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5.18
GSM and UMTS cells in the same registration area

The concept of GSM and UMTS cells in the same registration area was introduced in order to minimize location update signaling when changing between GSM and UMTS systems. Especially, the lack of UMTS coverage, e.g. in-building coverage in urban or suburban areas, can lead mobiles frequently changing between GSM and UMTS systems. In such case, the common registration area concept is anticipated to reduce the signaling compared to GSM and UMTS cells in different registration areas. 

Currently GPRS routing area updates cause serious disruption to the user plane traffic. This was acceptable in GPRS only because routing area updates would be rare events which should only occur at the borders of large, well planned geographic areas. 

If GSM and UMTS routing areas are overlaid, it can be expected that many mobiles will change routing areas at rates greater than in GPRS. In such cases the (negative) impact on the quality and throughput of the data will be very significant. Placing UMTS and GSM cells in the same RA greatly alleviates this effect.

If the core network does not use the Gs interface then, while the mobile is performing a routing update in the GSM cell the mobile will not be pageable from the MSC. Frequent routing area updates will have a serious effect on mobile terminating call success rates. Note that implementing the Gs interface only really helps in the case that the GSM and UMTS cells use the same SGSN. Therefore, this pageability problem disappears when the UMTS and GSM cells are in the same RA.

Third generation needs to offer higher quality (eg higher MT call success rate) than second generation. Hence the capability to have GSM and UMTS cells in the same Registration Area is needed for at least CS traffic.

5.18.1
Open issues 

The following open issues, opportunities and challenges have been identified concerning this concept:

a) Security. 

In UMTS both MS authentication and network authentication is planned to be implemented. Some solutions have been proposed for MS authentication, ciphering and integrity check during change from GSM to UMTS but not any for network authentication. However, all these issues need to be resolved in order to perform handover between UMTS and GSM (either on the MSC, or, on the SGSN side, or both) so it is a requirement that the issue is solved.

b) Network service capabilities. 

The availability of network service capabilities should be indicated to the end user somehow in order to offer confidence in the cellular service. However, any communication that starts in GSM cells needs to be easily transferable to UMTS cells, and vice versa. Usage of a UMTS cell does not guarantee any particular data rate: the data rate will vary with, at least, range, load on the cell and interference levels. Thus merely being camped on a GSM or a UMTS cell will give no real indication of the services available from that PLMN - this is irrespective of whether or not the cells are in the same or different registration areas. 

The most likely source of ‘network service capability’ information will come from the core network. As the mobile contacts the core network whenever it does a registration update, it seems sensible that we allow network operators the option to send “network service capability” information in MM (and GMM) messages sent to the mobile.

c) Terminal capabilities 

Terminal capabilities have some affect on the service availability e.g. in a situation where a dualmode terminal makes an attach in UMTS and later on moves into GSM cell. If mobile is PS and CS attached in UMTS, it may need to detach either CS or PS in GSM (e.g. class C mobile).
d) Idle mode control

Within a particular visited network it can be expected that the Core Network will restrict some subscribers to only UMTS cells, restrict others to only GSM cells, and permit some to use both types of cell. 

Mobility Management signalling (MM and GMM) needs to be developed so that the (dual mode) mobiles in idle mode adapt their cell reselection procedures according to the Core Network’s instructions.

e) Paging channels

When GSM and UMTS cells are in the same common registration area, the overall paging channel capacity is given by the minimum of the GSM paging channel capacity and the UMTS paging channel capacity. If the capacity of the two channels cannot be configured so that the UMTS paging capacity is larger or equal to that of the GSM channel, then paging capacity will be wasted. Note that UMTS paging channels with larger capacity than GSM paging channels probably do not cause any inefficiency (because under occupancy of the UMTS paging channel probably only leads to less radio energy being transmitted). Hence it is expected that UMTS paging channel capacity need to exceed or equal that offered by the GSM radio interface (in the cases of a GSM combined control channel and the case of a single GSM non-combined control channel). Note that this is relevant for both CS and PS domains. 

In any case, in a common registration area GPRS pages are always sent also via UMTS paging channel, due to the nature of GPRS paging (CN paging). This may have some impact on paging channel capacity needed in UMTS. 

5.19 Use of Single MSISDN for CS and PS Voice Services

5.19.1
Introduction

Within release 99 it is a working assumption that existing and future multimedia protocols can be supported by the UMTS CC/SM as application layer protocols.  Where terminals support voice over both CS and PS domains, MT calls currently would require separate MSISDNs.  It is desirable to allow the use of a single MSISDN and allow the network to determine how to route the calls.  The mechanisms described below allows the use of a single MSISDN.  The mechanism shall not restrict the network to only supporting a single MSISDN.

5.19.2 Option 1

In overview, when an incoming call arrives from the PSTN, GMSC (gateway MSC) sends an enquiry, via HLR, to the VLR for the MSRN in order to route the call request to the serving MSC. Upon receiving this enquiry from HLR (containing the MSISDN of the called UE), VLR should be able to assign a MSRN based on the decision on how to terminate the call, i.e., either via CS or PS domain. The MSRN assigned will be different (in prefix, for example) so that the ISUP message can be sent to the serving MSC or the serving GK correspondingly.

In order to provide the capability for a user to be contactable for voice services via CS or PS domain using the same MSISDN, two enhancements are for-seen to the VLR.   

· VLR needs to be able to store the UE’s capability as a VoIP terminal, and user’s preference of accepting a call via VoIP or CS call.


· VLR should be able to assign a MSRN based on the decision on how to terminate the call, i.e., either via CS or PS domain. The MSRN assigned will be different (in prefix, for example) so that the ISUP message can be sent to the serving MSC or the serving GK correspondingly.    

Furthermore, each GK shall be associated with a single VLR, and shall be required to support a MAP-B (VLR-MSC) like interface. A VLR may however be associated with multiple GK.

Figure X illustrates in greater detail how the single number and path selection can be supported. It shows a scenario of incoming call from PSTN/ISDN domain to a roaming UE. The message flow is as follows:

1. Call request from ISDN in ISUP message, which contains MSISDN of the called party.

2. GMSC gets the request and issues a enquiry to HLR.

3. HLR, knowing the called UE is roaming, issue a enquiry to the VLR in the visiting network.

4. The VLR replies with a MSRN, which is associated with GK/Signalling-Gateway interface or MSC interface, depending on the path selected. 

5. HLR relays the MSRN back to GMSC.

6. GMSC continues to route the call to the MSC or GK/SG in the visiting network:

6a: if the CS path is selected (reflected by the MSRN returned), the call is routed to the MSC. The message flows after that is not shown.

6b: if the PS path is selected, the call is routed to the GK/SG via PSTN/ISDN. The GK will then setup a call to the UE over PS domain via a PSTN/IP gateway. The message flow between GK and UE is not shown.

7. If the PS path is selected, the GK shall contact the VLR in order to provide the mobile identity (IMSI) for the MSRN.  
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Step 7 could further be enhanced to provide subscriber information pertaining to supplementary services, hence allowing common services to be provided to the user, regardless of the path (CS or PS) used to route the call. 
5.19.3 Option 2

When an incoming call arrives from the PSTN, GMSC (gateway MSC) sends an enquiry to get a MSRN in order to route the call request to the servingnode. Upon receiving this enquiry from GMSC (containing the MSISDN of the called UE), HLR should be able to determine VLR that will assign a MSRN. This HLR determination of the VLR is based on the decision on how to terminate the call, i.e., either via CS or PS domain. The MSRN assigned will be different (in prefix, for example) so that the ISUP message can be sent to the serving MSC or the serving GK correspondingly.

In order to provide the capability for a user to be contactable for voice services via CS or PS domain using the same MSISDN, two enhancements are for-seen to the HLR.   

· HLR needs to be able to store 

· the user’s rights to use speech services using CS and / or  PS domain 

· user’s preference of accepting a call via VoIP or CS call.


· Upon user’s subscription and  preference and upon the registration status of the UE (either registered on a MSC, on a GK or on both), the HLR chooses a VLR (either VLR of the MSC or VLR of the GK) whom to request a roaming number from. If due to user detach or due to internal load, the first chosen VLR does not allocate a roaming number, then the HLR requests (if allowed by user’s subscription) a roaming number from the VLR of the other domain (if the address or the VLR of the other domain is known to the HLR)

Figure X illustrates in greater detail how the single number and path selection can be supported. It shows a scenario of incoming call from PSTN/ISDN domain to a roaming UE. The message flow is as follows:

1. Call request from ISDN in ISUP message, which contains MSISDN of the called party.

2. GMSC gets the request and issues an enquiry to HLR.

3. HLR, knowing where the called UE is roaming as well as the user’s subscription and preferences, determines the VLR associated with GK/Signalling-Gateway interface (3b) or MSC (3a) in the visiting network and issues an enquiry for a roaming number.

4. The VLR replies with a MSRN. (4a if the VLR is the VLR of the MSC, 4b if it is the VLR of the GK) 

5. HLR relays the MSRN back to GMSC.

6. GMSC continues to route the call to the MSC or GK/SG in the visiting network:

6a: if the CS path is selected (reflected by the MSRN returned), the call is routed to the MSC. The message flows after that is not shown.

6b: if the PS path is selected, the call is routed to the GK/SG via PSTN/ISDN. The GK will then setup a call to the UE over PS domain via a PSTN/IP gateway. The message flow between GK and UE is not shown.
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The VLR of the GK had previously updated its location  to get subscriber information pertaining to supplementary services, hence allowing common services to be provided to the user, regardless of the path (CS or PS) used to route the call and to give its address to the HLR.

5.19.4 Option 3

This chapter describes an architecture and exemplifying call flows for inter-service roaming for Telephony as classical TeleService Speech in GSM/UMTS networks and Telephony as the voice component of a MultiMedia service. The chapter is intended to show the reasons and principles of the proposed architecture. 
Terminology

· Personal Number Domain. An optional architecture that is overlaid over the GSMisdn Domain and the IP MultiMedia Domain to support user reachability according various criteria such as Network domain attachment(s), user preferences, incoming traffic characteristics etc. 

· Personal Number Service. The service supporting reachability across Network Domains. 

· Personal Number Function (PNF). The function performing the routing control. 

· InterroGation Function (IGF). A call processing function that routes call to the appropriate Network Domain based on interrogation of the Personal Number Function. 

Architectural overview:
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The Personal Number Domain architecture 

Here it is proposed to provide this functionality overlaid as a Personal Number service, typically occurring in the home environment. The reason for this is to keep as loose as possible coupling between the GSMisdn Domain and the IP MultiMedia domain. The aim is to avoid disturbing the user experience in the tremendous growth in GSMisdn Domain deployment  and to avoid restrictions and delays for the development of the IP MultiMedia domain. The need for the functionality may vary as coverage for the IP MultiMedia service becomes more complete- looking to a distant future, this overlaid routing function may not be needed at all. Seen from the all IP network, the GSM Speech fall-back could be seen as an architectural exception, however for years to come commercially very important. 

Based on these extensive flexibility requirements we propose the overlaid approach rather than to implement the functionality into the core of both Network Domains. Thus we have rejected any solution where the IP MultiMedia Domain regards the GSMisdn network as a visited network due to associated complex mappings user profiles. The reason is the necessary freedom for new innovative add-on services within the IP MultiMedia Domain which would become impossible to map transparent enough into GSMisdn services. 

In line with the VHE/OSA approach, we propose to implement capabilities in both domains to report routing impacting events to the Personal Number Domain. This may also be complemented by direct (network transparent) interaction from the mobile or the user. 

This approach allows for maximum control power to the home environment on the design of the routing algorithms, to make them customised per user, to change them by time etc. Even if use of a single reachable number creates the need, nothing restricts using the concept for other cases as well and even expand it to a full fledged add-on services/applications concept, as desired by each operator

It is also assumed that the Personal Number Domain is regarded optional in the architecture. e.g. for a situation where there is not need for a fall-back from the IP MultiMedia service to the GSMisdn Domain Teleservice Speech, the discrimination of users to various IP accesses shall also be possible within the IP Multimedia domain. 

The Personal Number Domain is suggested as a call processing Personal Interrogation Function linked into the call chain (thus not excluding sequential or parallel hunting algorithms) and a Personal Number Function hosting the user preferences, visited network domain(s) etc. as well as the algorithms for routing decisions. Thus, the service can be introduced with minimal coupling to the Network Domains. The needed adaptation of the served underlying networks is the capabilities to report routing impacting events to the Personal Number Function. This approach is aligned with the VHE/OSA concept of UMTS and allows for re-using these capabilities for any kind of services/applications.

The Personal Interrogation Function may not be identical when interfacing the GSMisdn Domain and the IP MultiMedia domain due to the very different environment, these details are for further study. 
Call handling

In the next following sections a few principle call scenarios are shown to highlight how packet and circuit calls interact with respect to the one MSISDN concept. In the examples that follow, H.323 is named just as an IP multimedia example.

It is here assumed that the home PLMN makes the interrogation towards the Personal Number service, which determines the called user’s call reception point preference based on a one MSISDN scheme. The split of CSCF into a visiting and home CSCF has not been considered herein. Optimal routing is not considered either, but remains for further study.
Registration of a CS/PS Mobile Terminal in an R00 Network
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Above is shown how a CS/PS mobile terminal e.g. at power on makes three types of registrations. One is a circuit registration, one is a GPRS registration, and one is an IP multimedia e.g. H.323 registration. The latter is done within the GPRS user plane. The HLR indicates to the Personal Number Function that the user is available for CS speech calls. The CSCF indicates to the Personal Number Function that the user is available for IP multimedia voice calls. 
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PSTN -> Mobile Subscriber IP Multimedia Voice Call

Above figure shows an incoming call from PSTN to a mobile subscriber who wants telephony calls as IP multimedia voice calls. The SSP together with the CSE/SCE functions makes up the IGF as described above in chapter 1. Of course the SSP can be realised as an SSF within some other network element.

1) Incoming call from PSTN is received in the SSP

2) SSP informs CSE/SCF

3) CSE/SCF interrogates the personal number server for routing instructions based on incomming MSISDN. 

4) A routing number is returned (MSISDN with IP multimedia prefix) in SSP which forwards the call to the SGW

5) SGW translates ISUP/STM to ISUP/IP towards MGCF

6) MGCF allocates resources from the MGW

7) MGCF translates the ISUP signalling to H.323 towards CSCF/GK

8) CSCF/GK checks the user’s service profile and thereafter routes the IP MM call over GPRS onto the terminal. 

PSTN -> Mobile Subscriber Roaming in a GSM Only Network
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Above figure shows an incoming speech call from PSTN to a mobile subscriber who is registered under a GSM only PLMN.

1) Incoming call from PSTN is received in the SSP

2) SSP informs CSE/SCF

3) CSE/SCF interrogates the personal number server for routing instructions based on MSISDN

4) A routing number (MSISDN with CS prefix) is returned in SSP which forwards the call to the GMSC

5) GMSC requests routing information from HLR

6) HLR requests roaming number from VLR

7) HLR returns a roaming number to GMSC

8) GMSC forwards the call via PSTN to the destination NW

6
Interoperability between GSM and UMTS

· Transparency [from a users perspective] of roaming and handover

· Re-use of existing subscription profiles

Note: This list is not exhaustive and is FFS.

This allows easier management and deployment of a new UMTS network.

UMTS is a system supporting handovers between GSM and UMTS in both directions. To support these handovers effectively, the following is required from a dual mode MS/UE supporting simultaneous ISDN/PSTN and packet service in GSM/UMTS: 

Depending upon the solution adopted for GSM-UMTS handover, the MS/UE supporting simultaneous ISDN/PSTN and packet service may be required to perform appropriate update into CN depending on the activity of the UE once the handover between GSM and UMTS is completed. This update is needed to avoid any severe interruptions on the accessibility of packet services after the handover.
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ftp://ftp.3gpp.org/specifications/

Do a "save as" using a file name related to the tdoc number (e.g. T3-99123.DOC).

4)
If the formatting looks incorrect (most easily noticed by the fact that there is no space between paragraphs), it may be because you do not have the correct document sheet in your MS Word style directory. All 3GPP specification use the style sheet 3GPP_70.DOT. This can be downloaded from:



ftp://ftp.3gpp.org/information/3gpp_70.dot

5)
Go to the beginning of the heading of the first subclause which you want to change. Press <CTRL><SHIFT><HOME> to select everything before that point and delete it.


6)
Switch to the window in MS word that contains your CR cover sheet and do a <CTRL>A   <CTRL>C to select and copy the entire sheet (including the section break at the end). Switch back to the other window with the specification to be changed and paste it in.


7)
Between group of changed pages in the CR, insert a section break (insert / break / next page/)


8)
When all the changes have been made (using the "tools / track changes" feature of MS Word 97), the headers and page number need to be corrected other the headers will contain an error message like "error, reference not found". You can fix this by changing to page layout mode (view / page layout) to see the headers. Then, go to the menu item "view / header and footer", select the frame that contains the error message(s) ini the header and delete them (there are normally 2). Do not delete the page number in the middle. On the left side, write the spec name and current version number For example, "3G TS 21.111 version 3.0.0 (1999-04)". Go back to normal view.


9) 
For each group of changes, insert the correct starting page number. The number should be that which is a clean unmodified specification. It is only a guide to the reader only and so they can be +/- 1 page number wrong. Insert the page number using the following method. Go to the line following the first section break in your CR. Choose the menu item insert / page number / format / start at and insert the correct starting page number for that group of changes. click "OK" and then "CLOSE" (don't press "OK" at this last step). Repeat this step for each section break.


10)
When you have finished making all changes, go to "tools / track changes / highlight changes" and uncheck the "track changes while editing" box, otherwise the page numbers in the headers will be difficult to read. Make sure that the two other options in this box (highlight changes on screen" and "highlight changes in printed document" are both maked "X".


Examples of expressions of prevision in 3GPP specifications


To ensure that everybody else understands your proposed chnaged the same way that you do, it is very important to keep to the following rules:


SHALL: To be used to indicate a requirement. e.g. "The ME shall reset the USIM" is correct Do not use "The ME resets the USIM" or "the ME must reset the USIM"


SHOULD: To be used to indicate recommendation. i.e. if, among several possibilities one is recommended as particularly suitable, without mentioning or excluding others, or that a certain course of action is preferred but not necessarily required, or that (in the negative form) a certain possibility or course of action is deprecated but not prohibited.


MAY: To be used to indicate permission. To be used instead of phrases such as "is permitted", "is allowed" or is permissible". The opposite of "may" is "need not".


CAN: To be used to indicate possibility and capability. To be used instead of phrases such as "be able to", "there is a possibility of" or "it is possible to".


A more detailed guide to the 3GPP drafting rules can be found on the 3GPP server at:



ftp://ftp.3gpp.org/information/drafting-rules.pdf

ANNEX A   
The CR cover sheet


This annex provides further information on how to fill out the cover sheet of a CR.


The header:


a)
The header, including the TSG or Working Group, the tdoc number (normally obtinaed from the 3GPP support team) and the meeting location and date.


The title box:


b)
The change request number. This is a 3 digit number and is allocated by the 3GPP support team project manager of the relevant WG.


c)
The 3G specification number (e.g. 21.111).


d)
The TSG plenary meeting to which this CR will be submitted to if it gets agreed at the WG meeting. 


e)
for approval/for information: one box only shall be marked with an "X"


Proposed change affects:


f)
At least one box shall be marked with an "X"


Source:


g)
The company name of the author of the CR. If the CR has already been agreed at a Working groups or sub working group, meeting, the subgroup name ( and Tdoc number) should be used instead.


Subject:


h)
One line (only) of concise text that describes the subject of the CR. Details should be put under "reason for change"



good examples:
"Clarification to FETCH command"






"Alignment of operation and parameter names"



recently used



bad examples:
"correction"






"editorial correction"






"correction to TS xxx.yy"






"various improvements"


Work item:



h)
The name of the 3G work item for which the CR is relevant.


Category and release:


i)
Choose one category only


Reason:


j)
This should be 1 to 10 lines of text that describes in further detail the reasons why the change is necessary and how the change is done.


Clauses Affected:


m)
Each subclause that is affected by the change should be listed here. New subclause number can be followed by " (new) ".


Other specs affected:


n)
Other 3G core specifications: to be used if the CR is linked to a CR for another 3G specification.
Other 2G core specifications: to be used if a CR is also needed for a GSM or other 2G specification.



MS test specifications: to be used if a change is needed to the MS test specifications.



BSS test specifications: to be used if a change is needed to the base station test specifications.



O&M specifications: to be used if a change is needed to the 32 series specifications.



When listing other CRs in part n) use, for example, the form "21.111-CR001"


______________________________________


How to create a CR for 3G specifications.


File location: http://ftp.3gpp.org/information/3gCRF-xxx.rtf





