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1. General

1.1. Introduction

The purpose of this document is to provide a test plan to help vendors/customers self-certify ARRIS SIP MTAs in their labs.
1.2. Scope

This document describes test cases to validate SIP call and robustness features on an ARRIS TTM provisioned on a SIP Proxy.
Requirements and configuration
1.3. Hardware 

The following list of hardware is required for testing the features detailed in this test plan:
· CMTS

· SIP Proxy

· ARRIS  SIP MTAs

· Provisioning system

· PCs

1.4. Software 

This section describes the software required to perform the necessary testing. 
· ARRIS MTA: SIP firmware recommended by ARRIS
· Other: Latest released software from the vendors as appropriate
1.5. Network 

This section describes the specific network needs of the test plan.
· HFC Network capable of permitting on-net to on-net calls between two MTAs
· IP network for capturing packets for troubleshooting issues

1.6. Test equipment 
This section describes the requirements for test equipment.
· Bulk call generator for voice traffic testing (e.g., Ameritec AM2 Squirt)

· Null modem serial cable

· RJ11 cables to Traffic Box

· Caller ID Boxes or Phones with Caller ID

· Splitters / Combiners

· CATV or Spectrum Analyzer

· Telephone sets
1.7. Test Setup Parameters

The setup and configuration of the components in the network will be determined by the vendor/customer based on their test/deployment requirements. This test suite will not attempt to cover all possible combinations of settings, but rather a generic configuration. 

A suggested generic configuration:

DS modulation:  64QAM

US modulation:  16QAM 

DSX (access) DQoS

Full PacketCable provisioning

BPI+ off
Codec:  G711, 20ms packetization
1.8. Naming Convention

Test cases in this document frequently refer to one or more MTAs, as well as one or more lines on those MTAs.  To clarify and simplify the readability of the test cases, MTAs and lines shall be named as follows:

A1 – MTA “A”, line 1

A2 – MTA “A”, line 2

B1 – MTA “B”, line 1 etc
1.9. Levels of interop

The goal of the interop testing is to verify that a chosen solution is fit to be taken to a customer’s lab/field for a trial.  In order to suit the types of deployments, two levels of interop testing are conducted by ARRIS:

The intent of Level 1 interop is to verify basic functionality (i.e. dial tone, processing of calls etc.,) and ready the SIP solution for customer lab trial. As a part of basic functionality, commonly used call features and overnight traffic run are tested.

The intent of Level 2 interop is to verify advanced functionality (i.e. robustness of the solution) and ready the SIP solution for limited customer field trial. As a part of advanced functionality, recovery from cable and power cuts and advanced call features may be tested. 
A few additional features are listed in this section. A lot of these features are provisioned on and controlled by the SIP proxy and are transparent to the MTA. For details on provisioning/enabling these features on the proxy, please contact the SIP proxy vendor.
1.10. Call feature control
In SIP, call features can be controlled either by the MTA or the SIP proxy (or sometimes, by both). Sample MTA config files for the MTA and proxy controlled scenarios are provided in the Appendices at the end of the document. This test plan concentrates on the features controlled by the MTA. 
For the feature list controlled by the MTA, refer to Appendix E.

For feature list and * codes controlled by the proxy, please contact the SIP proxy vendor.
1.11. Collection of traces
It is required to collect SIP call traces during the execution of the tests. This will help us to establish a clean baseline for successful tests and to help troubleshoot the issues with the failed tests. A tool such as Ethereal is typically used to collect the traces.
2. Level 1
Interop Test Cases (Call features, Voice Traffic)
	2.1.1. SIP001        Dial tone present

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Dial Tone is present after MTA boots up and downloads config file 

	Setup: 1 or more registered MTA with telephone service

	

	 Procedure
	Required Results

	1. Boot the MTA and verify that correct config file is downloaded
	a. Correct config file requested by MTA

	2. Connect a phone to line 1 on the MTA.
	b. Dial tone present

	3. Repeat Step 2 for all lines present on A
	c. Dial tone is present


	2.1.2. SIP002        Dial tone can be broken

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Dialing can break dial tone 

	Setup: 1 or more registered MTA with telephone service

	

	 Procedure
	Required Results

	1. Connect a phone to line 1 on the MTA
	a. Dial tone present

	2. Dial a digit on the phone.
	b. Dial tone is broken as soon as the digit is dialed and silence is heard

	3. Repeat steps 2 with any additional lines on A.
	c. Dial tone is present. Dial tone is broken as soon as the digit is dialed and silence is heard


	2.1.3. SIP003        Ring Back Tone

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify Ring back tone is present when dialing 

	Setup: 2 registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. A1 goes Off-hook.
	a. Verify Dial Tone.

	2. A1 calls B1
	b. Verify Ring Back Tone or equivalent is heard on originating line.

	3. Repeat steps 2 with any additional lines on A.
	c. Verify Ring Back Tone or equivalent is heard on originating line.


	2.1.4. SIP004        Busy tone 

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify busy tone is heard on the originating line when terminating line is IS-Busy 

	Setup: 1 or more registered MTA with telephone service

	

	 Procedure
	Required Results

	1. Verify Call Waiting Permanent Disable is provisioned in MTA config file
	a. Feature is present

	2. Dial * code (usually * 81) to disable Call Waiting on B1, wait for confirmation tone. 
	b. Confirmation tone is heard

	3. Initiate a standing call from B1 to B2
	c. Verify call is established with speech path.

	4. Attempt a call from A1 to B1
	d. Verify that busy tone is received on the originating line.

	5. Repeat steps 2 with any additional lines on A.
	e. Verify that busy tone is received on the originating line.

	6. Place all phones back On-hook.
	f. All calls are terminated.

	7. Dial * code (usually * 83) to enable Call Waiting on B1, wait for confirmation tone.
	g. Confirmation tone is heard


	2.1.5. SIP005        Voice Traffic 

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Voice Traffic results for MTA lines will be at least 99.95 % 

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Setup a traffic box with MTA lines (preferably 10), all lines DTMF dial type.  Program lines for 10 sec. Conversation times, 7 sec intercall times and stagger the start times 2 seconds apart. 
	a. Dial tones are heard, the line cards are IS-Traf-busy during rings and off-hooks.

	2. Once traffic is set up error free, run traffic at least 10 hours. 
	b. Traffic results after at least 10 hours is 99.95% or better.


Note: IF SIP PROXY IS LOCATED IN A REMOTE LOCATION AND ACCESSED OVER VPN AND/OR INTERNET, TRAFFIC RESULTS MAY BE LOWER THAT EXPECTED

	2.1.6. SIP006        Caller ID (CID)

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify Caller ID is operational 

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. A1 calls B1.
	a. Verify Caller ID is displayed on B1.

	2. Place all Lines On-hook.
	b. All calls are terminated.

	3. B1 calls A1.
	c. Verify Caller ID is displayed on A1. Earlier issues on the BTS SIP proxy prevented Calling name from being delivered so checking the SIP transaction log in the CLI may be required to see if the info is being sent to the BTS.

	4. Repeat steps 1 thru 3 with any additional lines on A.
	d. Verify Caller ID is displayed correctly on all lines.


	2.1.7. SIP007        CID Permanent Block - Enable / Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Caller ID block can be toggled on and off

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that * code for CID Permanent Block enable (usually * 65) is provisioned in MTA config file
	a. Feature is present.

	2. A1 calls B1.
	b. Verify Caller ID is displayed on B1.

	3. Place all Lines On-hook.
	c. All calls are terminated.

	4. B1 calls A1.
	d. Verify Caller ID is displayed on A1.

	5. Repeat steps 2 thru 4 with any additional lines on A.
	e. Verify Caller ID is displayed correctly on all lines.

	6. Go off hook on all lines and dial the * code for CID Permanent Block toggle (usually * 65) 


	f. Confirmation tone is heard.

	7. Repeat Step 4 thru 8 for all lines on A.
	g. No Caller ID information should be displayed

	8. Go off hook on all lines and dial the * code for CID Permanent Block toggle (usually * 65)
	h. Confirmation tone is heard

	9. Repeat Step 4 thru 8.
	i. Caller ID information should be displayed


	2.1.8. SIP008        CID - Temporary Enable/Disable 

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: CID can be temporarily enabled when CID block is toggled on;
                  CID can be temporarily disabled for one call

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify CID temporary enable/disable (*82/67) and CID Permanent Block (*65) are provisioned in MTA config file
	a. Features are present.

	2. Go off hook on A1 and dial the * code for CID Permanent Block  (usually * 65), listen for confirmation tone, and then dial the number for B1
	b. Verify Caller ID is not displayed on B1.

	3. Place all Lines On-hook.
	c. All calls are terminated.

	4. Go off hook on A1 and dial the * code for CID Temporary Enable (usually * 82), listen for confirmation tone, and then dial the number for B1
	d. B1 rings and Caller ID is displayed on B1.

	5. Place all Lines On-hook.
	e. All calls are terminated

	6. Go off hook on A1 and dial the number for B1 
	f.  B1 rings and  CID information is not displayed

	7. Repeat Step 4 thru 8 on all lines of A.
	g. Same as D thru H

	8. Go off hook on A1 and dial the * code for CID Permanent Block disable (usually * 65), listen for confirmation tone, and then dial the number for B1
	h. Verify Caller ID is displayed on B1

	9. Place all Lines On-hook
	i. All calls are terminated

	10. Go off hook on A1 and dial the * code for CID Temporary disable (usually * 67), listen for confirmation tone, and then dial the number for B1
	j. Verify Caller ID is not displayed on B1

	11. Place all Lines On-hook
	k. All calls are terminated

	12. Go off hook on A1 and dial the number for B1
	l. Verify Caller ID is displayed on B1

	13. Place all Lines On-hook
	m. All calls are terminated


	2.1.9. SIP009        Call Waiting (CW) - Permanent Enable/Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Call Waiting can be enabled/disabled permanently

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that * codes for Call Waiting Permanent Enable/Disable (*83/*81) are provisioned in the MTA config file
	a. Feature is present

	2. Dial * code (*83) to enable Call Waiting permanently on A1, wait for confirmation tone and dial number for B1
	b. Call is Established

	3. B2 calls A1.
	c. B2 should hear ring back tone and CW tone should be heard on A1

	4. Hang up on A1, B1 and B2.


	d. All calls terminated

	5. Dial * code (*81) to disable Call Waiting permanently on A1, wait for confirmation tone and dial number for B1
	e. Call is established

	6. B2 call A1.
	f. Busy tone is heard on B2 and Call waiting tone is not heard on A1.

	7. Repeat steps 2 thru 6 for all lines on A
	g. Same as B thru F.


	2.1.10. SIP010        Call Waiting (CW) - Temporary disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Call Waiting temporary disable functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that * code for Call Waiting Temporary Disable (*70) is provisioned in MTA config file
	a. Feature is present

	2. Verify that CW feature is provisioned on A1.
Dial * code (*70) to enable Call Waiting temporary disable on A1, wait for confirmation tone and dial number for B1
	b. Call is Established

	3. B2 calls A1.
	c. B2 should hear busy tone or equivalent and no CW tone should be heard on A1

	4. Hang up on A1, B1 and B2.
	d. All calls terminated

	5. A1 calls B1
	e. Call is established

	6. B2 call A1.
	f. Ring back is heard on B2 and Call waiting tone is heard on A1. CID info should be displayed after first CW tone.

	7. Repeat steps 2 thru 6 for all lines on A
	g. Same as B and F.


	2.1.11. SIP011        Call Waiting Caller ID (CWCID)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Call Waiting tone and Call waiting/CID function

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that CWCID feature is provisioned on A1
	a. 

	2. A1 calls B1.
	b. Call is Established

	3. B2 calls A1.
	c. Ring back is heard on B2 and Call waiting tone is heard on A1. CID info should be displayed after first CW tone.

	4. Hook flash on A1. 
	d. Speech path should now be between A1 and B2

	5. Hook Flash several times on A1
	e. Speech path on A1 should alternate between B1 and B2

	6. Hook Flash until the call is between A1 and B2
	f. Speech path between A1and B2

	7. Hang up on A1 and B2.  
	g. A1 to B2 call terminated

	8. A1 should start to ring
	h. A1 rings

	9. Go off hook on A1 and verify speech path between A1 and B1
	i. Speech path between A1 and B1

	10. Hang up on A1 and B1
	j. All calls terminated

	11. Repeat Step 1 thru 9 for all lines on A.
	k. Same as A thru I.


	2.1.12. SIP012        Call Waiting Caller ID (CWCID) - Disable

	Activity -Test Phase Release
	Author

	ARRIS touchstone SIP MTA F/W
	ARRIS

	Objective: Call Waiting tone and Call waiting/CID function can be disabled

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Change the CallP feature switch in the MTA config file to include the 0x02000000 bit
	a. CallP feature switch is present and set correctly

	2. Save the config file and reboot MTAs
	b. MTAs reset and recover

	3. A1 calls B1
	c. Call is Established

	4. B2 calls A1.
	d. Ring back is heard on B2 and Call waiting tone is heard on A1. CID info should not be displayed after first CW tone.

	5. Hook flash on A1. 
	e. Speech path should now be between A1 and B2

	6. Hook Flash several times on A1
	f. Speech path on A1 should alternate between B1 and B2

	7. Hook Flash until the call is between A1 and B2
	g. Speech path between A1and B2

	8. Hang up on A1 and B2.  
	h. A1 to B2 call  terminated

	9. A1 should start to ring
	i. A1 rings

	10. Go off hook on A1 and verify speech path between A1 and B1
	j. Speech path between A1 and B1

	11. Hang up on A1 and B1
	k. All calls terminated

	12. Repeat Step 3 thru 11 for all lines on A.
	l. Same as C thru K.


	2.1.13. SIP013        Three Way Calling (3WC)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify Three Way Calling functions
Note: With two variations: Bridging the two legs of the call before and after the third leg answers

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that 3WC feature is provisioned on A1. 
A1 calls B1
	a. Call is established and speech path present

	2. Hook flash on A1
	b. Dial tone is heard on A1

	3. A1 calls B2. Answer B2.
	c. Call is established and speech path present

	4. Hook Flash on A1
	d. Calls on A1, B1 and B2 should be bridged

	5. Verify speech path from A1 to B1 and B2 
	e. Speech Path present

	6. Verify speech path from B1 to A1 and B2
	f. Speech Path present

	7. Verify speech path from B2 to A1 and B1
	g. Speech Path present

	8. Hang up on A1, B1 and B2
	h. All calls are terminated

	9. Variations of step 8: Hang up A1 first; Hang up B1 first; Hang up B2 first
	i. All calls are terminated 

	10. Repeat steps 1 thru 9 on all lines of A
	j. Same as A thru H

	11. Repeat steps 1 thru 2
	k. Same as a thru b

	12. A1 calls B2. Hook flash on A1. Then, answer B2
	l. Call is established. Calls on A1, B1 and B2 should be bridged.

	13. Repeat steps 5 thru 8
	m. Same as e thru h


	2.1.14. SIP014        Call Forward Busy (CFB)– Enable/Disable

	Activity -Test Phase Release
	Author

	Arris Touchstone SIP MTA F/W
	ARRIS

	Objective: Call forwarding on Busy can be enabled and disabled

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that *codes for Call Forwarding Busy enable/disable (*90/*91) Call Waiting permanent disable (*81) are provisioned in MTA config file
	a. Features present

	2. Go off hook on A1, dial * code (*81) to disable Call Waiting permanently on A1, wait for confirmation tone, and hang up.
	b. Confirmation tone heard

	3. Go off hook on A1, dial * code to enable call forwarding busy (*90), wait for confirmation tone, enter the number of B1 and then hang up
	c. Confirmation tone is heard

	4. Establish a call from B1 to A1. 
	d. Call is established.

	5. Hang up on A1 and B1
	e. All calls terminated

	6. Dial A1 from A2.
	f. Call is established

	7. Call from B2 to A1
	g. Call should be forwarded to B1. Go off hook on B1 and verify speech path

	8. Hang up A1, A2, B1 and B2.
	h. All Calls terminated

	9. Go off hook on A1 and dial * code (*83) to enable call waiting permanently wait for confirmation tone and hang up
	i. Confirmation tone heard.

	10. Establish a call from A1 to A2.
	j. Call is established

	11. Dial A1 from B2
	k. B2 should hear ring back or equivalent. Call waiting tone should be heard on A1

	12. Hang up on A1, A2 and B2
	l. All calls terminated

	13.  Go off hook on A1, dial * code (*81) to disable Call Waiting permanently, wait for confirmation tone, hang up.
	m. Confirmation tone heard.

	14. Go off hook on A1, dial * code to disable Call Forward Busy Line (usually *91), wait for confirmation tone, hang up.
	n. Confirmation tone heard.

	15. Establish a call from A1 to A2.
	o. Call is established

	16. Dial A1 from B2
	p. B2 should hear busy tone or equivalent. Call should not be forwarded

	17. Repeat steps 2 thru 16 on all lines on A
	q. Same as B thru P


	2.1.15. SIP015        Call Forward No Answer (CFNA)– Enable/Disable

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Call Forwarding on No Answer can be enabled/disabled

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that *codes for Call Forwarding No Answer enable/disable (*92/*93) are provisioned in MTA config file
	a. Features present

	2. Go off hook on A1, dial * code (*92) to enable call forwarding No Answer, wait for confirmation tone, enter the number of B1 and then hang up
	b. Confirmation tone is heard

	3. Establish a call from B2 to A1 
	c. Call is established

	4. Hang up on A1 and B2
	d. All Calls terminated

	5. Dial A1 from B2. Do not Answer A1
	e. Call should be eventually be forwarded to B1. Go off hook on B1 and verify speech path

	6. Hang up B1 and B2.
	f. All Calls terminated

	7. Establish a call from A1 to B2
	g. Call is established

	8. Place a call from B1 to A1.
	h. A1 hears call waiting tone.

	9. Hook Flash on A1 
	i. Call is now between A1 and B1. Verify speech path.

	10. Hang up on A1 and B1.
	j. Call from A1 to B1 terminated. Stranded call on B2 should start ringing A1. Do not answer A1. A1 should eventually forward call to B1

	11. Go off hook on B1 and verify A1 forwards call from B2 to B1
	k. Speech path present between B1 and B2

	12. Hang up on B1 and B2
	l. All calls terminated

	13. Go off Hook on A1 and dial * code (*93) to disable Call Forwarding No Answer, wait for confirmation tone and hang up
	m. Confirmation tone heard

	14. Dial A1 from B2 but do not answer on A1
	n. B2 should ring A1 but eventually time out. Call should not be forwarded to B1

	15. Repeat steps 2 thru 14 on all lines on A
	o. Same as B thru N


	2.1.16. SIP016        Call Forwarding Unconditional (CFU) – Enable/Disable

	Activity -Test Phase Release
	Author

	Arris Touchstone SIP MTA F/W
	ARRIS

	Objective: Call forwarding Unconditional functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that * codes for Call Forwarding Unconditional enable/disable (*72/*79) are  provisioned in MTA config file
	a. Feature present

	2. Go off hook on A1 and dial * code (*72) for enabling call forwarding unconditional, wait for confirmation tone, dial number for B2, wait for reorder tone and hang up 
	b. Confirmation tone heard after * code and call goes to reorder after call forwarding number dialed. 

	3. Call A1 from B1. Listen for a ring splash on A1.
	c. Ring Splash present on A1 and Call forwarded to B2. Go off hook on B2 and verify speech path.

	4. Hang up B1 and B2
	d. All calls terminated

	5. Go off hook on A1 and dial * code (*73) to disable call forwarding unconditional, wait for confirmation tone, then hang up
	e. Confirmation tone heard

	6. Call A1 from B1
	f. A1 should ring. Go off hook on A1 and verify speech path.

	7. Repeat step 2 thru 6 for all lines on A
	g. Same as B thru F.


	2.1.17. SIP017        Call Return (CR)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Call Return Functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify Call Return and CID permanent block toggle feature is provisioned in MTA config file
	a. Feature Present

	2. Reset MTA
	b. MTA recovers

	3. Dial *69 on line A1
	c. A1 should hear busy tone or equivalent.

	4. B1 calls A1. Do not answer on A1. Let A1 ring four times
	d. A1 rings four times

	5. Hang up on B1
	e. A1 ringing ceases

	6. Go off hook on A1 and dial * code for call return (usually *69).
	f. A1 should ring.

	7. Go off hook on A1 and verify speech path
	g. Speech path present

	8. Repeat steps 2 thru 7 for all lines on A
	h. Same as B thru G

	9. Reset MTA A and MTA B
	i. MTAs reset and recover

	10. Establish a call between B1 and A1
	j. Call established.

	11. Terminate all calls


	k. All calls terminated

	12. Go off hook on A1 and dial * code for call return (usually *69).
	l. B1 should ring.

	13. Go off hook on B1 and verify speech path
	m. Speech path present

	14. Repeat steps 9 thru 13 for all lines on A
	n. Same as I thru M

	15. Reset MTA A and MTA B
	o. MTAs reset and recover

	16. Go off Hook on B2 and dial * code to toggle CID Permanent Block (usually *65), wait for confirmation tone and then hang up
	p. Confirmation Tone heard

	17. B1 dials A1. Do not answer. Let A1 ring 4 times.
	q. A1 rings and CID info is displayed

	18. B2 dials A1. Do not answer. Let A1 ring 4 times 
	r. A1 rings and no CID info is displayed

	19.  Go off hook on A1 and dial call return * code (usually *69)
	s. B1 should ring

	20. Go off hook on B1 and verify speech path
	t. Speech Path present.

	21. Repeat steps 16 thru 20 for all lines on A
	u. Same as O thru T


	2.1.18. SIP018        ## Redial

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: ## Redial feature functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify the ## feature is provisioned in MTA config file
	a. Feature is present

	2. Go off hook on A1 and dial B1
	b. B1 rings

	3. Go off hook on B1 and verify speech is present
	c. Speech path present

	4. Hang up on A1 and B1
	d. All calls terminated

	5. Go off hook on A1 and dial ##.
	e. B1 should ring

	6. Go off hook on B1 and verify speech is present
	f. Speech path present

	7. Hang up on A1 and B1
	g. All calls terminated

	8. Reset MTA A and MTA B
	h. MTAs recover

	9. Go Off hook on A1 and dial ##
	i. B1 should not ring. A1 should hear busy or equivalent.

	10. Hang up on A1
	j. All calls terminated

	11. Repeat steps 2 thru 10 for all lines on A1
	k. Same as B thru J


	2.1.19. SIP019        Warmline – * code controlled - Enable/Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify warmline feature functions
Note: Warmline feature can be controlled by the MTA in two different ways:
1. By the use of * codes (*53 and *54) (discussed here) and
2. By the use of MIBs in the MTA config file (discussed later) 

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that * codes for warmline enable/disable (*53/*54) are provisioned in MTA config file. If the MIB entry sipCfgPortWarmLineTimeout is present in the config file, make sure it is removed or is set to a value > 0. Reboot the MTA if config file is changed and saved.
	a. Feature present

	2. Go off hook on A1 and dial * code (*53) for enabling warmline, wait for confirmation tone, dial number for B1, wait for reorder tone and hang up 
	b. Confirmation tone heard after * code and call goes to reorder after warmline number is entered. 

	3. Go off-hook on A1. 
	c. Dial tone is heard. After the warmline timeout period (5 sec default or as set by the value sipCfgPortWarmLineTimeout), B1 rings automatically.

	4. Answer B1 and verify speech path
	d. Call gets established b/w A1 and B1.

	5. Hang up on A1 and B1
	e. Call is terminated

	6. Go off-hook on A1.
	f. Dial tone is heard.

	7. Before the warmline timeout period (5 sec by default or as defined by the MIB sipCfgPortWarmLineTimeout in the MTA config file) dial the number for B2
	g. B2 rings

	8. Go off-hook on B2 and answer the call
	h. Call with speech path is established b/w A1 and B2

	9. Hang up on A1 and B2
	i. Call is terminated

	10. Go off hook on A1 and dial * code (*54) to disable warmline, wait for confirmation tone, then hang up
	j. Confirmation tone heard

	11. Go off-hook on A1
	k. Dial tone is heard. B1 is not dialed automatically

	12. Go on-hook on A1
	l. 

	13. Repeat step 2 thru 12 for all lines on A
	m. Same as B thru I


	2.1.20. SIP020        Warmline – MIB controlled - Enable/Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify warmline feature functions
Note: Warmline feature can be controlled by the MTA in two different ways:
1. By the use of * codes (*53 and *54) (discussed earlier) and
2. By the use of MIBs in the MTA config file (discussed here)

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify sipCfgPortWarmOrHotlineNumber and sipCfgPortWarmLineTimeout MIB objects are in the MTA config file of MTA A. Set the sipCfgPortWarmLineTimeout MIB to 15 seconds and the sipCfgPortWarmOrHotlineNumber to the phone number of line B1 
	a. Objects present and set to desired values

	2. Reboot MTA  A.
	b. MTA ranges and registers

	3. Go off hook on A1 and wait for dial tone.
	c. Dial tone present

	4. Wait for the 15 second timeout to expire
	d. B1 should ring

	5. Go off hook on B1 and verify speech path
	e. Speech path present

	6. Hang up on A1 and B1
	f. All calls terminated

	7. Go off hook on A1 and wait for dial tone
	g. Dial tone present

	8. Before the 15 sec timeout expires, Call B2
	h. B2 rings

	9. Go off hook on B2
	i. Call is established between A1 and B2.

	10. Hang up on A1 and B2
	j. Call is terminated

	11. Repeat step 1 thru 10 for all lines on A
	k. Same as A thru J


	2.1.21. SIP021        Hotline – Enable/Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify Hotline feature functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify sipCfgPortWarmOrHotlineNumber is in the MTA config file of MTA A. Set the sipCfgPortWarmOrHotlineNumber to the phone number of line B1 
	a. Objects present and set to desired values

	2. Reboot MTA  A.
	b. MTA ranges and registers

	3. Go off hook on A1
	c. B1 should ring almost immediately

	4. Go off hook on B1 and verify speech path to A1.
	d. Speech path is established

	5. Terminate the call
	e. MTA lines return to idle state

	6. Remove the sipCfgPortWarmOrHotlineNumber MIB from the MTA config file. This should disable the Hotline feature. 


	f. Object is no longer present.

	7. Save the config file and reboot MTA A
	g. MTA ranges and registers

	8. Go off hook on A1
	h. Dial tone is heard. B1 does not ring.

	9. A1 calls B1.
	i. B1 rings. 

	10. Go off hook on B1 and verify speech path to A1.
	j. Speech path is established

	11. Terminate the call
	k. MTA lines return to idle state

	12. Repeat step 1 thru 11 for all lines on A
	l. Same as A thru Q


	2.1.22. SIP022        Anonymous Call Rejection – Enable/Disable

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Anonymous Call Rejection functions

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the * codes for Anonymous Call rejection enable/disable (*77/*87) are provisioned in MTA config file
	a. Features present

	2. Verify CID Permanent Block (*65) is provisioned in MTA config file
	b. Feature present

	3. Go off hook on B1 and dial the * code (*65) to enable CID Permanent Block 
	c. CID is blocked on B1

	4. Go off hook on A1 and dial the * code (*77) to enable anonymous call rejection, wait for confirmation tone and hang up.


	d. Confirmation tone heard

	5. Go off hook on B1 and call A1
	e. A1 should not ring. B1 should hear a busy tone or equivalent to signify call did not go thru.

	6. Hang up B1
	f. All calls terminated

	7. Go off hook on A1 and dial the * code (*87) to disable anonymous call rejection, wait for confirmation tone and hang up 
	g. Confirmation tone heard.

	8. Go off hook on B1 and call A1
	h. A1 should ring. No CID information should be displayed.

	9. Go off hook on A1 and verify speech path
	i. Speech path present

	10.  Hang up on A1 and B1
	j. All calls terminated

	11. Repeat steps 5 thru 12 for all lines on A
	k. Same as E thru L


	2.1.23. SIP023        Distinctive Ringing (DR)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that Distinctive Ringing feature works
Note: There may be more than one flavor of DR supported by the proxy. 
The feature addressed here is where the line rings with a distinctive ring when provisioned criteria, such as calling phone number, time of day or day of week etc are met.

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision Distinctive Ringing feature for A1
	a. Verify that the provisioning is accepted

	2. Provision B1 onto the Distinctive Ringing list for A1.
	b. Verify that the provisioning is accepted

	3. B1 calls A1
	c. Verify that A1 rings with distinctive ringing  tone

	4. Go on-hook on all the lines
	d. Call is terminated

	5. B2 calls A1
	e. Verify that A1 rings with normal ringing tone


	2.1.24. SIP024        Speed Dial (SD)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that speed dial feature works
Note: ARRIS MTAs support both speed dial 8 and speed dial 30

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision speed dial feature for A1
	a. Verify that the provisioning is accepted

	2. On A1, program the speed dial phone number (say of B1) by pressing the corresponding * code (contact the SIP proxy vendor) for speed dial activation and entering the phone number. 
	b. Verify that the programming is accepted

	3. On A1, press the speed dial code and establish the call 
	c. Verify that B1 rings and the call is established


	2.1.25. SIP025        Selective Call Acceptance (SCA)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that SCA works

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision Selective Call Acceptance on A1.
	a. Verify that the provisioning is accepted

	2. Provision B1 onto the Selective Call Acceptance list for A1 (This can be done via provisioning on the proxy or via * code. Contact the SIP proxy vendor for details)
	b. Verify that the provisioning is accepted

	3. B1 calls A1.
	c. Verify that call is established

	4. Place all lines On-hook.
	d. Call is terminated.

	5. B2 calls A1.
	e. Verify that the call is not established.


	2.1.26. SIP026        Selective Call Rejection (SCR)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that SCR works

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision Selective Call Rejection on A1.
	a. Verify that the provisioning is accepted

	2. Provision B1 onto the Selective Call Rejection list for A1 (This can be done via provisioning on the proxy or via * code. Contact the SIP proxy vendor for details)
	b. Verify that the provisioning is accepted

	3. B1 calls A1.
	c. Verify that call is not established

	4. Place all lines On-hook.
	d. Call is terminated.

	5. B2 calls A1.
	e. Verify that the call is established.


	2.1.27. SIP027        Selective Call Forwarding (SCF)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that SCF works

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision Selective Call Forwarding on A1.
	a. Verify that the provisioning is accepted

	2. Provision B1 onto the Selective Call Forwarding list for A1 and forward it to A2 (This can be done via provisioning on the proxy or via * code. Contact the SIP proxy vendor for details)
	b. Verify that the provisioning is accepted

	3. B1 calls A1.
	c. Verify that A2 rings and call is established between B1 and A2

	4. Place all lines On-hook.
	d. Call is terminated.

	5. B2 calls A1.
	e. Verify that A1 rings and call is established between B2 and A1


	2.1.28. SIP028        Visual Message Waiting Indicator (VMWI)

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that VMWI works
Note: This requires the use of a phone that supports VMWI feature

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Provision Voicemail feature on A1.
	a. Verify that the provisioning is accepted

	2. B1 calls A1
	b. A1 rings. Do not answer the call. Call rolls to voicemail. Leave a message.
Verify that VMWI lamp on the phone lights up.

	3. Check messages for A1
	c. Verify VMWI lamp on A1 does not lit up any more


3. Level 2
Interop Test Cases (Robustness)
	3.1.1. SIP101        24 Hour standing Call

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Calls will stay up for 24 hours

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Establish a call between A1 and B1
	a. Call is established

	2. Leave call up for 24 hours
	b. Call remains connected for 24 hours

	3. After 24 hours has passed hang up on A1 and B1
	c. All calls terminated

	4. Go off hook on A1 and call B1
	d. Dial tone is present and call is established

	5. Hang up on A1 and B1
	e. All calls terminated


	3.1.2. SIP102        RF cable cut - Upstream 5 seconds

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from US cable cut

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the DS cable (connected to the MTAs) on the CMTS
	b. Some MTAs may lose communication 

	3. Wait for 5 seconds and reconnect the DS cable on the CMTS
	c. All MTAs should recover and resume running traffic


	3.1.3. SIP103        RF cable cut - Upstream 5 minutes

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from US cable cut

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the US cable (connected to the MTAs) on the CMTS
	b. MTAs lose communication. Traffic fails

	3. Wait 5 minutes and reconnect the US cable on the CMTS
	c. All MTAs should recover and resume running traffic


	3.1.4. SIP104        RF cable cut – Downstream 5 seconds

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from DS cable cut

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the DS cable (connected to the MTAs) on the CMTS
	b. Some MTAs may lose communication 

	3. Wait for 5 seconds and reconnect the DS cable on the CMTS
	c. All MTAs should recover and resume running traffic


	3.1.5. SIP105        RF cable cut – Downstream 5 minutes

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from DS cable cut

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the DS cable (connected to the MTAs) on the CMTS
	b. MTAs lose communication. Traffic fails

	3. Wait 5 minutes and reconnect the DS cable on the CMTS
	c. All MTAs should recover and resume running traffic


	3.1.6. SIP106        MTA power cut 

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from a power cut

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the power to the MTAs
	b. Traffic fails

	3. Wait 5 seconds and reconnect power to the MTAs
	c. All MTAs should recover and resume running traffic


	3.1.7. SIP107       CMTS power cut 

	Activity –Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that the MTAs recover from a CMTS power cut
Note: This is a severe service affecting operation. 

	Setup: 5 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Verify that the MTAs are registered. Start the voice traffic
	a. Traffic is operational

	2. Remove the power to the CMTS
	b. MTAs lose communication. Traffic fails

	3. Wait 5 seconds and reconnect power to the CMTS
	c. All MTAs should recover and resume running traffic


	3.1.8. SIP108        Loss of Communication – DHCP

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that service can recover from a DHCP server failure and MTA reset

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Establish a call between A1 and B1
	a. Call is established

	2. Disconnect network connection of DHCP server (i.e., at the router/hub) and cause a MTA LOC by removing MTA A’s RF connection
	b. Verify call is terminated

	3. Re-establish MTA communications, w/o re-establishing DHCP server connection.
	c. Calls cannot be made

	4. Re-establish DHCP server connection
	d. MTA recovers

	5. Place a call from A1 and B1
	e. Call is established


	3.1.9. SIP109        Loss of Communication – TFTP

	Activity -Test Phase Release
	Author

	ARRIS Touchstone SIP MTA F/W
	ARRIS

	Objective: Verify that service can recover from a TFTP server failure and MTA reset

	Setup: 2 or more registered MTAs with telephone service

	

	 Procedure
	Required Results

	1. Establish a call between A1 and B1
	a. Call is established

	2. Disconnect network connection to TFTP server and cause a MTA LOC by removing MTA A’s RF connection
	b. Verify call is terminated

	3. Re-establish MTA communications, w/o re-establishing TFTP server connection.
	c. Calls cannot be made

	4. Re-establish TFTP server connection
	d. MTA recovers

	5. Place a call from A1 and B1
	e. Call is established


4. Appendix A 
(Sample CM config file)
UpstreamChannelID = 2

NetworkAccess = 1

MaxCpeAllowed = 16

UpstreamPacketClassification =

    PcReference = 2

    PcServiceFlowReference = 2

    PcRulePriority = 64

    PcActivationState = 1

    PcIpClassification =

        PcIpProtocol = 17

        PcIpSourcePortStart = 5060

        PcIpSourcePortEnd = 5060

DownstreamPacketClassification =

    PcReference = 102

    PcServiceFlowReference = 102

    PcRulePriority = 1

    PcActivationState = 1

    PcIpClassification =

        PcIpProtocol = 17

        PcIpDestPortStart = 5060

        PcIpDestPortEnd = 5060

UpstreamServiceFlow =

    SfReference = 1

    SfQosSetType = 7

    SfTrafficPriority = 1

    SfMaxTrafficBurst = 3044

    SfMinReservedRate = 0

    SfMinReservedRatePktsize = 64

    SfActiveQosTimeout = 0

    SfAdmittedQosTimeout = 0

    SfMaxConcatBurst = 3044

    SfSchedulingType = 2

    SfRqTxPolicy = 128

    SfIpTosOverwrite = 64512

    SfMaxTrafficRate = 0

UpstreamServiceFlow =

    SfReference = 2

    SfQosSetType = 7

    SfTrafficPriority = 7

    SfMaxTrafficBurst = 3044

    SfMinReservedRate = 0

    SfMinReservedRatePktsize = 64

    SfActiveQosTimeout = 0

    SfAdmittedQosTimeout = 0

    SfMaxConcatBurst = 3044

    SfSchedulingType = 2

    SfRqTxPolicy = 136

    SfIpTosOverwrite = 64512

    SfMaxTrafficRate = 0

DownstreamServiceFlow =

    SfReference = 101

    SfQosSetType = 7

    SfTrafficPriority = 1

    SfMaxTrafficRate = 10000000

    SfMaxTrafficBurst = 96000

    SfMinReservedRate = 0

    SfMinReservedRatePktsize = 64

    SfActiveQosTimeout = 0

    SfAdmittedQosTimeout = 0

    SfMaxDownstreamLatency = 20000

DownstreamServiceFlow =

    SfReference = 102

    SfQosSetType = 7

    SfTrafficPriority = 7

    SfMaxTrafficRate = 10000000

    SfMaxTrafficBurst = 96000

    SfMinReservedRate = 12000

    SfMinReservedRatePktsize = 64

    SfActiveQosTimeout = 0

    SfAdmittedQosTimeout = 0

    SfMaxDownstreamLatency = 5000

MaxClassifiers = 50

PrivacyEnable = 0

SnmpMib = arrisCmDevHttpLanAccess.0 advanced

SnmpMib = arrisCmDevHttpWanAccess.0 advanced

SnmpMib = arrisCmDevHttpAdvLink.0 unrestricted

UpgradeServer = 10.10.10.101

SnmpMib = arrisMtaDevProvMethodIndicator.0 packetCableMinusKDC

SnmpMib = ppCfgMtaFeatureSwitch.0 hexstr: 06

SnmpMib = ppCfgMtaCallpFeatureSwitch.0 hexstr: 00

ManufacturerCVC = hexstr: 30.82.03.A6.30.82.02.8E.A0.03.02.01.02.02.10.6C.09.43.EC.39.87.2D.8F.EC.DA.6C.48.9E.5E.90.30.30.0D.06.09.2A.86.48.86.F7.0D.01.01.05.05.00.30.81.97.31.0B.30.09.06.03.55.04.06.13.02.55.53.31.39.30.37.06.03.55.04.0A.13.30.44.61.74.61.20.4F.76.65.72.20.43.61.62.6C.65.20.53.65.72.76.69.63.65.20.49.6E.74.65.72.66.61.63.65.20.53.70.65.63.69.66.69.63.61.74.69.6F.6E.73.31.15.30.13.06.03.55.04.0B.13.0C.43.61.62.6C.65.20.4D.6F.64.65.6D.73.31.36.30.34.06.03.55.04.03.13.2D.44.4F.43.53.49.53.20.43.61.62.6C.65.20.4D.6F.64.65.6D.20.52.6F.6F.74.20.43.65.72.74.69.66.69.63.61.74.65.20.41.75.74.68.6F.72.69.74.79.30.1E.17.0D.30.31.30.39.31.32.30.30.30.30.30.30.5A.17.0D.31.33.30.39.31.31.32.33.35.39.35.39.5A.30.6A.31.0B.30.09.06.03.55.04.06.13.02.55.53.31.22.30.20.06.03.55.04.0A.13.19.41.72.72.69.73.20.49.6E.74.65.72.61.63.74.69.76.65.2C.20.4C.2E.4C.2E.43.2E.31.0F.30.0D.06.03.55.04.0B.13.06.44.4F.43.53.49.53.31.26.30.24.06.03.55.04.03.13.1D.43.6F.64.65.20.56.65.72.69.66.69.63.61.74.69.6F.6E.20.43.65.72.74.69.66.69.63.61.74.65.30.82.01.22.30.0D.06.09.2A.86.48.86.F7.0D.01.01.01.05.00.03.82.01.0F.00.30.82.01.0A.02.82.01.01.00.D4.0C.5A.EA.CF.D1.E9.AB.5F.9E.50.88.CA.83.5E.EB.48.73.69.85.2C.CD.9A.92.E2.F7.FD.E9.B2.8C.AA.CA.21.18.9C.0B.69.6C.E1.F2.66.6C.0B.C8.C7.18.38.77.CE.51.9E.52.70.30.DA.F8.43.75.38.EC.12.CA.A4.49.22.47.23.97.F5.25.9E.06.71.31.D0.46.F6.7B.1E.2B.25.EF.37.B4.43.B8.9D.3F.86.DB.66.55.25.25.95.C4.27.A6.D6.41.DB.7B.39.2E.8E.01.D7.BB.DF.73.D2.13.8A.85.55.37.47.D6.C0.68.5F.76.BC.80.C8.2E.75.5F.8A.CC.87.C6.56.50.A1.49.2F.14.B4.8C.97.A8.06.32.79.49.C5.FA.AA.43.8A.C5.F0.A9.76.47.4F.D2.6C.DE.45.56.D5.2B.FA.5D.C7.50.8F.A7.F1.50.FA.45.4C.68.1F.51.08.08.52.96.F2.C9.4C.37.1B.57.CD.19.3E.89.39.D6.26.8C.8C.D9.6E.3E.8A.06.CA.BA.6D.5C.B8.29.89.C1.75.1E.21.E7.7F.09.CA.73.DA.4D.AA.1F.DE.5B.C6.8B.ED.4B.8E.B5.B0.EA.3A.BB.23.D4.24.97.90.B2.A0.93.DD.E0.80.65.73.13.8C.BB.99.FD.CE.B6.FF.C1.02.03.01.00.01.A3.1A.30.18.30.16.06.03.55.1D.25.01.01.FF.04.0C.30.0A.06.08.2B.06.01.05.05.07.03.03.30.0D.06.09.2A.86.48.86.F7.0D.01.01.05.05.00.03.82.01.01.00.94.F2.71.A8.BB.BA.C1.D7.FC.05.42.60.17.0B.59.F0.B6.AC.9D.A7.0D.01.48.69.9E.0D.24.0B.03.3D.9C.34.91.8F.77.37.CD.45.B8.22.ED.F9.E1.BE.C4.C5.B0.30.D8.78.B6.37.8B.5A.79.95.D0.32.E9.33.EC.0A.E0.DB.43.6A.3F.52.18.1F.FE.E0.8E.0C.D4.F6.20.1F.11.15.0F.4C.F1.BE.F4.1C.9C.58.EF.16.65.82.B5.E7.F1.AA.1A.FC.D7.BA.DE.B7.B0.09.78.45.C2.D9.5E.E8.9F.66.76.7F.3B.C0.80.C2.99.4E.8C.39.CA.9F.22.BC.C2.21.51.BA.92.21.B7.CA.87.E8.1F.DA.D3.FC.F4.8F.EB.61.C7.39.EC.75.1A.C0.0A.FA.CD.88.CC.C9.9D.11.EE.6A.96.C5.A5.91.F6.25.87.5E.D7.AF.60.46.0E.73.30.DE.E0.5E.C1.83.D1.71.7A.F3.F2.70.2D.F0.25.3F.D1.A4.9C.BC.A6.A6.54.B3.7C.B7.84.6F.91.C1.1E.3A.83.D1.E6.8C.28.AA.25.A3.5D.98.49.39.3B.00.9B.9A.53.28.E5.72.90.17.D3.5B.B8.41.D6.2F.95.00.07.BA.7D.73.E2.FF.F4.E1.4D.0F.3A.49.19.38.05.49.57.14.81.1B
5. Appendix B 
(Key entries in the MTA config file)
Note on key entries in the MTA config file:


DIGIT MAP:  ALL dialed digits MUST match something in the digit map.  If they do not match in the digit map then a timeout will occur and a reorder tone will be played.  So anything dialed including 7-digit phone number, 10-digit phone number, international numbers, star codes, pound codes, etc MUST be in the digit map.  A call will NOT go through if the digit map is improperly set up.

| 
= end of a particular mapping 

# 
= pressed # key

x 
= any one digit

t 
= timeout value (4 seconds on a timeout, if “t” is specified, 16 otherwise) 

. 
= allows multiple matches of the previous character (e.g. #, *, digits, etc)

[x-y]= the number range which will be accepted, inclusive

The digit map is based off of the NCS digit map.  For example, the following strings represent

several digit dialing formats. In NCS this typically came down in an RQNT from the RSIP, 

but in SIP we have to define it. Here is an example entry:
"0[t#]|00|101xxxx0[t#]|xxxxxxxxxx[t#]|01[2-9]xxxxxxx.[t#]|101xxxx01[2-9]xxxxxxx.[t#]|011xxxxxxx.[t#]|101xxxx011xxxxxxx.[t#] |[2-9]11|9]11|”

If we examine the highlighted section which is separated by two vertical bars we will see the following:

1) This section allows a caller to dial a seven digit or ten digit telephone number.

2) We will accept a fixed number of digits which are 0-9 only (no * digits accepted)

3) If we enter in less than 10 digits we will still be accepted as long as the entered digits still match inside the mapping
due to the timeout of 4 seconds or a # to terminate the dialing sequence.

NOTE: If a seven digit number is dialed, then you will have to wait for the timeout or by pressing #.
FEATURE TABLE: The feature table is used to handle features that our MTA will handle.  There is a full list of supported features including call waiting temporary disable, etc.  If the SIP proxy is going to handle this feature then it MUST not be listed in the feature table as it will override the SIP proxy handling of the feature.
The following example shows how the warmline feature can be setup via sipCfgDialFeatTable to allow the end customer to specify the warmline number.


SipCfgDialFeatName 
warmline

             SipCfgDialFeatCode 
*53

             SipCfgDialFeatTone       stutterTone

             SipCfgDialFeatActive      0.0.0.3 (Enables the feature on lines 1 and 2)

PROXY MAP:  Entries in this map are used for hybrid feature handling.  For example if a SIP proxy is to handle call forward unconditional most of the proxies want the entire dialed string sent to them.  However when the user dials *72 no stutter tone will be played before collecting the rest of the digits.  This allows for the MTA to play out a stutter tone after the *72 and then collect the rest of the digits and send the entire feature and forwarded number to the proxy to handle.
6. Appendix C
(Sample MTA config file – MTA Controlled Features)
TelephonyConfigFileBeginEnd = 1

VendorSpecific = 00.00.CA

    SIPDigitMap = "0[t#]|00|101xxxx0[t#]|01[2-9]XXXXXXX.[t#]|101xxxx01[2-9]XXXXXXX.[T#]|011xxxxxxx.[t#]|101xxxx011xxxxxxx.[t#]|[2-9]11|[01][2-9]11|101xxxx[2-9]11|101xxxx[01][2-9]11|*xx|11xx|[2-9]xxxxxxxxx[t#]|[01][2-9]xxxxxx[t#]|101xxxx[2-9]xxxxxx[t#]|101xxxx["

VendorSpecific = 00.00.CA

    SIPDigitMap = "01][-9]xxxxxx[t#]|[2-9]xx[2-9]xxxxxx|[01][2-9]xx[2-9]xxxxxx|101xxxx[2-9]xx[2-9]xxxxxx|101xxxx[01][2-9]xx[2-9]xxxxxxx|[2-9]x#|#[2-9]xxx[2-9]xxxxxx|101xxxx[01][2-9]xx[2-9]xxxxxxx|[2-9]x#|#[2-9]x|##"

SnmpMib = pktcMtaDevEnabled.0 true

SnmpMib = ppCfgMtaTeleSyslogServIpAddr.0 10.10.10.11

SnmpMib = sipCfgPortUserName.1 "7706220041"

SnmpMib = sipCfgPortDisplayName.1 "SIP Line1"

SnmpMib = sipCfgPortLogin.1 "7706220041"

SnmpMib = sipCfgPortPassword.1 "password"

SnmpMib = ifAdminStatus.9 up

SnmpMib = sipCfgPortUserName.2 "7706220042"

SnmpMib = sipCfgPortDisplayName.2 "SIP Line2"

SnmpMib = sipCfgPortLogin.2 "7706220042"

SnmpMib = sipCfgPortPassword.2 "password"

SnmpMib = ifAdminStatus.10 up

SnmpMib = sipCfgProxyAdr.0 "10.10.10.12;5060"

SnmpMib = sipCfgProxyType.0 ipv4

SnmpMib = sipCfgRegistrarAdr.0 "10.10.10.12;5060"

SnmpMib = sipCfgRegistrarType.0 ipv4

SnmpMib = sipCfgSipFeatureSwitch.0 hexstr: 4.0.0.0

SnmpMib = sipCfgProvisionedCodecArray.0 "PCMA;PCMU"

SnmpMib = sipCfgPacketizationRate.0 twentyMilliSeconds

SnmpMib = sipCfgDialFeatName.1 anonCallReject

SnmpMib = sipCfgDialFeatCode.1 "*77,1177"

SnmpMib = sipCfgDialFeatTone.1 stutterTone

SnmpMib = sipCfgDialFeatActive.1 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.2 anonCallRejectDisable

SnmpMib = sipCfgDialFeatCode.2 "*87,1187"

SnmpMib = sipCfgDialFeatTone.2 dialTone

SnmpMib = sipCfgDialFeatActive.2 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.3 callForwardBusy

SnmpMib = sipCfgDialFeatCode.3 "*90,1190"

SnmpMib = sipCfgDialFeatTone.3 stutterTone

SnmpMib = sipCfgDialFeatActive.3 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.4 callForwardBusyDisable

SnmpMib = sipCfgDialFeatCode.4 "*91,1191"

SnmpMib = sipCfgDialFeatTone.4 stutterTone

SnmpMib = sipCfgDialFeatActive.4 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.5 callForwardUncond

SnmpMib = sipCfgDialFeatCode.5 "*72,1172"

SnmpMib = sipCfgDialFeatTone.5 stutterTone

SnmpMib = sipCfgDialFeatActive.5 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.6 callForwardUncondDisable

SnmpMib = sipCfgDialFeatCode.6 "*79,1179"

SnmpMib = sipCfgDialFeatTone.6 stutterTone

SnmpMib = sipCfgDialFeatActive.6 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.7 callForwardNoAnswer

SnmpMib = sipCfgDialFeatCode.7 "*92,1192"

SnmpMib = sipCfgDialFeatTone.7 stutterTone

SnmpMib = sipCfgDialFeatActive.7 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.8 callForwardNoAnswerDisable

SnmpMib = sipCfgDialFeatCode.8 "*93,1193"

SnmpMib = sipCfgDialFeatTone.8 stutterTone

SnmpMib = sipCfgDialFeatActive.8 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.9 callReturn

SnmpMib = sipCfgDialFeatCode.9 "*69,1169"

SnmpMib = sipCfgDialFeatTone.9 stutterTone

SnmpMib = sipCfgDialFeatActive.9 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.10 callWaitTempDisable

SnmpMib = sipCfgDialFeatCode.10 "*70,1170"

SnmpMib = sipCfgDialFeatTone.10 stutterTone

SnmpMib = sipCfgDialFeatActive.10 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.11 callWaitPermDisableToggle

SnmpMib = sipCfgDialFeatCode.11 "*78,1178"

SnmpMib = sipCfgDialFeatTone.11 stutterTone

SnmpMib = sipCfgDialFeatActive.11 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.12 callerIDPermBlockToggle

SnmpMib = sipCfgDialFeatCode.12 "*65,1165"

SnmpMib = sipCfgDialFeatTone.12 stutterTone

SnmpMib = sipCfgDialFeatActive.12 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.13 callerIDTempEnable

SnmpMib = sipCfgDialFeatCode.13 "*82,1182"

SnmpMib = sipCfgDialFeatTone.13 stutterTone

SnmpMib = sipCfgDialFeatActive.13 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.14 callerIDTempBlock

SnmpMib = sipCfgDialFeatCode.14 "*67,1167"

SnmpMib = sipCfgDialFeatTone.14 stutterTone

SnmpMib = sipCfgDialFeatActive.14 hexstr: 0.0.0.3

SnmpMib = sipCfgDialFeatName.15 callReDial

SnmpMib = sipCfgDialFeatCode.15 "##"

SnmpMib = sipCfgDialFeatTone.15 stutterTone

SnmpMib = sipCfgDialFeatActive.15 hexstr: 0.0.0.3

TelephonyConfigFileBeginEnd = 255

7. Appendix D (Sample MTA config file – Proxy Controlled Features)
TelephonyConfigFileBeginEnd = 1

VendorSpecific = 00.00.CA

    SIPDigitMap = "0[t#]|00|101xxxx0[t#]|01[2-9]XXXXXXX.[t#]|101xxxx01[2-9]XXXXXXX.[T#]|011xxxxxxx.[t#]|101xxxx011xxxxxxx.[t#]|[2-9]11|[01][2-9]11|101xxxx[2-9]11|101xxxx[01][2-9]11|*xx|11xx|[2-9]xxxxxxxxx[t#]|[01][2-9]xxxxxx[t#]|101xxxx[2-9]xxxxxx[t#]|101xxxx["

VendorSpecific = 00.00.CA

    SIPDigitMap = "01][-9]xxxxxx[t#]|[2-9]xx[2-9]xxxxxx|[01][2-9]xx[2-9]xxxxxx|101xxxx[2-9]xx[2-9]xxxxxx|101xxxx[01][2-9]xx[2-9]xxxxxxx|[2-9]x#|#[2-9]xxx[2-9]xxxxxx|101xxxx[01][2-9]xx[2-9]xxxxxxx|[2-9]x#|#[2-9]x|##"

SnmpMib = pktcMtaDevEnabled.0 true

SnmpMib = ppCfgMtaTeleSyslogServIpAddr.0 10.10.10.11

SnmpMib = sipCfgPortUserName.1 "7706220041"

SnmpMib = sipCfgPortDisplayName.1 "SIP Line1"

SnmpMib = sipCfgPortLogin.1 "7706220041"

SnmpMib = sipCfgPortPassword.1 "password"

SnmpMib = ifAdminStatus.9 up

SnmpMib = sipCfgPortUserName.2 "7706220042"

SnmpMib = sipCfgPortDisplayName.2 "SIP Line2"

SnmpMib = sipCfgPortLogin.2 "7706220042"

SnmpMib = sipCfgPortPassword.2 "password"

SnmpMib = ifAdminStatus.10 up

SnmpMib = sipCfgProxyAdr.0 "10.10.10.12;5060"

SnmpMib = sipCfgProxyType.0 ipv4

SnmpMib = sipCfgRegistrarAdr.0 "10.10.10.12;5060"

SnmpMib = sipCfgRegistrarType.0 ipv4

SnmpMib = sipCfgSipFeatureSwitch.0 hexstr: 4.0.0.0

SnmpMib = sipCfgProvisionedCodecArray.0 "PCMA;PCMU"

SnmpMib = sipCfgPacketizationRate.0 twentyMilliSeconds

TelephonyConfigFileBeginEnd = 255
8. Appendix E (* codes for MTA controlled call features) 
	Test Case ID
	Test Case Description
	Level of Interop
	Feature Controlled by:
MTA /Proxy /Both
	MTA * code

	SIP001        
	Dial tone present
	Level 1
	n/a
	n/a

	SIP002
	Dial tone can be broken
	Level 1
	n/a
	n/a

	SIP003
	Ring Back Tone
	Level 1
	n/a
	n/a

	SIP004
	Busy tone
	Level 1
	n/a
	n/a

	SIP005
	Voice Traffic
	Level 1
	n/a
	n/a

	SIP006
	Caller ID (CID)
	Level 1
	Proxy
	n/a

	SIP007
	CID Permanent Block - Enable/Disable
	Level 1
	Both
	*65/*65

	SIP008
	CID - Temporary Enable/Disable
	Level 1
	Both
	*82/*67

	SIP009
	Call Waiting (CW) - Permanent Enable/Disable
	Level 1
	Both
	*83/*81

	SIP010
	Call Waiting (CW) - Temporary Disable
	Level 1
	Both
	*70

	SIP011
	Call Waiting Caller ID (CWCID)  
	Level 1
	Proxy
	n/a

	SIP012
	Call Waiting Caller ID (CWCID) - Disable
	Level 1
	Both
	SIP Feature switch 0x02000000
(in the MTA config file)

	SIP013
	Three Way Calling (3WC)
	Level 1
	Proxy
	n/a

	SIP014
	Call Forward Busy (CFB) - Enable/Disable
	Level 1
	Both
	*90/*91

	SIP015
	Call Forward No Answer (CFNA) - Enable/Disable
	Level 1
	Both
	*92/*93

	SIP016
	Call Forward Unconditional (CFU) - Enable/Disable
	Level 1
	Both
	*72/*79

	SIP017
	Call Return (CR)
	Level 1
	Both
	*69

	SIP018
	## Redial
	Level 1
	Both
	##

	SIP019
	Warmline (* code controlled)- Enable/Disable
	Level 1
	MTA
	*53/*54

	SIP020
	Warmline (MIB controlled) – Enable/Disable
	Level 1
	Both
	n/a

	SIP021
	Hotline - Enable/Disable
	Level 1
	Both
	n/a

	SIP022
	Anonymous Call Rejection - Enable/Disable
	Level 1
	Both
	*77/*87

	SIP023
	Distinctive Ringing
	Level 1
	Proxy
	Need entries in the MTA Config file

	SIP024
	Speed Dial
	Level 1
	Proxy
	n/a

	SIP025
	Selective Call Acceptance
	Level 1
	Proxy
	n/a

	SIP026
	Selective Call Forwarding
	Level 1
	Proxy
	n/a

	SIP027
	Selective Call Rejection
	Level 1
	Proxy
	n/a

	SIP028
	VMWI
	Level 1
	Proxy
	n/a

	SIP101
	24 Hour standing Call
	Level 2
	n/a
	n/a

	SIP102
	RF cable cut - Upstream 5 sec
	Level 2
	n/a
	n/a

	SIP103
	RF cable cut - Upstream 5 min
	Level 2
	n/a
	n/a

	SIP104
	RF cable cut - Downstream 5 sec
	Level 2
	n/a
	n/a

	SIP105
	RF cable cut - Downstream 5 min
	Level 2
	n/a
	n/a

	SIP106
	MTA Power cut
	Level 2
	n/a
	n/a

	SIP107
	CMTS Power cut
	Level 2
	n/a
	n/a

	SIP108
	Loss of Communication - DHCP
	Level 2
	n/a
	n/a

	SIP109
	Loss of Communication - TFTP
	Level 2
	n/a
	n/a

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	


	Call feature
	* Code

	Anonymous Call Rejection - Enable
	*77

	Anonymous Call Rejection - Disable
	*87

	Call Forward Busy - Enable
	*90

	Call Forward Busy - Disable
	*91

	Call Forward No Answer - Enable
	*92

	Call Forward No Answer - Disable
	*93

	Call Forward Unconditional - Enable
	*72

	Call Forward Unconditional - Disable
	*79

	Call Return
	*69

	Call Waiting - Permanent Enable
	*83

	Call Waiting - Permanent Disable
	*81

	Call Waiting - Temporary Disable
	*70

	Caller ID - Temporary Enable
	*82

	Caller ID - Temporary Disable
	*67

	Caller ID - Permanent Disable Toggle
	*65

	Redial
	##

	Warmline - Enable
	*53

	Warmline - Disable
	*54


9. Appendix F (Troubleshooting tips for ARRIS SIP MTAs)
Two areas of debugging are available from the Command Line Interface (CLI) of a SIP TTM:


1) Tracing SIP messages from the “call processing” directory and
2) Logging from the “Log Utilities” directory:

1) Tracing SIP messages from the “call processing” directory:

· Telnet into SIP MTA (using the password of the day available in the ARRIS Packetace tool)

· Go to “call processing” directory:
Console> callp
Call Processing>

· The following commands are available:
sip_callleg: 
[Toggle SIP callleg message tracing]
sip_reg:  
[Toggle SIP registration message tracing]
sip_subs:
[Toggle SIP subscribtion message tracing]
sip_trans: 
[Toggle SIP transaction message tracing]
sip_ftr:

[Display the SIP feature switch currently in use]
· Examples:
sip_reg 1
[Turn on tracing SIP registration messages]
sip_reg 0
[Turn off tracing SIP registration messages]
· After the tracing is turned on, a SIP phone call may need to be made. Collect the messages displayed on the telnet console and analyze them to resolve the issue.

2) Logging from the “Log Utilities” directory:
· Telnet into SIP MTA (using the password of the day available in the ARRIS Packetace tool)

· Go to “Log utilities” directory:
Console> Log
Log Utilities>

· The following commands are frequently used in SIP troubleshooting:
(Note: ARRIS team may request the use of other commands in this directory to troubleshoot specific issues)
64  SIP_DC               

[ SIP Digit Collector and Feature Processing ]
67  LOG_SIP_STATE        
[ SIP CallP State Transition Logging         ]
68  LOG_SIP_INPUT        
[ SIP CallP Input Logging                    ]
· Examples:
To enable/disable logging use the following command:
Log Utilities> disp 64 1

[ This will enable logging for SIP digit collector ]
Log Utilities> disp 64 0

[ This will disable logging for SIP digit collector ]

To display the current logging commands in use:
Log Utilities> disp 
[ this will display on/off status of all the logging commands]
· After the tracing is turned on, a SIP phone call may need to be made. Collect the messages displayed on the telnet console and analyze them to resolve the issue.

ARRIS SIP MTA Certification test plan
     MNS2123        Draft 3 release 1/3/2007 
Page 6 of 62
The information disclosed herein is proprietary to ARRIS and is not to be used by or disclosed to unauthorized persons without the written consent of ARRIS.  The recipient of this document shall respect the security status of the information.


