircor/ETSI_support.asp

3GPP TR 23.903 version 6.1.0 Release 6 2 ETSI TR 123 903 V6.1.0 (2005-03)

Intellectual Property Rights

IPRs essential or potentially essential to the present document may have been declared to ETSI. The information
pertaining to these essential IPRs, if any, is publicly available for ETSI member s and non-member s, and can be found
in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to ETS in
respect of ETS standards', which is available from the ETS| Secretariat. Latest updates are available on the ETSI Web
server (http://webapp.etsi.org/| PR/home.asp).

Pursuant to the ETSI IPR Palicy, no investigation, including I PR searches, has been carried out by ETSI. No guarantee
can be given as to the existence of other IPRs not referenced in ETSI SR 000 314 (or the updates on the ETSI Web
server) which are, or may be, or may become, essential to the present document.

Foreword
This Technical Report (TR) has been produced by ETSI 3rd Generation Partnership Project (3GPP).

The present document may refer to technical specifications or reports using their 3GPP identities, UMTS identities or
GSM identities. These should be interpreted as being references to the corresponding ETSI deliverables.

The cross reference between GSM, UMTS, 3GPP and ETS! identities can be found under
http://webapp.etsi.org/key/queryform.asp .

ETSI


http://webapp.etsi.org/IPR/home.asp
http://webapp.etsi.org/key/queryform.asp

3GPP TR 23.903 version 6.1.0 Release 6 3 ETSI TR 123 903 V6.1.0 (2005-03)

Contents

Intellectual Property RIGNES.........oo et 2
0 Yo (o SRS 2
0= 11 o OSSPSR 4
gLl [N o1 o] o [OOSR 4
1 o0 o< PSPPSR 5
2 REFEIBINCES ...ttt sttt b e e et et et e e e Rt e bt e bt e b e se e be st e se e st e benbesbeneenbeseneas 5
3 Definitions, symbols and abbreViationS ............covceeiiiiiie e e 5
31 D= T T (0] USSR 5
4 Description of idle mode redia switching between voice and VIdEO ...........cceveiereieieiiiicccene e 6
4.1 LT aTc = D= o T o4 e o T 6
4.2 User initiated switching during an established Call ...........cceiieiieie e 6
42.1 Signalling flOWS @and ProCEAUIES............eecuieieiie et ste et e e s reesreesteenaeenseenaeeneeeneenrensenn 6
4.2.2 FULUNE ENNEINCEIMEINLS ...ttt sttt b ettt s e e bbbt b et e s s e e e e e b e sbe e e e e e beseeebesaeeneeneennan 8
4221 Detection of video calling capability during avoice Call ..........ccovieiieci e 8
4.3 Fallback to voice during an established VIde0 Call ............cooveiieiieiice e 9
431 Signalling fIOWS 8Nd PrOCEAUIES.........c.coiitiietireie ettt bbb bbb ns 9
4311 Fallback from UTRAN Video to UTRAN VOICE Call ......oouiiieieeeee e 9
4312 Fallback from UTRAN Video to GERAN VOICE Call......oouiiieiieee e 10
432 FULUIE ENMNANCEIMENES ...ttt ettt sttt e e e e seesteseeeaees e e e e eeseessesbesaeeneesseseesnesseeneenseneens 11
4321 RRC behaviour following degradation of the ViIdeo RAB ..o 11
4322 Interaction With VOICE Ml SEIVEI'S ........cciiieieeeee ettt e et sse e e e e 11
4.4 Fallback to voice during video call establiShment...........cccueiieiiriiiie e 11
44.1 Signalling flOWs @and ProCEAUIES..........c.eeueiie ettt e st ae e e esraenteeste e reenteenenneennes 11
442 FULUNE ENNEINCEIMENLS ...ttt ettt ettt sttt bbbt s bt bt b e e e e e seeee e ke sbe et e e e besbesbe e e enneneea 13
4421 How to detect that avoice call might be SUCCESSFUI?.........ocveieice e 13
4422 How to avoid video mail boX ProblEmMS?...........cceeiii i 13
45 Automatic upgrade to video following fallback t0 VOICE ........c.oceveieiieece e 13
5 Interaction with Supplementary Services and other 3GPP FEatUreS.........ccccovveeereeeene e 14
51 LT 0T OO SRSSRR 14
52 Calling Line Identity and Single NUMbDENNG SChEME. .......cooiiiiiieeeee e 14
5.3 CAMEL based servicestriggered by call release and CCBS.........coooviieieevee e see st 14
54 Provision of Multi-Media'Ring Back' tonesto the A Party .......ccceeeeeieice e 14
6 O+M, charging and inter-operator and roaming aCCOUNLING ..........ccueiiirerieieeseseeseseeee e eee e eeesreens 15
6.1 Call Déetail RECOrAS AN SLALiSHICS.....veeeeereereertirieetereeeee e ettt e e e e see st e tesaesbesaeeseeneeseseeseessesneeneeneenees 15
6.2 ONLINE CHAIGING ..ttt b et b e et b e et b e s e bt b e e bt e b e e e bt s b et e bt e b e s e e neebene et eb e st et ebe b e 15
6.3 LI 1] TP OO ST O SRR OR TSR UPTORSTURTPRTON 15
6.4 [ NEEr-OPEIaLOr BCCOUNTING ...ve.viueeteteseetert ettt ettt ettt e sttt e s b e e s eb e se e s e b se e s e bt se e e eb e s e e st s b e e e st b et en e ebe e enenis 16
6.5 ROGIMING BCCOUNTING ...t eeeterteeeteetere ettt ettt ettt e et re s b e s s b e b sb s e b b e e e bt bt e e st bt s e st e bt e e e e bt b e e ebeneennens 16
Annex A: List of CRSNEeded 10 OLNEr TSS...iiiiiieieieiriesii et 17
N = 0T P 17
A.2 CRsto other specifications already agreed by TSG pleN@ri€s.........coovveeeeieeieene e 17
A.3 Future CRsthat are needed and/or are desirable..........coocoviiereieiniere e 17
Annex B: (O3 g = TaTo = o TR (o] YOS 18
[ TS 0] YRS 19

ETSI



3GPP TR 23.903 version 6.1.0 Release 6 4 ETSI TR 123 903 V6.1.0 (2005-03)

Foreword
This Technical Report has been produced by the 3™ Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.

Introduction

Many 3GPP operators regard circuit switched video services as akey part of UMTS. However there is a strong desire to
have an effective and user friendly method of switching between voice and video services when the user desires and/or
when radio conditions change and video mode is no longer available.

Following a study of alternative mechanisms, this Technical Report describes the idle mode redial mechanism which
3GPP based systems can use to enhance switching between voice and video services.
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1 Scope

The present document describes the idle mode redial mechanism which 3GPP based systems can use to enhance
switching between circuit switched voice and video services.

2 References

The following documents contain provisions which, through reference in thistext, constitute provisions of the present
document.

* References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

e For a specific reference, subsequent revisions do not apply.

« For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.

[2] 3GPP TS 44.018: "Mobile radio interface layer 3 specification, Radio Resource Control Protocol”.

[3] 3GPP TS 48.008: "Mobile-services Switching Centre — Base Station System (MSC — BSS)
interface; layer 3 specification"”.

[4] 3GPP TS 25.331: "Radio Resource Control (RRC) protocol specification”.

[5] 3GPP TS 22.004: "General on supplementary services'.

[6] 3GPP TS 45.008: "Radio subsystem link control™.

[7] 3GPP TS 24.008: "Mobile radio interface Layer 3 specification; Core network protocols; Stage 3".

[8] 3GPP TS 23.009: "Handover procedures'.

[9] 3GPP TS 32.205: " Telecommunication management; Charging management; Charging data
description for the Circuit Switched (CS) domain®.

[10] 3GPP TS 22.082: "Call Forwarding (CF) supplementary services - Stage 1".

[11] 3GPP TS 23.082: "Call Forwarding (CF) supplementary services - Stage 2".

[12] 3GPP TS 23.205: "Bearer-independent CS Core Network™.

3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and definitions given in 3GPP TR 21.905 [1] and the
following apply.

A party: the caling party.
B party: the called party.
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4 Description of idle mode redial switching between
voice and video

4.1 General Description

This'ldle-Mode Redia' mechanism is a combination of existing VVoice call and Video call standards and services. Itisa
‘terminal-centric' solution that requires only minimal additional support from the UTRAN, GERAN and Core Network.
There are 3 main components to the solution:

a) Switching between voice and video during an established call is achieved by one UE releasing the voice (or video)
call and then that UE establishing a video (or voice) call with the same destination UE.

b) During avideo call, the radio coverage at one end may degrade such that the video call cannot be maintained. In this
case the video call will be released, and, the UE that initiated the video call can offer to its user an attempt to
establish avoice call with the other party.

c) Theinitial establishment of avideo call may be unsuccessful, in which case the A party can automatically establish
avoice cal.

For all these 3 cases, optimisation of the Man Machine Interface in the UE is possible and desirable.

Note: There may be tradeoffs between " speed of redial” and interactions with content servers that only support
video cdlls. In particular, the use of the term 'automatic’ does not prevent the UE requesting confirmation
from the user.

It is not the intention of this TR to specify the MMI of UEs, however, this TR does describe some MMI actions solely
for the purpose of easing the description of the procedures.

4.2 User initiated switching during an established call

4.2.1 Signalling flows and procedures
The successful case of the "B party initiated switch to video" for UMTS isillustrated in Figure 1. The notation 'UE 1'

and 'UE 2'is used (rather than A and B party) because, if the B party (of the voice call) presses the 'switch to video'
button, it then becomes the A party of the subsequent video call.
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0)

L|JE 1 RNC 1 MSC 1 MSC 2 RNC 2 UE 2

[ I I I I I
| UEsin Voice Call. UE 2 pushes the “change to video” button |

2. REL (cause) < 1. Disconnect (gause)
< 1 Release .
4. Disconnect (calise) 1. Release Complete
3. REL COMP
4. Releasq o P/ 5luRdcmd
< 4. Releasg Complete P Rel Comp & RRC release >
.luRel Cmd
5. luRel Com
<5. RRC release > p q
| 6. Voice and signaling connection released; idle mode procedures performed; Video call setup by UE 2 |
7. RRC sety|
7 Initial UE 7. Initial DT
j ) g Setup
8. RAB AssR
Ay, gRESewp |
| 8. RAB AssResp
. 9. Call Proceeding
10. Pagin . 1AM g
| 10. Paging <« 49
0. RRC setu
10. Initia DT 10. Initial UE msg,
< 10. Setup
11. Call Confirmed
I11. RAB AssReq
| 11. RB Setup
< 11. RAB AssResp |
Ll
12. Alerting 12 ACM
EEE— 12. Alerting >
13. Connegt -
» 13. ANM
P 13. Connegt Ack EE—— 13. Connegt o~
P 13. Connegt Ack
UEsin Video Cal

Figure 1: B party initiated switch to video

The UEsarein avoice cal initiated by UE 1. Following verbal dialogue between User 1 and User 2, they agree
that a switch to video is likely to be successful (e.g. because both User 1 and User 2 have video capable
handsets, and, they both have "using 3G" indications visible on their screens). The User of UE 2 pushes the
"switch to video" button (or uses other MM I that provides the same functionality) and UE 2 stores the CLI of UE
1foruseinstep 7.

Note: If UE 1 (instead of UE 2) initiated the 'switch to video', then UE 1 stores the previously dialled number

1)
2)

3)
4)
5)

for useinstep 7.
UE 2 releases the voice call.

MSC 2 sends a RELEASE message with the release cause. The cause value in the RELEA SE message might be
changed by transit networks prior to arrival at MSC 1.

MSC 1 sends a RELEASE COMPLETE message to MSC 2.
MSC 1 releases the voice call with UE 1.

MSC 2 and MSC 1 locally release the Iu connections to RNC 2 and RNC 1 (assuming that there are no other CM
connections active). RNC 2 and RNC 1 then release the RRC connections (assuming that their mobiles are not in
PMM connected state).
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In order to minimise idle tasks performed by the UE, the following should be performed by Operators which
preferentially camp UEson UMTS:

the BSC should include the 'Cell selection indicator after release of all TCH and SDCCH' |E in the Channel
Rel ease message (see 3GPP TS 44.018 [2]) if the release is done on a GERAN cell and the call was not
started on this BSC and the local 2G and 3G cells arein different RASs.

Note: The above text does mean RA. Change of LA aways involves change of RA.
6) UE 2 and UE 1 camp on suitable cells and perform the required idle mode tasks.

7) UE 2initiates RRC connection setup and sends the Setup message for the video call to MSC 2. The Called Party
number isthe one stored in step 0. The Setup message should carry extrainformation to indicate that it isthe
result of aredial attempt.

8) MSC 2 requests the alocation of radio resources.

If the GERAN does not support CS video, then the MSC 2 shall send an A interface Assignment Request
message to the BSC including the Service Handover |E set to "Handover to UTRAN or cdma2000 should be
performed” and a Channel Type indicating any value acceptable to the BSC. The BSS handles the Assignment
Request message as defined in 3GPP TS 48.008 [3]. The interactions between M SC server and MGW can be
minimised if the A interface circuit is not allocated. This can be achieved by setting the Channel Type =
signalling. The interactions between the M SC server and the MGW are defined in 3GPP TS 23.205 [12].

If the GERAN does support CS video then the M SC 2 should send an A interface Assignment Request message
to the BSC including the relevant channel type. The BSS proceeds as defined in 3GPP TS 48.008 [3].

9) If radio resource allocation was successful, the IAM message is sent to MSC 1 and the Call Proceeding message
issentto UE 2.

10)MSC 1 pages UE 1. UE 1 responds by establishing an RRC connection and sending the Paging Response
message to MSC 1 within the RRC-Initial Direct Transfer and RANAP-Initial UE messages. MSC 1 then sends
the Setup message for the video call to UE 1. The Setup message carriesthe CLI of UE 2.

11) UE 1 confirmsits capability to handle the video call in the Call Confirmed message and MSC 1 requests the
allocation of radio resources.

If UE 1 responded to paging by establishing an RR connection on a GERAN cell, then MSC 1 initiates handover
to UTRAN as described in step 8.

12)If the radio resource allocation was successful, UE 1 sends an Alerting message to MSC 1. MSC 1 sends the
ACM message to MSC 2 and MSC 2 sends the Alerting message to UE 2.

13)User 1 answersthe video call. For privacy reasons, the 'switch to video' and 'switch to voice' answer functions
should not be automated.

14) The video call is established.

With obvious small differences, some of which are described above, the above procedure is also used for switching
from avideo call to avoice call.

Note: When 'redial-switching' from avideo call to avoice call, the voice call Setup message should carry the
extrainformation to indicate that it isaredial attempt.

422 Future enhancements

42.2.1 Detection of video calling capability during a voice call
Asaminimum, it will be useful if mobiles can indicate whether they are using UMTS for their ongoing voice call.
However additional functionality would be useful, specifically:

- when using UTRAN, an indication of whether 64 kbit/s video can be supported in the mobil€"s current location;
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- when using GERAN, an indication of whether UMTS coverage is available, and, ideally whether the UMTS
coverage can support 64 kbit/s video.

4.3 Fallback to voice during an established video call

4.3.1 Signalling flows and procedures

43.1.1 Fallback from UTRAN Video to UTRAN Voice call

The successful case of the 'radio degradation at UE 2 leading to fallback to voice' for UM TS isillustrated in Figure 2.

UE 1 RNC 1 MSC 1 MSC 2 RNC 2 UE 2
I I I I I
| UEsin Video Call and radio resource degradation at RAN 2 |
1. IWVRAB Rel Reg
2. REL (cause)
< 3. Disconiect (cause) 4. REL COMP. 3. Disconrject (cause)
5. Releasq 5. Release)
P 6. Releasg Complete 6. Release|Complete
_7.luRel Cmd 7.luRel Cmd
_7. RRC release < 7. RRC release

»| 8.luRel Comp | _8. luRel Comp <—T

9. Video and signaling connection released; idle mode procedures performed; voice call setup by UE 1 |

10. Setup
11. RAB AssR
12 RBSetup | S
< 13. RAB AssResp 14. IAM .| 14.Paging 14. Paging o
16. Setup
15. | P
< 5. Call Proceed B 17. Call Crfirmed
18. RAB Ass Reg, |
19. RB
20. RAB Ass Resp 2 R2-SAUD
P 21. Alerting
22. Alerting «—22ACM 2
4. ANM 3. Connegt
P 26. Connect < 25. Connett Ack o
27. Connect Ack o
UEsin Voice Call

Figure 2: Radio degradation at UE 2 leading to fallback to voice

Note: Figure 2 does not show all of the RRC and lu connection establishment messages.

1. RNC 2isconfigured such that it knows that the local GERAN does not (or does) support video calls (i.e. does
not (or does) support 64 kbit/s conversational QoS on the CS domain).

Note: For an interim period, an aternative solution is that MSC 2 sets the Service Handover |E to "Handover to
GSM shall not be performed” in the RAB Assignment Request message. However, this solution is not
future proof if (all or part of) the network”s GERAN is upgraded to support CS Video telephony.

When RNC 2 detects that the 64kbit/s bearer cannot be maintained any longer (e.g. radio link failure, 3GPP TS
25.331[4]), RNC 2 sends either an lu RELEASE REQUEST message or a RAB Release Request message to
MSC 2, indicating that the lu connection should be released

2. MSC 2 sends a REL message with the release cause. This cause value in the REL message might be changed by
transit networks prior to arrival at MSC 1.
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3.

N oo o &

o0

The MSCs send Disconnect messages to the UES.

In case RNC 2 sent lu Release Request in step 1 but not a RAB Release Request, MSC 2 will not perform step 3.
(i.e. not send Disconnect, which causes that also steps 5 and 6 are not performed), but MSC 2 will immediately
proceed with step 7 (i.e. send lu Release Command).

MSC 1 sends a Release Complete message to MSC 2.
The UEsrelease the Video Call.
The M SCs confirm the release of the Video Call.

The MSCsrequest the release of al resources and the RNCs release the RRC connections (unless their UE isin
PMM connected state).

The RNCs confirm the release of all resources.

When the signalling connections with the UEs are released, UE 1 and UE 2 camp on suitable cells and perform
the required idle mode tasks.

10. UE 1 promptsits user to attempt a Redial. When UE 1 gets the Redial confirmation from its user it sends a

SETUP message (containing the Redial indication) to MSC 1 to setup aVoicecal.

11. A RAB Assignment Request message is sent from the MSC 1 to the RNC 1, reguesting the setup of a RAB for a

Voice cal.

12. Theradio bearer is established between RNC 1 and UE 1.

13.RNC 1 respondsto MSC 1 with an RAB Assignment Response message.

14.MSC 1 sends an IAM message to MSC 2 to establish aVVoice Call with UE 2. MSC 2 pages RNC 2 and RNC 2

pages UE 2.

15.MSC 1 sends a Call Proceeding message to UE 1.

16. The MSC 2 sends a Setup message to UE 2 indicating the establishment of aVoice Call.

17. UE 2 sends Call Confirmed to MSC 2.

18. The RAB Assignment Request message is sent from MSC 2 to the RNC 2, requesting the establishment of a

RAB for aVoice Cal.

19. Theradio bearer is established between the RNC 2 and UE 2.

20.RNC 2 responds to MSC 2 with a RAB Assignment Response message.

21. UE 2 sends Alerting message to MSB 2.

22.MSC 2 sends ACM message to MSC 1. MSC 1 sends Alerting to UE 1.

23. User 2 accepts the Voice Call and UE 2 sends Connect message to MSC 2.

24. MSC 2 sends ANM messageto MSC 1.

25. M SC 2 sends Connect Ack message to UE 2.

26. MSC 1 sends Connect message to UE 1.

27. UE 1 acknowledges with a Connect Ack message to MSC 1 and the Voice call is established.

4.3.1.2 Fallback from UTRAN Video to GERAN Voice call

The procedure in 4.3.1.1 can also be used if UE 2 drops out of UTRAN coverage into GERAN coverage. However
there are additional complications:

a) If the UTRAN and GERAN cells are attached to different M SCs then problems are likely to occur due to the

time required for the UE 2 to perform Location Area and Routeing Area updating.
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In particular, if UE 2 is updating with a new MSC and/or new SGSN, UE 2 will not respond to MSC 2"s paging.
Thiswill only become known to UE 1 when MSC 2"s 'no response to paging' timer expires. Typically, an
operator configures this timer with valuesin the range of 8 to 25 seconds. When this timer expires, it is quite
likely that UE 2 will have ‘call forward on not reachable’ set and so UE 1"s call will be diverted to a voice mail
server. To avoid these problems, it seems important that the operator configures the UTRAN to minimise the
number of video calls that lead to fallback to GERAN coverage and/or to configure the network such that
geographically similar UTRAN and GERAN cells are in the same Routeing Area.

b) In order to avoid useless handover attempts, the RNCs are frequently configured so that no GERAN neighbour
cells are given to the mobile during avideo call. Thiswill slow down re-selection from 3G to 2G in the case of
total loss of 3G coverage. Conversely, in many other scenarios the lack of 2G neighbour cells might force UE 2
to camp on the 3G cell for long enough for it to receive the paging for the voice call.

Overall, the operator may need to adapt the neighbour cell lists provided in video calls on cell by cell basis
and/or dependent upon whether or not combined 2G/3G MSCs AND combined SGSNs are in use.
4.3.2 Future enhancements

43.2.1 RRC behaviour following degradation of the video RAB

Additional study may be beneficial on how to "synchronise” the release of the RRC connection in the RNC and in the
mobile when the radio connection is degraded or lost. If synchronisation cannot be guaranteed then timers may be
needed to delay the redial attempt by the A party.

4.3.2.2 Interaction with voice mail servers

If aredial attempt is unsuccessful, it may (or may not) be appropriate to avoid being forwarded to a voice mail server.

One potential solution to thisisthat the A party signals (e.g. by appending a suffix to the dialled digits) to MSC-A and
MSC-A then uses the Call Diversion Not Allowed setting in the Call Diversion Treatment Indicators to inhibit call
forwarding. One problem with the use of a suffix in the dialled digits is that the digit analysisin MSC-A usually only
examines the leading digits. Conversely, if the UE adds a prefix to the dialled digits, then the call will not be handled
properly if MSC-A does not support this functionality.

4.4 Fallback to voice during video call establishment
4.4.1 Signalling flows and procedures

The following diagram shows the various cases where video call establishment can fail or be unsuccessful. At many
points, alternative signalling message flows are shown by the 'a’ and ‘b’ arrows.
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UE A RNC A MSC A MSC B RNC B UEB
I
1.UE A initiatesa
video call to UE B
1. Setup (video) >
.RAB AssR
| |g RB Setup I 42 =
2. RAB Ass RQ
3a. IAM
3a. Call Proceegling 4a. Paging I .
% 4a Paging >
3b. Rel Complet
- e L AaRRC setup
, R ¢fa lnitid DT
4b. Disconnect "
it Sttt |4a Initial UE msg |
5. Setup
€ 5a. Call Confirmed
) b REL <___§p__R_e|_e_a_$_c_:9U’K)_lgt_e _____________
&b Discomect | [€TTEoomemeoe
6. RAB Ass Req
P i@ RB Setup I
. RAB Ass Resp
6b. Disconnect QO-REL P Ba Alerting
B I - <
70 Discomnect (qgUDUB)________|
7b. Release/Relgase complete 7b. REL
1‘ ______________________________ > DBty < 7a. Connect

| Radio release leaves the UEs in idle mode and User A then initiates a voice call |

Figure 3: Video call establishment failure scenarios

1. UE A sendsa SETUP message to MSC A to setup a Video call.

2. A RAB Assignment Request message is sent from the MSC A to the RNC A, requesting the setup of a RAB for
aVideo call. The radio bearer is established between RNC A and UE A.

If the UE isusing a GERAN that does not support CS video calls, the MSC sends an Assignment Request with
an encoding that prompts the BSC to initiate a handover to UTRAN.

3a. (Successful case) MSC A sends an IAM message to MSC B to establish aVideo Call with UE B. And, MSC A
sends a Call Proceeding message to UE A.

3b. (Failure case) The video call fails because of lack of radio resources on the A side. MSC A sends a Release
Complete message (e.g. with cause #47, Resources unavailable, unspecified) to UE A. The RRC connectionis
released. UE A can then prompt the user to initiate a voice call to UE B.

4a. (Successful case) MSC B pages UE B. UE B responds to paging.

4b. (Failure case) The video call fails because MSC B or the transit network do not support video calls. MSC B
sends a REL message to MSC A. MSC A sends a Disconnect message (e.g. with cause #79, Service or option
not implemented, unspecified) to UE A. The RRC connection isreleased. UE A can then prompt the user to
initiate a voice call to UE B.

5. MSC B sends a Setup message to UE B indicating the establishment of a Video Call.
5a. (Successful case) UE B sends Call Confirmed to MSC B.

5b. (Failure case) The video call fails because UE B does not support video calls. UE B sends a Rel ease Compl ete
message with cause #88 (Incompatible destination) to MSC B. MSC B sends a REL messageto MSC A. MSC A
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sends a Disconnect message (e.g. with cause #88, Incompatible destination) to UE A. The RRC connections are
released. UE A can then prompt the user to initiate avoice call to UE B.

6a. (Successful case) The RAB Assignment Request message is sent from MSC B to the RNC B, requesting the
establishment of a RAB for aVideo Call. The radio bearer is established between the RNC B and UE B. RNC B
responds to MSC B with a RAB Assignment Response message. Following the allocation of the radio resources,
UE B sends an Alerting message to MSC B.

6b (Failure case) The video call fails because of lack of radio resources on the B side. MSC B sends a Release
Complete message to UE B. MSC B sends a REL message to MSC A. MSC A sends a Disconnect message to
UE A (e.g. with cause #47, Resources unavailable, unspecified). The RRC connections are released. UE A can
then prompt the user to initiate a voice call to UE B.

7a (Successful case) The user of UE B acceptsthe call and UE B sends a Connect message to MSC B.

7b (Failure case) UE B is alerting the user of UE B. The user of UE B may choose not to accept the video call and
either Reject the call or indicate User Determined User Busy. UE B then sends a Disconnect message (with
cause #21, Call rejected or cause #17, User busy) to MSC B. MSC B sends a REL messageto MSC A. MSC A
sends a Disconnect message (with cause #21, Call rejected or cause #17, User busy) to UE A. The RRC
connections are released. UE A can then prompt the user to initiate a voice call to UE B.

Many other cause values can be returned to UE A in the Disconnect/Rel ease Complete messages. It is a matter of UE
implementation as to whether or not these cause val ues are used to prompt the user to initiate are-dial.

Note: Thereisno cause value that the user of UE B can use to decline the video call but indicate that they might
accept avoice call.

If (following afailed video call establishment attempt) the UE prompts the user to initiate a Redial, and, the user
requests the Redial attempt, then, the resulting SETUP message should carry extrainformation to indicate that itisa
redial attempt.

4.4.2 Future enhancements

4421 How to detect that a voice call might be successful?

There are many reasons (User Determined User Busy, Barring of all incoming calls, an existing active video call) why a
video call and are-dialed voice call might both be unsuccessful. It would be useful if the rejection for the video call
carried information that helped UE A to determine whether or not a subsequent voice call might succeed.

Note: For UDUB, the A party will have received the Alerting message prior to the rel ease message.

4.4.2.2 How to avoid video mail box problems?

Can users of video phones be provided with a full suite of supplementary services, e.g. can automatic forwarding to a
video mail box when not in UMTS coverage be performed? Analysis of the current Call Forwarding specifications
(8GPP TS 22.082 [10], 3GPP TS 23.082 [11]) shows that M SC B should reject the call rather than forward it (because
the UE is reachable but is not busy and has not been offered the chance to reply).

Once avideo call has been stored by the mailbox, it can only be retrieved from the mailbox when the UE isin coverage
that allows for a 64kbit/s bearer. Aslong asthe UE is not in such a coverage area it cannot receive the video call from
the mailbox.

One potential solution to thisisthat the mailbox provides avoice call comprising only the audio part of the video call.
An alternative is that the user deactivates all call forwarding for video calls (c.f. CS datacalls).

4.5 Automatic upgrade to video following fallback to voice

This appears difficult to achieve in an automatic manner. However, given the privacy issues associated with automatic
switching from voice to video, this does not appear to be a serious deficiency.

For manual switching, good indications of UTRAN coverage, and, its ability (or not) to handle 64 kbit/s video would be
useful. Thisisthe same requirement as described in section 4.2.2.1.
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5 Interaction with Supplementary Services and other
3GPP Features

5.1 General

Within the 3GPP specifications the CS video call isregarded as a Bearer Service and not a Teleservice.

Annex A of 3GPP TS 22.004 [5] defines the applicability of supplementary services to both 'Telephony' (a Teleservice)
and 'cct data’ (Bearer Services).

Most supplementary services are applicable to both the voice and video calls. For this "redial" solution to function
effectively, the user and operator needs to configure supplementary services and network features (such as ODB and
Roaming Restrictions) in a sensible manner (e.g. avoid barring voice calls but permit video calls). Sensible
configurations do not seem to be prohibited by the standard.

It is worth noting that some supplementary services cannot be used while in the video component of acal (e.g. Call
Hold; Multiparty; Explicit Call Transfer and Calling Name Presentation)

5.2 Calling Line Identity and Single Numbering Scheme

To make this feature work smoothly, CLIs should not be restricted by the user, and, CLIs should be transferred by the
networks. In addition, single numbering schemes should be used (i.e. the user"s videophone and telephone numbers
need to be the same).

When detecting that aredialled call is the same as the original, the terminating UE should be aware that the number
format might change from, for example, national to international format. This could be because the networks route the
voice and video calls differently, or, because the terminating UE was the original A party.

The impacts of CAMEL based number tranglation services, e.g. for office VPNs are for further study.

5.3 CAMEL based services triggered by call release and CCBS

Release of the call can trigger other services, for example, voice mail delivery attempts and/or Call Completion to a
Busy Subscriber. These services should have been designed to permit customers to make "one call followed by
another”, however, increased usage of closely coupled calls might mean that these other services need re-tuning.

54 Provision of Multi-Media 'Ring Back' tones to the A party

When initiating a video call, the terminating network might provide 'multi-media content to the A party while
attempting to contact the B party.

In order to achieve this, a bi-directional user plane is needed between the A party and the terminating network, i.e., the
Connect message must have been sent. In this situation, the original video call establishment has been successful, and,
as such, thereisno need to 'redial asavoice call'.

How the terminating network transfers the established video call to the 'real B party' is a matter for the terminating
network (e.g. with regard to H.324 codec negotiation matters).
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6 O+M, charging and inter-operator and roaming
accounting

6.1 Call Detail Records and statistics

With this redial mechanism, the voice and video calls are totally separate. Hence each should be able to use the existing
CDR and billing machinery without modification.

However, it is worth noting that the billing system will probably not be able to provide any correlation between video
and voice components of the same call.

The easy ability to switch between voice and video calls may have an impact on, for example, calculations of "mean
call holding time" if thisis calculated from CDRs. As a consequence there may be a need to add extra information onto
the CDRsto indicate the reason for rel ease/reason for establishment of acall.

In particular, it would be valuable to know the proportion of redial attempts that were successful.

The addition of 'reason for establishment' requires extra 3GPP TS 24.008 [7] signalling from the mobile. It is
recommended that such changes to the 3GPP TS 24.008 [7] signalling should be made in this release of the
specification.

An MSC generates call statisticsinformation from itslocally available release information. Some of the abnormal
releases on the B party side may be seen only as normal releases on the A party side as some problems of B party side
are not signalled between M SCs. Therefore, the probability of the different B party problems has to be taken into
account when the statistics for A party side is eval uated.

An MSC may collect call statistics information from video calls for:
- unsuccessful mobile originating video call setup because 64 kbit/s RAB is currently not available
- unsuccessful mobile terminating video call setup because 64 kbit/s RAB is currently not available
- unsuccessful mobile originating video call setup because of lack of video service support by the UE
- unsuccessful mobile terminating video call setup because of lack of video service support by the
- unsuccessful mobile originating video call setup because UE or network do not support video call
- disrupted video calls because of loss of the radio connection
and, if 3GPP TS 24.008 [3] is upgraded, the MSC can collect statistics for:
- the number of mobile originating video call attempts indicating redial
- the number of mobile originating voice call attemptsindicating redial.

Additionally, it is recommended that a 'redial flag' is an optional parameter in the CDR produced for Mobile Originated
calls as specified in 3GPP TS 32.205 [9].

6.2 Online charging

With this redial mechanism, the voice and video calls are totally separate. Hence each should be able to use the existing
pre-pay mechanisms without modification.

6.3 Tariffing

With this redial mechanism, each call will be subject to its own tariffs. If "per second” charging isin operation this
should not matter. However if ‘per minute' billing is used, a customer might be dightly disappointed with the charge
raised following 20 seconds of voice communication and 40 seconds of video communication.
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6.4 Inter-operator accounting

With this redial mechanism, the voice and video calls are totally separate. Hence there should be no impact on existing
inter-operator agreements for either voice or for video calls.

6.5 Roaming accounting

With this redial mechanism, the voice and video calls are totally separate. Hence there should be no impact on existing
roaming agreements for either voice or for video calls.
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Annex A:
List of CRs needed to other TSs

Al General

The functionality that is described in this TR is based on the R"99 core specifications, plus, some additional CRs
already agreed in later releases, plus, some CRs that have yet to be drafted and/or agreed by TSG plenaries.

A.2  CRs to other specifications already agreed by TSG
plenaries
These CRs are believed to include (and believed to be limited to):

a) Fromrelease 6, CR 287r3 to 3GPP TS 44.018 [2] (see GP-040518) and CR 198r4 to 3GPP TS 45.008 [6] (see GP-
040542). These are the CRs that permit the BSC to 'release the mobile and ask the mobile to camp on 3G’ (re:
section 4.2.1, step 5).

b) Fromrelease 6, CR 133 to 3GPP TS 48.008 [3] (see GP-041421). This CR relates to 'Service handover for services
not supported in GERAN' (re: to section 4.2.1, step 8 and section 4.4.1, step 2).

A.3 Future CRs that are needed and/or are desirable

The drafting of the following CRsis believed to be useful:

a) To3GPPTS24.008 [7], aCR for theinclusion of 'redial attempt' information in the Setup messages sent by a UE
(re: section 4.2.1 step 7 and section 6.1).

b) To3GPP TS 23.009 [8] and 3GPP TS 48.008 [3], to provide additional clarification on service based handover from
GERAN (re: section 4.2.1, step 8 and section 4.4.1, step 2).

¢) To3GPP TS 32.205[9] to add a'redial flag' to the MSC CDR for Mobile Originated calls (re: section 6.1).
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Annex B:
Change history

Change history
Date TSG # TSG Doc. CR |Rev |Subject/Comment Old New
2004-12 |SA#26 [SP-040822 Creation of version 6.0.0 2.0.0 16.0.0
2005-03 |SA#27 [SP-050 001 Incorrect sequence of events in 4.3.1.1 6.0.0 16.1.0
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History

Document history
V6.0.0 December 2004 | Publication
V6.1.0 March 2005 Publication
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