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1 Introduction 
 
This test plan template will be used to record test results for 3rd party vendor SIP Phones’ Interoperability 
testing with Cisco CallManager Seadragon-GA release. Due to the lack of Multi-Vendor SIP 
Interoperability Testing standards, it is necessary to verify some level of interoperability between 
endpoint devices and SIP features supported in CallManager 5.0 Seadragon-GA. The purpose of this 
testing is to verify that Cisco CallManager 5.0 can support 3rd-party SIP phones, and to also ascertain 
what features are/are not supported. 

1.1 Scope 
The scope of this test plan is: 

• Test the Cisco CCM 5.0 Seadragon-GA release Interoperability to other vendors’ SIP 
Phones for Basic and Supplementary services and list any feature limitations. 

 
Features Test Coverage: 
 

• SIP Phone Registration  
• Basic Calls between Cisco SIP phones and other vendors’ SIP Phones. 
• Basic Calls between Cisco IP phones (SCCP) on CCM side and other vendors’ SIP phones. 
• Basic Calls with Calling/Connected Name and Number Identification Presentation. 
• Alerting Name 
• Hold and Resume. 
• Call Transfer (Blind, Attended, Early Attended)  
• Call Forwarding (CFA-Call Forwarding All, CFB-Call Forwarding on Busy, CFNA-Call 

Forwarding No Answer) 
• Call Conferencing-Basic 3-way call. 
• MWI Support 

 
List of 3rd Party phones that will be tested: 
 

• Grandstream Budgetone 100 
• Grandstream GXP-2000 

 
List of Cisco phones that will be tested: 
 

• Cisco 7960 SCCP 
• Cisco 7961 SIP  

 

As much as possible, functional tests that could be tested at the user interface are described in this 
document. The deployment of a protocol monitor/simulator is needed to observe the actual signaling 
information when tests cannot be successfully completed. Each feature is described in a separate section 
with a brief description, test configuration and administration required before the actual test cases are 
described. 
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1.2 Background for Compatibility/Interoperability Tests 
For these test cases, there will be an MCS-78XX server configured with CM 5.0.  There will be Cisco 
7960 SCCP-controlled phones, as well as Cisco 7961 SIP phones, registered with the CallMananger 
server.  3rd-party vendor SIP phones will be configured to attempt registration with CallManager.  After 
validating successful SIP registration, basic calls will be placed from/to each phone, to validate its 
functionality/compatibility/interoperability. 

1.3 References 
 
•  RFC2833, RFC3261, RFC3262, RFC3263, RFC3264, RFC3265 
• RFC 3311, RFC 3312, RFC 3326, RFC 3420, RFC 3515 
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1.4 Terminology 
 

1.4.1 General 
 
CCM Cisco CallManager 
  
SIP Session Initiation Protocol 
  
Supplementary Service Services beyond voice or data connectivity, number transport and display. 

Examples include call forwarding, transfer, and call hold. 
  
Voice path The two-way communication path between parties on a call. For station to 

station calls, voice path is verified by simply ensuring that what is spoken into 
Station A can be heard at Station B, and vice versa. 

BT100 Budgetone 100 Series phone from Grandstream 
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2 Summary Test report 
 

2.1 Network Diagram 
 
The network diagram below illustrated is a simplified view of the test bed used for all the test 
cases mentioned in this document: 

Cisco Unity 4.0(4) 

Cisco CM 5.0 (cluster B) 

Cisco CM 5.0 (cluster A) 

Cisco 7960 IP 

Cisco 7960 IP 

Cisco 7961 SIP 

Cisco 7961 SIP 

3rd party SIP 3rd party SIP 

SIP 

SCCP 
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2.2 Test result matrix 
 
The table below is a summary of results of CallManager 5.0 interoperability testing with other 
vendor’s SIP phones for all available SIP features. 
 
 

Features 
Tested 

Vendor SIP phone Test Results Summary 

  Grandstream BT 
100 

Grandstream GXP-
2000 

  

SIP Phone 
Registration 

Pass Pass   

SIP Phone 
Registration-

Multiple Lines 

Not Available Pass   

Basic Calls Pass (read 
summary 

Pass On Grandstream BT100 phone, speaker is 
not turned off upon remote disconnect and a 
special cadence tone is played indicating 
that the far end disconnected the call. 

Calling Name 
Identification 

Pass Pass Grandstream Phones do not support sending 
Calling Name using the Remote Party ID 
header but rather they send it in the From 
header. Cisco SIP Phone however will not 
display the Calling Name of the 
Grandstream phone but will display the 
Caller ID information for the Grandsteam 
Phone that is configured in CCM’s DN for 
that particular phone. 

Connected 
Name 

Identification 

Not Supported Not Supported CCM sends Connected Name information 
using the Remote Party ID header. 
Grandstream (BT100 as well as GXP-2000) 
SIP phones did not display Connected 
Name.  

Alerting Name 
Identification 

Not Supported Not Supported CCM sends the Alerting Name information 
using the Remote Party ID header in the 180 
Ringing SIP response message but 
Grandstream (both Budgetone 100 and 
GXP-2000) phones did not display the 
Alerting Name on their display. 
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Hold and 
Resume 

Pass Pass For 3rd Party SIP phone initiated calls, 
when the call is put on hold either from 
3rd party phone side or Cisco side, the 
last digit of the calling number displayed 
on the Cisco phone is missing. This is 
ccm issue CSCsc96611 

Attended Call 
Transfer 

Pass (read 
summary) 

Pass (read 
summary) 

In order to support Attended Call Transfer 
on the Grandstream phones (both BT100 
and GXP-2000), the MTP Required check 
box needs to be checked in the 
corresponding CCM’s Phone configuration. 

Early Attended 
Call Transfer 

Not Supported Not Supported Early Attended Call Transfer is not 
supported by Grandstream phones. Only 
Attended and Blind Call Transfers are 
supported 

Blind Call 
Transfer 

Pass Pass   

Call 
Forwarding 

All 

Pass Pass   

Call 
Forwarding 
No Answer 

Pass Pass   

Call 
Forwarding 

Busy 

Pass Pass To trigger CFB from the GXP-2000 phone 
instead of CCM, we have to set the busy 
trigger for the CCM’s DN for that particular 
phone higher than 11 since the GXP-2000 
phone can support up to 11 calls on same 
line. 

Call 
Conference 

Pass Pass   

Voicemail 
Access and 

MWI support 

Pass Pass   

DTMF tone 
outpulsing to 
Cisco Unity 

ports 

Pass Pass   

        
        

 
 

2.3 Test result Summary 
These test results are valid for CCM5.0 Seadragon release only. 
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• 3rd Party SIP Phones cannot be reset from Cisco CallManager. Every time they need a 

reset, it has to be done manually from the phone. 
• 3rd Party SIP Phones cannot Auto Register with Cisco CallManager. They need to be 

manually added. 
• CallManager will challenge the 3rd Party phone upon attempt to register for user ID and 

password and if the phone does not respond with the proper credentials then CCM will 
reject the registration.  

• If digest authentication is disabled on SIP phone security profile, CCM will challenge the 
phone for user ID only. 

• If digest authentication is Enabled on SIP phone security profile, CCM will challenge the 
phone for user ID and Password, phone password must match the Digest credentials 
entered on the end user page. 

• Every 3rd Party SIP Phone would require a separate Digest User to be created for it to be 
authenticated. 

• 3rd Party SIP Phones cannot download their configuration from Call Manager TFTP 
server, so someone needs to configure them manually. 

• For 3rd Party SIP phone initiated calls, when the call is put on hold either from 3rd party 
phone side or Cisco side, the last digit of the calling number displayed on the Cisco 
phone is missing. This is ccm issue CSCsc96611. 

• In order to support Attended Call Transfer on the Grandstream (both BT100 and GXP-
2000) phones, the “MTP Required” check box needs to be checked in the CCM’s Phone 
configuration for that particular phone. Furthermore the Attended transfer should be done 
from the same line number (for GXP-2000 with multi-line configuration) on the 
Grandstream GXP-2000 phone since CCM does not support transferring a call on one 
line to a call on another line. The calls have to be on the same line. 

• To trigger CFB from the Grandstream GXP-2000 phone instead of CCM, we have to set 
the busy trigger on CCM’s DN for that particular phone higher than 11 since the GXP-
2000 phone can support up to 11 line appearances. 

 
 
 
 

3 SIP Phone Registration 
 

3.1 Test Cases for SIP Phone Registration 

3.1.1 SIP phone Registration 
 
 
Action: Consider the following table for all necessary administration parameters 
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Test  
Case Iteration 

 
Power up 

phone 

 
Configure 

it to 
register 

with CM 

 
Results 

Grandstream Budgetone 100 Series   Pass 
Grandstream GXP-2000   Pass 

    
 
Action: Add a new SIP Phone to CM. 
 
Action: Power up SIP Phone. Configure necessary registration parameters on phone. 
 
Verification(1): Verify that the SIP phone are registered on the CM and that the CCM Serviceability 
Real-time monitoring Tool Device counter associated with SIP Phones is incremented accordingly.  

 
 

Result:  passed?___X_____failed?________ 
 
Comments: 

3.1.2 SIP phone Unregistration 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Disconnect a registered SIP Phone. 
 
Verification(1): Verify that the SIP Phone is shown as Unregistered using the CCM Serviceability Real-
Time Monitoring Tool, and that proper device counter is decremented. 
 
Action: Plug phone back in, wait for phone registration.  After phone registration, delete phone in 
CallManager. 
 
Verification(2): Verify that phone becomes unregistered and is no longer operational. 
 
 
Result:  passed?___X_____failed?________ 
 
Comments: 
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3.1.3 SIP phone Registration – Multiple Lines 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Not Applicable 
Grandstream GXP-2000 Pass, see comments 

  
 
Action: Add a new SIP Phone to CM, and configure 2 phone extensions on it. 
 
Action: Power up SIP Phone. Configure necessary registration parameters on phone. 
 
Verification(1): Verify that the SIP phone is registered on the CM and that the CCM Serviceability 
Device counter associated with SIP Phones is incremented accordingly. Make sure both lines are 
operational.  

 
 

Result:  passed?___X____failed?________ 
 
Comments: 
Grandstream GXP-2000 was configured with 2 lines. CCM phone cofig shows Partial Registered 
eventhough both lines were registered and operational. 

3.1.4 SIP phone support of HTTP Digest 
 

Test  
Case Iteration 

 
Configure 

it to 
register 

with CM 

 
Results 

Grandstream Budgetone 100 Series  Pass 
Grandstream GXP-2000  Pass 

   
 
Action: Enable HTTP Digest on CallManager. 
 
Action: Configure SIP Phone on CallManager. 
 
Action: Power up SIP Phone. Configure necessary registration parameters on phone, including any 
parameter enabling HTTP Digest. 
 
Verification(1): Verify that the SIP phone is registered on the CM and that the CCM Serviceability 
Device counter associated with SIP Phones is incremented accordingly 
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Result:  passed?___X_____failed?________ 
 
Comments:  
 

4 Basic Call 

4.1 Test Cases for Basic Call 

4.1.1 Station-to-Station call SIP call 
 

 
Test  

Case Iteration 
 

Place call to 
Cisco SIP 

Phone 

 
Place call 

from 
Cisco SIP 

Phone 

 
Results 

Grandstream Budgetone 100 Series Pass Pass Pass, see comment
Grandstream GXP-2000 Pass Pass Pass 

    
 
 
Action:  Call from Vendor SIP Phone to Cisco SIP Phone and vice versa. 
 
Action:  Answer call. 
 
Action:  Disconnect call. 
 
Verification(1): validate that talk path has been established between phones. 
 
Verification(2):  validate that both ends of connection are properly torn down, and phones go back to idle 
state. 

 
 
 

Result:  passed?__X______failed?________ 
 
Comments: 
For Grandstream BT100 phone: 
Verification(2): When the Cisco SIP phone clears the call, the call is properly torn down and both Cisco 
phone as well as Grandstream BT100 phone go to idle state. However on Grandstream BT100 phone, 
speaker is not turned off upon remote disconnect and a special cadence tone is played indicating that the 
far end disconnected the call. 
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4.1.2 Incoming and Outgoing Voice Calls with Line Identification  
 
These test cases test passing of line identification display.  

4.1.2.1 Voice call from vendor SIP phone to Cisco SIP Phone – number presentation 
 
 
 
 

Test  
Case Iteration 

 
Send Calling 

Number 

Send 
Connected 
Number 

 
Results 

Grandstream Budgetone 100 Series Yes Yes Pass, see comments 
Grandstream GXP-2000 Yes Yes Pass, see comments 

    
 
 
Action: Make a voice call from vendor SIP phone to Cisco SIP Phone 
 
Verification(1): Talk path is available. 
 
Verification(2): The calling number is correctly displayed on phones. 
 
Verification(3): The connected number is displayed on phones 
 
Action: Hang up and check the status of the call. 
 
Verification(4): The call is cleared. 

  
Result:  passed?___X_____failed?________ 
 
Comments:  
Verification(3): Both Grandsteam SIP phones (Budgetone 100 and GXP-2000) do not display Connected 
Number. They display dialed number instead. 
 
 

4.1.2.2 Voice call from Cisco SIP Phone to vendor SIP phone – number presentation 
 
 
 
 

Test  
Case Iteration 

 
Send Calling 

Number 

Send 
Connected 
Number 

 
Results 

Grandstream Budgetone 100 Series Yes Yes Pass 
Grandstream GXP-2000 Yes Yes Pass 
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Action: Make a voice call from Cisco SIP Phone to vendor SIP phone 
 
Verification(1): Talk path is available. 
 
Verification(2): The calling number is correctly displayed on phones. 
 
Verification(3): The connected number is displayed on phones 
 
Action: Hang up and check the status of the call. 
 
Verification(4): The call is cleared. 

  
Result:  passed?___X_____failed?________ 
 
Comments:  

4.1.2.3 Voice call from vendor SIP phone to Cisco IP Phone (SCCP) – number 
presentation 

 
 

Test  
Case Iteration 

 
Send Calling 

Number 

Send 
Connected 
Number 

 
Results 

Grandstream Budgetone 100 Series Yes Yes Pass, see comments 
Grandstream GXP-2000 Yes Yes Pass, see comments 

    
 
 
Action: Make a voice call from vendor SIP Phone to Cisco IP phone (SCCP). 
 
Verification(1): Talk path is available. 
 
Verification(2): The calling number is correctly displayed on phones. 
 
Verification(3): The connected number is displayed on phones. 
 
Action: Hang up and check the status of the call. 
 
Verification(4): The call is cleared. 

  
Result:  passed?___X_____failed?________ 
 
Comments:  
Verification(3): Both Grandsteam SIP phones (Budgetone 100 and GXP-2000) do not display Connected 
Number. They display dialed number instead. 
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4.1.2.4 Voice call from Cisco IP Phone (SCCP) to vendor SIP phone– number 
presentation 

 
 

Test  
Case Iteration 

 
Send Calling 

Number 

Send 
Connected 
Number 

 
Results 

Grandstream Budgetone 100 Series Yes Yes Pass 
Grandstream GXP-2000 Yes Yes Pass 

    
 
 
Action: Make a voice call from Cisco IP phone (SCCP) to vendor SIP Phone. 
 
Verification(1): Talk path is available. 
 
Verification(2): The calling number is correctly displayed on phones. 
 
Verification(3): The connected number is displayed on phones. 
 
Action: Hang up and check the status of the call. 
 
Verification(4): The call is cleared. 

  
Result:  passed?____X____failed?________ 
 
Comments: 
 
 

4.1.3 Unsuccessful Call Termination and Call Clearing  
 
These tests verify voice call procedures when clearing is initiated during the establishment phase. They 
Also verify the tone strategy for each manufacturer.  

4.1.3.1 Outgoing Call vendor SIP to Cisco SIP - No Answer 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 



                                                                                                                                              tekVizion Confidential       
  

 

 
                                                                                                                                                                    Page 19 of 
117   

  
 
Action: Make a call from vendor phone to Cisco SIP Phone, but do not answer call. 
 
Verification(1): Verify that the caller hears ring back and that the destination terminal rings. 
 
Action:  calling party should then hang up. 
 
Verification(2): Call is cleared when the calling party goes on hook. 

 
Result:  passed?___X_____failed?________ 
 
Comments: 

4.1.3.2 Outgoing Call Cisco SIP to vendor SIP - No Answer 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Make a call from Cisco SIP Phone to vendor phone, but do not answer call. 
 
Verification(1): Verify that the caller hears ring back and that the destination terminal rings. 
 
Action:  calling party should then hang up. 
 
Verification(2): Call is cleared when the calling party goes on hook. 

 
Result:  passed?___X_____failed?________ 
 
Comments: 

4.1.3.3 Outgoing Call vendor SIP to Cisco SIP - Busy Station 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Busy out Cisco SIP Phone. 
 
Action: Make a voice call from vendor SIP Phone to the busy station. 
 
Verification(1): Calling user receives busy indication. 



                                                                                                                                              tekVizion Confidential       
  

 

 
                                                                                                                                                                    Page 20 of 
117   

 
Action: Hang-up. 
 
Result:  passed?___X_____failed?________ 
 
Comments: 
 

4.1.3.4 Outgoing Call Cisco SIP to vendor SIP - Busy Station 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Busy out vendor SIP Phone. 
 
Action: Make a voice call from Cisco SIP Phone to the busy station. 
 
Verification(1): Calling user receives busy indication. 
 
Action: Hang-up. 
 
Result:  passed?___X_____failed?________ 
 
Comments: 
 

4.1.3.5 Outgoing Call vendor SIP to Cisco SCCP - No Answer 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Make a call from vendor SIP Phone to Cisco IP Phone (SCCP), but do not answer call. 
 
Verification(1): Verify that the caller hears ring back and that the destination terminal rings. 
 
Action: calling party should then hang up. 
 
Verification(2): Call is cleared when the calling party goes on hook. 

 
Result:  passed?___X_____failed?________ 
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Comments: 
 

4.1.3.6 Outgoing Call Cisco SCCP to vendor SIP - No Answer 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Make a call from Cisco SCCP IP Phone to vendor SIP Phone, but do not answer call. 
 
Verification(1): Verify that the caller hears ring back and that the destination terminal rings. 
 
Action: calling party should then hang up. 
 
Verification(2): Call is cleared when the calling party goes on hook. 
 

 
Result:  passed?___X_____failed?________ 
 
Comments: 
 

4.1.3.7 Outgoing Call vendor SIP to Cisco SCCP - Busy Station 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Make Cisco SCCP station busy. 
 
Action: Make a voice call from vendor SIP phone to Cisco SCCP IP Phone. 
 
Verification(1): Calling user receives busy indication. 
 
Action: Hang-up. 
 

 
Result:  passed?___X_____failed?________ 
 
Comments: 
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4.1.3.8 Outgoing Call Cisco SCCP to vendor SIP - Busy Station 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Make vendor SIP station busy. 
 
Action: Make a voice call from Cisco SCCP IP Phone to vendor SIP phone.  
 
Verification(1): Calling user receives busy indication. 
 
Action: Hang-up. 
 

 
Result:  passed?___X_____failed?________ 
 
Comments: 
 

5 Calling/Connected Name Identification 
 

5.1 Description 
 
These tests should be done only if both manufacturers support Name Identification. 
 
 

5.2 Test Cases 

5.2.1 Vendor SIP to Cisco SIP Voice call with Calling/Connected Name Identification 
 
 

Test  
Case Iteration 

 
Calling 
Name 

 
Connected 

Name 
Grandstream Budgetone 100 Series Yes, see 

comments 
No 

Grandstream GXP-2000 Yes, see 
comments 

No 

   
 
Action: Place a call from vendor SIP Phone to Cisco SIP Phone. 
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Action: Answer the call 
 
Verification(1): Verify Talk path is available. 
 
Verification(2): Verify the calling name display on receiving station is in accordance to phone’s 
administration. 
 
Verification(3): Verify the connected name display on originating station is in accordance to phone’s 
administration. 
 
Result:  passed?___X_____failed?________ 
 
 
Comments:  
Verification(2): Grandstream Phones do not support sending Calling Name in the Remote Party ID header 
but rather they send it in the From header. Cisco SIP Phone however will not display the Calling Name of 
the Grandstream phone but will display the Caller ID information for the Grandsteam Phone that is 
configured in CCM’s DN for that particular phone. 
 
Verification(3): Grandstream phones did not display Connected Name.  
 

5.2.2 Cisco SIP to vendor SIP Voice call with Calling/Connected Name Identification 
 
 

Test  
Case Iteration 

 
Calling 
Name 

 
Connected Name 

Grandstream Budgetone 100 Series No Yes, see comments 
Grandstream GXP-2000 Yes Yes,  see comments 

   
 
Action: Place a call from Cisco SIP Phone to vendor SIP Phone. 
 
Action: Answer the call 
 
Verification(1): Verify Talk path is available. 
 
Verification(2): Verify the calling name display on receiving station is in accordance to phone’s 
administration. 
 
Verification(3): Verify the connected name display on originating station is in accordance to phone’s 
administration. 
 
Result:  passed?___X_____failed?________ 
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Comments:  
Verification(2): Grandstream Budgetone 100 SIP phone did not display Calling Name eventhough Cisco 
SIP phone did send the Calling Name. 
Verification(3): Cisco SIP phone displayed the connected name of the Grandstream phone that is 
configured in CCM’s DN for that particular phone. 
 

5.2.3 Vendor SIP to Cisco SCCP Voice call with Calling/Connected Name Identification 
 
 

Test  
Case Iteration 

 
Calling 
Name 

 
Connected 

Name 
Grandstream Budgetone 100 Series Yes, see 

comments 
No 

Grandstream GXP-2000 Yes No 
   

 
Action: Place a call from vendor SIP Phone to Cisco IP Phone (SCCP). 
 
Action: Answer the call 
 
Verification(1): Verify Talk path is available. 
 
Verification(2): Verify the calling name display on receiving station is in accordance with phone’s 
administration. 
 
Verification(3): Verify the connected name display on originating station is in accordance with phone’s 
administration.  

 
Result:  passed?___X_____failed?________ 
 
Comments: 
Verification(2): Grandstream Phones do not support sending Calling Name in the Remote Party ID header 
but rather they send it in the From header. Cisco Phone however will not display the Calling Name of the 
Grandstream phone but will display the Caller ID information for the Grandsteam Phone that is 
configured in CCM’s DN for that particular phone. 
 
Verification(3): CCM sends Connected Name information in the Remote Party ID header. Grandstream 
(BT100 as well as GXP-2000) SIP phone did not display Connected Name.  

5.2.4 Cisco SCCP to vendor SIP Voice call with Calling/Connected Name Identification 
 
 

Test  
Case Iteration 

 
Calling 
Name 

 
Connected Name 
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Grandstream Budgetone 100 Series Not Supported Yes, see comments 
Grandstream GXP-2000 Yes Yes, see comments 

   
 

Action: Place a call from Cisco SCCP IP Phone to vendor SIP Phone.  
 
Action: Answer the call 
 
Verification(1): Verify Talk path is available. 
 
Verification(2): Verify the calling name display on receiving station is in accordance with phone’s 
administration. 
 
Verification(3): Verify the connected name display on originating station is in accordance with phone’s 
administration.  

 
Result:  passed?____X____failed?________ 
 
Comments: 
Verification(2): Grandstream Budgetone 100 SIP phone did not display Calling Name. 
Verification(3): Cisco SIP phone displayed the connected name of the Grandstream phone that is 
configured in CCM’s DN for that particular phone 
 

6 Alerting Name Identification 
 

6.1 Description 
 
This optional service provides for indicating name information to called parties during call set-up, which 
can be different than the actual calling/connected name.  
 

6.2 Test Cases 

6.2.1 Vendor SIP to Cisco SIP Voice call with Alerting Name enabled 
 

 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Not Supported No alerting name 
Grandstream GXP-2000 Not Supported No alerting name 

   
 
Action: Enable/Configure Alerting Name on Cisco SIP Phone. 
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Action: Place call from vendor SIP Phone to Cisco SIP Phone. 
 
Verification(1): Verify the alerting name displayed on vendor SIP Phone is in accordance with the 
administration as indicated above. Record phone display results in table above. 
 
  

 
Result:  passed?___X____failed?________ 
 
Comments:  
Verification(1): CCM sends the Alerting Name in the Remote Party ID header in the 180 Ringing SIP 
response but Grandstream (both Budgetone 100 and GXP-2000) phones did not display the Alerting 
Name on their display. 
 
 

6.2.2 Vendor SIP to Cisco SCCP Voice call with Alerting Name enabled 
 

 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Not Supported No alerting name 
Grandstream GXP-2000 Not Supported No alerting name 

   
 
Action: Enable/Configure Alerting Name on Cisco SCCP IP Phone. 
 
Action: Place call from vendor SIP Phone to Cisco SCCP IP Phone. 
 
Verification(1): Verify the alerting name displayed on vendor SIP Phone is in accordance with the 
administration as indicated above. Record phone display results in table above. 
 
  

 
Result:  passed?___X_____failed?________ 
 
Comments:  
Verification(1): CCM sends the Alerting Name in the Remote Party ID header in the 180 Ringing SIP 
response but Grandstream (both Budgetone 100 and GXP-2000) phones did not display the Alerting 
Name on their display. 
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6.2.3 Cisco SCCP to vendor SIP Voice call with Alerting Name enabled 
 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Pass “MERCURY-25(A)” 
Grandstream GXP-2000 Pass “MERCURY-26(A)” 

   
 
Action: Configure Alerting Name on vendor SIP Phone. 
 
Action: Place call from Cisco SCCP IP Phone to vendor SIP Phone. 
 
Verification(1): Verify the alerting name displayed on Cisco SCCP IP Phone is in accordance with the 
administration as indicated above. Record phone display results in table above. 
 
  

 
Result:  passed?___X_____failed?________ 
 
Comments:  

6.2.4 Vendor SIP to Cisco SIP Voice call with Alerting Name restricted 
 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Not Applicable No alerting name 
Grandstream GXP-2000 Not Applicable No alerting name 

   
 
Action: Configure Alerting Name to be restricted on Cisco SIP Phone. 
 
Action: Place call from vendor SIP Phone to Cisco SIP Phone. 
 
Verification(1): Verify the alerting name is not displayed on vendor SIP Phone in accordance with the 
administration as indicated above. Record phone display results in table above. 
  

 
Result:  passed?___X_____failed?________ 
 
Comments:  
Verification(1): Grandstream (both Budgetone 100 and GXP-2000) phones do not support Alerting Name 
presentation on their display, therefore this test case is not applicable. 
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6.2.5 Cisco SIP to vendor SIP Voice call with Alerting Name restricted 
 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Not Supported “MERCURY-25(A)” 
Grandstream GXP-2000 Not Supported “MERCURY-26(A)” 

   
 
Action: Configure Alerting Name to be restricted on vendor SIP Phone. 
 
Action: Place call from Cisco SIP Phone to vendor SIP Phone. 
 
Verification(1): Verify the alerting name is not displayed on Cisco SIP Phone in accordance with the 
administration as indicated above. Record phone display results in table above. 
  

 
Result:  passed?___X_____failed?________ 
 
Comments: Alerting Name Restriction not supported on Grandstream SIP phones. 
 
 

6.2.6 Cisco SCCP to vendor SIP Voice call with Alerting Name restricted 
 
 

Test  
Case Iteration 

 
Pass/Fail 

 
Phone Display 

Grandstream Budgetone 100 Series Not Supported “MERCURY-25(A)” 
Grandstream GXP-2000 Not Supported “MERCURY-26(A)” 

   
 
Action: Configure Alerting Name to be restricted on vendor SIP Phone. 
 
Action: Place call from Cisco SCCP IP Phone to vendor SIP Phone. 
 
Verification(1): Verify the alerting name is not displayed on Cisco SCCP Phone in accordance with the 
administration as indicated above. Record phone display results in table above. 
  

 
Result:  passed?___X_____failed?_______ 
 
Comments: Alerting Name Restriction not supported on Grandstream SIP phones. 
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7 Hold & Resume 
 

7.1 Test Cases for Hold & Resume 
 

7.1.1 Vendor SIP to Cisco SIP Voice call – originating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
   
Action: Make a voice call from vendor SIP Phone to Cisco SIP Phone. 
 
Action: Answer the call  
 
Verification(1): Talk path is available.  
 
Action: Vendor SIP phone places the call on Hold. 
 
Verification(2): Holding party user is placed on hold. 
 
Action:  user Resume the call. 
 
Verification(3): Talk path is available.  
 
Action: vendor SIP Phone clears the call. 
 
Verification(4): The call is cleared 

 
Result:  passed?___X_____failed?________ 
 
Comments:  
When the vendor SIP phone places the call on hold, the last digit of the calling number displayed on 
the Cisco SIP phone is missing. This is ccm issue CSCsc96611. 

7.1.2 Vendor SIP to Cisco SIP Voice call – terminating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 
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Action: Make a voice call from vendor SIP Phone to Cisco SIP Phone. 
  
Action: Answer the call. 
 
Verification(1): Talk path is available.  
 
Action:  Cisco SIP Phone puts the call on Hold. 
 
Verification(2): Vendor SIP Phone is placed on hold. 
 
Action: Cisco SIP Phone resumes the call. 
 
Verification(3): Talk path is available.  
 
Action: vendor SIP Phone clears the call. 
 
Verification(4): The call is cleared 

 
 

Result:  passed?___X_____failed?________ 
 
Comments: 
When the Cisco SIP Phone places the call on hold, the last digit of the calling number displayed on 
the Cisco SIP phone is missing. This is ccm issue CSCsc96611. 
 

7.1.3 Vendor SIP to Cisco SCCP Voice call – originating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 

Action: Make a voice call from vendor SIP Phone to Cisco IP Phone. 
 
Action: Answer the call. 
 
Verification(1): Talk path is available.  
 
Action: Vendor SIP Phone puts the call on Hold. 
 
Verification(2): Cisco SCCP IP Phone user is placed on hold. 
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Action: vendor SIP Phone user Resume the call. 
 
Verification(3): Talk path is available.  
 
Action: vendor SIP Phone user clears the call. 
 
Verification(4): The call is cleared. 

 
Result:  passed?___X_____failed?________ 
 
Comments: 
When the vendor SIP phone places the call on hold, the last digit of the calling number displayed on 
Cisco SCCP phone is missing. This is ccm issue CSCsc96611. 
 

7.1.4 Vendor SIP to Cisco SCCP Voice call – terminating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 

Action: Make a voice call from vendor SIP Phone to Cisco SCCP IP Phone 
  
Action: Answer the call at Cisco SCCP IP Phone 
 
Verification(1): Talk path is available.  
 
Action: Cisco SCCP IP Phone user puts the call on Hold. 
 
Verification(2): vendor SIP Phone user is placed on hold. 
 
Action:Cisco SCCP IP Phone resumes the call. 
 
Verification(3): Talk path is available.  
 
Action: vendor SIP Phone user clears the call. 
 
Verification(4): The call is cleared 

 
 

Result:  passed?___X____failed?________ 
 
Comments: 
When the Cisco SCCP Phone places the call on hold, the last digit of the calling number displayed on 
Cisco SCCP phone is missing. This is ccm issue CSCsc96611. 
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7.1.5 Cisco SCCP to vendor SIP Voice call – originating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 

Action: Make a voice call from Cisco SCCP IP Phone to vendor SIP Phone 
 
Action: Answer the call at vendor SIP Phone 
 
Verification(1): Talk path is available.  
 
Action: Cisco SCCP IP Phone user puts the call on Hold. 
 
Verification(2): vendor SIP Phone user is placed on hold. 
 
Action: Cisco SCCP IP Phone user Resume the call. 
 
Verification(3): Talk path is available.  
 
Action: Cisco SCCP IP Phone user clears the call. 
 
Verification(4): The call is cleared 

 
Result:  passed?__X______failed?________ 
 
Comments: 
 
 
 
 
 

7.1.6 Cisco SCCP to vendor SIP Voice call – terminating end initiates the Hold 
 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 
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Action: Make a voice call from Cisco SCCP IP Phone to vendor SIP Phone 
  
Action: Answer the call at vendor SIP Phone 
 
Verification(1): Talk path is available.  
 
Action: vendor SIP Phone user puts the call on Hold. 
 
Verification(2): Cisco SCCP IP Phone user is placed on hold. 
 
Action: vendor SIP Phone user Resume the call. 
 
Verification(3): Talk path is available.  
 
Action: Cisco SCCP IP Phone user clears the call. 
 
Verification(4): The call is cleared 

 
 

Result:  passed?___X_____failed?________ 
 
Comments:  
 
 

8 Call Transfer  

8.1 Description 
Call Transfer (CT) is a supplementary service which enables a served user (User A) to transform two of 
that users calls into a new call between the other two users of the two calls (User B and User C). Each call 
can either be an incoming call to User A or an outgoing call from User A. After successful invocation of 
CT, User B and User C will no longer be able to communicate with User A. 
 
In a Call Transfer, there are three actors. The person being transferred is known as the transferee. The 
person transferring the call is known as the transferor. The person receiving the transfer is known as the 
transfer target or simply the target. There are three Call Transfer types. Attended, Early Attended, and 
Blind. 
 

8.1.1 Attended 
With attended transfer, the transferor places the transferee on hold and calls the target. After conversing 
with the target, the transferor completes the transfer and drops out of both calls. The transferee is 
automatically taken off of hold and connected to the target. 
 

8.1.2 Early Attended 
With early attended transfer, the transferor places the original call on hold and calls the target. Upon 
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hearing ringback tone, the transferor transfers the call to the target and drops out of both calls. The 
transferee hears ring back while the target’s phone is alerting.  When the target answers, a connection is 
established between transferee and target. 
 

8.1.3 Blind 
With blind transfer, the transferor places the original call on hold and dials the target. The transferor then 
uses SIP signaling to redirect the transferee to the target.  No call is made to the target prior to transfer.  
The timing of when the transferor drops out of the call depends on the transferor’s implementation of the 
feature, but most likely the drop occurs when the transferor is notified that the redirect operation was 
accepted and has begun. 

8.2 Call Transfer Test Cases 

8.2.1 Vendor SIP to vendor SIP Attended Call Transfer completes – secondary call 
answered 

 
  

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass, see comments 
Grandstream GXP-2000 Pass, see comments 

  
 
Action:  vendor SIP Phone calls first Cisco SIP Phone. Call is answered. 
 
Action: vendor SIP Phone initiates transfer and calls second Vendor SIP Phone. Second Vendor SIP 
Phone answers the call. 
 
Action:  vendor SIP Phone completes transfer (Manufacturer dependent). 
 
Verification (1): Verify that the Cisco SIP Phone and vendor SIP Phone are connected, and that vendor 
SIP Phone is disconnected from call. 
 
 
Result:  passed?____X____ failed?_________ 
 
Comments: 
In order to support Attended Call Transfer on the Grandstream (both BT100 and GXP-2000) phones, the 
“MTP Required” check box needs to be checked in the CCM’s Phone configuration for that particular 
phone. Furthermore the Attended transfer should be done from the same line number (for GXP-2000 with 
multi-line configuration) on the Grandstream GXP-2000 phone since CCM does not support transferring 
a call on one line to a call on another line. The calls have to be on the same line. 
  
  To do Attended Transfer from Grandstream Budgetone 100 phone the user presses the “FLASH” button 
and hears a dial tone, then dial the phone number followed by pressing the “SEND” button. If the call is 
answered the user presses “TRANSFER” to complete the transfer operation. 
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To do Attended Transfer from Grandstream GXP-2000 phone the user needs to put the active line on hold 
by pressing the “HOLD” button. User makes a second call using same line by pressing hookflash (if using 
the handset) or “SPEAKER” button twice (if in speaker mode) to get dial tone on same line. User will 
then press “TRNF” button, then press the intended line that was put on hold. 
 

8.2.2 Vendor SIP to Cisco SCCP Attended Call Transfer completes – secondary call 
answered 

  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass, see comments 
Grandstream GXP-2000 Pass, see comments 

  
 
Action:  vendor SIP Phone calls Cisco IP Phone (SCCP). Cisco IP Phone answers call. 
 
Action: vendor SIP Phone initiates transfer to second Cisco IP Phone. Call is answered. 
 
Action:  vendor SIP Phone completes transfer (Manufacturer dependent). 
 
Verification (1): Verify that the two Cisco IP Phones are connected, and vendor SIP Phone is 
disconnected from the call. 
 
Result:  passed?___X_____ failed?_________ 
 
Comments: 
In order to support Attended Call Transfer on the Grandstream (both BT100 and GXP-2000) phones, the 
“MTP Required” check box needs to be checked in the CCM’s Phone configuration for that particular 
phone. Furthermore the Attended transfer should be done from the same line number (for GXP-2000 with 
multi-line configuration) on the Grandstream GXP-2000 phone since CCM does not support transferring 
a call on one line to a call on another line. The calls have to be on the same line. 
 
 

8.2.3 Vendor SIP to Cisco SIP Attended Call Transfer completes – secondary call 
answered 

  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass, see comments 
Grandstream GXP-2000 Pass, see comments 
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Action:  vendor SIP Phone calls Cisco SIP Phone. Cisco SIP Phone answers call. 
 
Action: vendor SIP Phone initiates transfer to second Cisco SIP Phone. Call is answered. 
 
Action:  vendor SIP Phone completes transfer (Manufacturer dependent). 
 
Verification (1): Verify that the two Cisco SIP Phones are connected, and vendor SIP Phone is 
disconnected from the call. 
 
Result:  passed?___X_____ failed?_________ 
 
Comments: 
In order to support Attended Call Transfer on the Grandstream (both BT100 and GXP-2000) phones, the 
“MTP Required” check box needs to be checked in the CCM’s Phone configuration for that particular 
phone. Furthermore the Attended transfer should be done from the same line number (for GXP-2000 with 
multi-line configuration) on the Grandstream GXP-2000 phone since CCM does not support transferring 
a call on one line to a call on another line. The calls have to be on the same line. 
 
 
 

8.2.4 Cisco SCCP to vendor SIP Attended Call Transfer completes – secondary call 
answered 

  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action:  Cisco IP Phone (SCCP) calls vendor SIP Phone. Call is answered. 
 
Action: Cisco IP Phone initiates transfer and calls second Vendor SIP Phone. Call is answered. 
 
Action:  Cisco IP Phone completes transfer. 
 
Verification (1): Verify that vendor SIP Phones are connected, and Cisco IP Phone is disconnected from 
call. 
 
Result:  passed?____X____ failed?_________ 
 
Comments: 
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8.2.5 Vendor SIP to vendor SIP Early Attended Call Transfer completes – secondary call 
answered 

 
  

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series No Supported 
Grandstream GXP-2000 No Supported 

  
 
Action:  vendor SIP Phone calls first Cisco SIP Phone. Call is answered. 
 
Action: vendor SIP Phone initiates transfer and calls second Vendor SIP Phone. Ringback tone is heard 
on (transfering) vendor SIP Phone. 
 
Action:  vendor SIP Phone completes transfer. 
 
Verification (1): Verify that the Cisco SIP phone hears ringback tone. 
 
Action:  second vendor SIP Phone answers the call. 
 
Verification (2): Verify that the Cisco SIP and Vendor SIP Phones are connected, and that vendor SIP 
Phone is disconnected from call. 
 
 
Result:  passed?___X_____ failed?_________ 
 
Comments:  
Grandstream phones did not support Early Attended Call Transfer. 
 

8.2.6 Vendor SIP to Cisco SIP Early Attended Call Transfer completes – secondary call 
answered 

 
  

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series No Supported 
Grandstream GXP-2000 No Supported 

  
 
Action:  vendor SIP Phone calls first Cisco SIP Phone. Call is answered. 
 
Action: vendor SIP Phone initiates transfer and calls second Cisco SIP Phone. Ringback tone is heard on 
(transfering) vendor SIP Phone. 
 
Action:  vendor SIP Phone completes transfer. 
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Verification (1): Verify that the first Cisco SIP phone hears ringback tone. 
 
Action:  second Cisco SIP Phone answers the call. 
 
Verification (2): Verify that the Cisco SIP Phones are connected, and that vendor SIP Phone is 
disconnected from call. 
 
 
Result:  passed?___X_____ failed?_________ 
 
Comments:  
Grandstream phones did not support Early Attended Call Transfer. 
 
 
 
 
 
 

8.2.7 Vendor SIP to Cisco SCCP Early Attended Call Transfer completes – secondary call 
answered 

  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series No Supported 
Grandstream GXP-2000 No Supported 

  
 
Action:  vendor SIP Phone calls Cisco IP Phone (SCCP). Cisco IP Phone answers call. 
 
Action: vendor SIP Phone initiates transfer to second Cisco IP Phone. Ringback tone is heard on 
(transfering) vendor SIP Phone. 
 
Action:  vendor SIP Phone completes transfer. 
 
Verification (1): Verify that the first Cisco SIP phone hears ringback tone. 
 
Action:  second Cisco SIP Phone answers the call. 
 
Verification (2): Verify that the two Cisco IP Phones are connected, and vendor SIP Phone is 
disconnected from the call. 
 
Result:  passed?________ failed?_________ 
 
Comments:  
Grandstream phones did not support Early Attended Call Transfer. 
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8.2.8 Cisco SCCP to vendor SIP Early Attended Call Transfer completes – secondary call 
answered 

  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action:  Cisco IP Phone (SCCP) calls vendor SIP Phone. Call is answered. 
 
Action: Cisco IP Phone initiates transfer and calls second Vendor SIP Phone. Ringback tone is heard on 
(transfering) Cisco IP Phone. 
 
Action:  Cisco IP Phone completes transfer. 
 
Verification (1): Verify that the first vendor SIP phone hears ringback tone. 
 
Action:  second vendor SIP Phone answers the call. 
 
Verification (2): Verify that vendor SIP Phones are connected, and Cisco IP Phone is disconnected from 
call. 
 
Result:  passed?___X_____ failed?_________ 
 
Comments:  
 

8.2.9 Vendor SIP to vendor SIP Blind Call Transfer completes – call answered 
 
  

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action:  vendor SIP Phone calls first Cisco SIP Phone. Call is answered. 
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Action: vendor SIP Phone initiates blind transfer (Manufacturer dependent) and calls second Vendor SIP 
Phone. 
Verification (1): Verify that ringback tone is heard at first Cisco SIP phone, and vendor SIP Phone is 
dropped from call. 
 
Action: Answer call at second Vendor SIP Phone. 
 
Verification (2): Verify that Cisco SIP Phone and Vendor SIP Phone are connected, and that vendor SIP 
Phone is disconnected from call. 
 
 
Result:  passed?___X_____ failed?_________ 
 
Comments: 
To do Blind Transfer from Grandstream BT100 phone the user presses the “TRANSFER” button and 
hears a dial tone, then dial the phone number followed by pressing the “SEND” button. At this point the 
user can hangup. This will transfer the other party to the dialed number. 
 
To do Blind Transfer from Grandstream GXP-2000 phone the user presses the “TRNF” button and hears 
a dial tone, then dial the phone number followed by pressing the “SEND” button. At this point the user 
can hangup. This will transfer the other party to the dialed number. 
 
 
 

8.2.10 Vendor SIP to Cisco SCCP Blind Call Transfer completes – call answered 
  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action:  vendor SIP Phone calls Cisco IP Phone (SCCP). Cisco IP Phone answers call. 
 
Action: vendor SIP Phone initiates Blind transfer to second Cisco IP Phone.  
 
Verification (1): Verify that ringback tone is heard at first Cisco IP phone, and vendor SIP phone is 
dropped from call. 
 
Action: Answer call at second Cisco IP Phone. 
 
Verification (2): the two Cisco IP Phones are connected, and that vendor SIP Phone is disconnected from 

call. 
 
Result:  passed?____X____ failed?_________ 
 



                                                                                                                                              tekVizion Confidential       
  

 

 
                                                                                                                                                                    Page 41 of 
117   

Comments: 
 
 

8.2.11 Cisco SCCP to Vendor SIP Blind Call Transfer completes – call answered 
  
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Not Applicable 
Grandstream GXP-2000 Not Applicable 

  
 
Action:  Cisco IP Phone (SCCP) calls vendor SIP Phone. Call is answered 
 
Action: Cisco IP Phone initiates Blind transfer to second Vendor IP Phone.  
 
Verification (1): Verify that ringback tone is heard at first Cisco IP phone, and vendor SIP phone is 
dropped from call. 
 
Action: Answer call at second Vendor IP Phone. 
 
Verification (2): Verify that Cisco IP Phone and Vendor SIP Phone are connected, and that vendor SIP 
Phone is disconnected from call. 
 
 
Result:  passed?________ failed?_________ 
 
Comments: 
Cisco SCCP IP Phone does not support Blind Call Transfer. 
 

9 Call Diversion (CFU-Call Forwarding Unconditional), (CFB-Call 
Forwarding Busy), (CFNA-Call Forwarding No Answer) 

 

9.1 Description 
Diversion enables a served user to have the telephone set redirect calls to other numbers. The served 
user’s ability to originate calls is unaffected by Diversion. 
After CFU has been activated calls are forwarded independently of the status of the served user. 
After CFB has been activated calls are forwarded if the served user is busy. 
After CFNA has been activated calls are forwarded for which the connection is not established within a 
predefined period of time. 
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9.2 Test configuration for Diversion 
When testing Call Diversion (Forwarding), vendor and Cisco SIP Phones, as well as Cisco SCCP IP 
Phones are registered to CallManager 5.0. Call Forwarding busy/no answer/all calls is manually 
invoked at the vendor SIP Phone via feature button or access codes. 
 

9.3 Test Cases  
These tests should be done only if both vendors support Diversion and can have it running on all 
interfaces. Calling Number/Name and Connection Number/Name should be turned on for all the 
following cases unless otherwise specified. 

9.3.1 Vendor SIP to Cisco SIP Call Forwarding  
 

Test 
Case 

 Iteration 
CF-TYPE Results 

Grandstream Budgetone 100 Series Unconditional Pass 
 Busy Pass 
 No Answer Pass 

Grandstream GXP-2000 Unconditional Pass 
 Busy Pass, see note 1

 No Answer Pass 
 
Action: vendor SIP Phone invokes Call Forwarding to Cisco SIP Phone. 
 
Action: From another phone on CallManager (SCCP or SIP), call the forwarded SIP Phone. 
 
Verification (1): Verify that the call is forwarded to forwarded-to Cisco SIP Phone. 
 
Verification (2): Verify that the calling phone displays forwarding station’s name and number 
forwarding to forwarded-to Cisco SIP Phone’s name and number. 
 
Verification (3): Verify that forwarded-to Cisco SIP Phone display shows calling station name and 
number calling forwarding station’s name and number with forward indication. 
 
Action:  Answer the call from forwarded to Cisco SIP Phone. 
 
Verification (4): The talk path between calling station and forwarded-to station is established. 
 
Verification (5): Calling station display shows forwarding station’s name and number forwarding to 
forwarded-to station’s name and number. 
 

                                                 
1 To trigger CFB from the GXP-2000 phone instead of CCM, we have to set the busy trigger for the 
CCM’s DN for that particular phone higher than the busy trigger on the Grandstream phone which is 11 
calls.  
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Verification (6): The display of forwarded-to station shows calling station’s name and number calling 
forwarding station’s name and number with forward indication.  
 
Action: Detail the displays and then hang-up. 
 
Result:  passed?_________failed?____X____ 
 
Comments: 
 
For Grandstream BT100 and GXP-2000 Phones: 
Call Forward Unconditional: to use this feature the user dials “*72” and get the dial tone. Then dial the 
forward number followed by “#” button, wait for dial tone then hangup. To cancel CFU dial “*73” and 
get the dial tone then hangup. 
 
Call Forward Busy: to use this feature the user dials “*90” and get the dial tone. Then dial the forward 
number followed by “#” button, wait for dial tone then hangup. To cancel CFB dial “*91” and get the dial 
tone then hangup. 
 
Call Forward No Answer (Delayed Call Forward): to use this feature the user dials “*92” and get the dial 
tone. Then dial the forward number followed by “#” button, wait for dial tone then hangup. To cancel 
CFB dial “*93” and get the dial tone then hangup. 
 
Verification(2): Calling phone displays forwarded-to Cisco SIP Phone’s Alerting Name and number. 
Verification(3): forwarded-to Cisco SIP Phone display shows calling station name and number calling 
forwarding station’s name and number with forward indication. 
Verification(5): Calling phone displays forwarded-to Cisco SIP Phone’s Name and number. 
Verification(6): forwarded-to Cisco SIP Phone display shows calling station’s name and number. 
 

9.3.2 Vendor SIP to Vendor SIP Call Forwarding  
 

Test 
Case 

 Iteration 
CF-TYPE Results 

Grandstream Budgetone 100 Series Unconditional Pass 
 Busy Pass 
 No Answer Pass 

Grandstream GXP-2000 Unconditional Pass 
 Busy Pass 
 No Answer Pass 

 
Action: vendor SIP Phone invokes Call Forwarding to Vendor SIP Phone. 
 
Action: From another phone on CallManager (SCCP or SIP), call the forwarded SIP Phone. 
 
Verification (1): Verify that the call is forwarded to forwarded-to Vendor SIP Phone. 
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Verification (2): Verify that the calling phone displays forwarding station’s name and number 
forwarding to forwarded-to Vendor SIP Phone’s name and number. 
 
Verification (3): Verify that forwarded-to Vendor SIP Phone display shows calling station name and 
number calling forwarding station’s name and number with forward indication. 
 
Action:  Answer the call from forwarded to Vendor SIP Phone. 
 
Verification (4): The talk path between calling station and forwarded-to station is established. 
 
Verification (5): Calling station display shows forwarding station’s name and number forwarding to 
forwarded-to station’s name and number. 
 
Verification (6): The display of forwarded-to station shows calling station’s name and number calling 
forwarding station’s name and number with forward indication.  
 
Action: Detail the displays and then hang-up. 
 
Result:  passed?_________failed?___X_____ 
 
Comments: 
 
For Grandstream BT100 Phone: 
Verification(2): Calling phone displays forwarded-to vendor SIP Phone’s Alerting Name and Number. 
Verification(3): forwarded-to vedor SIP Phone display shows calling station’s Number. 
Verification(5): Calling phone displays forwarded-to vendor SIP Phone’s Name and Number. 
Verification(6): forwarded-to vendor SIP Phone display shows calling station’s Number. 
For Grandstream GXP-2000 Phone: 
Verification(2): Calling phone displays forwarded-to vendor SIP Phone’s Alerting Name and number. 
Verification(3): forwarded-to vedor SIP Phone display shows calling station’s Name and Number. 
Verification(5): Calling phone displays forwarded-to vendor SIP Phone’s Name and Number. 
Verification(6): forwarded-to vendor SIP Phone display shows calling station’s Name and Number. 
 
 
 
 
 

9.3.3 Vendor SIP to Cisco SCCP Call Forwarding 
 

Test 
Case 

 Iteration 
CF-TYPE Results 

Grandstream Budgetone 100 Series Unconditional Pass 
 Busy Pass 
 No Answer Pass 

Grandstream GXP-2000 Unconditional Pass 
 Busy Pass 
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 No Answer Pass 
 
Action: vendor SIP Phone invokes Call Forwarding to Cisco SCCP IP Phone. 
 
Action: From another phone on CallManager (SCCP or SIP), call the forwarded SIP Phone. 
 
Verification (1): Verify that the call is forwarded to forwarded-to Cisco SCCP IP Phone. 
 
Verification (2): Verify that the calling phone displays the forwarding station’s name and number 
forwarding to forwarded-to Cisco IP Phone’s name and number. 
 
Verification (3): Verify that forwarded-to Cisco IP Phone display shows calling station name and 
number calling forwarding station’s name and number with forward indication. 
 
Action:  Answer the call from forwarded-to Cisco IP Phone. 
 
Verification (4): The talk path between calling station and forwarded-to station is established. 
 
Verification (5): Calling station display shows forwarding station’s name and number forwarding to 
forwarded-to station’s name and number. 
 
Verification (6): The display of forwarded-to station shows calling station’s name and number calling 
forwarding station’s name and number with forward indication.  
 
Action: Detail the displays and then hang-up. 
 
Result:  passed?_________failed?___X_____ 
 
Comments:  
For Grandstream BT100 and GXP-2000 Phones: 
 
CFU: 
Verification(2): Calling phone displays forwarded-to Cisco SCCP Phone’s Alerting Name and number. 
Verification(3): forwarded-to Cisco SCCP Phone display shows calling station name and number calling 
forwarding station’s name and number with forward indication. 
Verification(5): Calling phone displays forwarded-to Cisco SCCP Phone’s Name and number. 
Verification(6): forwarded-to Cisco SCCP Phone display shows calling station’s name and number. 
 
CFB, CFNR: 
Verification(2): Calling phone displays forwarded-to Cisco SCCP Phone’s Alerting Name and number. 
Verification(3): forwarded-to Cisco SCCP Phone display shows calling station’s name and number. 
Verification(5): Calling phone displays forwarded-to Cisco SCCP Phone’s Name and number. 
Verification(6): forwarded-to Cisco SCCP Phone display shows calling station’s name and number. 
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10 Call Conference  

10.1 Description 
Call Conference enables a served user to add a conferee to the call  

10.2 Test Configuration for Conference 
When testing Call Conference, vendor and Cisco SIP Phones, as well as Cisco IP Phones (SCCP) and 
Cisco Conference bridge(s) are registered to CallManager 5.0 

10.3 Call Conference Test Cases 
 

10.3.1 Vendor SIP to Vendor SIP Call Conference 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
 
Action: vendor SIP Phone calls Cisco SIP Phone. Call is answered. 
 
Action: vendor SIP Phone initiates call conference (Manufacturer dependent) and calls second Vendor 

SIP Phone. Call is answered at second Vendor SIP Phone. 
 
Action:  vendor SIP Phone completes the conference (Manufacturer dependent). 
 
Verification (1): Verify that both vendor SIP Phones are connected to Cisco SIP Phones. 
 
Verification (2): Verify voice path between all three stations involved in conference. 
 
Action:  vendor SIP Phone goes on-hook and hangs up the call (Manufacturer dependent). 
 
Verification (3): Verify that the Cisco SIP phone stays connected to second Vendor SIP Phone. 
 
Optional Verification (4): (name and/or number display is optional) verify that stations’ displays are 
updated when conference is established and after conference call is dropped. 
 
 
Result:  passed?________ failed?___X______ 
 
Comments:  
For Grandstream BT100 Phone: 
To do 3-way Call Conference from Grandstream BT100 phone the user presses “CONFERENCE” button 
to get dial tone and put the active call on hold. The user then dials the number then presses “SEND” 
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button to make the call. When the destination phone answers the call, the user presses “CONFERENCE” 
button again to join Calling and Called party into the conference. 
 
For Grandstream GXP-2000 Phone: 
To do 3-way Call Conference from Grandstream GXP-2000 phone the user needs to put the active line on 
hold by pressing the “HOLD” button. User makes a second call by pressing another line button to get dial 
tone. User will then dial the number then presses “SEND” to make the second call. When the destination 
phone answers the call, the user presses “CONF” button then presses the line that is on hold to join 
Calling and Called party into the conference. 
 

10.3.2 Vendor SIP to Cisco SIP Call Conference 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
 
Action: vendor SIP Phone calls Cisco SIP Phone. Call is answered. 
 
Action: vendor SIP Phone initiates call conference (Manufacturer dependent) and calls second Cisco SIP 

Phone. Call is answered at second Cisco SIP Phone. 
 
Action:  vendor SIP Phone completes the conference (Manufacturer dependent). 
 
Verification (1): Verify that vendor SIP Phone is connected to both Cisco SIP Phones. 
 
Verification (2): Verify voice path between all three stations involved in conference. 
 
Action:  vendor SIP Phone goes on-hook and hangs up the call (Manufacturer dependent). 
 
Verification (3): Verify that first Cisco SIP phone stays connected to second Cisco SIP Phone. 
 
Optional Verification (4): (name and/or number display is optional) verify that station’s displays are 
updated when conference is established and after conference call is dropped. 
 
 
Result:  passed?________ failed?___X______ 
 
Comments:  
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10.3.3 Vendor SIP to Cisco SCCP Call Conference 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
 
Action: vendor SIP Phone calls Cisco IP Phone (SCCP). Call is answered. 
 
Action: vendor SIP Phone initiates call conference (Manufacturer dependent) and calls second IP Phone. 

Call is answered at second Cisco IP Phone. 
 
Action:  vendor SIP Phone completes the conference (Manufacturer dependent). 
 
Verification (1): Verify that vendor SIP Phone is connected to both Cisco IP Phones. 
 
Verification (2): Verify voice path between all three stations involved in conference. 
 
Action:  vendor SIP Phone goes on-hook and hangs up the call (Manufacturer dependent). 
 
Verification (3): Verify that first Cisco IP phone stays connected to second Cisco IP Phone. 
 
Optional Verification (4): (name and/or number display is optional) verify that stations’ displays are 
updated when conference is established and after conference call is dropped. 
 
 
Result:  passed?________ failed?___X______ 
 
Comments:  
 

10.3.4 Cisco SCCP to Vendor SIP Call Conference 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Cisco IP Phone (SCCP) calls vendor SIP Phone. Call is answered. 
 
Action: Cisco IP Phone (SCCP) initiates call conference and calls second Vendor SIP Phone. Call is 

answered at second Vendor SIP Phone. 
 
Action:  Cisco IP Phone completes the conference. 
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Verification (1): Verify that vendor SIP Phones are connected to Cisco IP Phones. 
 
Verification (2): Verify voice path between all three stations involved in conference. 
 
Action:  Cisco IP Phone goes on-hook and hangs up the call. 
 
Verification (3): Verify that second Vendor SIP phone stays connected to first vendor SIP Phone. 
 
Optional Verification (4): (name and/or number display is optional) verify that stations’ displays are 
updated when conference is established and after conference call is dropped. 
 
 
 
Result:  passed?___X_____ failed?_________ 
 
Comments:  
For Grandstream Phone: 
Optional Verification(4): Display of vendor SIP phones are not upated after conferencing phone is 
dropped. 
 
 

11 Voicemail access and MWI support. 

11.1 Description 
When accessing voicemail, SIP Phones must be able to generate and pass DTMF tones to voicemail 
servers. Also, SIP Phones should be able to support message waiting indication updates via display 
notification and/or MWI. 
 
 

11.2 Test configuration for Voicemail and MWI support 
When testing voicemail access and MWI, vendor SIP Phones, as well as Cisco Phones are registered on 
same CallManager 5.0 (cluster A). Cisco Unity Ports are registered on a different CallManager 5.0 
(cluster B). 

11.3 Test Cases 
 

11.3.1 Generic voicemail access/ DTMF tone outpulsing to Cisco Unity ports 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 
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Action: vendor SIP Phone calls Cisco Unity pilot number. Upon answer, access voicemail mailbox by 
pressing proper digits on phone keypad. 
 
Verification (1): Cisco Unity properly responds and interprets digits being passed by SIP Phone. 
 
 
Result:  passed?______failed?___X_____ 
 
Comments:  

11.3.2 Message Waiting Indication – MWI on 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Leave new voicemail message into Cisco Unity mailbox assigned to vendor SIP Phone 
 
Verification (1): vendor SIP Phone message waiting indicator is activated. 
 
 
Result:  passed?__X___failed?_______ 
 
Comments: 
 
 

11.3.3 Message Waiting Indication – MWI off 
 

Test  
Case Iteration 

 
Results 

Grandstream Budgetone 100 Series Pass 
Grandstream GXP-2000 Pass 

  
 
Action: Access Unity mailbox and listen/delete new voicemail message 
 
Verification (1): vendor SIP Phone message waiting indicator is deactivated. 
 
Result:  passed?__X____failed?_______ 
 
Comments: 
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12 Product Configurations 
 

12.1 Cisco CCM configuration 

12.1.1 CCM Version 
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12.1.2 Cisco 7960 Phone Configurations 
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12.1.3 Cisco 7961 SIP Phone Configurations 
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12.1.4 Route Pattern for Unity Access 
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12.1.5 SIP Trunk for Unity Access Configuration 
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12.1.6 Default SIP Profile Configuration 
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12.1.7 Generic SIP Phone Security Profile Configuration 
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12.1.8 User ID List for 3rd Party Phones 
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12.1.9 End User Configuration for 3rd Party Phone 
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12.1.10Partitions Configuration 
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12.1.11 Incoming Trunk CSS Configuration 
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12.1.12 Phones CSS Configuration 
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12.1.13 Media Resource Group 
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12.1.14 Media Resource Group List 
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12.1.15 Voicemail Profile Configuration 
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12.1.16 Voicemail Pilot 
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12.1.17 Voicemail Ports 
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12.1.18 MWI Configuration 

 
 

 
                                                                                                                                                                    Page 87 of 
117   



                                                                                                                                              tekVizion Confidential       
  

 

 
 
 

 
                                                                                                                                                                    Page 88 of 
117   



                                                                                                                                              tekVizion Confidential       
  

 
12.1.19 Translation Pattern for Voicemail Access 
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12.2  3rd party SIP Phones CCM configuration 

12.2.1 Grandstream Budgetone 100 
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12.2.2 Grandstream GXP-2000 
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12.3 GrandStream Budgetone 100 SIP phone webpage Configuration 
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12.4 GrandStream GXP-2000 SIP phone webpage Configuration 
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