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not necessarily describe all features or usage scenarios of the products; only those which Digium
believes are essential for basic interoperability, and those additional features that Digium and the
partner or vendor have agreed to describe and test are included. These tests typically are of a
functional nature to assure static interoperability, and do not include or purport to be dynamic, stress,
or performance tests under loads or changing conditions unless otherwise indicated. Thus, these tests
may not be representative of “real-world” conditions you may encounter. Digium, Inc. has made
reasonable efforts to ensure that the information contained in this document is accurate at the time of
its release, for the versions of each product described and tested or validated as described herein.
However, since products are often revised over time, Digium cannot guarantee accuracy of the
information contained herein after the date of release of this document. Digium welcomes input on
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of data, loss of income, loss of opportunity or profits, or cost of recovery or for any other special,
incidental, consequential, or indirect damages arising from the use of this document or any information
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been advised of the possibility of such damage. In no event shall Digium's liability for any errors or
omissions in this document exceed the amount paid for the Digium Products or Services at issue, or
$1000.00 (One thousand U.S. Dollars), whichever is less.
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trademarks mentioned in the document are the property of their respective owners.
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Section 1: Executive Summary

This document covers the tests executed for validation of interoperability of the partner’'s
product(s) with Digium’s Asterisk Business Edition. All relevant information is included in

order to allow the replication of these test scenarios.

1.1 Products Tested

Asterisk Business Edition has been thoroughly tested for interoperability against the partner's
product(s) listed below. The software versions for all tested products are included.

1.1.1 Asterisk Business Edition

Product

Version

Remarks

Asterisk Business Edition

C.3.1

Digium, Inc.
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1.1.2 Partner Equipment Tested (UUTs)

Partner

Product

Version

Remarks

Dialogic

DMG1000

6.0.SU3.2.001

Digium, Inc.

Page 6



1.2 Summary of Test Results

A summary of the test results is provided below. Detailed test results are available in Section

4.

1.2.1 Test Matrix

Test Case

DMG1000

PC-64

PC-45

v

PC-65

PC-46

PC-66

PC-47

PC-67

PC-48

PC-68

PC-49

PC-69

PC-50

PC-70

PC-51

PC-71

S N N N RN RN AN AN

PC-52

PC-53

PC-54

PC-55

PC-56

PC-57

PC-58

PC-59

PC-60

PC-61

PC-62

PC-63

S N N N N N N N N N N N N N NS LN
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Section 2: Test Configuration

This section describes the test configuration and setup, and any additional equipment that
was required to perform the testing. A diagram of the test setup is available in Section 2.2.

2.1 Description of Test Setup

An isolated test network was created using an Adtran NetVanta switch, two PC-based
Asterisk servers, and the partner media gateway (DMG1000). One Asterisk server used
Asterisk Business Edition and the other acted as the “Central Office” or TDM PBX. Two SIP
phones were directly connected to the network and two TDM analog phones were connected

to the TDM PBX.

2.1.1 Other Equipment Used During Testing

Vendor

Product

Version

Remarks

Adtran

NetVanta

1224st

Digium, Inc.
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2.2 Test Setup Diagram

The diagram listed below illustrates how the test equipment was connected during testing.
This diagram applies to all tests within this report.

Adtran Router

DMG 1000

& &

SIP SIP
endpoint  endpoint

TDM
endpoint endpoint
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Section 3: Product Configuration

The relevant portions of the configuration for the tested products are included in this section.

3.1 SIP to TDM calls

3.1.1 Asterisk Configuration

In extensions.conf add

exten => 121xxxx,1,Dial(SIP/${EXTEN:4}@10.10.11.121)

The first occurrence of “121” indicates the gateway used to route the call. “10.10.11.121” is
the IP Address of the gateway.

3.1.2 Dialogic Media Gateway Configuration

No configuration required. Default routing table can be used.

3.2 TDM to SIP calls

3.2.1 Asterisk Configuration
Using either the GUI or the configuration files, add extensions for the SIP phones.
3.2.2 Dialogic Media Gateway Configuration

Call routing configuration is shown in the following screenshot. One or more entries may be
required to complete the test. The following screenshot shows how all incoming TDM calls to
extension 01 are routed.
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Router Configuration

® Inbound TDOM Rules C Inbound VoIP Rules & TDM Trunk Groups O VoIP Host Groups

Select Enable Rule Label

Reguest Type

Trunk Group

O Inbound TOM Rule #18

|Any v|

[ Tdmall

W

O

Linksys 01 @ 8001

linksys @ 786000

Any v

Any v

TdmAll

TdmaAll v

polycom @& 8002

polycom @ 736001

I
|

Any v

TdmaAll

TdmaAll

[ Add Rule | [ Delets Rule |

Inbound TDM Request Matching

| | [mbound TOMRule #17 TdmAll v

T CPID Matching
Calling Party Called Party Redirecting Party
Mumber = Mumber ||}‘I
Name - Name |‘
Shaw Call Type Property Matching
Outbound Routes
Device Selection
Outbound Host X - Route [
Destination |VU|P v| | Group |Men5k Linksys vl I Method e
[ #2= | CPID Manipulation
Calling Party Called Party Redirecting Party
Mumber |S | Mumber |D | Number |R
Name |S | Name |D | Name |R

=

Salect Primary / Alternate Route

Each incoming TDM entry can route calls to one of ten VolP HostGroups. This is shown in the

following screenshot.
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Router Configuration

O Inbound TDM Rules  Inbound VoIP Rules O TDM Trunk Groups (& WoIP Host Groups
Name Load-Balanced Fault-Tolerant Network Group

[Delete |Gs-24 | | [false v| | [flse v| | [Netwok Group 21 (v
(Delete [or PIMG 102 | | [ale v| | [falss v| | [Netwok Group 21 |
(Delete [aT | | [false v | [false v| | [Network Group 21 (%]
[ Delete ] |Linksys | |false - | |false b | | MNetwaork Group #1 R |

Asterisk Linksys . false A4 . false hd . Metwark Group #1 hd -
[ Delete ] |Asten'sk polycom | |false w | |false b | | Metwaork Group #1 e |
(Delete ) |Gs aTA [ | [talse v| | [false v | [Netwok Group 21 v
[Delete [2sterisk G5 ATA | | [false v| | [flse v| | [Netwok Group 21 (v
[ Delete ] |Asten'sk Call Gusue | |false w | |false w | | Metwark Group #1 w |

[inbound TDOM] Linksys 01 @ 8001 (Primary Routs)

[scro@1oa01185 | | [Delete]

[ ros |

These two entries combined specify that incoming TDM calls to extension 01 are routed to
extension 6000 on the Asterisk Business Edition server.

3.3 Message Waiting Indicator

The Asterisk’s Server VoiceMail system can supplement legacy PBX systems. In this context,
MWIs were tested in the direction of VolP to TDM.

As a simplification, Asterisk’s dial plan was expanded so that extensions spanned the
available extensions on the legacy PBX.

In the figure below, the extensions are simply examples. The key to making MWIs work in this
setup is to provide two extensions on the DMG routing table: one routing entry routes calls
from the extension to the VoiceMailMain application to provide access for the user, and the
second routing entry routes the forwarded calls to the user’s voice mailbox.
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TDMPBX

TDM Phone (x2908)

Notes:

1) From the legacy PB X, the gateway can be accessed via two extensions: 5007 and 5008

DMG 1000
(10.10.11.121)
x 5007
x2908

ABE Server
(10.10.11.95)

2) Extension 5007 provides Voice Mail access to users
3) The TDM phone has a mailbox on the Asterisk Server

3.3.1 Asterisk Configuration

Two entries need to be added to the default context in the extensions.conf file:

exten => 5008, 1, VoiceMail (2908Q@default,u)
exten => 5007, 1, VoiceMailMain (${CALLERID (num) }@default)

Digium, Inc.
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3.3.2 Dialogic Media Gateway Configuration

O Inbound TDM Rules O Inbound VoIP Rules O TDM Trunk Groups & VoIP Host Groups
Name Load-Balanced Fault-Tolerant Network Group
(Delete [Dr PIMG 102 | | [talse v| | [fals= w| | [Network Group #1
[ Delete ] |Unksys | |false - | |false - | | Netwaork Group #1
[Deleie ] |Asterisk Linksys | |false V| |false V| | Network Group #1
[ Delete ] |Asterisk polycom | |false A | |false A | | MNetwark Group #1
(Delete ] |Gs ATA | | [fals= v | [false w| | [Metwork Group 1
(Delete ] | Asterisk G5 ATA | | [fals= v | [false w| | [Metwork Group 1
[ Delete ] |Asterisk Call Gusue | |false - | |false - | | Metwork Group #1
(Delete | Asteriskc VI | w| | [Network Group #1
Asterisk Server w . Network Group #1

[inbound TDM] Asterisk VM Access (Primary Route)
[inbound TDM] 2308 RnA Fwd to VM (Primary Route]

[10.1011.85 | | (Delete]

The screenshot shown above includes the VolP HostGroup entry which contains the Asterisk
Business Edition Server IP address.
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Router Configuration

® Inbound TOM Rules Inbound VoIP Rules & TOM Trunk Groups O WolP Host Groups

B B i Sl A WA A v
O |polycom @ 736001 || [Any v| | [Tdman v

| | [Asterisk v Access | | [Any v | [Tdman vl |

| O | |Inbaund TDM Rule #19 | ||f-\ny v|| | TdmaAll v |
2308 RnA Fwd to VM || Ay v | [ Tdmai v/

[ Add Rule ][ Deletz Rule |

Inbound TDM Request Matching

CPID Matching

>

Calling Farty

Called Party

Redirecting Party

Number

Number

[5008

Namea

Name |'

=

Call Type Property Matching

Outbound Routes

Device Selection

Qutbound Host . Route [EREp
Destination |VD|P v| | Group |Men3k Server vl | Method —

Hide CPID Manipulation

Calling FParty Called Party Redirecting Party

Mumber | Number |25DE | HNumber |R |
Name | Name |D | Name |R |

e Select Primary / Alternate Route

@ primary Alt-1 Alt-2 Alt-3 alt-a | Add Atemate Foute |

The screenshot shown above utilizes the “Asterisk Server” VolP HostGroup. This routing

table entry routes the incoming TDM call to extension 5008 to the voice mailbox for

extensions 2908.

Digium, Inc.
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Router Configuration
@ Inbound TOM Rules O Inbound VoIP Rules O TDM Trunk Groups (OWoIP Host Groups

Select Enable Rule Label Request Type Trunk Group
T I [Linksys 07 @ 8001 | | [ Any ¥ | [ TdmAll B2

polycom @& 8002

polycom @ 786001

L
|2

Any v TdmAll

Any hd TdmaAll

Asterisk VM Access Ary hd TdmaAll

|
[l

TdmAll

Inbound TDOM Rule #19

2908 RnA Fwd to VM Any v

[ [ oo [ poster)

Any v

TdmaAll

[ Add Rule | [ Delste Rule |

Inbound TDM Request Matching

T CPID Matching
Calling Party Called Party Redirecting Party

Number |' Number |5DD?

Name |' Name |‘

Shaw Call Type Property Matching

Outbound Routes
Device Salection

Outbound N Raouts
Destination | VolF | Asterisk Server Method

[ %2 | cPID Manipulation
Calling Party Called Party

Number

Name

i Select Primary [ Alternate Route

@ erimary Alt-1 Alt-2 Alt-3 alt-a [ Add Atemate Route

The routing table entry shown above provides voicemail access to TDM phone users by
routing calls to extension 5007 to the Asterisk Business Edition Server. As explained earlier,
the Asterisk Business Edition Server will determine the Calling Party information and provide
access to the correct mailbox.

3.4 DTMF

3.4.1 Asterisk Configuration

No configuration is required.
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3.4.2 Dialogic Media Gateway Configuration

Under Configuration -> VolP -> Media, the DMG should be configured as shown in the

following screenshot.

VoIP Media Settings

Audio

* Audio Compression

GG Ta

<

RTP Digit Relay Mode

nband-Tone

RTP Fax/Modem Tone Relay Mode

£

Inband-Tone

* RTP Source IP Address Validation

* RTP Source UDP Port Validation

<_| signzling Digit Relay Mode

Vioice Activity Detection

L
=1
<

I

=8 = p=
< [= |l

RFC 3560 Early Media Support OnDemand w
Codec Frame Size Frames per Packet

G.711 a0 L

G.723.1 30 1 W

G.725AE 10 3 W
Fax

* Fax IP-Transport Mode T.38 b
SRTP

* SRTP Preference RTP_Onby b

MKI on Transmit Stream

Key Derivaticn Enable

Key Derivation Rate

Anti-replay window size hint

Cipher Mode

Authentication Type

Authentication Tag Length

[ Submit ] [Cancel ]

Digium, Inc.
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Section 4: Tests Performed

The specific tests performed for verification of functionality with the partner's product(s) are

provided below.

4.1.1 Test Case PC-45

PC-45: SIP to TDM call

Step(s)

1.

Place a call originating at the SIP endpoint to a TDM endpoint.

Expected Resuli(s)

Call is connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc.
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4.1.2 Test Case PC-46

PC-46: SIP supervised transfer to TDM

Step(s) 1. Establish a SIP/TDM call.
2. Initiate a transfer from the SIP endpoint to a second TDM
endpoint.

3. Once the second TDM endpoint answers, complete the transfer
from the SIP endpoint.

Expected Result(s) . SIP endpoint successfully disconnects.
TDM endpoints are connected.

Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc. Page 19



4.1.3 Test Case PC-47

PC-47: SIP supervised transfer to TDM; TDM disconnects before transfer is complete

Step(s) 1. Establish a SIP/TDM call .
2. Initiate a transfer from the SIP endpoint to a second TDM
endpoint.

3. Once the second TDM endpoint answers, disconnect the first
TDM endpoint.

Expected Result(s)| . First TDM endpoint successfully disconnects .

SIP endpoint and second TDM endpoints remain connected.
Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc. Page 20



4.1.4 Test Case PC-48

PC-48: SIP unsupervised transfer to TDM

Step(s) 1. Establish a SIP/TDM call.

2. Initiate an unsupervised transfer from the SIP endpoint to a
second TDM endpoint.

3. Immediately complete the transfer by dialing.

Expected Result(s)| . SIP endpoint successfully disconnects.
TDM endpoints are connected.

Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts

Digium, Inc. Page 21




4.1.5 Test Case PC-49

PC-49: SIP unsupervised transfer to TDM; first TDM disconnects during unsupervised

transfer

Step(s)

1. Establish a SIP/TDM call.

2. Initiate an unsupervised transfer from the SIP endpoint to a
second TDM endpoint.

3. Complete the transfer from the SIP endpoint by dialing and
simultaneously disconnecting the first TDM endpoint.

Expected Resuli(s)

All endpoints are disconnected

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts

Digium, Inc.
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4.1.6 Test Case PC-50

PC-50: SIP supervised transfer to SIP

Step(s) 1. Establish a SIP/TDM call.
2. Initiate a transfer from the SIP endpoint to a second SIP
endpoint.

3. Once the second SIP endpoint answers, complete the transfer
from the SIP endpoint

Expected Result(s)| . First SIP endpoint successfully disconnects.
TDM and second SIP endpoints are connected.
Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts

Digium, Inc. Page 23



4.1.7 Test Case PC-51

PC-51: SIP supervised transfer to SIP; TDM disconnects before transfer is complete

Step(s) 1. Establish a SIP/TDM call.
2. Initiate a transfer from the SIP endpoint to a second SIP
endpoint.
3. Once the second SIP endpoint answers, disconnect the first TDM
endpoint.
Expected Result(s)| . TDM endpoint successfully disconnects.

First and second SIP endpoints remain connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts
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4.1.8 Test Case PC-52

PC-52: SIP unsupervised transfer to SIP

Step(s) 1. Establish a SIP/TDM call.

2. Initiate an unsupervised transfer from the SIP endpoint to a
second SIP endpoint.

3. Immediately complete the transfer by dialing.

Expected Result(s)| . First SIP endpoint successfully disconnects.
TDM and second SIP endpoints are connected.
Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts
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4.1.9 Test Case PC-53

PC-53: SIP unsupervised transfer to SIP; TDM disconnects during the unsupervised

transfer

Step(s)

1. Establish a SIP/TDM call.

2. Initiate an unsupervised transfer from the SIP endpoint to a
second SIP endpoint.

3. Complete the transfer from the first SIP endpoint by dialing and
simultaneously disconnecting the TDM endpoint.

Expected Resuli(s)

All endpoints are disconnected.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc.
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4.1.10 Test Case PC-54

PC-54: TDM to SIP call

Step(s) 1. Place a call originating from a TDM endpoint to a SIP endpoint.

Expected Result(s)| . Callis connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts
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4.1.11 Test Case PC-55

PC-55: TDM supervised transfer to SIP

Step(s) 1. Establish a TDM/SIP call.
2. Initiate a transfer from the TDM endpoint to second a SIP
endpoint.

3. Once the second SIP endpoint answers, complete the transfer
from the TDM endpoint.

Expected Result(s)| . TDM endpoint successfully disconnects.
SIP endpoints are connected.

Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spitts
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4.1.12 Test Case PC-56

PC-56: TDM supervised transfer to SIP; SIP disconnects before transfer is complete

Step(s) 1. Establish a TDM/SIP call.
2. Initiate a transfer from the TDM endpoint to a second SIP
endpoint.
3. Once the second SIP endpoint answers, disconnect the first SIP
endpoint.
Expected Result(s)| . First SIP endpoint successfully disconnects.

TDM endpoints and second SIP endpoints remain connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc. Page 29



4.1.13 Test Case PC-57

PC-57: TDM unsupervised transfer to SIP

Step(s)

1. Establish a TDM/SIP call.

2. Initiate an unsupervised transfer from the TDM endpoints to a
second SIP endpoints.

3. Immediately complete the transfer by dialing.

Expected Resuli(s)

TDM endpoints successfully disconnects.
SIP endpoints are connected.

Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc.
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4.1.14 Test Case PC-58

PC-58: TDM unsupervised transfer to SIP; the first SIP phone disconnects during the
unsupervised transfer

Step(s)

1. Establish a TDM/SIP call

2. Initiate an unsupervised transfer from the TDM endpoint to a
second SIP endpoint.

3. Complete the transfer from the TDM endpoint by dialing and
simultaneously disconnecting the first SIP endpoint.

Expected Resuli(s)

All endpoints are disconnected

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental

Digium, Inc.
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4.1.15 Test Case PC-59

PC-59: TDM supervised transfer to TDM

Step(s) 1. Establish a TDM/SIP call.
2. Initiate a transfer from the TDM endpoint to a second TDM
endpoint.

3. Once the second TDM endpoint answers, complete the transfer
from the TDM endpoint.

Expected Result(s)| . First TDM endpoint successfully disconnects.
SIP and second TDM endpoints are connected.
Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.16 Test Case PC-60

PC-60: TDM supervised transfer to TDM; SIP disconnects before transfer is complete

Step(s) 1. Establish a TDM/SIP call.
2. Initiate a transfer from the TDM endpoint to a second TDM
endpoint.
3. Once the second TDM endpoint answers, disconnect the first SIP
endpoint.
Expected Result(s)| . SIP endpoint successfully disconnects.

First and second TDM endpoints remain connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.17 Test Case PC-61

PC-61: TDM unsupervised transfer to TDM

Step(s) 1. Establish a TDM/SIP call.

2. Initiate an unsupervised transfer from the TDM endpoint to a
second TDM endpoint.

3. Immediately complete the transfer by dialing.

Expected Result(s)| . First TDM endpoint successfully disconnects.
SIP and second TDM endpoints are connected.
Voice test passes.

DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.18 Test Case PC-62

PC-62: TDM unsupervised transfer to TDM; SIP disconnects during the unsupervised

transfer

Step(s)

1. Establish a TDM/SIP call.

2. Initiate an unsupervised transfer from the TDM endpoint to a
second TDM endpoint.

3. Complete the transfer from the first TDM endpoint by dialing and
simultaneously disconnecting the SIP endpoint.

Expected Resuli(s)

All endpoints are disconnected.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.19 Test Case PC-63

PC-63: SIP forward all to SIP

Step(s)

1.

Configure the first SIP endpoint to forward all to a second SIP
endpoint.

Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded to the second SIP endpoint.

Complete the call by answering the second SIP endpoint.

Expected Result(s)

TDM and second SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.20 Test Case PC-64

PC-64: SIP forward Ring No Answer (RNA) to SIP

Step(s) 1. Configure the first SIP endpoint to forward RNA to a second SIP
endpoint.

2. Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded after several rings to the second SIP
endpoint.

3. Complete the call by answering the second SIP endpoint.

Expected Result(s)| . TDM and second SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.21 Test Case PC-65

PC-65: SIP forward busy to SIP

Step(s) 1. Configure the first SIP endpoint to forward on busy to a second
SIP endpoint.

2. Make the first SIP endpoint busy.

3. Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded to the second SIP endpoint.

4. Complete the call by answering the second SIP endpoint.

Expected Result(s) . TDM and second SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.22 Test Case PC-66

PC-66: SIP forward all to TDM

Step(s)

1.

Configure the first SIP endpoint to forward all to a second TDM
endpoint.

Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded to the second TDM endpoint.

Complete the call by answering the second TDM endpoint.

Expected Result(s)

TDM endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.23 Test Case PC-67

PC-67: SIP forward RNA to TDM

Step(s)

1.

. Complete the call by answering the second TDM endpoint.

Configure the first SIP endpoint to forward on RNA to a second
TDM endpoint.

Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded after several rings to the second TDM
endpoint.

Expected Resuli(s)

TDM endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.24 Test Case PC-68

PC-68: SIP forward busy to TDM

Step(s) 1. Configure the first SIP endpoint to forward on busy to a second
TDM endpoint.

2. Make the first SIP endpoint busy.

3. Initiate a call from a TDM endpoint to the first SIP endpoint. The
call should be forwarded to the second TDM endpoint.

4. Complete the call by answering the second TDM endpoint.

Expected Result(s) . TDM endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.25 Test Case PC-69

PC-69: TDM forward all to SIP

Step(s) 1. Configure a TDM endpoint to forward all to a SIP endpoint.

2. Initiate a call from another TDM endpoint to the TDM endpoint
that is configured to forward the call. The call should be
forwarded to the SIP endpoint.

3. Complete the call by answering the SIP endpoint.

Expected Result(s) . TDM to SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.26 Test Case PC-70

PC-70: TDM forward RNA to SIP

Step(s) 1. Configure a TDM endpoint to forward on RNA to a SIP endpoint.

2. Initiate a call from another TDM endpoint to the TDM endpoint
that is configured to forward the call. The call should be
forwarded after several rings to the SIP endpoint.

3. Complete the call by answering the SIP endpoint.

Expected Result(s) . TDM to SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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4.1.27 Test Case PC-71

PC-71: TDM forward busy to SIP

Step(s) 1. Configure a TDM endpoint to forward busy to a SIP endpoint.
2. Make the TDM endpoint busy.

3. Initiate a call from another TDM endpoint to the TDM endpoint
that is configured to forward the call. The call should be
forwarded to the SIP endpoint.

4. Complete the call by answering the SIP endpoint.

Expected Result(s) . TDM to SIP endpoints are connected.
Voice test passes.
DTMF test passes.

CPID is correct.

Pass / Fail Passed
Test Notes Test performed on Build Dialogic-DMG1000-6.0.SU3.2.001-BE.C.3.1.
Author spimental
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Section 5: Glossary of Common Terms

The following is a glossary of common telecommunication acronyms and terms that may be
used in this report.

Term Definition

Codec Coder/Decoder, Compressor/Decompressor. Software or hardware (or a
combination of both) that converts data to a code and later decodes it, e.g.
telephone firmware that converts digital signals to analog, and vice versa. Also,
technology (such as MPEG) that compresses data (such as sound files) for storage
and decompresses it for processing.

DND Do Not Disturb

Fast Busy A busy signal (also referred to as a “reorder”) in telephony is an audible or visual
signal to the calling party that indicates failure to complete the requested connection
of that particular telephone call.

Gateway A general term used by various companies to refer to the controlling interface
between the PBX and the phones within a local area network. Other companies’
“‘gateways” are called Call Managers or Call Servers.

PBX Private Branch Exchange. Originally referring to a system providing local telephone
service (“public exchange”) and access to the PSTN, PBX now typically refers to
whatever connection a phone user has to other users or to the outside world. In
some cases, that connection is a call manager, call server, or gateway, or some
other box or combination of boxes. In some IP protocols there might not even be
such a box, but simply a direct access to the Internet.

POE Power over Ethernet (POE) technology is a system to transmit electrical power,
along with data over a standard Ethernet cable to remote devices such as IP
Telephones, remote network switched, and other appliances where it would be
inconvenient or more expensive to provide a separate power supply for the device.

SIP Session Initiation Protocol (SIP) is the Internet Engineering Task Force's (IETF's)
standard for multimedia conferencing over IP. SIP is an ASCII-based, application-
layer control protocol (defined in RFC 2543) that can be used to establish, maintain,
and terminate calls between two or more end points.

TDM Time-Division Multiplexing. A type of digital signaling and transmission (sometimes
used in digital-to-analog or analog-to digital systems) in which two or more signals or
bit streams are transferred simultaneously as sub-channels in one communication
channel, physically “taking turns” on the channel. Examples of TDM communications
include T1, E1, and J1 digital lines.
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Term Definition

TFTP Trivial (or Thin) File Transport Protocol. A simple form of FTP, TFTP uses UDP and
provides no security features. It is often used by servers to download firmware or
configurations to IP phones, embedded network devices, routers, and other devices
whose user interfaces are simple or not included.

uuT Unit Under Test. In a formal test setup, the UUT is the device that is being tested or
evaluated.
VolP Voice-over Internet Protocol
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