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1 Introduction

This document is the result of the certification tests performed between the AAPP member’'s
application and Alcatel-Lucent Enterprise’s platform.

It certifies proper inter-working with the AAPP member’s application.

Information contained in this document is believed to be accurate and reliable at the time of printing.
However, due to ongoing product improvements and revisions, ALE cannot guarantee accuracy of
printed material after the date of certification nor can it accept responsibility for errors or omissions.
Updates to this document can be viewed on:

- the Technical Support page of the Enterprise Business Portal
(https://businessportal.alcatel-lucent.com) in the Application Partner Interworking Reports
corner (restricted to Business Partners)

- the Application Partner portal (https://applicationpartner.alcatel-lucent.com) with free
access.
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2 Validity of the InterWorking Report

This InterWorking report specifies the products and releases which have been certified.

This inter-working report is valid unless specified until the AAPP member issues a new major
release of such product (incorporating new features or functionalities), or until ALE issues a new
major release of such Alcatel-Lucent Enterprise product (incorporating new features or
functionalities), whichever first occurs.

A new release is identified as following:
e a “Major Release” is any x. enumerated release. Example Product 1.0 is a major product
release.
e a “Minor Release” is any x.y enumerated release. Example Product 1.1 is a minor product
release

The validity of the InterWorking report can be extended to upper major releases, if for example the
interface didn’t evolve, or to other products of the same family range. Please refer to the “IWR
validity extension” chapter at the beginning of the report.

Note: The InterWorking report becomes automatically obsolete when the mentioned product
releases are end of life.
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3 Limits of the Technical support

For certified AAPP applications, Technical support will be provided within the scope of the features
which have been certified in the InterWorking report. The scope is defined by the InterWorking
report via the tests cases which have been performed, the conditions and the perimeter of the
testing and identified limitations. All those details are documented in the IWR. The Business Partner
must verify an InterWorking Report (see above “Validity of the InterWorking Report) is valid and that
the deployment follows all recommendations and prerequisites described in the InterWorking
Report.

The certification does not verify the functional achievement of the AAPP member’s application as
well as it does not cover load capacity checks, race conditions and generally speaking any real
customer's site conditions.

Any possible issue will require first to be addressed and analyzed by the AAPP member before
being escalated to ALE. Access to technical support by the Business Partner requires a valid ALE
maintenance contract

For details on all cases (3rd party application certified or not, request outside the scope of this IWR,
etc.), please refer to Appendix F “AAPP Escalation Process”.

3.1 Case of additional Third-party applications

In case at a customer site an additional third-party application NOT provided by ALE is included in
the solution between the certified Alcatel-Lucent Enterprise and AAPP member products such as a
Session Border Controller or a firewall for example, ALE will consider that situation as to that where
no IWR exists. ALE will handle this situation accordingly (for more details, please refer to Appendix
F “AAPP Escalation Process”).
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4 Application information

Application commercial name: Telephone Adapter / VolP Gateway for Analog equipment

Application version: 4102 Dgw 42.3.986
C710 Dgw 42.2.954

Interface type: SIP/Ethernet

Brief application description:

The Mediatrix C7 and Mediatrix 4102 Series gateways combine a VolP Analog Adaptor and Media
Gateway in a secure and reliable platform featuring FXS and FXO interfaces.

FXO is not part of the tests here.

Interconnects any device to SIP

The Mediatrix C7 Series links any analog connection to an IP network and delivers a
rich feature set for a comprehensive VolP solution.

% PSTN access and Legacy PBX System Gateway

With FXS/FXO ports, local call switching, and user-defined call properties {including
caller/calling 1D), Mediatrix C7 Series gateways smoothly integrate into legacy PBXs
and incumbent PSTN netwaorks.

C 7 series

ALE Application Partner Program — Inter-working report - Edition 2 - page 9/55
Copyright © ALE International, All right reserved



Alcatel-Lucent
Enterprise

5 Test environment

Figure 1 Test environment

Configuration
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5.1 Hardware configuration

List main hardware equipments used for testing

¢ OXO Connect:
» OXO Connect Medium
» PowerCPU EE (for OXO connect)

Bl oL Mo 2e

» OXO IP box for OXO connect Evolution software.

0OX0 Connect X
/s> A ucent @)
P ——

o o (o] [ [l e

» Release: R3.0/045.001
» OMC:30.0 17.1a
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Setup Details:

OXO Connect Power CPU EE

Setup Information OXO 1

OXO 1 IP address 10.9.224.220
Voicemail No 114 -121
Attendant No 9
OXO Extension Details used for test
IPset-1: 130
IP Touch extension numbers IPset-2 : 129
IPset-3: 131
SIP extension numbers
These are analog extension SIP set-1:120
numbers connected behind SIP Set-2:121

MEDIATRIX
Fax extension number connected GWFAXset-1:122
behind MEDIATRIX

OXO Connect Evolution

Setup Information OXO 2

OXO 1 IP address 10.9.223.140
Voicemail No 114 -121
Attendant No 9
OXO Extension Details used for test

. IPset-1:118
IP Touch extension numbers IPset-2 - 119
SIP extension numbers
These are analog extension SIP set-1:120
numbers connected behind SIP Set-2:121

MEDIATRIX
Fax extension number connected GWFAXset-1:122
behind MEDIATRIX

5.2 Software configuration

List main softwares used for testing

e Alcatel-Lucent Communication Platform:
OXO Connect Power CPU EE softwareR3.0/045.001
OXO Connect evolution softwareR3.0/045.001
e Partner Application: Mediatrix 4102S Dgw 42.3.986
Mediatrix C710 Dgw 42.2.954

Note:  Analog phones are registered in the OXO Connect as "Open SIP phone".
Fax phones are registered in the OXO Connect as "Basic SIP phone".
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6 Summary of test results

6.1 Summary of main functions supported

OXO connect R3.0 (power CPU EE)

Feature Results Remarks
Initialization including network OK

configuration

SIP registration OK

SIP authentication OK

Voice over IP and RTP codec support OK

Outgoing Call OK

Incoming Call OK

Features During Conversation OK

OXO connect Evolution R3.0

Feature Results Remarks

Initialization including network OK

configuration

SIP registration OK

SIP authentication OK

Voice over IP and RTP codec support OK

Outgoing Call OK We used SIP trunk calls for external
calling related scenarios

Incoming Call OK

Features During Conversation OK

6.2 Summary of problems

e None

6.3 Summary of limitations

e Message waiting indication is not supported in this device due to a limitation in the
hardware. The Mediatrix 4102 and C7 series supports the Fsk signal to enable the visual
indicator and does not provide voltage for the indication. So message waiting indication
will not work in phones which require voltage for the indication with 4102 & C7
series. FSK and voltage is supported in models Mediatrix 4108, 4116, 4124 and Mediatrix
LP Series.

e DND Option is not available in Mediatrix GUI Interface.
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6.4 Notes, remarks

e Analog phone are registered in the OmniPCX Office as "Open SIP phone".

o We have tested fax only between two gateway devices that is behind the Mediatrix
4102s. We did not test scenarios involving external fax to gateway fax device. We
need to confirm the validity of the tests involving external fax

e Only the 4102s and C710 hardware have been tested. Behavior should be the
same with all the 410x and C7 series families.

¢ When using OXO prefix to set a forward, Do not disturb, wake-up, there is no
indication on the remote office analog sets. Only tones are heard during
configuration. There is also no indication when an OXO forward is set,

e Message waiting indication has to be enabled separately in the configuration.
Network calls are tested between OXO Connect power CPU EE and OXO Connect
Evolution.

o Extensions connected behind the Mediatrix are referred as SIP phone Z-set

e OXO connect evolution supports only 80X8 series phones. We tested with 8028
and 8068 phones during our testing.

When mentioning OXO in this document means system used for the tests (OXO Connect
and/or OXO Connect Evolution)

ALE Application Partner Program — Inter-working report - Edition 2 - page 13/55
Copyright © ALE International, All right reserved



Alcatel-Lucent
Enterprise

7 Test Result Template

The results are presented as indicated in the example below:

Test
Case Test Case N/A OK | NOK Comment
Id
Test case 1
1 e Action M X ]

o Expected result

Test case 2 L .
The application waits

Action i
5 . OJ X (] |for PBX timer or
e Expected result phone set hangs up

Test case 3 Relevant only if the

e Action . .
3 X ] [] |CTlinterface is a
*  Expected result direct CSTA link

Test case 4
e Action No indication, no error
4 1]
e Expected result [ [ X message

0| o| o0

Test Case Id: a feature testing may comprise multiple steps depending on its complexity. Each step
has to be completed successfully in order to conform to the test.

Test Case: describes the test case with the detail of the main steps to be executed the and the
expected result

N/A: when checked, means the test case is not applicable in the scope of the application

OK: when checked, means the test case performs as expected

NOK: when checked, means the test case has failed. In that case, describe in the field “Comment”
the reason for the failure and the reference number of the issue either on ALE side or on AAPP
member side

Comment: to be filled in with any relevant comment. Mandatory in case a test has failed especially
the reference number of the issue.
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8 Test Results

8.1 Analog phones tests

8.1.1 Test Objectives

In this section analog phones are connected as Open SIP device on OXO though the analog
gateway. These phones acts as OXO sets, so system features are available (prefix, suffix for
example)

These tests shall verify that the different components are properly connected and can communicate
together (the external application and the Alcatel-Lucent Communication Platform is connected and
the interface link is operational).

8.1.2 Test Results

Test
Case Test Case N/A | OK | NOK Comment
Id
SIP sets
Configure your SIP sets MCDU number on the OXO
as Zset-1, Zset-2 & Zset-3 to register with the OXO
AN1 IP address n K n

Check the registration on your sets and the display

Note that authentication is disabled for these users,
the password doesn’t matter.

SIP set registration to OXO in static IP
addressing

For this test we will try to register the SIP phone with
authentication enabled.

ANZ I gip phones Zset-1, Zset-2 & Zset-3 are configured O ¢ O
with a static IP address of OXO.
Check the phone registration and display.

Redo the same test on one IP phone with a wrong
password and check that the phone is rejected.

Support of “423 Interval Too Brief” (1)

AN3 | The SIP phone Zset-2 is configured with a value O X l
lower than 120 seconds.
Check the phone registration and display

Signaling TCP-UDP

If applicable configure your SIP set Zset-2 to use the

AN4 | protocol SIP over UDP and other TCP O X U
In the two cases, check the registration and basic
calls.
ALE Application Partner Program — Inter-working report - Edition 2 - page 15/55
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8.2 Audio codec negotiations/ VAD / Framing

8.2.1 Test Objectives

These tests check that the phones are using the configured audio parameters (codec, VAD,
framing).

Phone configuration: configure the analog gateway to use G.722, G.711 A-law, G.711 mu-law,

G.729, G.723 in this order (unless otherwise stated).
Configure IP Touch with codec G.711 and to NOT use VAD (unless otherwise stated).

8.2.2 Test Results

Test
Case Test Case N/A OK NOK Comment
Id

Select G711 A-law as 1% codec in the analog
gateway

Call from SIP Zset-2 to IP Touch IPset-2

Check that the call is established in G711 A-law.
AUl | Check audio quality ] X O

Call from IP Touch IPset-2 to SIP Zset-2
Check that the call is established in G711 A-law.
Check audio quality

Select G729 as 1st codec in the analog gateway
Call from SIP Zset-2 to IP Touch IPset-2

Check that the call is established in G729

AU2 Check audio quality 0 X 0
Call from IP Touch IPset-2 to SIP Zset-2
Check that the call is established in G729
Check audio quality

Select G723 as 1% codec in the analog gateway
Call from SIP Zset-2 to IP Touch IPset-2

Check that the call is established in G723
Check audio quality X 0 0

G723 is not supported
in OXO Connect
evolution 3.0

Not supported by
Mediatrix

AU3

Call from IP Touch IPset-2 to SIP Zset-2
Check that the call is established in G723
Check audio quality
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AU4

Configure Zset-2 to use VAD
Configure IP Touch IPset-2 NOT to use VAD

Call from SIP Zset-2 to IP Touch IPset-2
Check that the call is established in G711 A-law.
Check audio quality

Configure SIP Zset-2 to use VAD
Configure IP Touch IPset-2 to use VAD
Redo the same tests

Configure SIP Zset-2 NOT to use VAD
Configure IP Touch IPset-2 to use VAD
Redo the same tests

AUS

In OXO enable codec pass through for SIP
phones

Call from SIP Zset-1 to SIP Zset-2
Check that the call is established using G.722
Check audio quality

Not supported by
Mediatrix

AU6

In OXO 1 and OXO 2 enable codec pass through
for SIP phone ; direct RTP and codec pass
through for SIP trunk. G723 is preferred codec in
the analog gateway

Call from SIP Zset-1 to Network SIP NwkZset-1
Check that the call is established using direct RTP in
G723.

Check audio quality

G723 Not supported
by Mediatrix

AU7

In OXO 1 and OXO 2 disable direct RTP and
codec pass through for SIP trunk ARS table is
configured with “default” codec. G723 is
preferred codec in the analog gateway

Call from SIP Zset-1 to Network SIP NwkZset-1
Check that the call is established in G711.
Check audio quality

G723 Not supported
by Mediatrix

AUS8

In OXO 1 and OXO 2 disable direct RTP and
codec pass through for SIP trunk
ARS table is configured with codec G729 30

Call from SIP Zset-1 to Network SIP NwkZset-1
Check that the call is established in G729.
Check audio quality

8.3 Outgoing calls

8.3.1 Test Objectives
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The calls are generated to several users belonging to the same network.
Called party can be in different states: free, busy, out of service, do not disturb, etc.
Calls to data devices are refused.
Points to be checked: tones, voice during the conversation, display (on caller and called party),
hang-up phase.
OXO prefixes are mandatory for several tests of this section. For more information refer to the
appendix C.

Note: dialing will be based on direct dialing number but also using programming numbers on the
SIP phone (if available).

8.3.2 Test Results

Test
Case
Id

Test Case

N/A | OK

NOK

Comment

Oou1l

Call to a local user

With SIP Phone Zset-2 call the IP Touch IPset-1.
Check that IPset-1 is ringing.

Take the call and check ring back tone audio and
display.

ou2

Call to local user with no answer

With SIP Phone Zset-3 call the IP Touch IPset-1.
And never take the call.

Check time out (if any) and display.

Note that IPset-1 don’t have a Voice Malil

ou3

Call to another SIP set

With the SIP phone Zset-2 call the other SIP Phone
Zset-3

Check the display and audio during all steps (dialing,
ring back tone, conversation, and release).

ou4

Call to wrong number

(SIP: “404 Not Found”)
With the SIP phone Zset-2 call a wrong number
Check the ring back tone and display

Oous

Call to busy user
(SIP: “486 Busy Here”)

With the SIP phone Zset-2 call IP Touch IPset-1,
take the call and don’t hang up.

With other SIP phone Zset-3 call IPset-1 which is
busy

Check the ring back tone and display

Oou6

Call to user in “Out of Service” state
(SIP: “480 Temporarily Unavailable”)

With the SIP phone Zset-3 call the IP Touch IPset-1
which is in “Out of Service State”
Check the display and ring back tone

Instead of out of service
message, the call is
automatically forwarded
with 181 forwarded from
OXO0
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Test
Case Test Case N/A | OK | NOK Comment
Id
Call to user in “Do not Disturb” (DND) state
(SIP: “480 Temporarily not available”)
Dial “*63” on the IP Touch IPset-1 in order to enable
OU7 |the DND. Wait for acknowledgement ring back tone O X O
from OXO.
With the SIP phone Zset-2 call IPset-1.
Check ring back tone and display.
Redial *60 on IPset-1 to cancel the DND
Call to local user, immediate forward (CFU).
(SIP: “181 Forwarded”)(1)
On IP Touch IPset-1 dial the *61IPset-2 to activate
the CFU. Wait for acknowledgement ring back tone
ous from OXO. O X O
With the SIP phone Zset-2 call the IPset-1.
Check that IPset-2 is ringing and the display. Take
the call check audio and hung up.
Dial *60 on IPset-1 for forward cancellation.
Call to local user, forward on no reply (CFNR). (1)
On IP Touch IPset-1 configure with OMC the CFNR
using dynamic routing to IPset-2.
With Zset-2 call the IPset-1. Check that IPset-1 is
OU9 |ringing but don’t take the call and wait the time out O X O
(about 30 sec). Time out is defined in IPset-1
dynamic routing of Timer 1.
After time out check that IPset-2 is ringing and take
the call.
Check the audio and display.
Call to local user, forward on busy (CFB). (1)
On IP Touch IPset-1 dial the *62IPset-2 (*62+<target
MCDU number>) to activate the CFB. Wait for
acknowledgement ring back tone from OXO.
QU10 | With SIP phone Zset-2 call IPset-1 and take the call O X O
to make it busy.
With other SIP phone Zset-3 call IPset-1.
Check that IPset-2 is ringing and take the call.
Check the audio and display.
Dial *60 on IPset-1 for forward cancellation.
Call to external number
(Check ring back tone, called party display) OXO Connect
We used ISDN TO line
OU11 | With SIP set Zset-2 dial 9 (9 prefix +external number O X 0 |OXO Connect evolution
We used SIP trunk for
Take the call and check audio, display and call testing this scenario
release.
SIP session timer expiration: Check if call is
maintained or released after the session timer
has expired
With SIP set Zset-2 call IP Touch IPset-1.
Ou12 Take the call on IPset-1 and never hang up, wait for O D O
time
out expiration.
Check that call is maintained or release.
Notes:

(1) For test cases with call to forwarded user: User is forwarded to another local user. Special
case of forward to Voice Mall is tested in another section.
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8.4 Incoming calls

8.4.1 Test Objectives

Calls will be generated using the numbers or the name of the SIP user.
SIP terminal will be called in different states: free, busy, out of service, forward.

The states are to be set by the appropriate system prefixes unless otherwise noted.
Points to be checked: tones, voice during the conversation, display (on caller and called party),
hang-up phase.

Network calls are made using SIP private trunk established between two OXO’s.

OXO prefixes are mandatory for several tests of this section. For more information refer to the
appendix C.

8.4.2 Test Results

Test
Case Id

Test Case

N/A

OK

NOK

Comment

IN1

Local /network call to free SIP terminal
Local: with IP Touch IPset-1 call SIP set Zset-2. Check
that Zset-2 is ringing and take the call

Check ring back tone and called party display.

Network: with IP Touch IPset-1 call SIP set NwkZset-2 on
another Node. Check that NwkZset-2 is ringing and take
the call.

Check ring back tone and called party display.

IN2

Local/network call to busy SIP terminal

Local: With SIP set Zset-3 call other SIP set Zset-2 and
take the call to make it busy, don’t hang up.

With IP Touch IPset-2 call Zset-2 which is busy

Check the ring back tone and display.

Network: With SIP set Zset-2 call SIP set NwkZset-2 and
take the call to make it busy, don’t hang up.
With IPset-1 call NwkZset-2 which is busy

Check ring back tone and called party display.

IN3

Local/network call to unplugged SIP terminal
Local: Unplug the Zset-2 SIP set and call it with IP Touch
IPset-1.

Check the ring back tone and display

Network: Unplug the SIP set NwkZset-2 and call it with
IPset-1

Check the ring back tone and display
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Test
Case Id

Test Case

N/A

OK

NOK Comment

IN4A

Local/network call to SIP terminal in Do Not Disturb
(DND) mode
By local feature if applicable:

Local: Enable DND on SIP set Zset-2 and call it with IP
Touch IPset-1

Check the ring back tone and display

Cancel the DND on Zset-2.

Network: Enable DND on SIP set NwkZset-2 and call it
with IP Touch IPset-1

Check the ring back tone and display

Cancel the DND on Zset-2.

0 DND Feature is not
available in Mediatrix.

IN4B

By system feature

Local: Enable DND on SIP set Zset-2 using the *63 prefix..
Wait for acknowledgement ring back tone from OXO.

With IP Touch IPset-1 call Zset-2
Check the ring back tone and display
Cancel the DND on Zset-2 using *63 prefix.

Network: Enable DND on SIP set NwkZset-2 using the *63
prefix. Wait for acknowledgement ring back tone from
OXO.

With IP Touch IPset-1 call NwkZset-2
Check the ring back tone and display
Cancel the DND on NwkZset-2 using * 60 prefix.

0 Call goes to
voicemail

INSA

Local/network/SIP call to SIP terminal in immediate
forward (CFU) to local user:

By local feature if applicable:

Local: On SIP set Zset-2 enable CFU to IP Touch IPset-1
With SIP set Zset-3 call Zset-2. Check that IPset-1 is
ringing.

Take the call and check audio and display.

Disable CFU on Zset-2.

Network: On SIP set NwkZset-2 enable CFU to IP Touch
NwkIPset-1.

With SIP set Zset-2 call NwkZset-2. Check that NwkIPset-
1 is ringing.

Take the call and check audio and display.

Disable CFU on NwkZset-2.
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Test Test Case N/A | OK | NOK Comment
Case Id
By system feature:
Local: On SIP set Zset-2 enable CFU to IP Touch IPset-1
using *61IPset-1 prefix (*61 + <target MCDU number>).
Wait for acknowledgement ring back tone from OXO.
With SIP set Zset-3 call Zset-2. Check that IPset-1 is
ringing.
Take the call and check audio and display.
IN5SB | Disable CFU on Zset-2 using *60 prefix. | X O |cCallis forwarded
Network: On SIP Set NwkZset-2 enable CFU to IP Touch
NwkIPset-1 using *61 + <target MCDU number>.
Wait for acknowledgement ring back tone from OXO.
With SIP Set Zset-3 call NwkZset-2. Check that NwkIPset-
1 is ringing.
Take the call and check audio and display.
Disable CFU on NwkZset-2 using *60 prefix.
Local/network/SIP call to SIP terminal in immediate
forward (CFU) to network number:
By local feature if applicable:
Local: On SIP Set Zset-3 enable CFU to SIP Set NwkZset-
1.With SIP set Zset-2 call Zset-3. Check that NwkZset-1 is
ringing.
Take the call and check audio and display.
INGA Disable CFU on Zset-3. . & u
Network: On SIP Set Zset-2 enable CFU to IP Touch
NwkIPset-1.
With SIP Set NwkZset-2 call Zset-2. Check that NwkIPset-
1 is ringing.
Take the call and check audio and display.
Disable CFU on Zset-2.
By system feature:
Local: On SIP Set Zset-2 enable CFU to SIP Set NwkZset-
1 using *61NwkZset-1 prefix (*61 + <target MCDU
number>).
Wait for acknowledgement ring back tone from OXO.
With SIP set Zset-3 call Zset-2. Check that NwkZset-1 is
ringing.
Take the call and check audio and display.
IN6B | pisable CFU on zset-2 using *60 prefix. [ X O
Network: On SIP Set Zset-2 enable CFU to IP Touch
NwkIPset-1 using *61 + <target MCDU number>.
Wait for acknowledgement ring back tone from OXO.
With SIP Set NwkZset-2 call Zset-2. Check that NwklIPset-
1 is ringing.
Take the call and check audio and display.
Disable CFU on Zset-2 using *60 prefix.
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Test
Case Id

Test Case

N/A

OK

NOK Comment

IN7A

Local/network/SIP call to SIP terminal in immediate
forward (CFU) to another SIP user

By local feature if applicable:

Local: On SIP set Zset-2 enable CFU to SIP set NwkZset-
1.

With Zset-3 call Zset-2. Check that NwkZset-1 is ringing.
Take the call and check audio and display.

Disable CFU on Zset-2.

Network: On SIP set Zset-2 enable CFU to IP Touch
NwkIPset-3.

With SIP Set NwkZset-1 call Zset-2. Check that NwkIPset-
3is ringing.

Take the call and check audio and display.

Disable CFU on Zset-2.

IN7B

By system feature:

Local: On SIP Set Zset-3 enable CFU to SIP Set NwkZset-
1 using *61 + <target MCDU number>.

Wait for acknowledgement ring back tone from OXO.

With SIP Set Zset-2 call Zset-3. Check that NwkZset-1 is
ringing.

Take the call and check audio and display.

Disable CFU on Zset-3 using *60 prefix.

Network: On SIP Set Zset-3 enable CFU to IP Touch
NwklIPset-3 using *61 + <target MCDU number>.

Wait for acknowledgement ring back tone from OXO.

With SIP Set NwkZset-1 call Zset-3. Check that NwkIPset-
3 is ringing.

Take the call and check audio and display.

Disable CFU on Zset-3 using *60 prefix

INSA

Local call to SIP terminal in “forward on busy” (CFB)
state:
By local feature if applicable

On SIP Set Zset-2 enable CFB to IP Touch IPset-1
With Zset-2 call the voice mail to make it busy.
With SIP Set Zset-3 call Zset-2 which is busy.
Check that IPset-1 is ringing

Take the call and check audio and display.

Disable CFU on Zset-2.

IN8B

By system feature:

On SIP Set Zset-2 enable CFB to IP Touch IPset-1 using
*62 + <target MCDU number>,

Wait for acknowledgement ring back tone from OXO.
With Zset-2 call the voice mail to make it busy.

With SIP Set Zset-3 call Zset-2 which is busy.

Check that IPset-1 is ringing

Take the call and check audio and display.

Disable CFB on Zset-2 using *60 prefix.
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Test
Case Id

Test Case

N/A

OK

NOK

Comment

IN9A

Local call to SIP terminal in “forward on no reply”
(CFNR)

By local feature if applicable

On SIP Set Zset-3 enable CFNR to IP Touch IPset-1
With SIP Set Zset-2 call Zset-3.

Check that Zset-3 is ringing and don’t take the call, wait
for time out (about 30 seconds).

After time out expiration the IPset-1 is ringing, take the call
and check audio and display.

IN9B

By system feature

CNFR via prefix not available on OXO (dynamic routing
has to be used)

IN10

Call to busy user, Call waiting.

(Camp-on), local feature if applicable:

With SIP Set Zset-2 call other SIP Set Zset-3 (multiline
set) to make it busy, take the call and don’t hang up.

With IP Touch IPset-2 call Zset-3 (on Zset-3 camp-on
feature is enabled).
Check the Call waiting or ring back tones and display

Busy tone is heard

IN11

External call to SIP terminal.
Check that external call back number is shown correctly:
With SIP Set Zset-3 dial 9 + target MCDU number.

Check that external is ringing and the external call number
is shown correctly
Take the call and check audio, display and call release.

IN12

Calling Line Identity Restriction (CLIR): Local call to
SIP terminal.

On IP Touch IPset-2 enable mask Identity and call SIP Set
Zset-3 in order to hide IPset-2 identity.

Check that Zset-3 is ringing, take the call and check that
IPset-2 identity is hidden.

IN13

Display: Call to free SIP terminal from IP Touch user with

Check caller display.

Check that SIP set is ringing and check on its display that
the characters are correctly printed.

IN14

Display: Call from IP Touch to SIP which has the name
containing non-ASCII characters, eg &@(#?+)=.
Check caller display.

Check that SIP set is ringing and check that the
characters are correctly printed.
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Test
Case Id

Test Case

N/A

OK

NOK

Comment

IN15

SIP set is part of a sequential hunt group (1). Call to hunt
group. Check call/release.

With IP Touch IPset-1 call the sequential hunt group
MCDU number 328

Check that Zset-2 is ringing

Take the call and don’t hang up.

And with IP Touch IPset-2 call the sequential hunt group
MCDU number 328 Check that IPset-2 is ringing
Take the call and don’t hang up.

And with SIP Set Zset-1 call the sequential hunt group
MCDU number 328

Check that Zset-3 is ringing

Take the call and don’t hang up.

IN16

SIP set is part of a cyclic hunt group (2). Call to hunt
group. Check call/release.

With IP Touch IPset-1 call the cyclic hunt group MCDU
number IPset-2

Check that 301 is ringing

Take the call and hang up.

And with IPset-1 call the cyclic hunt group MCDU number
IPset-2 Check that Zset-3 is ringing
Take the call and hang up.

And with SIP Set Zset-1 call the cyclic hunt group MCDU
number IPset-2

Check that Zset-2 is ringing

Take the call and don’t hang up.

IN17

SIP set is declared as a MultiSet. Call to main set and see
if twin set rings. Take call with twin set.

With IP Touch IPset-2 call IP Touch IPset-1 which is in
MultiSet with SIP Set Zset-3.
Check that Zset-3 and IPset-1 both ringing.

Take the call from Zset-3 and check that IPset-1 stop
ringing.
Check audio and display.

8.5 Features during Conversation

8.5.1 Test Objectives

Features during conversation between local user and SIP user must be checked.
Check that right tones are generated on the SIP phone. A multiline SIP set is mandatory for tests 2,
3,4 and 8.
OXO prefixes are mandatory for several tests of this section. For more information refer to the
appendix C.
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8.5.2 Test Results

Test
Case ld

Test Case

N/A

OK

NOK

Comment

FE1A

Hold and resume with local feature (if applicable)
With Zset-3 call IPset-1 take the call, check audio and
display.

With Zset-3 put IPset-1 on hold check tones and
display on both and resume the call.

With IPset-1 put Zset-3 on hold check tones and
display on both and resume the call.

Keep this call for the next test.

Music on hold tone
can be loaded in
Meditrix device.

FE1B

Enquiry call to another local user (if applicable)
Distant user is put on hold with local feature

With Zset-3 (multi-lines) call IPset-2 and take the call.
IPset-1 will be put on hold when making second call to
IPset-2

Put IPset-2 on hold and check tones and display on
both.

Keep these two calls for the next test.

FE1C

Broker request, toggle back and forth between both
lines with local feature (if applicable)

With Zset-3 switch between IPset-1 and IPset-2 lines.
Check the tones and display on sets on hold state.

Keep these two calls for the next test.

FE1D

Release first call. Keep second call.

Hang up IPset-1 and only Zset-3 and IPset-2 are in call
Check that Zset-3 & IPset-2 are still in a call, check
display.

FE2

Repeat the test 1C to 1D but using the call server
feature

FE3

Three party conferences initiated from OXO set
With IPset-1 call Zset-2, take the call and don’t release
it.

With IPset-1 call IPset-2, take the call and don’t release
it too.

With IPset-1 start a conference.

Check that IPset-1, IPset-2 and Zset-2 are in
conference.
Check audio and display.

Works fine

FE4A

Three party conferences initiated from SIP set with
local feature (if applicable)

With Zset-2 call IPset-1 take the call and don’t release
it.

With Zset-2 call IPset-2, take the call and don’t release
it too.
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Test
Case ld

With Zset-2 start a conference by the local feature

Check that IPset-1, IPset-2 and Zset-2 are in
conference.
Check audio and display.

Three party conferences initiated from SIP set with
FE4B OXO feature . g M

Meet Me conference

With Zset-3 call the Meet me Conference bridge dialing
prefix 68 and follow instruction to open the bride.

With Zset-2 join the conference bridge by dialing prefix
FE5 69 and enter access code. O X O

With IPset-1 join the conference bridge by dialing prefix
69 and enter access code.

Check that IPset-1, Zset-2 and Zset-3 are in
conference.

8.6 Call Transfer

8.6.1 Test Objectives

During the consultation call step, the transfer service can be requested and must be tested.
Several transfer services exist: Unattended Transfer, Semi-Attended Transfer and Attended
Transfer.

Audio, tones and display must be checked.

We use the following scenario, terminology and notation:

There are three actors in a given transfer event:
e A -—Transferee: the party being transferred to the Transfer Target.
e B - Transferor: the party doing the transfer.
e C — Transfer Target: the new party being introduced into a call with the Transferee.

There are three sorts of transfers in the SIP world:
e Unattended Transfer or Blind transfer : The Transferor provides the Transfer Target's
contact to the Transferee. The Transferee attempts to establish a session using that contact
and reports the results of that attempt to the Transferor.

e Semi-Attended Transfer or Transfer on ringing:

A (Transferee) calls B (Transferor).

2. B (Transferor) calls C (Transfer Target). A is on hold during this phase. C is in ringing state
(does not pick up the call).

3. B executes the transfer. B drops out of the communication. A is now in contact with C, in
ringing state. When C picks up the call it is in conversation with A.

=

e Attended Transfer or Consultative Transfer or Transfer in conversation:
1. A (Transferee) calls B (Transferor).
2. B (Transferor) calls C (Transfer Target). A is on hold during this phase. C picks up the
call and goes in conversation with B.
3. B executes the transfer. B drops out of the communication. A is now in conversation
with C.

Test Case N/A OK [ NOK Comment
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Note: Unattended and Semi Attended transfer are not supported for SIP phones on OmniPCX
Office.

In the below table, SIP means a partner SIP set, OXO means a proprietary OXO (Z/UA/IP) set, Ext.
Call means an External Call, ISDN for example.

8.6.2 Test Results

Test
case Test case N/A OK NOK Comment
ID

A B C

Transfer
Target

Transferee Transferor

CT1 OXO SIP OXO O X O

OXO Connect

We used ISDN TO
line

OXO Connect
evolution

We used SIP trunk
for testing this
scenario

CT2 Ext Call SIP OXO O X O

OXO Connect
We used ISDN TO
line

OXO Connect
evolution

We used SIP trunk
for testing this
scenario

CT3 Ext Call SIP Ext Call O X O

CT4 SIP SIP SIP

0
XX
O

CT5 SIP 0)(0) 0)(0)

OXO Connect

We used ISDN TO

line

0 OXO Connect
evolution

We used SIP trunk

for testing this

scenario

CT6 Ext Call OXO0 SIP U X

OXO Connect

We used ISDN TO
line

OXO Connect
evolution

We used SIP trunk
for testing this
scenario

CT7 SIpP OXO SIP O X O
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8.7 Attendant

8.7.1 Test Objectives

An attendant console is defined on the system. Call going to and coming from the attendant console
are tested.

8.7.2 Test Results

UGS Test Case N/A | OK | NOK Comment
Case Id
SIP set call to attendant
ATl From SIP set Zset-2 dial “9” (attendant call prefix) O X [
Check audio and display
2" incoming call while in conversation with
attendant Beep sound is heard
when there is
AT2 While SIP set Zset-2 is in conversation with the O D O second incoming
attendant, from IP Touch IPset-2 call Zset-2 call.
Answer the call and check audio and display
SIP set call to attendant, attendant transfers to
OXO set, semi-attended
AT3 From SIP set Zset-2 dial “9” (attendant call prefix) and 0 X 0
answer.
Attendant transfer semi-attended to IP Touch IPset-2
Answer the call and check audio and display
SIP set call to attendant, attendant transfers to
OXO set, attended
AT4 From SIP set Zset-2 dial “9” (attendant call prefix) and M %4 0
answer
Attendant transfer attended to IP Touch IPset-2
Check audio and display
OXO set calls to attendant, attendant transfers to
SIP set, attended
ATS From IP Touch IPset-2 dial “9” (attendant call prefix) n < 0
and answer
Attendant transfer attended to SIP set Zset-2
Check audio and display
External ISDN Call to attendant, attendant transfers
to SIP set, attended
AT6 ISDN incoming call to the attendant. 0 X 0
From the attendant call SIP set Zset-2 and transfer
attended
Check audio and display
SIP set call to attendant, attendant transfers to
External
AT7 From SIP set Zset-2, dial “9” (attendant call prefix) and O D O
answer
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UGS Test Case N/A | OK | NOK Comment
Case Id
From the attendant, call an external ISDN destination
and transfer semi-attended
Answer and check audio and display.
8.8 Voice Mall

8.8.1 Test Objectives

Voice Mail natification, consultation and password modification must be checked.
MWI (Message Waiting Indication) has to be checked.

Voice mail service is enabled on SIP sets Zset-2, Zset-3 and OXO IPset-1.

For these tests, DTMF sending (RFC 2833) has to be validated in order to use Voice Mail menu.

8.8.2 Test Results

Test

Test Case N/A OK NOK Comment
Case ld

Password modification

With SIP set Zset-3 call the Voice Mail and follow
the Voice guide in order to modify the default
password.

Vo1 When modification is accepted hang-up. ] X [

Recall the voice mail and try to log with a wrong
password. Check the rejection.

Recall the voice mail and try to log with the right
password. Check the service access.

Message display activation, MWI (1):

With SIP set Zset-2 call the Voice Mail. Message waiting
Follow the instructions in order to send a voice indication not supported

V02 i X O O S .

message in SIP set Zset-3 boxes. in this version.

Hardware limitation

Check that the MWI on Zset-3 is activated.

Message consultation

With SIP set Zset-3 call the Voice Mail.

Follow the instructions in order to listen your voice
VO3 message Ieavgd du_ring the previous test. Check ] X H
that your can listen it and delete.

Check that MWI display is disabled on Zset-3 after
message cancellation.

SIP call to a OXO user forwarded to Voice Malil
Forward the IP Touch IPset-1 to Voice Mail by

dialing *61 prefix + <Voice Mail number>. Call forward can be
enabled from the codes
VO4 | With SIP set Zset-3 call IPset-1 and check that you O X O |configured in the
are immediately forwarded to Voice Mail. Mediatrix device

Check that you can leave a message

On IPset-1 disable Voice Mail forwarding with *60

ALE Application Partner Program — Inter-working report - Edition 2 - page 30/55
Copyright © ALE International, All right reserved




Alcatel-Lucent
Enterprise

Test

Case Id Test Case N/A OK

NOK

Comment

prefix.

OXO set call to a SIP user forwarded to Voice Mail
Forward the SIP set Zset-3 to Voice Mail by dialing
*61 prefix + <Voice Mail number>,

VOS5 With IP Touch IPset-1 call Zset-3 and check that 0 X
you are immediately forwarded to Voice Mail.

Check that you can leave a message

On Zset-3 disable Voice Mail forwarding with *60
prefix.

Call forward can be
enabled from the codes
O |configured in the
Mediatrix device

8.9 Defence

8.9.1 Test Objectives

Checks how the SIP set will react in case of a OXO reboot, Ethernet link failure.

8.9.2 Test Results

Test
Case Test Case N/A OK | NOK Comment
Id
OXO Connect
We tested this
OXO Reboot scenario with OXO
Establish an incoming ISDN call with SIP set-1. connect RS.Q
Medium cabinet and
DE1 O X O |mix board.
Reboot the OXO. OXO Connect
When the OXO is up again, re-establish an incoming %connect
ISDN call with SIPset-2 and check the audio. .
evolution we used SIP
trunk for this scenario.
Ethernet link failure
Establish an incoming ISDN call with SIP set-1. M
This scenario is
. . i applicable only for
DE2 Disconnect the Ethernet link of SIP set-1. M %4 0 |0Xx0 connect (Power
Check that the incoming call is presented to the CPU EE).
attendant.
Reconnect the Ethernet link of SIP set-1.
ALE Application Partner Program — Inter-working report - Edition 2 - page 31/55

Copyright © ALE International, All right reserved




Alcatel-Lucent
Enterprise

Re-establish an incoming ISDN call with SIP set-1
and check the audio.

DE3

Power failure
In OXO connect Evolution the

Establish an incoming ISDN call with SIP set-1.
Disconnect the Ethernet link of SIP set-1.

Check that the incoming call is presented to the
attendant.

Reconnect the Ethernet link of SIP set-1.

Re-establish an incoming ISDN call with SIP set-1
and check the audio.

OXO Connect
evolution

We used SIP trunk
instead of ISDN for
OXO connect
evolution.

OXO connect
evolution is powered
by PoE. So once the
cable is disconnected,
the evolution box is
switched off.

Once it is connected it
boots up and calls are
successful.

8.10 Fax tests

8.10.1 Test Objectives

In this section fax modules are connected as Basic SIP device on OXO though the analog gateway.

These fax modules are limited to G711 pass-through sending method.

These tests shall verify that the basic communication between FAX can be made on different
conditions.

8.10.2 Test Results

Basic Fax Tests

Test
Case Test Case N/A OK [ NOK Comment
Id
Register with no authentication
FA1 |[On OXO and on the analog gateway, configure| [ X Cl E:Eiﬁérizlggi;?ﬁxsets
GWFAXset-1 and GWFAXset-2 registration with no
authentication. Check registration.
Register with authentication Registration fax sets
behind Mediatrix
FA2 |On OXO and on the analog gateway, configure| [ X Cl
GWFAXset-1 and GWFAXset-2 registration with
digest authentication mode. Check registration.
Register time out Registration fax sets
behind Mediatrix
FA3 |On the analog gateway, configure 120 seconds as| [ X Il
registration period. Wait for a registration timeout
and check that the gateway registers again
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Loop-back communication from GATEWAY Fax to GATEWAY Fax through OmniPCX Office.

Test
Case Test Case N/A | OK | NOK Comment
Id
gg\iicseindmg to an between two gateway fax We sent single fax
FA4 ] X O |betweentwo MP118
Send a fax from GWFAXset-1 to GWFAXset-2 phones.
Fax sending with no authentication The scenario is not
FA5 X ] ] [valid for OXO connect
Send a fax from an FAXset-1 to GWFAXset-1 Evolution
Fax receiving with no authentication The scenario is not
FAG X ] ] [valid for OXO connect
Send a fax from GWFAXset-1 to FAXset-1 Evolution
Register with authentication The scenario is not
valid for OXO connect
FA7 |On OXO and on the analog gateway, configure| X l [J |Evolution
GWFAXset-1 and GWFAXset-2 registration with
digest authentication mode. Check registration.
Fax receiving with authentication The scenario is not
FA8 X l O |valid for OXO connect
Send a fax from an FAXset-1 to GWFAXset-1 Evolution
Receiving fax with authentication The scenario is not
FA9 X l O |valid for OXO connect
Send a fax from GWFAXset-1 to FAXset-1 Evolution
Basic communication between Gateway fax and External fax
Test
Case Test Case N/A OK [ NOK Comment
Id
Fax sending to an external fax The scenario is not
FA10 X ] ] [valid for OXO connect
Send a fax from an External fax to GWFAXset-1 Evolution
Fax receiving to an external fax
FA1l | -0 X U U
Send a fax from GWFAXset-1 to an External fax
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Test
Case Test Case N/A | OK | NOK Comment
Id
Fax sending with 5 pages to an between two
gateway fax devices
FA12 |The test is to confirm proper working while sending | [ X Il
multi page fax between two Send a fax (5 pages)
from GWFAXset-1 to GWFAXset-2
Fax receiving with 5 pages The scenario is not
FA13 X U ] [valid for OXO connect
Send a fax (5pages) from FAXset-1 to GWFAXset-1 Evolution
Fax sending with 5 pages The scenario is not
FA14 X U ] [valid for OXO connect
Send a fax (5 pages) from GWFAXset-1 to FAXset-1 Evolution
Fax receiving with 5 pages from an external fax The scenario is not
valid for OXO connect
FALS Send a fax (5pages) from an external fax device to X . . Evolution
GWFAXset-1
Fax sending with 5 pages to an external fax The scenario is not
FA16 X l O |valid for OXO connect

Send a fax (bpages) from GWFAXset-1 to an
external fax device

Evolution

8.11 Surveillance/Recovery

8.11.1 Test objectives

These tests shall verify that the basic communication between faxes can be made when the
network or equipments are stressed.

8.11.2 Perturbations

Description: Check the solution behaviors when network is perturb

Test
Case Test Case N/A | OK [ NOK Comment
Id
Fax receiving stop after the first page
SU1 | Send a fax from GWFAXset-1 to GWFAXset-2. Stop O X Il
the transmission after sending the first page.
Check the fax receiving is correctly stopped.
Fax sending stop after the first page The scenario is not
valid for OXO connect
SU2 | Send a fax from GWFAXset-1 to FAXset-1. Stop the | X l 0 |Evolution
transmission after sending the first page.
Check the fax sending is correctly stopped.
Fax receiving when busy
SU3 | Send one fax from GWFAXset-1 to GWFAXset-2 O X U
Send one fax from GWFAXset-3 to GWFAXset-2
Check the GWFAXset-3 receives a busy tone.
Su4 Fax sending when no answer = X 0
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Send one fax from GWFAXset-1 to GWFAXset-2.
Verify that the behavior is correct when there is no
answer

OmniPCX Office system phones call GATEWAY Fax

Test
Case Test Case N/A OK NOK Comment

Id

Fax receiving stop after the first page

SU5 |Make a call from the Ipset-1 to the GWFAXset-1,| [ X l
verify that the call is released after a time out Verify
that no issues are generated
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9 Appendix A : AAPP member’s Application
description

Mediatrix 4102

The Mediatrix 4102 is a VolP adaptor that interconnects analog telephones, faxes, and modems to
SIP based systems. This ATA allows operators to shorten deployment time and ensure a highly
secure environment to enable cloud telephony services into branch offices and SMBs.

Mediatrix C710

The Mediatrix C7 Series gateways combine a VolP Analog Adaptor and Media Gateway in a secure
and reliable platform featuring FXS and FXO interfaces. It offers the most price effective solution for
branch offices and SMBs, ensuring a simple and transparent connection to the PSTN and analog

terminals.

C 7 series
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10 Appendix B: Configuration requirements of the
AAPP member’s application

Here the configuration of Mediatrix 4102 is provided in both GUI

Note:

Apart from those parameters that are highlighted/shown here, all other parameters
remain at default values.

Both 4102 and 4116 has the same GUI interface apart from the User
authentication page as the number of user that can be connected and registered in
4116 is more.

Accessing web Interface of Mediatrix 4102 & C710

Mediatrix*

-

Uszar Mame: Iadmin

PaSSWDrd H Ii.ii.iiti.ii.

Lagin

Home Page of Mediatrix 4102 & C710:

I| Swstem |l Metwork m POTS m SIP m Media m Telephony

Mediatrix [intormaton | S Er——

-

| Jowentstotes. ...
Device Identification: Mediatrix 41025
Firrnware! Cgw 42.3.986
Profile: 4102-ME-DZ2000-282
MAC Address: 0090f206al188
Serial Hurnber: O0z201000253432100005
Murnber of DSPs: 1
Storage Mernory [in useftotal): 7.7 MBS 2 MB
Valatile Mernory [in uzeftotal): 16.6 MB / &4 MB
Systern Uptime (DiHH:MM:SS]: £:04:36:15
Systern Tirme [(DD/MMS T HHIMM LSS 17/07/2015 19:13:43
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Network page of Mediatrix 4102

Show Help | Log Sut

® System -| Hetwork |- POTS m SIP w Medis m Telephony = Call Router ® Management = Reboot

Mediatrix’

-
IP Address Default Router WLAN Override
Lanl lan Disable Link Down
Uplink wan 10.9.2232.4/24 10.9.222.180 Disable Active

- Host Status

General Configuration:

IPu4 Autornatic Configuration Interface: uplink

IPvE Automnatic Configuration Interface: Uplinkve
Host Name Configuration

Host Marne: rmediad

Dernain Mame: proservtesting. corn
Default Gateway Configuration

IPvd Default Gateway: 10,9.223.180

IPus Default Gateway: 0.0,0,0
DNS$ Configuration

Prirnary DHS: 10.9.224,225
SNTP Configuration

Primary SHTP: 10,9, 223.235:123

User Services of Mediatrix 4102

I User Service

Basic Metwork Interface (BNI): Started Jnm
Call Routing [CROUT): Startad [ = | m |
Call Detail Record [(COR): Stopped EJJ
Cormmand Line Interface [(CLI): Started Jnm
CPE WAN Managernent Protocol (CwWMP): Stopped HJJ Feature activation licence is required.
DHER Server (DHCPR: Stopped HJJ
Endpoint Administration (EPADM]: Startad [ = | m» |
Endpoint Services (EPSERW): Started Jnm
IP Routing (IPROUTING]: Started [ m | m» |
Laocal Firewall [LFW): Started Jnm
Link Layer Dizcovery Protocol (LLDP): Stopped HJJ
Madia IP Transpart (MIPT): Startad [ = | m» |
Music ©n Hold (MOH): Started Jnm
Metwork Address Translation [MAT): Stopped HJJ
Metwark Firewall [MFW: Stopped EJJ
Metwark Traffic Contral (NTC): Stopped HJJ
Plzin Old Telephony Systermn (POTS): Started Jnm
SIP Endpaint (SIPER): Startad [ = | m» |
Simple Metwork Management Protocal (SHMP): Started Jnm
Telephony Interface (TELIF): Started Jnm
Web (WEB: Started [ = | = |
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SIP Servers Configuration Page of Mediatrix 4102

Show Help | Lag Out

= Systern m Metwork = POTS -| sIp ‘- Media m Telephony m Call Router = Management = Reboct

Mediatrix

> Servers

Default Servers

Registrar Host: fo.5.224,220:5059 ]
Prasy Host: [to.5.224.220:5059 ]
Messaging Saruar Host: [o.s.224.220:5059 ]

Qutbound Proxy Host: |

Registrar Servers

Gateway Gateway Specific Registrar Host

default 192,168.0.1010

SIP Reqistrations

Show Help | Log Out

® Systern w Network m POTS -| sIp |- Madia = Telephony ® Call Router = Management = Reboot

w Registrations Authentication Transport

Mediatrix’

* Registrations

Endpoints Registration Status

Endpoint User Name Gateway Name Registrar

Phone-Faxl 1s0 default 10.9.224.220:5059 Registared
Phone-FaxZz 181 default 10,9,224,220:5059 Registered
Endpoints Messaging Subscription Status

End User Name Gateway Name Messaging Host MWI Status
Phone-Faxl iz0 default 10,9,224,220:5059 Subscribed
Phone-FaxZ 121 default 10.9.224,220:5059 Subscribad

Unit Registration Status

User Nama Cateway Mame Registrar
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Codecs Selection in Mediatrix 4102 &C710 web page

m Systern m Metwork = POTS m SIP I| Media |I Telephorny = Call Router

Mediatrix*

*» Codecs

Select Endpaoint: | Default ¥
- Codec Voice Data Advanced _

G.726 16Kbps
G.726 24Kbps
G.726 32Kbps
G.726 40Kbp=
Clear Mode
Clear Channel

Generic Woice Activity Detection (VAD)
Enable (5,711 and G 7260

Apply
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Call Forward options in Mediatrix 4102 & C710

m Systern m Metwork m POTS m SIP m Media m| Telephony |m Call Router = M

Call Forward one Cust satio LIE n Hold

Mediatrix’

= Call Forwar:

Select Endpoint: | Default v

- Call Forwrard Dn Busy Default _
Allow Activation VWia Handset:

OTMF Map Activation: | |

DTMF Map Deactivation: | |

- Call Forward On Mo Answer Unit Defaults _
Allow Activation Wia Handset:

DTMF Map Activation: | |

DTMF Map Deactivation: [ |

Tirmeout: [5ooo |

- Call Forward Unconditional Unit Defaults _
Allow Ackivation Wia Handset:

DTMF Map Adtivation: [¥1 |

DTMF Map Deactivation: [¥z |

Apply

Call Transfer
Blind Transfer Activation:
Attended Transfer Activation:
Call Waiting

Call waiting Activation:

Cancel DTMF Map:

Ackivation DTMF Map:

Deacktivation DTMF Map:

Conference
Conference Adivation:

Delayed Hotine

Delayed Hotline Activation: Dizable ¥
Dalayed Hatline Conditian: | FirstDtrafTirmeaut v
Delayed Hotline Target: |
Direct IP Address call
Direct IP Address Call Activation: Disahle ¥

Hold
Hald Activation:

Second Call

Second Call Activation:

Apply
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Firmware Upgrade
Firmware upgrade procedure

Management >> Firmware Upgrade

Show Help | Lag Out

m Systarn m Metwork = POTS m SIP m Media = Talephony = Managament |F Reboat

Mediatrix*

* Firmware Upgrade

Firrnware Pack Updater Status: Idle
Last Installation Result: Success

Last Successful Installation: 201@-07-06 17:27:05

Firmware Packs Installed

Name Version Profile

Dagw 42.3.986 4102-M¥-D2000-282 Main - In Use Factory Reset

single File

Mip Url:

Multiple Files
Wersion! 42.3 986

3 e
Transfer Protocals TFTP ¥ / 3 TFTP IP address

Hoszt Marme: 10.9. 2232 45:69

Transfer Credentials

Uszer Mame:

Location: 42.3 986

Password:
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Select the transfer protocol as TFTP as in the above picture
Provide the IP address of the TFTP server in which the Firmware file is loaded.
We used solarwinds TFTP server for loading the Firmware file.

B Solariinds TFTP Server

S |

_ r 7
=l | computer » Local Disk icy b 423085 o

genize *  Includeinlibrary *  Sharewith »  New folder
* Favorites Elame

M Desktop 42.3.986

& Downloads Installablebodules

5l Recent Places ] Dgw

|| Dgunsurm
| Libraries

=] Decuments
&1 Music

& Pictures

B videos

m

i Cornputer

&

Tl Lacal Disk (G
s Local Disk (03

—5 Lacal Disk (£

S0 e AT A 244D

4items State: 28 Shared

File  Tools Help ExE T
===
v | 49| [ Search 423.986 2P
- 0 @ 24, SolarWinds TFTP Server =
Date modified T
e e & General | Server Bindings | Security | Languags
/6/2018 1021PM  File folder
Status
/6/2018 1016 PM File folder
§/26/2018 306 PM Macromedia | TFTP Server service status: Started Stat
6/26/2018 3106 PM SUM File =
ing
Tray lcon
0
ot Add TFTP Server to Windows System Tray
TFTP Configuration
Timeout |2 1| seconds
50 Rty & | times when aremote cent doesnit respond
m L3
Storage
TFTF Server Fiool Directory
CMA23.986

[] Rename esisting files on canflict

DTME configuration for Mediatrix 4102 & C710 series:

The DTMF should be selected as “out of band using RTP”

s I

m Systermn m

Metwork m POTS = SIP l| Media |l Telephony m Call Router m

Managerment

Mediatrix*

-

Select Endpoint: | Default ¥

Statistice

Dot gutter I

Level:

Voice Call
Minirnurn:
Mominal:
Maxirmurm:

Data call
Playout Type:
Minirnurn:

Mominal:

Maxirmun:

Marrmal v

Fixed

o = [)
=1 b =1
o
-

=

33

Transport Method:
SIP Transport Methaod:

Payload Type:

|Out-0f-Band using RTF v |

[oraft cheudhuri SIP Info Digit 0o ¥ |
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11 Appendix C: Alcatel-Lucent Enterprise
Communication Platform: configuration
requirements

License requirment.

We just need to have OPEN SIP licenses for integration with Mediatrix.

0#0 Model Type Standard

Software License Compatibility level default

Authonzed by Really
zoftware key  activated

riverzal telephony 300 300
Open SIP Phone users 20 20
by IC Mobile users [OTCY] 20 20
My [T Web uzers R0 a0
Hot Desking uzers L R

SIP Set Configuration

Normal calls & FAX calls
For normal calls we need to configure the sip user as Open SIP phone

1)Open the User/Base stations List in the OMC. And click on Add

¥ OXO Connect Management Console - [Database: Customer Dy Alcatel R&D]
File  Comm  Wiew Options 7
; & @2
OMC ‘ Subscribers{Basestations List
: Splitting Table o E
End of Dizling Table !
1 Autamatic Routing Selectior Subch‘rs\thr.u Add Subscriber/Base station ==
Automatic Routing: Prefi —_— . -
Trunk Groups Lists Subscribers/Basestations List DELCT set Subdevice 3 == |
Hours O Phy.Add. © Ho. S o
Dy Graups 3400801 165 [ © 4080/83401P DECT ™) My IC Mobils
Providers/Destinations PG X |
0074 s ampanion
Authotization Codes gg EE; gj‘ Eg BaseStation B
Tone/Pause-MF 9500901 154 0 #BS ~) Hot Desking User
- ARS Miscellaneous 96-010-0 155 Phone card halder ) AryDevice
~ZK Collective Speed Dialing Fe-011-01 156
© 4 Emergenc | 95012401 157 ) Wirkual terminal opy
-} Directory ,n 95014401 159 )
-3 LDAP Connector 1 9501501 160 Mgt
[ \} Subscribers/Basestations List ] 96-016-01 181
. : 5o 12 _ :
3 Voice Processing 400801 163 Murnber of devices 1 =1 I
-{T) Time Ranges 9400701 164 - T D r GAF Reg.
@3 Attendant Groups ; 0l r __Del MailEax
Q@ Hunting Groups Hone [
2 Sroadcast roups ot rcisring fr P o e
Pickup Groups
hanager-Secretary Relations
o Subscribers Misc
282 Eternal Lines Ok Cancel
T
List of Accesses
: List of Trunk Groups
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TITOFT AT ROy Frer
Trunk Groups Lists Subscribers/Basestations List @
-fE Hours ) Phy. Add @ Mo, ) Teminal/B asestat ) Name: Add
Day Groups w 3400301 166 [ [IPEnabler v| FaX ﬁ/.
Providers/Destinations ST = 2068 Premium DeskPhane -~ 5 Delete
- Ul 8068s Premium DeskPhone o ”
Authorization Codes 53600501 154 80785 Premium DeskPhane ACD
- Tone/Pause-MF 56001 155 082 My |C phone ACD
B ARS Miscellaneous 9601101 156 G082 Smart DeckPhane ACD
E‘:- Collective Speed Dialing Se-01201 157 Basic SIP Phone ALD
4] Emergens | 9601301 158 Easy/P Y
A0 Directo e esktop Softphone
¥ 9601501 160 IF Desklo ACD :
G SN0 161 Pl B /P ACD
- Subscribers/Basestations List 94-005-01 162 IPTouch 4018/P -
r=r 94.006-01 163 IPTauch 4023/P i Fil
- oice Processing e 164 IFTauch 40286 /F ‘=
@ Time Ranges it e IPTauch 4033/P Faly E AP Reg
< IPTauich 40336/1P
-8 Attendant Groups 4 540050 IPTouch 4085/1P
4B Hunting Groups IPT auch 408G /AP
-[E Broadcast Groups Automatic provisioning for IP phong m:g} g?g
; MIPT EO0
Pickup Groups . o MIPT 610
= hdanager-Secretary Relations Ll MIPT 8118
-8 Subscribers Misc i el
—-‘f’] External Lines F wlig
H Premium/1F
List of Accesses SIP Phane (3001) B
List of Trunk Groups SIP Phone [8001G) 7
CasP
-~
J Subscriber == |
g
4 Phy. Add. 54-003-01 Keys Y 24 T
Marne
[ Features ] [ FPazzword ]
Diir. Mumbers -
l Metering ISDH
| Int. Mo. II‘ bare E__l
3
Perz. SPD. Semvices
Secondary sets
| SpdDial || Miss | B
3 F "y
IPSSIP Pararmeters @ - . :]
. . [ B arring ] [ Diversion ]
g Temin
g iy IP Parameters | SIF Parameters ; :]
riging . Rout. el Divers
] Dy, Fout SelD
f
Tempd :]
f p SIP pazsword DECT/PwT Hotel
E ] B
g Besel IF/5IP Appaint.
i Langu :]
! Cent.Ser b il
4 Softwa SIP authentication :]
) b ciboility Fezet
Bootlg :]
4
4 Data
4
i Hardw
! B
Sernial f
Localiz :]
i Fhysical out af servic
Custon|
7 Fet Mot Connected
Entity [ 0k ] [ Cancel l
HotTr=smmro=r ] Out of Service (logically)
[ (] ] [ Cancel ]
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Network OXO Configuration.

1) Check the VOIP channel availability.

o

YWaolP: Parameters

General | Gateway I SIF Trunk | 5IF Phone

YolP Channels

WalP Channels mode Pulti-codecs [16]

MHumber of YolP Channels 16

WalP Channels far tiunk s with reservation 3

WolP Channels for P phones and ks without resereation 13

MHurnber of Trunk Channels for trunks withauk reseneation 1]
IP Quality of Service 10111000 DIFFSERY PHE EFEEEd

2) Add the gateway under the SIP setting in external lines.

- Directory SIP Gateways

----- W) LDAP C t
e onnector SIP G ateways List

----- f' Subscribers/Basestations List
[j--@ Woice Processing
@ Titne Ranges

Index  Index Label IP Type IP Address Hoztnarne
Static 10. BE
10.8.224.219

2 Static

Darnain M arme

\g} Hunting Groups
- Broadcast Groups
-[EE Pickup Groups
-[FE Manager-Secretary Relations
Subscribers Misc
‘@; External Lines
- EF List of docesses
&8 List of Trunk Groups
El_l sIP

JEe SIP Gateways

T SIP Accounts

----- SIF Public MumbBering

--[FE Remote Substitution
-[EE| Traffic Counters
-5 Protocols
-[E2 Analog Protocols Selection

m

-fE Incoming Call Handling
= 9 Hardware and Limits [
Iain Cabinet =

oK ] [ Cancel

Create

Details

Delate

PREE

Copy

Paste
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3) Add the VOIP channel to the list of access in external lines.

ﬂi Attendant Groups

List of &
\@ Hunting Groups T ACEEIIES IEI
-[E8 Broadcast Groups @ Phy. Add. 0 e Type Identifier Ma of Chan. AddValP
fE8 Pickup Groups 05 01 0 NOO0 2 T
elete

-[E Manager-Secretary Relations 05-011-01 % Hgg% %
i3 Subscribers Misc 050120 T0 004 2 :

@: E ILi 95-001-01 WalP oot 2
4+ Bxternal Lines 8500201 YolP w02 1

m

List of Accesses
T List of Trunk Groups
L SIP

1E Rernote Substitution
e Traffic Counters

=] Pratocols
=

Analog Protocols Selection

[EE Incorming Call Handling
Hardware and Limnits

-8 Main Cabinet

4) Select the gateway in the list of access as shown below.

WoIP-Trunk (3w
Phy. Add. Type | dentifier Trurk Channels Speed Dial
95-001-01 YolP Ryl 2 =
Call-Diigt.
1 Metering Counters
Link-Cat.

P eter tokal 0

Rezerve WolP Channels far the Trunk Channels
[] Ot of Service [logical)
[] Public: trunk

SIP Gateway
Gateway Index [2 : "]
(3 atewway Alive Statuz Nene
Alternative CLIPACOLP Murnber
OF. ] [ Cancel
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5) Inthe ARS manage the numbering range of the Other OXO so that it can be reached.

IstanauLn wpiian I
viodification typical | Murnbering Plans @
durnbering = -
2 Installation Numbers Internal Mumnbering Flan | Public Murnbering Plan | Restricted Public Numbering Plan | Private Numbering Plan|
7 Default Configuration Function Start End Baze T Priv Fax SIP Acc.Index Add
= Features in Condfersation Resend Last Murnber # i Crrop Mo ~ —
T DOl Murnber b i cation Te_| Edaari}%e;'o\‘llk?rqgaooking :1185 :ng B:EE EE L tod
H Number MadififMon Table Call Forwarding :‘I :B 0 Drop Ho ‘=| Up
2 Sp|itting.Ta.b|e JA;m?'Ife?dﬁitMB "g "g g B:gg Eg Down
% End of Dialing Table Attendant Call i 0 9 Drap Mo
] Autormatic Routing Selectior Subseriber 100 139 100 E'UD Ma
Autormatic Routing: Prefi I
- Trunk Groups Lists | g:g;:dv;;:l#rrﬁnk Group ;ED 534 1 Drop '\ i
[ Hours N\
[T Day Groups
Pr:viders?Destinations [ aK ] [ Cancel 2
--[BE Suthorization Codes
[T Tone Pause-hF H
L BN « T | P
Manage the Automatic routing prefixes
| Activation  Metwork  Prefix Ranges  Substitute  TrGplist  CalledSWPM/HAS0)  User comment

ools e puh 7 14117 1 hara d .
dcatel R&D [res | priv 3 00-33 3 2 hom c
B Customer/Supplier Info 1
E Installation typical
E Modification typical
2 Mumbering =
-5 Installation Mumbers
Default Configuration
~[EE Murnbeting Plans
--[55 Features in Conversation
-5 DOl Mumber Modification Tz
Mumber kodification Tahle
-[EE Splitting Table
~[E5 End of Dialing Table
-1 Autornatic Routing Selectior

Automatic Routing: Prefi

{5 Trunk Groups Lists
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12 Appendix D: AAPP member’s escalation
process

Name: Roberto Roman

Title: TAC

Phone: +1 819 829 8749 ext. 5092
Email:rroman@mediaScorp.com
Name:Sylvie Dubois

Title: TAC Manager

Phone: +1 819 829 8749 ext. 5368
Email:sdubois@media5corp.com
Name:Stefano Genonni

Title: Account Manager

Phone: +1 514 9759826
Email:sgenoni@media5Scorp.com
Name:Sebastien Boyer

Title: Sales Director

Phone:+1 819 8298749 ext.5607
Email:sboyer@media5corp.com
Name:Eric Tremblay

Title: Executive Director

Phone:+1 819 829 8749 ext.5238
Email:etremblay@media5corp.com
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13 Appendix E: AAPP program

13.1 Alcatel-Lucent Application Partner Program (AAPP)

The Application Partner Program is designed to support companies that develop communication
applications for the enterprise market, based on Alcatel-Lucent Enterprise's product family.
The program provides tools and support for developing, verifying and promoting compliant third-
party applications that complement Alcatel-Lucent Enterprise's product family. ALE facilitates
market access for compliant applications.

The Alcatel-Lucent Application Partner Program (AAPP) has two main objectives:

e Provide easy interfacing for Alcatel-Lucent Enterprise communication products:
Alcatel-Lucent Enterprise's communication products for the enterprise market include
infrastructure elements, platforms and software suites. To ensure easy integration, the
AAPP provides a full array of standards-based application programming interfaces and
fully-documented proprietary interfaces. Together, these enable third-party applications to
benefit fully from the potential of Alcatel-Lucent Enterprise products.

e Test and verify a comprehensive range of third-party applications:
to ensure proper inter-working, ALE tests and verifies selected third-party applications that
complement its portfolio. Successful candidates, which are labelled Alcatel-Lucent
Enterprise Compliant Application, come from every area of voice and data communications.

The Alcatel-Lucent Application Partner Program covers a wide array of third-party
applications/products designed for voice-centric and data-centric networks in the enterprise market,
including terminals, communication applications, mobility, management, security, etc.
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Web site
The Application Partner Portal is a website dedicated to the AAPP program and where the

InterWorking Reports can be consulted. Its access is free at
https://www.al-enterprise.com/en/partners/aapp
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13.2 Enterprise.Alcatel-Lucent.com

You can access the Alcatel-Lucent Enterprise website at this URL: https://www.al-enterprise.com
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14 Appendix F: AAPP Escalation process

14.1 Introduction

The purpose of this appendix is to define the escalation process to be applied by the ALE Business
Partners when facing a problem with the solution certified in this document.

The principle is that ALE Technical Support will be subject to the existence of a valid Interworking
Report within the limits defined in the chapter “Limits of the Technical support”.

In case technical support is granted, ALE and the Application Partner, are engaged as following:

ALCATEL-LUMENT
ALCATEL-LINENT TECHNICAL SUPPORT
BUSINESS PARTNER

SR + case —

v

5€ 3 Answer =
ﬁo“* 2 § /_’_,-""'
ques — A
% wer \ In case of the problem has not {5}
.. AnS Nl been sent to the right
.ﬂ: organization: “Please open a EIP"-‘-I'tS_
: =~ ticket into our partner database Information
A ] F "& " by mentioning our 3R nlebf.-r" Flow
estion : A T H‘ l
::_ . w Y
Answer £ \éz\ yl
APP Ticket (Case)
PAR]
= i o APPLICATION
3R = Service Request LI CATION

SUPPORT

(*) The Application Partner Business Partner can be a Third-Party company or the ALE
Business Partner itself
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14.2 Escalation in case of a valid Inter-Working Report

The InterWorking Report describes the test cases which have been performed, the conditions of the
testing and the observed limitations.

This defines the scope of what has been certified.

If the issue is in the scope of the IWR, both parties, ALE and the Application Partner, are engaged:

Case 1: the responsibility can be established 100% on ALE side.
In that case, the problem must be escalated by the ALE Business Partner to the ALE
Support Center using the standard process: open a ticket (eService Request —eSR)

Case 2: the responsibility can be established 100% on Application Partner side.
In that case, the problem must be escalated directly to the Application Partner by opening a
ticket through the Partner Hotline. In general, the process to be applied for the Application
Partner is described in the IWR.

Case 3: the responsibility can not be established.
In that case the following process applies:

» The Application Partner shall be contacted first by the Business Partner (responsible for
the application, see figure in previous page) for an analysis of the problem.

» The ALE Business Partner will escalate the problem to the ALE Support Center only if
the Application Partner has demonstrated with traces a problem on the ALE side or if
the Application Partner (not the Business Partner) needs the involvement of ALE

In that case, the ALE Business Partner must provide the reference of the Case Number on
the Application Partner side. The Application Partner must provide to ALE the results of its
investigations, traces, etc, related to this Case Number.

ALE reserves the right to close the case opened on his side if the investigations made on
the Application Partner side are insufficient or do not exist.

Note: Known problems or remarks mentioned in the IWR will not be taken into account.

For any issue reported by a Business Partner outside the scope of the IWR, ALE offers the “On
Demand Diagnostic” service where ALE will provide 8 hours assistance against payment .

IMPORTANT NOTE 1: The possibility to configure the Alcatel-Lucent Enterprise PBX with ACTIS
guotation tool in order to interwork with an external application is not

the guarantee of the availability and the support of the solution. The reference remains the
existence of a valid InterWorking Report.

Please check the availability of the Inter-Working Report on the AAPP (URL.: https://www.al-
enterprise.com/en/partners/aapp) or Enterprise Business Portal (Url: Enterprise Business Portal)
web sites.

IMPORTANT NOTE 2: Involvement of the ALE Business Partner is mandatory, the access to the
Alcatel-Lucent Enterprise platform (remote access, login/password) being the Business Partner
responsibility.
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14.3 Escalation in all other cases

For non-certified AAPP applications, no valid InterWorking Report is available and the integrator is
expected to troubleshoot the issue. If the ALE Business Partner finds out the reported issue is
maybe due to one of the Alcatel-Lucent Enterprise solutions, the ALE Business Partner opens a
ticket with ALE Support and shares all trouble shooting information and conclusions that shows a
need for ALE to analyze.

Access to technical support requires a valid ALE maintenance contract and the most recent
maintenance software revision deployed on site. The resolution of those non-AAPP solutions cases
is based on best effort and there is no commitment to fix or enhance the licensed Alcatel-Lucent
Enterprise software.

For information, for non-certified AAPP applications and if the ALE Business Partner is not able to
find out the issues, ALE offers an “On Demand Diagnostic” service where assistance will be
provided for a fee.
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14.4 Technical support access

Alcatel-Lucent

The ALE Support Center is open 24 hours a day; 7 days a week:
e e-Support from the
Partner): https://www.al-enterprise.com/en/partners/aapp

Application Partner Web site (if registered Alcatel-Lucent Application

e e-Support from the ALE Business Partners Web site (if registered Alcatel-Lucent Enterprise
Business Partners): https://businessportal2.alcatel-lucent.com click under “Contact us” the

eService Request link
e e-mail: Ebg Global Supportcenter@al-enterprise.com

e Fax number: +33(0)3 69 20 85 85
o Telephone numbers:

ALE Business Partners Support Center for countries:

Country

Supported language

Toll free number

France

Belgium

French

Luxembourg

Germany

Austria

German

Switzerland

United Kingdom

ltaly

Australia

Denmark

Ireland

Netherlands

South Africa

Norway

Poland

English

Sweden

Czech Republic

Estonia

Finland

Greece

Slovakia

Portugal

Spain

Spanish

+800-00200100

For other countries:

English answer:
French answer:

German answer:
Spanish answer:

+ 1 650 385 2193
+ 1 650 385 2196
+1 650 385 2197
+1 650 385 2198

END OF DOCUMENT
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