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How to configure QSIG Interworking

This information applies to

· IP 3000, 400, 202 V5.01

· IP 200, V5.01

Build 5550 and later.

Summary

QSIG Interworking allows a call,  originating in an H.323 network to be terminated in a QSIG network and vice-versa. From on version 5.01 the interworking functionality includes a few supplementary services, in detail:

· Name Display, ECMA-164

· callingName, calledName, connectedName

· Call Completion to busy subscribers/with no reply, ECMA-186

· ccnrRequest, ccbsRequest, ccCancel, ccExecPossible, ccPathReserve, ccRingout

· A subset of Call Transfer, ECMA-178

· callTransferComplete

· A subset of Call Diversion, ECMA-174

· checkRestriction, callRerouting, divertingLegInformation1, divertingLegInformation2, divertingLegInformation3

More Information

System Requirements

Firmware version 5.01

The informations, given within this document, were tested and verified against a Siemens Hicom 300 E PBX. They are expected to be applicable to PBXs of other manufacturers, as well.

It is recommended to configure the protocol QSIG ECMA II (ECMAv2 on Hicom 300 E) on all involved interworking devices.

As of yet, The QSIG ETSI protocol is not interworkable.

Configuration of a simple Scenario

Scenario
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Figure 1: Simple Interworking Scenario

The following configuration refers to the sample scenario in Figure 1. An IP3000 PBX serves two IP200s with the numbers 70 and 71. A QSIG PINX (Private Integated Services Network Exchange) serves two ISDN telephones with the numbers 100 and 101.

Configuring a VoIP Interface

· Start the gateway’s Java applet

· Proceed to e.g Config/VoIP Interfaces/GW8

· Enter a descripton alike All unknown numbers
· Select Registration at gatekeeper as gateway 

· Enter 127.0.0.1 as remote gatekeeper IP address
· Click on Add alias
· Enter EXTERN as H.323 Name, leave E.164 Address empty

Note: GW8 will now try to register as the _EXTERN_  user at the local PBX.

Configuration of the Routes

It is assumed the QSIG Tie-Line is connected to the IP3000’s PRI1 interface.

You will need two new routes. One leading from the PRI1 Interface into the local IP PBX and one for the opposite direction.

· Proceed to Config/Routing table, click on Add route
· Enter a brief description e.g.: from QSIG PINX to IP PBX
· Select PRI1 under Enable calls from interface
· Select GW8 under Default call destination
· Click on Add map
· As Called Number in enter 7
· As called Number out enter 7
· Activate the Interworking (QSIG) checkmark

Note: The Called Party Number is just checked, not modified

· Proceed to Config/Routing table, click on Add route
· Enter a brief description e.g.: from IP PBX  to QSIG PINX
· Select GW8 under Enable calls from interface
· Select PRI1 under Default call destination
· Click on Add map
· As Called Number in enter 1
· As called Number out enter 1
· Activate the Interworking (QSIG) checkmark

Note: The Called Party Number is again not modified

Configuration Summary

The incorporation of the QSIG PINX into the IP PBX relies on the _EXTERN_ User within the IP PBX. As a reminder, the _EXTERN_ User will get all calls for numbers that the IP PBX doesn’t know. The motivation for this configuration approach is to avoid prefixing of calls destined for the QSIG PINX. To shorten it: prefixing is currently not supported in QSIG-Interworking scenarios.

QSIG Interworking can be enabled by activating the Interworking (QSIG) checkmark at all routes, respectively Maps, that lead from the QSIG Network into th IP PBX and vice-versa.

New Benefits

So, what are the detailed benefits beyond basic call functionality within the scenario from Figure 1 ?

· The user 70 can call the user 100 and request a Call Completion on no response. When the user 100 is proving some telephone activity later on the IP200, 70 will display “Recall is possible”.

· The user 70 can now lift the hand-set, in order to establish a new call towards the user 100.

· The user 70 is calling the user 100

· 100 is transferring the call to 101

· At the same instance the display of the IP200,70 will change to 101 as the newly connected number

· Name Display, i.e. readable user names – if configured - will be shown in the telephones

· Diversions from the QSIG world into the IP world are now possible. E.g. the user 101 can activate a Call Forward Unconditional to the user 71. If a call for 101 is coming in, it is forwarded to the IP200,71. At the Ip200 the call will be correctly shown as “Call from … for 101”. This allows the user 70 to realize quickly that this is a redirected call, actually meant for the user 101.

Known Problems

German Umlaute may not be interworkable between the H.323 network and the QSIG network. This limitation depends on your QSIG PINX’s capabilities.

Currently the integration of a QSIG PINX into the IP PBX is possible only via the _EXTERN_ user.

1 IF   > 1 "Page 1 of 4" "" \* MERGEFORMAT 

4 IF   > 1 "Page 2 of 4" "egon" \* MERGEFORMAT 
Page 2 of 4


