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1. Introduction
In PSTN/ISDN, the called IN number and original called IN number parameters defined as optional parameters in ITU-T Q.763 can be populated in an ISUP message when number translation is performed for services (e.g. freephone, premium rate number). These ISUP parameters are used for delivering the history information of the original destination number(s) to the terminating side, where the original destination number(s) is required in order to enable an expected service.
On the other hand, in IMS network, the history information of the original destination identity(ies) can be populated in the History-Info header field with the optional "mp" header field parameter, when a number translation equivalent to that of PSTN is performed for a service at the application server (AS).
However, it is impossible to deliver the original destination number between IMS network and PSTN/ISDN according to the current TS 29.163, where no interworking procedure for the corresponding parameters at the MGCF is specified. Then, the services commonly provided in both IMS network and PSTN/ISDN (e.g. freephone) can not be interworked between these networks.
In order to enable seamless interworking of such services between IMS network and PSTN/ISDN, this discussion paper proposes to add a new optional interworking of called IN number and original called IN number parameters at the MGCF.
1.1. The called IN number and the original called IN number
According to ITU-T Q.761, "Interaction between N-ISDN and INAP" is specified as a signalling capability for basic call. This interaction is specified in ITU-T Q.1601, where the procedures related to the called IN number and the original called IN number parameters are specified. Figure 1 shows the example call flow regarding the called IN number parameter.
-
The calledPartyNumber parameter of the initialDP sent from the Service Switching Point (SSP) to the Service Control Poin (SCP) is derived from the called party number parameter of ISUP message received from the preceding ISUP node.
-
The called IN number parameter of the ISUP message sent from SSP to the succeeding ISUP node is the same as the calledPartyNumber parameter of the initialDP operation sent to the SCP.
-
The called party number parameter of the ISUP message sent from the SSP to the succeeding ISUP node is derived from the destinationRoutingAddress of the Connect operation received from SCP.
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Figure 1: Example call flow regarding called IN number parameter
Figure 2 shows the example call flow regarding the original called IN number parameter.

-
If the called IN parameter had been received from the preceding ISUP node but no original called IN number parameter had been received, then SSP populates the original called IN number parameter in the ISUP message to the succeeding ISUP node. This original called IN number parameter is derived from the called IN number parameter of the ISUP message received from the preceding ISUP node. If an original called IN number parameter is included in the received IAM, then SSP forwards the parameter transparently.
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Figure 2: Example call flow regarding original called IN number parameter
1.2. The History-Info header field with the optional "mp" header field parameter
In current TS 24.229, an AS can populate the original destination identity into the History-Info header field with "mp" parameter header field, when the AS changes the Request-URI. Figure 3 shows the example call flow and example message when AS performs 8xx number translation. The message example is extracted from RFC 7131 subclause 3.11.
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Figure 3: Example call flow regarding History-Info header field with "mp" header field parameter
2. Discussion

2.1. Proposed interworking procedures at the MGCF

The proposed interworking procedures regarding the called IN number and the original called IN number parameters for each direction are described in the subsequent clauses.
2.1.1. Interworking from ISUP to SIP at the O-MGCF
The following is the proposed interworking procedures at the O-MGCF:

-
When receiving the IAM message containing a called IN number parameter, but no original called IN number parameter, based on the operator policy, the O-MGCF adds the History-Info header field containing two hi-entries derived from the received called IN number parameter and called party number parameter to the outgoing initial INVITE request, if the received address signal of the called IN number matches a pre-defined rule of a local configuration at the MGCF.

-
When receiving the IAM message containing a called IN number and an original called IN number parameters, based on the operator policy, the O-MGCF adds the History-Info header field containing three hi-entries derived from the received original called IN number parameter, called IN number parameter, and called party number parameter to the outgoing initial INVITE request, if the received address signals of both original called IN number and called IN number parameters matches the pre-defined rule of a local configuration at the MGCF.
Figure 4 shows an example for the latter case. Note that it is impossible to include the placeholder entries into the History-Info header field as with CDIV, even when the interaction between ISUP and INAP takes place over three times, since the IAM has no information about the number of interactions such as redirection counter.
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Figure 4: Example interworking of (original) called IN number to History-Info header field
2.1.2. Interworking from SIP to ISUP at the I-MGCF
The following is the proposed interworking procedures at the I-MGCF:
-
When receiving the initial INVITE request containing the History-Info header field and if there is one URI of the hi-entry that matches a pre-defined rule of a local configuration at the MGCF, based on the operator policy, the I-MGCF populates the called IN number parameter derived from the URI of the hi-entry that matches the pre-defined rule.
-
When receiving the initial INVITE request containing the History-Info header field and if there are two or more URIs of the hi-entries that matches a pre-defined rule of a local configuration at the MGCF, based on the operator policy, the I-MGCF populates the original called IN number parameter derived from the first  (top-most) hi-entry that matches the pre-defined rule and populates the called IN number parameter derived from the last (bottom-most) hi-entry that matches the pre-defined rule.

[image: image5.emf]                 

  I - MGCF  

1 . INVITE   2 . I AM  

called IN number:  818001234567   original called IN number:  81 120123456  

History - Info: <sip: +81 120123456 @example.com;user=phone>;index=1   History - Info: <sip: +818001234567 @atlanta.com>;index=1.1;mp=1   History - Info: <sip: +81387654321 @atlanta.com> ;index=1.1 .1 ;mp=1 .1    


Figure 4: Example interworking of History-Info header field to (original) called IN number
2.2. Consideration on the current interworking procedures in TS 29.163
In the current TS 29.163, only the call diversion service uses the History-Info header field.
When both the service(s) using number translation and the call diversion services are invoked for the call in PSTN/ISDN and then the call is forwarded to the IMS network, the MGCF can not identify the order of number translation/call diversion by seeing the received IAM since such a parameter field is not defined for ISUP.
Therefore, how to interwork between IMS and PSTN/ISDN when receiving the history information about both number translation(s) and call diversion(s) will be operator specific. However, MGCF should keep the chronological order between the linked ISUP parameters (i.e. original called IN number & called IN number for number translation(s) or original called number & redirecting number for call diversion(s)), when creating the hi-entries.
3. Conclusion
In order to enable seamless interworking of services that require the original destination number(s), it is proposed to have an optional interworking procedure in the TS 29.163.
The C3-143046 proposes the changes against TS 29.163.
 (
called
 party number
:
 
81312345678
called
 IN number: 
81
120123456
) (
NOTE: 
The numbers 
beginning
 with "81120" and "81800" are the toll-free numbers.
) (
4. IAM
) (
c
alled
 
p
arty 
n
umber: 
81
120123456
) (
1. IAM
) (
3. Connect
) (
2. InitialDP
) (
calledPartyNumber: 
81
120123456
) (
SSP
(SSF/CCF)
) (
SCP
(SCF)
)







 (
destinationRoutingAddress
:
 
81312345678
)


























 (
NOTE: 
The numbers 
beginning
 with "81120" and "81800" are the toll-free numbers.
) (
4. IAM
) (
1. IAM
) (
3. Connect
) (
2. InitialDP
) (
calledPartyNumber
: 
818001234567
) (
SSP
(SSF/CCF)
) (
SCP
(SCF)
)







 (
destinationRoutingAddress
:
 
81387654321
)















 (
called
 party number
:
 
818001234567
called
 IN number: 
81
120123456
) (
called
 party number
:
 
813
87654321
called
 IN number: 
818001234567
original called IN number: 
81
120123456
)












 (
History-Info: <sip:
+81
120123456
@example.com;user=phone>;index=1
History-Info: <sip:
+818001234567
@atlanta.com>;index=1.1;mp=1
History-Info: <sip:
+81387654321
@atlanta.com>;index=1.1
.1
;mp=1
.1
) (
called
 party number
:
 
81387654321
called
 IN number: 
818001234567
original
 called IN number: 
81
120123456
)







 (
2
. I
NVITE
) (
1. IAM
)

 (
O-MGCF
)










 (
called
 IN number: 
818001234567
original
 called IN number: 
81
120123456
) (
History-Info: <sip:
+81
120123456
@example.com;user=phone>;index=1
History-Info: <sip:
+818001234567
@atlanta.com>;index=1.1;mp=1
History-Info: <sip:
+81387654321
@atlanta.com>;index=1.1
.1
;mp=1
.1
)







 (
1
. INVITE
) (
2
. I
AM
)

 (
I
-MGCF
)








 (
AS
)



 (
S-CSCF
)



 (
3. INVITE
)

 (
Request-URI:
 
sip:+15555551002@atlanta.com
History-Info: <
sip:+18005551002@example.com;user=phone
>;index=1
History-Info: <sip:+15555551002@atlanta.com>;index=1.1;mp=1
)



 (
2. INVITE
)





 (
1. INVITE
) (
4. INVITE
)





 (
Request-URI: 
sip:+18005551002@example.com;user=phone
)


