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1 Introduction 
 
 
The goal of these tests is to qualify an external application as an Alcatel-Lucent Application Partner Program 

solution for the Alcatel-Lucent Communication Platform. 
 
The scope of the tests is the interoperability of the application with the Alcatel-Lucent Communication Platform. It 
covers a basic or complex inter-working to ensure that services requested by the application and provided by the 
Communication Platform (and/or conversely) are properly completed. 
 
These tests do not check the functional achievement of the application as well as they do not cover load capacity 
checks, race conditions and generally speaking any real customer's site conditions. 
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2 Application information 
 
 
Application type:   VOIP SIP Phone  

 
Application commercial name:  Models WS320N, US102N, ES220N and DS412 Phones 

 
Application version:  WS320N - V1.0.5.2-1880, US102N - V1.0.5.2-2023, ES220N - 

V1.0.5.2-1880 and DS412 - V2.2.7.1-2944 
 
Interface type:     SIP/Ethernet 

 
  
Interface version (if relevant):   

 
Brief application description: 

Escene is a professional designer & manufacturer of IP Phones & IP-PBX, focused on the IP-Telephony 
market all over the world. SayHi IP Phones deliver superb sound quality, rich telephony features, full compliance 
with industry standards (SIP), and broad interoperability with other IP-Telephony Systems like Avaya, Cisco, 
Alcatel and Siemens etc. They are also perfectly integrated with the Asterisk IP-PBX, Broadsoft call center and 
many IMS systems. 

 
ESCENE WS320N SIP Phone: 

 

 

 

It has Message, Speaker, Redial, Conference, Transfer, Hold and Volume + and – key. 
 
ESCENE US102N SIP Phone: 
 

 

 
 
 

It has Line 1, Line 2, Message, Speaker, Redial, Conference, Transfer, and Volume + and – key. 
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ESCENE ES220N SIP Phone: 
 

 

 

It has Line1, Line2, Message, Speaker, Redial, Conference, Transfer, Hold and Volume + and – key. 

 

 

ESCENE DS412 SIP Phone: 

 

 

 

 

It has Message, Speaker, Redial, Conference, Transfer, Hold and Volume + and – key. 
 



 

Alcatel-Lucent Application Partner Program – Inter-working Report                                  Edition 1 - page 8/50  
Copyright © 2012 Alcatel-Lucent, All rights reserved 

3 Test environment 
 

Figure 1 Test Environment 
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3.1 Hardware configuration 
 

¶ Alcatel-Lucent Communication Platform:  
 

Node1: 
o OmniPCX Enterprise common hardware 
o Duplicated call servers : 10.1.8.1 and 10.10.10.50 
o Passive Call Server (PCS) : 10.10.11.150 
o Spatial redundancy (Different IP sub networks) 
o Release : R10.1 – J2.501.11.c 
o One media gateway: 

 
Setup Details: 

 

Setup Information 

Module Details 

Primary OXE  10.1.8.1 

Secondary OXE  10.10.10.50 

PCS OXE 10.10.11.150 

Voicemail No 31300 

Attendant prefix *** 

IPTouch number 1281,1282 

Escene SIP Phone 
numbers 1231,1232,1233 & 1234 

Thomson TB30  1296 

Analog & UA 1290 & 1298 

 
 
Crystal 0 

 

 
 
Crystal 12 
 

 
 
 
 
 
Node2: 
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¶ OmniPCX Enterprise common hardware 

¶ Single CPU : 10.10.10.50 

¶ Release : R10.1 – J2.501.11.c 

¶ One media gateway: 
 
Crystal 0 

   

 
 
 
Crystal 12 

 

 
 

 

¶ OmniPCX Entreprise:  

o  CS (Call Server Processing Unit) 
o             GD (Gateway driver processing Unit      
o  PRA T2 (ISDN Access) 
o             MIX 4/8/4 (ISDN T0, digital & analog interfaces) 
o             UA digital and analog sets 

 

¶   AHL interface:              

o   TCP/IP      

3.2 Software configuration 

¶ Alcatel Communication Platform: OmniPCX Enterprise R10.1 – J2.501.11.c 
 

¶ Partner Application : ESCENE SIP Phones WS320N - V1.0.5.2-1880, US102N - V1.0.5.2-2023, 
ES220N - V1.0.5.2-1880 and DS412 - V2.2.7.1-2944 
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4 Summary of test results 
 

4.1 Summary of main functions supported 
 

Features Status Comments 

Initialization including network configuration OK . 

Defences OK   

SIP registration OK  

SIP authentication OK  

Voice over IP and RTP codec support OK  

Basic calls OK  

Local Telephonic Features OK  

Date and time display and update OK  

   

Hotel features   

   Registration as administrative or room set OK  

   Check-in and out OK  

   OXE hotel telephonic features   

      Do not disturb OK  

      Forward OK “On busy” and “On busy / no answer” not supported 

      Wake-up OK  

      Voice Mail OK  

      Call back OK  

      Conference OK_But 
OXE Suffix not supported. Phone local feature to be 
used. 

      Enquiry call OK_But 
OXE Suffix not supported. Phone local feature to be 
used. 

      Broker call OK_But 
OXE Suffix not supported. Phone local feature to be 
used. 

   Room state management OK  

   Single room / suite management OK  

   Basic calls OK  

   Multi line OK  

   Mini bar OK  

   Multi occupation OK  

 
 
 
 
 
  



 

Alcatel-Lucent Application Partner Program – Inter-working Report                                  Edition 1 - page 12/50  
Copyright © 2012 Alcatel-Lucent, All rights reserved 

 

4.2 Summary of problems 
ü None 

4.3 Summary of limitations 
ü Spatial redundancy is not supported, both DNS and Alternate proxy method are not supported by 

Escene Models. 
ü Local forward feature is not supported in the Generic test. 
ü OXE prefixes like forward on busy and forward on no answer/reply & OXE suffixes like voicemail 

deposit, conference and broker call are not available in hotel mode. 
ü The interval of the time zone is with only one hour. 

4.4 Notes, remarks 
 

Environment setup for Generic Test: 

o The phone is configured as SIP Extension 
o It is configured as ROOM + Multi occupancy 
o it is NOT checked in with a GUEST number in the HOTMENU 
 

Environment setup for Hotel Tests 

o The phone is configured as SIP Extension 
o It is configured as ROOM + Multi occupancy 
o And it is CHECKED- IN with a GUEST number in the HOTMENU 
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5 Test Result Template 
 
The results are presented as indicated in the example below: 
 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Test case 1 

¶ Action 

¶ Expected result 
 

    

2 

Test case 2 

¶ Action 

¶ Expected result 
 

   

The application waits for 
PBX timer or phone set 
hangs up 

3 

Test case 3 

¶ Action 

¶ Expected result 
 

   

Relevant only if the CTI 
interface is a direct CSTA 
link 

4 

Test case 4 

¶ Action 

¶ Expected result 
 

   
No indication, no error 
message 

… …     

 
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 Alcatel-Lucent side or on Application Partner 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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6 Testing 

6.1 Generic tests 
These tests check the phones behavior for generic SIP phone features like initializations and registrations, audio 
parameters and voice quality, defenses, basic calls and telephonic features. 

6.1.1 Phone initialization, SIP registration and authentication 

 
These tests check that the phones are able to register to the OXE with and without SIP authentication, by using 
DNS or not, DHCP mode or static IP addressing, 802.1p/Q VLAN tagging and priority. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 
SIP set registration to OXE in DHCP mode 

 
The phone is configured to get its IP address by DHCP  

    

2 

SIP set registration to OXE in static IP addressing 
mode 

 
The phone is configured to use IP static parameters  

    

3 

SIP set registration to OXE using a DNS or alternate 
proxy 

 
The phone is configured to use a domain name as registrar 
/ proxy server address. The DNS IP addresses are the OXE 
CPU address. 
In case of alternate proxy possibilities, the main and 
alternate proxy addresses are the OXE CPU address. 
Tests are performed when first Call Server is active and 
then when second Call Server is active 

   

The phone is not getting 
registered in the DNS 
method & Alternate 
proxy method. 
 

4 

SIP set registration to OXE using SIP digest 
authentication 

 
SIP digest authentication is activated on OXE and phone 
side. 
Check also that outgoing call is authenticated. 
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6.1.2 Audio codecs negotiations 

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

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

The phone is configured to offer G711Alaw, G723 and 
G729 (in this priority order). The OXE is configured to 
use G711Alaw. 

 
Check that for an incoming and outgoing call, the 
negotiated codec is G711 A law 

    

2 

The phone is configured to offer G711Alaw, G723 and 
G729 (in this priority order). The OXE is configured to 
use G723. 

 
Check that for an incoming and outgoing call, the 
negotiated codec is G723 

    

3 

The phone is configured to offer G711Alaw, G723 and 
G729 (in this priority order). The OXE is configured to 
use G729. 

 
Check that for an incoming and outgoing call, the 
negotiated codec is G729 

    

4 

The phone is configured to offer G711Alaw. The OXE is 
configured to use G711Alaw. 

 
Check that for an incoming and outgoing call, the 
negotiated codec is G711 A law 

    

5 

The phone is configured to offer G723. The OXE is 
configured to use G723. 

 
Check that for an incoming and outgoing call, the 
negotiated codec is G723. 

    

6 

The phone is configured to offer G729. The OXE is 
configured to use G729. 
 

Check that for an incoming and outgoing call, the 
negotiated codec is G729. 

    

7 Repeat previous 6 tests by changing A law to ɛlaw     

8 

Codec selection. The phone and OXE do not have any 
common codec. 

 
For example, the phone is configured to offer G723 and the 
OXE to use only G729 (use of IP domains). 
Check that for an incoming and outgoing call is properly 
rejected. 
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6.1.3 Defence 

 
These tests check the phones defenses against perturbations and OXE Call Servers switch over. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

OXE Call Server CPU switch over while SIP phone in 
idle. 

 
Check the SIP phone behavior after a switch from the OXE 
main to standby CPU. 
The phone must be able to make and receive a call after the 
switch over. 

   
As Alternate proxy 
method is not working. 

2 

OXE Call Server CPU switch over while SIP phone in 
conversation with an IPTouch. 

 
Check the SIP phone behavior after a switch from the OXE 
main to standby CPU. 
The call is still active. The phone can make and receive a 
second call and switch from one to another. 
After on hook, the phone must be able to make and receive 
a call after the switch over. 

   
As Alternate proxy 
method is not working. 
 

3 

OXE Call Server reboot while SIP phone in idle. 

 
Check the phone behavior when the OXE Call Server 
reboots (without standby CPU). 
As soon as the Call Server is running again, the phone is 
able to make and receive a call. 

   
As Alternate proxy 
method is not working. 

4 

OXE Call Server reboot while SIP phone in 
conversation with an IPTouch. 

 
Check the phone behavior when the OXE Call Server 
reboots (without standby CPU). 
The call is released. 
As soon as the Call Server is running again, the phone is 
able to make and receive a call. 

   
As Alternate proxy 
method is not working. 
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6.1.4 Basic call 

 
These tests check the phone behavior during basic incoming and outgoing calls from and to different kind of 
phone set types (SIP, IPTouch, UA) with different call releases (during ringing, by caller, by callee) and with or 
without a second incoming call. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Call from and to a SIP phone. 

 
The phone calls a SIP phone. 
The phone is called by a SIP phone. 
In both cases, check the display and audio during all steps 
(dialing, ring back tone, conversation, and release). 

    

2 
Call from and to an IPTouch. 

 
Same as 1 but with an IPTouch. 

    

3 
Call from and to an UA phone. 

 
Same as 1 but with an UA phone. 

    

4 

Incoming call released by the caller during ringing. 

 
The caller releases the incoming call to the phone before 
the callee takes the call. 

    

5 

Outgoing call released by the caller during ringing. 

 
The caller releases the outgoing call from the phone before 
the callee takes the call. 

    

6 

Incoming call rejected by the callee during ringing. 

 
The callee rejects the incoming call to the phone during 
ringing. 

    

7 

Outgoing call rejected by the callee during ringing. 

 
The callee rejects the outgoing call from the phone during 
ringing. 

    

8 
Call released by the phone. 

 
The phone releases the call after a conversation period. 

    

9 

Call released by the other phone. 

 
The other phone releases the call after a conversation 
period. 

    

10 
Call from and to an external number (T0/T2) 
 
Call is properly established. 

    

11 
Call from and to an attendant 

 
Call is properly established. 

    

12 

Incoming external call (T0/T2 for example) to an 
attendant phone set which transfers the call to the 
phone. Transfer is done while the phone is ringing but 
also after this one has picked up the call (using the 
attendant soft key or going on hook). 

 
Call is properly established. 

    

13 

Outgoing call from a phone to an attendant with 
transfers to an external call (T0/T2 for example). 

 
Call is properly established. 
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Test 
Case Id 

Test Case N/A OK NOK Comment 

14 

Dialing break 

 
The phone starts dialing another phone number. Before the 
end, the dialing is stopped. 
Check that the phone comes back to idle state after the 
timeout expires. 
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6.1.5 Local telephonic features 

 
These tests check the phone behavior during phone local telephonic feature use like forward, on hold, transfer, 
voice mail interactions, conference. 
These features are either activated through the phone web manager or with phone keys (if available). 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Immediate forward to another phone. 

 
The phone is forwarded to another phone. Call The phone 
and check that the call is presented on the third phone and 
can be taken by this one. 
 
 

   
Local forward feature is 
not supported 
 

2 

Forward on no answer to another phone. 

 
The phone is forwarded on no answer to another phone. 
Call the phone and check that the call is presented on 
analog phone. Do not take the call and wait for the call to be 
presented on the third phone. Take the call on the third 
phone. 
Check also the call can be picked up before the call is 
forwarded. 
 

   
Local forward feature is 
not supported 

3 

Forward on busy to another phone. 

 
The phone is forwarded on busy to another phone. While 
the phone is already in conversation, call The phone and 
check that the call is presented. Do not take the call and 
wait for the call to be presented on the third phone. Take the 
call on the third phone. 
 

   
Local forward feature is 
not supported 

4 

Forward on busy / no answer to another phone. 

 
The phone is forwarded on busy / no answer to another 
phone. 
 
While the phone is already in conversation, call The phone 
and check that the call is presented. Do not take the call 
and wait for the call to be presented on the third phone. 
Take the call on the third phone. 
 
Call The phone and check that the call is presented. Do not 
take the call and wait for the call to be presented on the third 
phone. Take the call on the third phone. 
Check also the call can be picked up before the call is 
forwarded. 

   

No local Options in 
ESCENE SIP Phones to 
enable both the 
conditions at once. 

5 

Phone puts call on-hold. 

 
The phone is in conversation with another phone. This 
conversation is put on-hold. Check the display and on-hold 
music on this phone. Check also the display and audio 
signalization on The phone. Check the conversation can be 
retrieved. 

    

6 

Phone is put on-hold. 

 
The phone is in conversation with another phone. The other 
phone puts this conversation on-hold. Check the display 
and on-hold music on The phone. Check the conversation 
can be retrieved. 

   
On-hold Music heard and 
in the display also shows 
held information. 

7 

Broker call. 

 
The phone has two active conversations and switches from 
one to another. Check the display and on-hold music on the 
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Test 
Case Id 

Test Case N/A OK NOK Comment 

phones. Check also the display and audio signalization on 
the phone. 

8 

Transfer in conversation. 

 
The phone has two active conversations and transfers the 
first to the second. Check the new conversation between 
the two other phones is successful and also the phone 
display (signalization of the transfer and back to idle state). 

    

9 

Transfer during ringing. 

 
The phone has one active conversation and another one in 
ringing step. Before the second callee takes the call, The 
phone transfers its first call to this second callee. Check the 
new conversation between the two other phones is 
successful and also The phone display (signalization of the 
transfer and back to idle state). 

    

10 

Conference. 

 
The phone has two active conversations and initiates a 
conference. Check the new conversation between the three 
parties is successful (audio and signalization). 

    

11 

Do Not Disturb. 

 
On The phone the local feature (if exists) Do not Disturb is 
activated. When calling this set, the call is not presented on 
the phone. 
 
On The phone the Do not Disturb is deactivated. When 
calling this set, the call is presented on the phone and can 
be picked up. 
 

    

12 

Wake Up. 

 
On The phone the local feature (if exists) Wake Up is 
activated. When the wake up time arrives, the phone rings. 
When the picked up, the voice guide is played. 
Test also with The phone already in conversation when the 
wakeup time arrives. 
 
On The phone the Wake Up is activated then deactivated. 
When the previous wake up time arrives, nothing appends 
on the phone set. 

   
No local feature available 
in ESCENE SIP phones. 
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6.1.6 Other features 

 

 
These tests check the phone behavior while using features like STP (date and time display). 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Date and time display using Network Time Protocol. 

 
The SIP phone is configured to retrieve the date and time 
from a NTP server. 
Check the phone retrieves the information and displays it. 

   
The interval of the time 
zone is with only one 
hour. 
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6.2 Hotel / Hospital tests 
These tests check the phones behavior for SIP phone specific Hotel/Hospital features like provisioning, check-in 
and out, do not disturb, wake-up, room state modification, mini bar, forward, auto assignation and calls. 

6.2.1 Provisioning 

 
These tests check the phone provisioning as a room, suite, administrative or booth set. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Declare the SIP phone as a hotel room set 

 
In the OXE configuration, the SIP set is declared as a hotel 
room set 
Or 
The SIP set is configured (user and password) with the 
parameters of an already declared SIP hotel room set 
 
The phone registers correctly to the OXE. 

   
Configured it as  ñRoom 
& Normalò 

2 

Declare the SIP phone as a hotel administrative set 

 
In the OXE configuration, the SIP set is declared as a hotel 
administrative set 
Or 
The SIP set is configured (user and password) with the 
parameters of an already declared SIP hotel administrative 
set 
 
The phone registers correctly to the OXE. 

   
Configured it as 
ñAdministrative & 
Normalò 

3 

Declare the SIP phone as a hotel booth set 

 
In the OXE configuration, the SIP set is declared as a hotel 
booth set 
Or 
The SIP set is configured (user and password) with the 
parameters of an already declared SIP hotel booth set 
 
The phone registers correctly to the OXE. 

   
Configured it as ñHome & 
Normalò 
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6.2.2 Check-in and check-out 

 
These tests check the phone behavior after a check-in and a check-out as normal or VIP guest. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

A client checks in a room containing the SIP phone 

 
In the OXE hotel menu (hotmenu), a check-in is done and 
the client gets the SIP phone room 
Or 
The SIP set is configured (user and password) with the 
parameters of an already declared SIP hotel room set in 
which a client has already checked-in. 

    

2 

A client checks in as VIP in a room containing the SIP 
phone 

 
Same as above but with the VIP parameter set. 
When this phone calls a hotel administrative set, the name 
displayed is completed with specific information. 

    

3 

A client checks out from a room containing the SIP 
phone 

 
In the OXE hotel menu (hotmenu), a check-out is done for 
the client using the SIP phone room 
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6.2.3 Do not disturb 

 
These tests check the phone behavior in case of "Do not disturb" activation / deactivation (on the phone itself or 
from an administrative phone). 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Do Not Disturb is activated on the room SIP phone 

 
On the room SIP phone the Do not Disturb is activated 
thanks to the prefix 42 (and then personal password) 
When calling this set, the call is not presented on the 
phone. 

    

2 

Do Not Disturb is deactivated on the room SIP phone 

 
On the room SIP phone the Do not Disturb is deactivated 
thanks to the prefix 42 
When calling this set, the call is presented on the phone 
and can be picked up. 

    

3 

Do Not Disturb is activated on the suite master SIP 
phone 

 
On the suite master SIP phone the Do not Disturb is 
activated thanks to the prefix 586 
When calling this guest (call to the guest number and call to 
the main and slave suite phones), the call is not presented 
on the phones. 
Same behavior when calling a slave SIP phone set. 

    

4 

Do Not Disturb is deactivated on the suite master SIP 
phone 

 
On the suite master SIP phone the Do not Disturb is 
deactivated thanks to the prefix 586 
When calling this guest, the call is presented on the main 
suite phone and can be picked up. 
Same behavior when calling a slave SIP phone set. 
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6.2.4 Forward 

 
These tests check the phone behavior in case of "Forward" activation / deactivation (on the phone itself or from 
an administrative phone), to an administrative set or to the voice mail. To allow the available forward functions it 
is required to have a checked-in guest with a voicemail. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Immediate forward is activated on the room SIP phone 

 
On the room SIP phone the Forward is activated thanks to 
the prefix 51 (immediate forward). Forward destination is an 
administrative SIP set or the voice mail. 
When calling this set, the call is not presented on the phone 
but forwarded to the administrative phone or voice mail. 

   

Call is forwarded only 
when the GUEST is 
allocated with a 
voicemail. 

2 

Forward is deactivated on the room SIP phone 

 
On the room SIP phone the Forward is deactivated thanks 
to the prefix 41. 
When calling this set, the call is presented on the phone 
and can be picked up. 

    

3 

Call to a phone, which is forwarded to another phone. 

 
The phone calls a phone forwarded to a third phone. The 
third phone takes the call and the conversation is 
established. 

    

4 

Forward on no answer to another phone. Prefix: 53 

 
The phone is forwarded on no answer to another phone. 
Call the phone and check that the call is presented on 
analog phone. Do not take the call and wait for the call to be 
presented on the third phone. Take the call on the third 
phone. 
Check also the call can be picked up before the call is 
forwarded. 

   
Call is forwarded only 
when the GUEST is 
allocated with voicemail. 

5 

Forward on busy to another phone. Prefix: 52 

 
The phone is forwarded on busy to another phone. While 
the phone is already in conversation, call The phone and 
check that the call is presented. Do not take the call and 
wait for the call to be presented on the third phone. Take the 
call on the third phone. 

   
OXE Forward on busy 
prefix is not supported in 
hotel configuration. 

6 

Forward on busy / no answer to another phone. Prefix: 
54 

 
The phone is forwarded on busy / no answer to another 
phone. 
 
While the phone is already in conversation, call The phone 
and check that the call is presented. Do not take the call 
and wait for the call to be presented on the third phone. 
Take the call on the third phone. 
 
Call The phone and check that the call is presented. Do not 
take the call and wait for the call to be presented on the third 
phone. Take the call on the third phone. 
Check also the call can be picked up before the call is 
forwarded. 

   

OXE Forward on busy/no 
answer prefix is not 
supported in hotel 
configuration. 
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6.2.5 Voice mail 

 
These tests check the phone behavior when interworking with the OXE 4645 voicemail. 
In order to do these tests, the Room has to be checked in. If the room isnôt checked-in there is no voicemail 
available. In the User parameters, make sure that before the Check-in there is no Voicemail number. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Voice mail message signalization. 

 
The voice mail (OXE 4645) number is configured in the 
phone. Call The phone and leave a message to its voice 
mail (for example by forwarding the phone to the voice 
mail). Check that the message is indicated on the phone 
(led or display). 

    

2 

Voice mail message listening. 

 
The phone has a voice mail message (see above). Press 
the voice mail key and interacts with the voice mail to listen 
to the message. 
Check the led or display does not show any new message 
as soon as the last one is read. 

    

3 

Voice mail message deposit. 

 
The phone calls another phone forwarded to the voice mail. 
He leaves a message. Check the interaction between the 
phone and voice mail. Listen to the message from the other 
phone. 

    

4 

Voice mail message deposit.  Suffix: 8 

 
Check the can leave a voice message to a phone which is 
not answering or already in conversation thanks to OXE 
suffix. 

   

From ESCENE SIP 
phone we are unable to 
leave messages to other 
user by dialing the suffix 
8.  
Even from IPTouch we 
can only leave the 
message by pressing the 
soft key in the display 
when we dial busy user, 
and not by dialing the 
suffix 8. 
 
Refer SR 
1-133428491 for more 
details. 
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6.2.6 Wake up 

 
These tests check the phone behavior in case of "Wake up" activation / deactivation (on the phone itself or from 
an administrative phone). To set a wake-up call it is necessary to dial the extension mentioned in the test case 
and then after hearing the tone dial: ñHH MM XXXXò. With ñHH MMò being the time of the alarm call and ñXXXXò 
being the room extension number or the guest number. After setting up the alarm call an audio message should 
confirm the time set. To cancel an alarm call, dial the necessary extension mentioned in the test case and after 
hearing the tone dial the extension aimed by the cancellation. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Wake Up is activated on the room SIP phone 

 
On the room SIP phone the Wake Up is activated thanks to 
the prefix 506 
When the wake up time arrives, the phone rings. When the 
picked up, the voice guide is played. 

    

2 

Wake Up is deactivated on the room SIP phone 

 
On the room SIP phone the Wake Up is deactivated thanks 
to the prefix 507 
When the previous wake up time arrives, nothing appends 
on the phone set. 

    

3 

Suite wake Up is activated on a suite SIP phone 

 
On the suite master SIP phone the suite wake Up is 
activated thanks to the prefix 584 
When the wake up time arrives, the entire suite phones are 
ringing. When picking up on one phone, the voice guide is 
played and all the other phones stop ringing. 
 
Test also the activation from slave suite phones. Behavior 
is the same. 

    

4 

Room wake Up is activated on a suite SIP phone 

 
On the suite master SIP phone the suite wake Up is 
activated thanks to the prefix 506 
When the wake up time arrives, only the suite phone on 
which the wake up has been set is ringing. All the other 
suite phones do not. When picking up, the voice guide is 
played. 
 
Test also the activation from slave suite phones. Behavior 
is the same. 

    

5 

Suite wake Up is deactivated on a suite SIP phone 

 
On the suite master SIP phone the Wake Up is deactivated 
thanks to the prefix 585 
When the previous wake up time arrives, nothing appends 
on the phone sets (master and slaves). 
 
Test also the deactivation from slave suite phones. 
Behavior is the same. 
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6.2.7 Change room state 

 
These tests check the phone can change the room state (as a room or administrative set). 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

The room state is changed on the room SIP phone set. 

 
On the room SIP phone the room state is changed thanks to 
the prefix 587 (then made personal code, then room 
status). 
Check the new room state thanks to the hotel menu 
(hotmenu). 
Several room states are tried (1 = done and available, 2 = to 
do completely, 3 = to do partially, 4 to 9 = problem). 

    

 

 

6.2.8 Mini bar 

 
These tests check the phone can change the "mini bar" state (as a room or administrative set). 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

The min-bar state is changed on the room SIP phone 
set. 

 
On the room SIP phone the mini-bar state is changed 
thanks to the prefix 588 
Several mini-bar states are tried.  
 
This test can be validated when analyzing the hotel traces 
on the OXE. The only verification done is to see if the 
correct digits are sent to the OXE. 

    

 

 

  

 



 

Alcatel-Lucent Application Partner Program – Inter-working Report                                  Edition 1 - page 29/50  
Copyright © 2012 Alcatel-Lucent, All rights reserved 

6.2.9 Calls 

 
These tests check the phone behavior during calls between rooms, from and to an administrative set, external 
outgoing call. It also checks the transfer feature. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

SIP room phone set to another SIP room phone set 
(different rooms). 

 
Using guest and room numbers. 

    

2 

SIP room phone to an administrative phone set and 
vice versa. 

 
Using guest and room numbers. 

    

3 
SIP room phone set to an external number (T0/T2 for 
example) and vice versa 

    

4 

SIP suite phone set to an external number (T0/T2 for 
example) and vice versa. 
 

Try with the master and several slave phone sets. 

    

5 
SIP booth phone set to an external number (T0/T2 for 
example) and vice versa. 

    

6 
SIP room phone to an attendant and vice versa. 

 
Call is properly established. 

    

7 

Incoming external call (T0/T2 for example) to an 
attendant phone set which transfers the call to the SIP 
room phone. Transfer is done while the SIP phone is 
ringing but also after this one has picked up the call 
(using the attendant soft key or going on hook). 

 
Call is properly established. 

    

8 

Outgoing call from a SIP phone to an attendant with 
transfers to an external call (T0/T2 for example). 

 
Call is properly established. 

    

9 

Call back on no answer / busy. Suffix: 5 

 
The phone calls another phone already in conversation (or 
does not answer ï check both). The phone set uses the call 
back suffix to be recalled. 
Check the call back query is taken into account and 
processed. 

    

10 

Conference. Suffix: 3 

 
Check the phone can establish a three party conference 
thanks to OXE suffix. 

   

OXE suffix is not 
supported on SIP 
phones in Hotel Mode.  
 
Has to use local feature.  
 

11 

Broker call. Suffix: 1 

 
Check the phone can switch between two calls thanks to 
OXE suffix. 

   

OXE suffix is not 
supported on SIP 
phones in Hotel Mode.  
 
Has to use local feature. 

12 

Enquiry call. Suffix: 2 

 
Check the phone can make a second call while already in 
conversation thanks to OXE suffix. 

   

OXE suffix is not 
supported on SIP 
phones in Hotel Mode.  
 
Has to use local feature. 
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6.2.10 Multi line 

 
These tests check the phone behavior during multi line calls from and to different kind of phone set types (SIP, 
IPTouch, UA). Room and suite phones are tested. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

Incoming call to a room phone while already in 
conversation 

 
The phone (only phone of the room) is already in 
conversation and receives a new incoming call. Check the 
display (new call presentation) and audio (new call 
signalization). 
Check this call can be taken (and that the first one is put on 
hold). 
Check the phone can switch between the two calls (and that 
the other parties are put on hold). 

   

Incoming call in the 
second line makes the 
LED blinks and held tone 
is heard when we are 
active in the first call. 
 
 

2 

Outgoing call from a room phone while already in 
conversation 

 
The phone (only phone in the room) is already in 
conversation and makes a new outgoing call. Check the 
display (new call presentation) and audio (new call 
signalization). 
Check this call can be taken (and that the first one is put on 
hold). 
Check the phone can switch between the two calls (and that 
the other parties are put on hold). 

    

3 

Incoming call to a room phone while already in 
conversation on the  two lines 

 
The phone (only phone in the room) is already in 
conversation on its two lines and receives a new incoming 
call. Check the display (new call presentation) and audio 
(new call signalization). 
 

   
 
 

4 

Incoming call to suite phone while already in 
conversation 

 
The phone (main phone of a suite) is already in 
conversation and receives a new incoming call. Check the 
display (new call presentation) and audio (new call 
signalization). 
Check this call can be taken (and that the first one is put on 
hold). Check that the slave phones stop ringing. 
Check the phone can switch between the two calls (and that 
the other parties are put on hold). 

    

5 

Outgoing call from a suite phone while already in 
conversation 

 
The phone (main phone of a suite) is already in 
conversation and makes a new outgoing call. Check the 
display (new call presentation) and audio (new call 
signalization). 
Check this call can be taken (and that the first one is put on 
hold). 
Check the phone can switch between the two calls (and that 
the other parties are put on hold). 

    

6 

Incoming call to a suite phone while already in 
conversation on the  two lines 

 
The phone (main phone of a suite) is already in 
conversation on its two lines and receives a new incoming 
call. Check the display (new call presentation) and audio 
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Test 
Case Id 

Test Case N/A OK NOK Comment 

(new call signalization). 
Check that the slave phones ring and can take the call. 

7 
Repeat steps 4 to 6 but this time the SIP phone is a suite 
slave phone. 

    

8 

Outgoing call from a room phone to another room 
phone which is already in conversation 

 
The phone calls another room phone (only phone in the 
room) which is already in conversation and, thanks to Busy 
Camp On feature (suffix 6), enforce the called to phone to 
ring. Check the display (new call presentation) and audio 
(new call signalization). 
Check this call can be taken (and that the first one is put on 
hold). 
Check the phone can switch between the two calls (and that 
the other parties are put on hold). 

    

9 
Repeat previous steps but, this time, use guest number 
(and not room number) when calling to a room. 
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6.2.11 Multi occupation 

 
These tests check the phone behavior when several guests are located in the same room. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

SIP set registration to OXE 

 
The phone successfully registers to the OXE 
 

    

2 

Incoming call to the room phone number 

 
Another phone (IPTouch) calls the room phone number. 
The call can be picked up and is successfully established. 

    

3 

Incoming call to the first guest phone number 

 
Another phone (IPTouch) calls the first guest phone 
number. The call can be picked up and is successfully 
established. 

    

4 

Incoming call to the second guest phone number 

 
Another phone (IPTouch) calls the second guest phone 
number. The call can be picked up and is successfully 
established. 

    

5 

Outgoing call by the first guest  

 
In case of an external call (to a PSTN user for example), the 
first guest makes an outgoing call using his guest ID. The 
call is successfully established. 

    

6 

Outgoing call by the second guest  

 
In case of an external call (to a PSTN user for example), the 
second guest makes an outgoing call using his guest ID. 
The call is successfully established. 
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6.2.12 Additional Tests. 

 
These tests check the good behavior in hotel suite mode. 

 

Test 
Case Id 

Test Case N/A OK NOK Comment 

1 

For a suite with several phones, check behavior when there 
is an incoming call (to the suite phone number) while there 
is already a phone in conversation 
 

    

2 

Check that after a checkout all the guest specific 
information are erased (voice mail messages, phone state 
like forward, do not disturb, wake up time) 
 

    

3 
Test that DID attribution is working fine with the SIP hotel 
sets  
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7 Appendix A: Partner Application Description 
 
ESCENE WS320N SIP Phone: 

 
 
 
ESCENE US102N SIP Phone: 

 
 
ESCENE ES220N SIP Phone: 

 

 

 

 
ESCENE DS412 SIP Phone: 
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Webpage Login: 

 

 
 
Access to the Admin Home page (Web interface) 
 
1. Access your web browser.  Enter the IP address on your browser.  Example:  http://10.200.48.246 (Phone IP 

Address). 
 
2. The Web login page will be displayed. Enter the user name and the password and click Login. The 

administrator’s default user name and password are “root” and “root” respectively. 
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8 Appendix B: Partner Application: Configuration 
Requirements 

 

 Phone Version Information: 

 

  
 

SIP Page configuration: 

Login to the webpage and Go to SIP Account Settings for the SIP account. 
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A SIP account must be created.  There are two SIP Profile supported in the Escene models. You can select any one 
line and load the same to configure the SIP account. Enter your Account Mode, Display Name, User Name, 
Authentication Name and Password as mentioned above. Make sure you activate the account by enabling the account, 
configure and then click on ñSubmitò at the bottom after configured the settings. 

 

Codec Configuration 

  We can configure the order of Codec should be used in the Audio Settings Tab. 
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9 Appendix C: Alcatel-Lucent Platform: 
configuration requirements 

 

Access to Hotel application: to configure the hotel application parameters. 
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Creation of a room SIP phone set: add a SIP extension user. 

 

 
 

Configuration of the used IP addresses of a room SIP phone set: in order to be set in the correct OXE IP domain (mgr 
/ users / IP SIP Extension). 
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Disabling the protection against beeps for the room SIP phone set: This allows the presentation of a second incoming 
call. 

 

 
 

 

Creation of a hotel guest: add a guest user (choose 255 for Cristal, Board and Equipment address). 
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Creation of an administrative SIP phone set: add a SIP extension user. 

 

 
 

 

 

Creation of the trunk group used for the local SIP: add a trunk group under mgr / Trunk groups. 
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Configuration of the SIP gateway: under mgr / SIP 

 

 
 

 

Configuration of the SIP proxy: under mgr / SIP 
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Configuration of the hotel parameters: under mgr / Application / Hotel 

 

 
 

 

 

 

Configuration of the multi occupation type: under mgr / Application / Hotel / Numerical parameters 

 

 
 

 

 

Configuration of the suite wake up type: under mgr / Application / Hotel / Numerical parameters 
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Configuration of a suite: under mgr / Application / Hotel / Hotel suite 

 

 
 

 

 

 

Access to the hotel application menu: use 'hotmenu' command 
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10 Appendix D: Partner escalation process 
Contact name:Roland 

Title: CEO 
E-mail: sjm@escene.cn 

Phone:020-28096798-5288 

 
 
Contact name: Sandy 

Title: Sales Executive 
E-mail: lizc@escene.cn 

Phone:020-28096798-5280 

 
 

Contact name:Deny 

Title: R&D engineer 
E-mail: wugh@escene.cn 

Phone:020-28096798-5304 

 
 

Contact name:VinciSam 

Title: Technical support engineer 
E-mail: shenjh@escene.cn 

Phone:020-28096798-5207 

 
 

Address : Floor 4 Building C YueAn Industrial Park No.54 Huangcun Road Tianhe District Guangzhou 

China. 

City: Guangzhou 

State: Guangdong province 

Zip: 510665 

Country:China 
Country code:0086 

 

Phone:020-28096798 

Fax: 8620-28096786 

 

Web address: http://www.escene.hk/en 
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11 Appendix E: AAPP program 
 

11.1 Alcatel-Lucent Application Partner Program (AAPP) 
 

Complete e-business solutions at your disposal 
 

The Application Partner Program is designed to support companies that develop communication applications for 

the enterprise market, based on Alcatel-Lucent's Omni product family.  

The program provides tools and support for developing, verifying and promoting compliant third-party 

applications that complement Alcatel-Lucent's Omni-based products. Alcatel-Lucent facilitates market access for 

compliant applications. 

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

¶ Provide easy interfacing for Alcatel-Lucent communication products: 

Alcatel-Lucent'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 
products.  

¶ Test and verify a comprehensive range of third-party applications: 

to ensure proper inter-working, Alcatel-Lucent tests and verifies selected third-party applications that 
complement its portfolio. Successful candidates, which are labelled Alcatel-Lucent 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, … 

 
 

Web site 
 
If registered Application Partner, you can access the AAPP website at this URL: 
http://applicationpartner.alcatel-lucent.com 
 

 

11.2 Alcatel-Lucent.com 
You can access the Alcatel-Lucent website at this URL: http://www.Alcatel-Lucent.com/ 

 

http://applicationpartner.alcatel-lucent.com/
http://www.alcatel.com/
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12 Appendix F: AAPP Escalation process 
 
 

12.1 Introduction 
 
 
The purpose of this appendix is to define the split of responsibilities and the escalation process to be applied by the 

Alcatel-Lucent Business Partners when facing a problem with a solution involving an Alcatel-Lucent platform and a 

Third-Party application with or without a valid Alcatel-Lucent Inter-Working Report. 

 

 

If a problem occurs on an installation involving Alcatel-Lucent platforms and a certified product or application, both 

parties, Alcatel-Lucent and the Application Partner, are engaged as follows: 

 

 

 

 

 

(*) The Application Partner Business Partner can be a Third-Party company or the Alcatel-Lucent Business Partner 

itself 

 



 

Alcatel-Lucent Application Partner Program – Inter-working Report                                  Edition 1 - page 48/50  
Copyright © 2012 Alcatel-Lucent, All rights reserved 

12.2 Escalation in case of certified application/products  

 

The Alcatel-Lucent support will be limited to applications with a valid Inter-Working Report (IWR). Known problems or 

remarks mentioned in the IWR will not be taken into account. 

 

A valid IWR means an official IWR exists which is posted on the Alcatel-Lucent Enterprise Business Portal and mentions the 

same release/version of the software of both parties as those of the current customer installation (Or an official 

agreement between Alcatel-Lucent and the Third-Party exists to support the customer installation if the release/version 

doesnõt match those mentioned in the latest IWR ). 

 

If there is an interworking issue, both parties, Alcatel-Lucent and the Application Partner, are engaged: 

 

Case 1: the responsibility can be established 100% on Alcatel-Lucent side. 

In that case, the problem must be escalated by the ALU Business Partner to the Alcatel-Lucent Support Center 

using the standard process: open a ticket (eService Request ðeSR) 

 

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: 

 

ü 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.  

 

ü The Alcatel-Lucent Business Partner will escalate the problem to the Alcatel-Lucent Support Center only if 

the Application Partner has demonstrated with traces a problem on the Alcatel-Lucent side or if the 

Application Partner (not the Business Partner) needs the involvement of Alcatel-Lucent. 

 

In that case, the Alcatel-Lucent Business Partner must provide the reference of the Case Number on the 

Application Partner side. The Application Partner must provide to Alcatel-Lucent the results of its investigations, 

traces, etc, related to this Case Number. 

 

Alcatel-Lucent reserves the right to close the case opened on his side if the investigations made on the 

Application Partner side are insufficient or do no exist. 

 

IMPORTANT NOTE 1: The possibility to configure the Alcatel-Lucent PBX with ACTIS quotation tool in order to interwork 

with an external application is not a guarantee of the availability of the solution. Please check the availability of the 

Inter-Working Report on the AAPP (Url: https://private.applicationpartner.alcatel-lucent.com) or Enterprise Business 

Portal (Url: Enterprise Business Portal)  web sites. 

 

IMPORTANT NOTE 2: Involvement of the Alcatel-Lucent Business Partner is mandatory, the access to the Alcatel-Lucent 

platform (remote access, login/password) being the Business Partner responsibility. 

 

https://private.applicationpartner.alcatel-lucent.com/
https://businessportal.alcatel-lucent.com/alugesdp/faces/gesdp/products/Listing.jspx?DOCTYPE=Technical_Documentation/Interworking_Reports&RESULTSBYPAGE=25&BOXES=partner,product&OPENFOLDER=doctype.Interworking_Reports&_afPfm=2
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12.3 Escalation in case of non-certified application/product 

 

 

If an Alcatel-Lucent Business Partner escalates an issue where a 3
rd
 party application is involved and the following 

conditions apply: 

 

1. no IWR exist (not available on the Enterprise Business Portal for Business Partners or on the Alcatel-Lucent 

Application Partner web site) , 

 

2. Or the 3
rd
 party company is referenced as AAPP participant but with no existing IWR, 

 

3. Or the existing IWR is available but the release/version of the both parties (Alcatel-Lucent and 3
rd
-party) are not 

the same than those currently deployed at the customer site (see exception in Note 2). 

 

In this case, the only responsibility of the Alcatel-Lucent Technical Support is to verify that the Alcatel-Lucent platform is 

correctly installed and configured for a standard use and that the Alcatel-Lucent equipments perform as expected. If thatõs 

the case, Alcatel-Lucent will be forced to close the case. 

 

If the Alcatel-Lucent Business Partner, the customer or the 3
rd
 party company need additional and specific involvement 

from Alcatel-Lucent, there are two options: 

 

ü Either request a quote for specific investigation and diagnosis (with no agreement to fix the issue), 

 

ü Or the AAPP program process is followed to officially certify the 3
rd
 party application/product.  

 

For both options, just send the request to the AAPP team (by opening an e-SR). 

 

 

IMPORTANT NOTE 1: Even if the 3
rd
 party company is able to demonstrate the issue is on the Alcatel-Lucent side, there 

is no obligation from Alcatel-Lucent to fix it (there is no official IWR established between the two parties). 

 

 

IMPORTANT NOTE 2: For case 3, Alcatel-Lucent and the Third-Party company may decide to provide a document 

specifying the possible extension of the IWR by mentioning the list of releases/versions officially supported. (Another way 

is to update an existing IWR with new release/version compatibility). 
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12.4 Technical Support access 

 

The Alcatel-Lucent Support Center is open 24 hours a day; 7 days a week:   

¶ e-Support from the  Application Partner Web site (if registered Alcatel-Lucent Application Partner): 

http://applicationpartner.alcatel-lucent.com 

¶ e-Support from the Alcatel-Lucent Business Partners Web site (if registered Alcatel-Lucent Business Partners): 

https://businessportal.alcatel-lucent.com click under òLet us help youó the eService Request link 

¶ e-mail: Ebg_Global_Supportcenter@alcatel-lucent.com 

¶ Fax number: +33(0)3 69 20 85 85 

¶ Telephone numbers: 

 

Alcatel-Lucent Business Partners Support Center for countries: 

 

Country Supported language Toll free number 

France 

French 

+800-00200100 

Belgium 

Luxembourg 

Germany 

German Austria 

Switzerland 

United Kingdom 

English 

Italy 

Australia 

Denmark 

Ireland 

Netherlands 

South Africa 

Norway 

Poland 

Sweden 

Czech Republic 

Estonia 

Finland 

Greece 

Slovakia 

Portugal 

Spain Spanish 

 

 
 

For other countries: 
 

English answer:  + 1 650 385 2193 
French answer: + 1 650 385 2196 
German answer:  + 1 650 385 2197 
Spanish answer:  + 1 650 385 2198 
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