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1. Introduction

1.1 Purpose

This document describes the Unit Testing of the Sip Connector component as part of the CSN Release 3.3 platform. 

1.2 Scope 

1.3 Definitions, Acronyms and Abbreviations

1.4 Audience

2. Model

There are two parts to the SIP Connector Unit tests.

· UnitTestSiccProvider simulates the CSE behaviour

· SIPP is driven by ant to simulate network behaviour

2.1  UnitTestSiccProvider

Within the SIP Connector, the interface class “ISiccProvider” provides the SIP Connector with its SICC-based interface to the CSE.  The real SiccProvider uses RTT connectivity to send ASN.1 messages to the CSE.  When running in “unit-test” mode, the SIP Connector will use the UnitTestSiccProvider instead of the real SiccProvider.  

For presence-events (i.e. registrations), the PresenceServer module itself is put into “unit-test” mode.  When in unit-test mode, it directly provides the presence-notifications to the UnitTestSiccProvider.

Thus, the UnitTestSiccProvider provides a mechanism by which we can fake the expected CSE responses.

The UnitTestSiccProvider takes any online/offline presence notifications, and associates the user with “online” versus “offline”, and also remembers the contact-address of the registration.  This mechanism is primitive:  no deregistration-timers are provided, and the presence-event URI must be exactly equal to the test-case’s To-URI for the UnitTestSiccProvider to understand that the subscriber is “wifi-online”.

The UnitTestSiccProvider will use the display-name of the From-header of the incoming INVITE to understand which particular test-case is assocaited with this call.  Once this association is set, the call can be identified by session-id as it proceeds through its various steps.

The UnitTestSiccProvider supports the following scenarios:

2.1.1 RouteCall

When the UnitTestSiccProvider detects a RouteCall case, it will simply respond to the RouteRequest with a RouteSelect:

· holdOrig, holdDest are false

· ackType is false

· propagate early media is true

· ASI is false

· Orig-service is true

All other fields are propagated as you would expect in a normal routed call.

2.1.2 SimRingJoin

When the UnitTestSiccProvider detects a SimRingJoin case, it will erspond to the RouteRequest with a RouteSelect, and an EstablishCall.  It then expects the EstablishCall to be answered, and will respond by joining the two calls together.

For the RouteSelect:

· HoldOrig, holdDest are false

· ackType is false

· propagate early media is true

· ASI is false

· Orig-service is true

For the EstablishCall:

· holdOrig is true

· ackType is false

· referenceCall is set to the incoming call

· isOrigServiceForOrig is false

· privacyIndicatorForOrig is 3 (I can’t remember why)

For the Join:

· holdOrig is true

· holdDest is false

· byeTO is 0

2.2  Ant and SIPP

SIPP scripts are built to be modular and reusable in as many test-cases as possible. The SIPP scripts on which the SIP Connector Unit Tests can be built are in fact those that are also used in the automated system-test framework.  Please see Appendix A of [1] for a list of the SIPP Scripts used for unit testing.

Ant build-scripts are used to invoke various sipp instances.  Each ant “target” is a unique test-case, and will use several SIPP scripts to achieve the test-case’s purpose.  Each ant build.xml file contains a separate test-case.  Therefore, each build.xml file contains a single ant target.  The following is the current list of test-cases/ant-scripts.

2.2.1 RouteCall

This case simulates a basic routed call.  

Procedure:

· Register the UAS

· Start the UAS

· Initiated the call
· De-regsiter the UAS

SIPP Scripts:  register.xml, passiveUas.xml, initiateCall.xml, deregister.xml (see Appendix A of [1]).
UnitTestSiccProvider cases invoked: RouteCall

2.2.2 SimRingJoin

This case simulates a SimRing call with two destinations, and the second one (the presumed to come from the EstablishCall) answers the call.
Procedure:

· Register the UAS of the first call

· Register the UAS of the second call

· Start the UAS of the first call

· Start the UAS of the second call

· Initiate the call

· De-regsiter the UAS of the first call

· De-register the UAS of the second call

SIPP Scripts: register.xml, passiveUasReceivingCancel.xml, passiveUas.xml, initiateCall.xml, deregister.xml (see Appendix A of [1]).
UnitTestSiccProvider cases invoked:  SimRingJoin

2.2.3 SimRingRedirectJoin

This case simulates a SimRingCall with two destinations.  The second destination redirects to a third destination.  The third destination answers the call.  From the CSE point of view, this is the same as the SimRingJoin case.
Procedure:

· Register the UAS of the first call

· Register the UAS of the second call

· Start the UAS of the first call (will receive cancel)

· Start the UAS of the second call (will send a redirect to the 3rd UAS)

· Start the UAS of the third call (will answer the call)

· Initiate the call

· De-regsiter the UAS of the first call

· De-register the UAS of the second call

SIPP Scripts: register.xml, passiveUasReceivingCancel.xml, passiveUas.xml, redirectUas.xml, initiateCall.xml, deregister.xml (see Appendix A of [1]).
UnitTestSiccProvider cases invoked:  SimRingJoin 

Registration Performance
This case registers and deregisters a subscriber.  It allows you to ask SIPP to do this many times such that you can test the performance of SIP Connector’s handling of registrations.

Procedure:

· Begin running the registration script

· In parallel, after a 2-second wait, begin running the de-registration script.

SIPP Scripts: register.xml, deregister.xml (see Appendix A of [1]).

UnitTestSiccProvider is not invoked in any special way with this test-case.  
Note: 
· Set environment variable PERFORMANCE_LOOPS to the number of registrations and de-registrations to invoke

· Set environment variable PERFORMANCE_RATE to the frequence of registrations, and also of deregistrations.  For example, if this value is “3”, then 3 registrations and 3 deregistrations will occur per second (i.e. you will see 6 REGISTER messages and 6 200-OK messages per second).

· Set environment variable PERFORMANCE_DURATION to a suitable timeout period in milliseconds for this performance test.  For example, if this value is 100000 then the test will fail if it is not completed within 100 seconds.  Therefore, you should set this value somewhat above 1000*PERFORMANCE_LOOPS/ PERFORMANCE_RATE

3. Running Unit Tests
1) checkout sip connector, utl, and tools

cvs co sns

cvs co utl

cvs co tools

2)
compile necessary utl libraries

cd utl/src

gmake clean

gmake generate

cd libLogs; gmake install; cd ..

cd libTimer; gmake install; cd ..

cd libeICC; gmake install; cd ..

cd libOam; gmake install; cd ..

cd libCore++; gmake install; cd ..

cd libAlarm; gmake install; cd ..

cd libRdnPool; gmake install; cd ..

3)
compile and run “lwd” in the background   

cd libConfig; gmake install; cd ..

cd logWriter; gmake install; cd ..

../bin/lwd &

4)
compile sip connector

cd ../..

cd sns/src

gmake clean install

5)
run sip connector in unit-test mode:  argv[3] must be “unit”

cd sipconn

./sipconn nse_sip 6 unit          use your own component-name and mnss-config-id

6)
set up your environment for running the sipp driven unit tests

 you’ll need another shell…

cd tools/src/systemTest/sipAutomation

bash

cat unitTestEnvironment

 you’ll need to modify the environment appropriately as shown in that file

cd testExecution

cd SipConnectorUnitTestCases

ant 

( if you only want to run one particular unit test case, then instead of running ant from this directory, cd to the particular test-case directory and run it from there

7)
check the output

cd ../../testExecutionData/results

ls -lrt
4. Creating New Test-Cases
4.1  Creating New SIPP Scripts

It is recommended that you first try to re-use the existing SIPP Scripts.  

If this is not possible, then it is recommended that you try to modify the existing SIPP scripts, without impacting other unit-test-cases or other system test cases.  For example, you can use SIPP’s branching abilities to create additional functionality without impacting the existing functionality.

If your test case depends on completely different functionality, and you need to create SIPP scripts, then add the description to Appendix A of [1] and document the list of arguments within the SIPP script itself.  Try to write the SIPP script as generically as possible.

Place the script in cvs in tools/src/systemTest/sipAutomation/testExecution/sippScenario.
4.2  Creating New UnitTestSiccProvider Scenarios

It is recommended that you first try to re-use the existing UnitTestSiccProvider scenarios.  If this is not possible, then try to document the scenario within this document (add a new subsection to chapter 2.1).

4.3 Creating New Test-Cases

If possible, try to avoid creating new test-cases for minor changes.  For example, if you are testing that a particular header is propagated during a routing call scenario, simply modify an existing SIPP script to perform the appropriate regex-check.  In this way, any system-test or any other unit-test will automatically test for the new condition.
Each new test-case must be created in its own build.xml file in a new subdirectory of /tools/src/systemTest/sipAutomation/testExecution/SipConnectorUnitTestCases in cvs.
5. Open Issues

5.1  New Test Cases TBD

RouteCallDestTerminated (hang up the callee) 
RouteCallReliable (normal call with 183 and 100rel and PRACKs) 
RouteCallOrigUpdate (RouteCallReliable + orig-side sends UPDATE) 
SimRingRedirectJoinOrigUpdateDestTerminated (a combination of RouteCallOrigUpdate and SimRingRedirectJoin) 
5.2  Provisioning Support

Whenever a test-case requires particular provisioning, this provisioning should be made part of the test-case itself.  Within a unit-test-case, it would be sufficient to enter the oracle-SQL commands to directly modify the database.  However, because we don’t have runtime reconfiguration implemented yet in 3.3, this would require a restart of the SIP Connector itself.  

Perhaps the SIP Connector startup should be made part of the test-case in this case?  Or maybe we should just take the time to implement runtime reconfiguration?

6. Reference

The following documents can be used as references to understand this Detailed Design.
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