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Abstract

These Application Notes describe the configuration steps required for TRIO Enterprise 3.0 to
successfully provide Attendant Client functionality with Avaya Communication Server 1000
Release 6.0 system using SIP interface.

Trio Enterprise 3.0 provides Attendant Client functionality with a view of contacts and
schedules communications tasks integrating with existing Windows-based applications. It
performs phone tasks without the need for a physical phone by One click dialing from the
address book. Call scenarios involving Avaya Communication Server 1000 Release 6.0 and
TRIO Enterprise 3.0 were tested.

Information in these Application Notes has been obtained through interoperability compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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1. Introduction

This is the interoperability test report for Avaya Communication Server 1000 Release 6.0
(CS1000) and Trio Enterprise 3.0. This test was performed to verify the basic interaction
between Avaya Communication Server 1000 Release 6.0 and Trio Enterprise 3.0 to ensure that
there is no adverse impact on Avaya Communication Server 1000 Release 6.0 system while Trio
Enterprise 3.0 is running and accessing Avaya Communication Server 1000 Release 6.0 system.
During the compliance testing, Trio Enterprise 3.0 was able to provide Attendant Client
functionality successfully. Call scenarios involving Avaya Communication Server 1000 Release
6.0 system and Trio Enterprise 3.0 were tested.

1.1. Interoperability Compliance Testing

The interoperability compliance test included feature testing to evaluate the ability of Trio
Enterprise 3.0 to successfully provide Attendant Client functionality integrated with Avaya
Communication Server 1000 Release 6.0 System. The testing was performed for various types of
calls: intra-switch calls (calls between phones on the same site), outbound/inbound calls to/from
the PSTN and outbound/inbound calls to/from the phones between the two sites via an IP trunk.

1.2. Support

Technical support for TRIO Enterprise 3.0 can be obtained through the following:
Phone: +46 8 457 3000

E-mail: triosupport@trio.com

Web: WWW.trio.com

2. Reference Configuration

Figure 1 illustrates a sample configuration that was used to compliance test the interoperability
of Trio Enterprise 3.0 and Avaya Communication Server 1000 Release 6.0 system. Avaya
Communication Server 1000 Release 6.0 system has connections to the following: Avaya phones
and a PRI trunk to the PSTN. TRIO Enterprise 3.0 uses Interception Protocol called ICP to
provide Attendant Client functionality through SIP interface. The phones connected to the
system will be used to generate call traffic to Avaya Communication Server 1000 Release 6.0
system. These phones will be used to generate intra-switch calls (calls between phones on the
same system) and outbound/inbound calls to/from the PSTN.

Trio Enterprise connects to Avaya CS1000 system using ICP, a proprietary protocol for
redirecting phones to the attendant service. An ICP connection is done through the network or
using a terminal server connected to a local Avaya RS232 interface, or through TCP/IP.
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In this example, the Trio Enterprise server connects to Avaya CS1000 system using RS232.

The SIP interface is used for connecting voice channels between Trio Enterprise and Avaya
Communication Server 1000 Release 6.0 system.

Network Routing Service (NRS) gives directives to Trio Enterprise of which node to use for the
outgoing call for each call going out from Trio Enterprise.

TRIO Enterprise software is running on a DELL Laptop.

Tolevol S Absence
elevoice elevoi management
Trie Enterprise
Present PEX
Sphone Nphone manager
Teplip
Teplip 2 Mbit Ve
AVAYA stP asie “
CS1000
Absence
Trunk Trunk management
| MRS

Figure 1: Network Configuration of TRIO Enterprise 3.0 with Avaya Communication
Server 1000 Release. 6.0
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3. Equipment and Software Validated

The following equipment and software were used for the sample configuration provided:

Equipment Software Version
Avaya Communication Server 1000 | Release 6.0

Trio Enterprise Software Trio Enterprise 3.0

4. Configure Avaya Communication Server 1000 Release 6.0
System

This section describes standard parameter settings and configuration of Avaya Communication
Server 1000 Release 6.0 system when connecting to Trio Enterprise 3.0.

During the test, Trio Enterprise was connected to Avaya Communication Server 1000 Release
6.0 utilizing ICP and SIP interfaces.

The configuration steps are listed below.

Configure SIP D-Channel.

Configure SIP Route

Configure SIP Trunks

Configure RLI for SIP.

Configure CDP to TRIO Endpoint.

Configure ICP Data in Customer Data Block.
Configure TTY for ICP Connection

Configure SIP Dynamic Endpoint for TRIO in NRS.
Configure Routing Entries for TRIO in NRS

The required changed attributes are in bold format where others are at default values.

4.1. Configure D-Channel for SIP.

Configure D-Channel for SIP using Overlay LD 17.

LD 17

ADAN DCH 64
CTYP DCIP
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DES VTRK
USR ISLD
ISLM 4000
SSRC 1800
OTBF 128
NASA YES
IFC SL1
CNEG 1
RLS ID 25
RCAP ND2 NCT TAT
MBGA NO
H323

OVLR YES

OVLS YES
OVLTO

4.2. Configure SIP Route

Configure SIP route using Overlay LD 16.

LD 16

TYPE RDB
CUST 00
ROUT 66
DES VTRK_SIP
TKTP TIE
NPID_TBL_NUM 0
ESN YES
RPA NO
CNVT NO
SAT NO
RCLS EXT
VTRK YES
ZONE 002
PCID SIP
CRID NO
NODE 920
DTRK NO
ISDN YES
MODE ISLD
DCH 64
IFC SL1
PNI 00000
NCNA YES
NCRD NO
FALT NO
CTYP UKWN
INAC NO
ISAR NO
DAPC NO
MBXR NO
PTYP ATT
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AUTO NO
DNIS NO
DCDR NO
ICOG IAO
SRCH LIN
TRMB YES
STEP
ACOD 87066
TCPP NO
TARG
CLEN 10
BILN NO
OABS
INST
IDC NO
DCNO 0
NDNO 0
DEXT NO
SIGO ESN5
MFC NO
ICIS YES
OGIS YES
TIMR ICF 512
OGF 512
EOD 13952
DSI 34944
NRD 10112
DDL 70
ODT 4096
RGV 640
GTO 896
GTI 896
SFB 3
NBS 2048
NBL 4096
IENB 5
TFD 0
VSS 0
VGD 6
EESD 1024
SST 50
DTD NO
SCDT NO
2DTNO
NEDC ORG
FEDC ORG
CPDC NO
DLTN NO
HOLD 02 02 40
SEIZ 02 02
SVFL 02 02
DRNG NO
CDR NO
NATL YES
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SSL
CFWR NO
IDOP NO
VRAT NO
MUS NO
PANS YES
RACD NO
MANO NO
FRL 00
FRL 10
FRL 20
FRL 30
FRL 40
FRL 50
FRL 60
FRL 70
OHQ NO
OHQT 00
CBQ NO
AUTH NO
TTBLO
ATAN NO
OHTD NO
PLEV 2
OPR NO
ALRM NO
ART 0
PECL NO
DCTIO
TIDY 87066 66
ATRR NO
TRRL NO
SGRP 0
ARDN NO
AACR NO

4.3. Configure SIP Trunks.

Configure SIP Trunks using Overlay LD 14.

LD 14
DES SIP

TN 13200200 VIRTUAL

TYPE IPTI
CDEN 8D
CUST O
XTRK VTRK
ZONE 002
LDOP BOP
TIMP 600
BIMP 600
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AUTO_BIMP NO
NMUS NO

TRK ANLG
NCOS 0

RTMB 66 1
CHID 1

TGAR 1
STRI/STRO WNK WNK
SUPN YES

AST NO

IAPG 0

CLS UNR DTN CND ECD WTA LPR APN THFD XREP SPCD MSBT

P10 NTC
TKID
AACRNO

4.4. Configure RLI for SIP.

Configure RLI for SIP using Overlay LD 86.

RLI (LD 86)

RLI 36
ENTR O
ROUT 66
TOD OON 10N 20N 30ON
40N 50N 60N 7ON
VNS NO
SCNV NO
CNV NO
EXP NO
FRL O
DMI 0
ISDM 0
FCI O
FSNI 0
BNE NO
DORG NO
SBOC RRA
COPT 2
IDBB DBA
IOHQ NO
OHQ NO
CBQ NO

ENTR 1
LTER YES
TOD OON 10N 20N 3 ON

4 ON 50N 60N 7ON DMI 135
VNS NO DEL 5
FRL O ISPN NO
DMI 135 > INST 92030
FCI 0 CTYP CDP
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FSNI O
BNE NO
SBOC NRR
IDBB DBD
IOHQ NO

ISET 2

NALT 5
MFRL 0
OVLLO

4.5. Configure CDP to TRIO Endpoint

Configure CDP Dialing Plan to TRIO Endpoint using Overlay LD 87.

DSC to Trio (LD 87)

DSC 92004
FLEN 5
DSP DN
RRPA NO
RLI 36
NPA

NXX

4.6. Configure ICP Data in Customer Data Block

Configure ICP Data in Customer Data Block using Overlay LD 15.

ICP (LD 15)
TYPE ICP_DATA

CUST 00

ICP YES
APL 4
NIPN 9
ICCR NO
ICMM 9
ICDN 92004
ECDN 92004
ICWN 0
ICPS CIR
ICDL 5
ICPD O
ICTD YES
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4.7. Configure TTY for ICP Connection

Configure TTY for ICP Connection using Overlay LD 17.

LD 17

TYPE adan tty 4
ADAN TTY 4
CTYP SDI2
GRP 0
DNUM 4
DES HVD
FLOW NO
USERICP
XSM NO
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4.8. Configure SIP Dynamic Endpoint for TRIO in NRS.

Launch NRS Manager Page from UCM of Avaya Communication Server 1000 Release 6.0
System. Navigate to NumberingPlans—> Endpoints.

- Select Standby database for adding a configuration in NRS page.

- Enter the EndPoint ID as TRIO.

- Select the Domains (Service Domain as dpp.nortel, LO Domain as udp and L1
Domain as CDP).

Click on Add button to add an Gateway Endpoint.

A NRS Manager, - Microsoft Internet Explorer

Fie Edt Wiew Favortes Tools  Help [ <}

eBa:k -9 \ﬂ @ ;j /‘:\‘Sear:h \fi‘:("FavuntEs & [ﬁ;v :_\'_ J i

Address @ https:ff47. 166,92, 198inrsmiweb_&_0/SECURE_OBJECT_ID/com.nortel.ems. MRS /cS76dZeb-e40d-11de-aaal -97707d6 42292 /frames. faces

NERTEL NETWORK ROUTING SERVICE MANAGER

«UCM Network Services

} Activesciatabs
- System Managing: - Actve delshaze 172482043

MRS Server @ Stanoy detabase Mumbering Plans » Endpoints
Database
Systern Wiide Settings
~ Numbering Plans
Dormains
Endpoints
Routes
Metwaork Post-Translation
Caollaboralive Servers Endpoint IO
- Tools
SIP Phone Context Limnit results to Domain |dpp.m0r‘te\ "'l i |udp "‘ i ‘ cdp W
- Routing Tests

B Results per page

Search for Endpoints Hide

Enter an endpaint ID {use * for all} and click Search.You may narrow the search by specifying a particular domain,

SIP
Backup " 5
Restare ‘ Gateway Endpoints (0) | User Endpoints (0)
ERENS DR Add ‘ Delete | SIP phone contexst. ‘ Refresh
1D~ Supported Pratocols SIP Mode Call Signaling IP Description # of Routing Entries Context
0 -0 of 0 Gateway Endpoint(s) Page 1 of 1 First| Previous| Next| Last

Copyright 2002-2010 Nortel Networks. All rights reserved

&) Done 2 4 Internet

Configuration found in the NRS Manager
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Add Gateway Endpoint Page opens.

A NRS Manager - Microsoft Internet Explorer

File:

eBack W ‘\)

Edit View Fa

Enter the Endpoint Name as TRIO.

worltss Tools  Help

@ @ (h pSearch *Favorites @ @. Z; - D ﬁ

Address @] heeps: (47,

NERTEL

166,92, 198/nrsmWsb_6_0/SECURE_OBIECT_IDfcom.norkel.ems NR5(c57602eb-e40d-1 1 de-aaaf-37707de4e 492 Frames.faces

NETWORK ROUTING SERVICE MANAGER

- Numbering Plans
Domaing
Endpoints
Routes
MNetwork Post-

- Tools
SIP Phone Co
- Routing Tests
H.322
8P
Backup
Restore
GKINRS Data

Systern Wide Settings

Collaborative Servers

«UCM Network Services
. Active datab
_ system Managing: O Active datvbese 1721820413
MRS Server @ Standby detebese Mumbering Plans :» Endpoirts » Gateway Endpoirt
Datahase

Add Gateway Endpoint ( dpp.nortel fudp f cdp )

End point name: TRIC *

Translation Description:

Trust Mode:

et Tander gateway endpoint name
Endpoint authentication enabled
Authentication passward l:l
E.164 country code:
upgrade E.184 area code

E.184 inlermalional dialing suvess cude
E.164 international dialing code length: (0-991
E.164 national dialing access code

E.164 national dialing code length:

0-53)

E.164 local {subscriber) dialing access code

(I

Save ﬂ

* Required value

Copyright 2002-2010 Nartel Metworks. Al rights reserved,
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Scroll down the page and set the following:
- Select Dynamic SIP endpoint for SIP Support.
- Select Proxy Mode for SIP Mode
- Enable the SIP UDP transport enabled checkbox.
- Enter 5060 for SIP UDP Port.

7 NRS Manager - Microsoft Internet Explorer

File Edit WView Favorites Tools  Help

Q- © - ¥ B & ) search 5 Favortes () - :5\,'_ a3

Address |&] hitps /47, 166.92. 198/nrsmiieb_6_0/SECURE_OBIECT_IDfeom.nortel. ems. NRS(c576d2eb-840d-11de-5aaf-97707d6 4825z frames Faces v Go | Links
NERTEL NETWORK ROUTING SERVICE MANAGER Help | Logout
UCM Network Services
- ;yslem Managing: © sctive databaza 172.18.20.13
MRS Server @ Standby database Mutmbbering Plan s » Endipoints: » Gatevvay Endpoirt
Datahase _
System Wide Settings Add Gateway Endpoint ( dpp.nortel/ udp { cdp )

- Numbering Plans

Domains
SIP support | Dynamic SIP endpoint »

Endpoints

|

Fioutes @ Proxy Mode
Network PostTranslation SIP Mode © RedirectMod
Collaborative Servers tedirect Mode

SIP TCP transport e nabled: []

- Tools
SIP Phone Context 1P TCP port (5080
- Routing Tests
H.323 SIF UDF franspont enabled

&P SIP UDP port 5060

Backup
E— SIP TLS transport enabled: []
GKINRS Dala upgrade SIPTLS port 5061 |
Persistent TCP support enabled [
End to end security support: []
Metwork Connection Server enabled: []
Redundancy enabled:
Main endpoint name:
Redundant endpoint name v
% Required walue Cancel

Copyright 20022010 Norel Networks. A1 rights reserved

S @ Internet

[t

Configuration found in the NRS Manager
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4.9. Configure Routing Entries for TRIO in NRS.

From NRS Manager page, navigate to Numbering Plans—> Routes.

- Select the Domains (Service Domain as dpp.nortel, LO Domain as udp and L1
Domain as CDP).

- Select TRIO as Endpoint Name.
- Click on Add Button to add an routing entry.

7 MRS Manager - Microsoft Internet Explorer

Fie Edt Wiew Favortes Took Help [ <)
Qe - O B @ 7N | D search 5 Favorites & - 2 i@

> 2| @ |, g A =
acldress 4] hktps:/j47.166.92. 195{nrsmyisb_6_0/SECURE_OBJECT_IDjcom.nortel ems. NR5(c576d2eb-0400- 11 de-aasf -37 P07 d6tead2 frsmes. faces v e ks

NERTEL NETWORK ROUTING SERVICE MANAGER

«UCM Network Services
O active database

- system Managing: 172.18.20.13
MRS Server @ Standby database Mumbering Plans » Routes
Database

Systern Wide Seftings
~ Numbering Plans

Domains

Endpoints

Routes

Metwark Post-Translation

Collaborative Servers DN Prefic |* | DN Type ‘ Private level O regional (COP steering code) V|
- Tools

SIP Phone Context Lirit results to Domaim:ldplj nortel "‘ i ‘ udp “l ! |CHP "l

- Routing Tests

’;;23 Endpoint Name: | TRIO W
s Resulls per page: |50 % ﬂ

Restore
GK/NRS Data upgrade

Search for Routing Entries Hidle

Enter a DnPrefix and Dn Type (Use * for all) and click SearchVou may narrow the search by specifying a particular domain

‘ Routing Entries (0) | Default Routes (0)
Add... ‘ Copy... | Ilove.. | Impon...| Export. ‘ Routing test... | Delete | Refresh
D Prefixs DN Type Route Cost 5IP URIPhone Context Context
0 -0 of 0 Routing Ertryties) Page 1 of 1 First| Previous| hest| Last

Copyright 2002-2010 Nortel Natworks. Al tights reserved

&] Done 2 @ Internet
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Add Routing Entry page opens.

- Select Private level 0 regional (CDP steering code) for DN type.
- Enter the DN (Ex:92004) for DNPrefix.
- Enter 1 for Route cost.

2 NRS Managor, - Microoft Intarnet Explorar

File Edit Wisw Favorites Tools  Help

Qe - O E @ (b ) search \:r_\\?Favorites & (- :5\; a-UJi
v B e ik

Address @ https:if47.166.92. 196inrsmiweh 6 OJSECURE OBIECT IDfcom.norkel.ems.MRS/rS576d2eb-g40d-11de-aaaf-97 707 d6ea92 frames. Faces

llelp | Logout

NEIRTEL NETWORK ROUTING SERVICE MANAGER
WUCM Network Servi S
- 5ysqeme ok seniee Managing: = Acie detebase 17218.20.13
MRS Server @ Standby databass Mumbering Plans » Routss » Routing Crir
Database
Add Routting Entry { dpp.nortel ] udp [ cdp I TRIO )

Systern Wiide Settings

~ Numbering Plans
DEIFE e DN type |Private level O regional (COP steering code) V‘

Endpoints
Routes DI prefi: (92004 e
Netwurk Pusk-Translalion Route cost * .

Collaborative Servers
- Tools

SIF Phone Context
- Routing Tests
WA * Required value. Cancel
SIP
Dackup

Restore
GKINHE Data upgrace

Copyright 2002-2010 Nortel Netwarks. & rights reserved

&] Done S 4 Internet

Configuration found in the NRS Manager

15 of 29

QT; Reviewed: Solution & Interoperability Test Lab Application Notes
TRIO-SIP

SPOC 7/2/2010 ©2010 Avaya Inc. All Rights Reserved.



5. Configure TRIO Enterprise 3.0 for SIP interface

This section describes how to integrate TRIO Enterprise 3.0 with Avaya Communication Server
1000 Release 6.0 System using dynamic SIP.

This section describes the installation steps performed for TRIO Enterprise 3.0 Setup.

Double Click on Trio Enterprise 3.0 Setup.exe file. The Trio TeleVoice Setup Custom Setup
screen opens.

e Click on TeleVoice components.

e Make sure NMS components is not selected and click Next.

= e 2
Custom Setup
(C¢TRIO

Select the way you want features ko be inskalled,

Click the icons in the tree below ta change the way Features will be installed.

G R | T=I=0ice comporert Installs TeleYaice programs and

o ¥ = | MMS components configuration toals - These
-3¢ = | TTS components components are reguired ko use the
= Teletoice,

This Feature requires 13MB on wour
hiard drive.

Locakion: 3R ‘ B |
Feset Disk Lsage < Back I Mext = I Zancel |
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e Select SIP checkbox for Connections and click on Next button.

! i'.;_,' Trio Tele¥oice Config

Telephony system
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e Select Nortel CS1000/Meridian under SIP Settings and click on Next button.

fi Trio TeleYoice Config

=100 x|

Wi

% Morkel C51000/Meridian:
" al

EL4200
" ALCATEL4300

" ALCATEL4400

SIP Settings (.(. TRIO

Select which PAEY this SIP
Erunlk, will be connected Ea,

" GEMERIC " LUCENT If wou don't know, select
GEMERIC and later modify

' MD110/ME-OME " SIEMEMNS the: configuratian in
kelevoice. chg,

" PHILIPS " CI5CO

Zancel

< Back I et = I

QT; Reviewed:
SPOC 7/2/2010

Solution & Interoperability Test Lab Application Notes
©2010 Avaya Inc. All Rights Reserved.

18 of 29
TRIO-SIP



e SIP Settings Page opens. Enter the SIP settings as described below and click on Next
button.
e Local IP

The local IP address of the Trio Enterprise server

e Target IP

The IP address of the Network Routing Server (NRS)

e Service Domain

The Service domain configured in Network Routing Server (NRS)
e LO domain

The LO Domain configured in Network Routing Server (NRS)

e Endpoint Name

TRIO endpoint name configured in Network Routing Server (NRS)

i:-.a Trio Enterprise LI Config

SIP Settings

—5IP settings  Mortel setkings

Local IP: |4?. 166,92, 26 Service Domain:  |dpp.nartel

Target IF: I"r?. 166,92,195 L0 Dormain: cdp

Mumber of ;

channels: |3IZI L1 Domain: udp

Endpoint narme: Im—

i
< Back I Blext = I Zancel
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e VoiceGuide/VoiceMail settings page opens.
- Enable Use Trio VoiceMail checkbox.
- Enable Connect to a Present system for VoiceGuide checkbox.

- Click on Next Button.

i:-E‘ Trio Enterprise LI Config N ﬂ

¥YoiceGuide YoiceMail settings

¥ Use Trio YaoiceMail

¥ Conneck ko a Present syskem For YoiceGuide!

[~ Enable Mobile Extension

W
< Back I Mext = I Zancel
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e TeleVoice Product Configuration Page appears.

Enter the following in the General Tab:

Enter the value as 5 for Ext. length.

Enter the value for Operator Open hours.

Click on Apply button.

Click on OK button.

[J Tele¥oice Product Configuration ] X|

General |"-.J'|:|i|:eguil:le| "-.J'-:ui-:eMaiII MHumber analysis

— PB& — GEeneral

Ext. length Commaon working | 300-1700

— Cuztomer group data

[Eroup
~ Operator MHurnber to operator 07203
Open hours I 0300-1200 Beginning digitz in extenzions

Extenzion for - _
open hours I Dutgoing callz

Frefix far outgoing calls

e

— Aftendant extensons =WocedesEiant———
Atterdart ||:| vI Senine ||:| vI
= A A0 YES Signaling Ewvtenzsion I Mamber I
[T Extended ¥F5 Signaling Televaice
SErver
|F-addr.

¥ Gption itvint calls
I Optiotiinest ez

] I Cancel Spply
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e VoiceGuide Configuration
Select VoiceGuide tab from the Televoice Product Configuration Page.
- Enable Int. calls to attendant checkbox.
- Enter the Adm. code.
- Click on Apply Button.

- Click on OK Button.

) Tele¥oice Product Configuration 1N X|

General Voiceguide |"-.ﬁ:uin:eMaiI| MHumber analyziz

— Input of IM and/ar name ph.  — Ophional functions D i | e
ezcription eferral code
E stenzion I | [ Input of 1M Other n
[T Mame phrase, self recorded |z on sicklaave 1
&dri.code I 65431 I3 oot at lunch 2
e |— V' Int. calls to attendant Left for the day 3
[T VaiceGuide for MK, external ls ory fo":'al. business :
|2 at a meeting L3
= Eellular transter pause—— I “oiceGuide for MOk, intemal |z on a buginess-tip G
I— e Wiorking part-time 7
|z on holiday g
— Communication ————— |2 hat an duty at prezent 9
Interception system |z temparary out 10
communication
= TCRAP
r-|1 27.0.0.1:7799 e | -
: 4 v
el Default lunch IE':I
COMT:9600,M.8.1
I Dsfedl nase IEEI Add... | Remove |

|F-port number for call contral connection to Present server |??9?
Transachion identifier fan call cattral cotmection to Fresent |T"-.f‘|
]9 I

Cancel Apply
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5.1. Server configuration for ICP Protocol
This is the required configuration on the server side to utilize forwarding on ICP protocol.

Open the ICP protocol HyperTerminal connection.

e Setup a port to communicate with the ICP interface.

— Enter the value 1 for Port No.

- Enter the Speed value.

- Select Even for Parity field.

- Enter the values for Stop bits and Byte length.

— Select None for Flow Control.

— Type
¥ Serjal
= SemverSocket
£ Muli Socket Semwver

i Client Socket

Part M arme FE=

Part Mo |1_

Speed Im

Parity Im

Stop bitz m

Buyte length m

Flow Control |N|:une j

ok Cancel |
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e Add a PBX to the configuration.

- PBX type is Nortel

- Extension length is 5
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5.2. Call Routing Table Configuration

Click on the Interaction Studio Executable file available in the TRIO Enterprise server.

e Navigate to Settings = Routing.

e Setup the Call routing table.

& InteractionStudio - A\ friabb\CC1% cfg!ISMaster.umi* - [41] I . ]
File  Edit  View Language Help
InteractionStudio -ce1 @rri0
T o
= {17 Severs Call routing table
[l frlabb
=| Seltings Field Yalue CC/Entrance Language Comment
=| Mumber Transformation C-Ma. + 92004 Entrance - Default + English = Default range Up |
=] Fiouting C-No. - 92005 Entrance - NOANS ~ Englsh -
P E e 2 Entrance -3U5Y - _oom |
- Schedules

All numbers in the routing table should point to the Trio Enterprise trunk.

92004 — The main queue number.

92005 —Extensions should be forwarded to this number when Call Forward Noanswer is
activated.

92006 — Extensions should be forwarded to this number when Call Forward Busy is activated.
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6. Verification Steps

This section provides the tests that can be performed to verify correct configuration of Avaya
Communication Server 1000 Release 6.0 system with TRIO Enterprise 3.0.

6.1. Connection between Avaya Communication Server 1000 Release
6.0 System and TRIO Enterprise 3.0.

Check whether the TRIO Endpoint is registered with the NRS.

- Launch NRS Page from UCM.

- Navigate to Numbering Plans - Endpoints.

- Search for TRIO Endpoint.

- If the Call Signaling IP of the TRIO Endpoint from NRS Page displays the NodelP of
TRIO Enterprise 3.0, it is considered as registered to NRS.

A NRS Manager - Microsoft Internet Explorer

File Edit WView Favorites Tools  Help

eBack - @ \ﬂ @ _h /,_‘J Search ‘?‘:‘\'{Favnrites & (- ; =) _J i

address |&] hitps /47, 166.92. 198/nrsmitteb_5_0fSECURE_OBIECT_IDjcom.nortel.ems.NRS/cS76dzeb-2400-1 1de-as8f-37707d64552 Frames Faces

NERTEL NETWORK ROUTING SERVICE MANAGER Help | Logout
«UCM Network Services & nctive detals
- System Managing: e detahase 172182013
MRS Server O standby database Mumbering Plans » Endpoints
Database
System Wide Settings .
- g Search for Endpoints Hids:
- Numbering Plans
huutea Enter an endpaint ID {use * for all) and click Search You may narrow the search by specifying a particular domain
Network PostTranslation <
Callaborative Servers EndpmntID'
- Tools
SIP Fhone Context Limit results to Domain:| All service domains v| 7 [All L1 domains (| ; | All L domains v
- Routing Tests
H.323 Results per pags Search
5P
Backup " 5
Flesine | Gateway Endpoeints (6) | User Endpoints (0)
CRAES DR SIP phone context Refresh
#of Routing ~
" | 1Da Supported Protocols SIP Mode Call Signaling IP Cescription Sz Context -
= Static SIF endpoint : 4716692143 - .
RAS H.323 endpoint f 47 16692207/
a[] corest Dynamic SIP endpoint Proxy Mode 4716692 207 cores| 1 dpp.noel fudp [ edp
RAS H.323 endpoint £ 47 16692209/
4[] cores? e 1P Sk el Proxy Mode 4716692 209 cores? 1 dpp.norel fudp [ edp
RAS H.323 endpoint f 47 166922041
s0) copm Dynamic SIP encpoint Y MO0® 4716692204 EPRMS.5 2 dipnortal fudp { cp
s[] TRIO Cynamic SIP endpaoint Proxy Mode 471669226 3 dpp.nartel f udp f cdp v
1 - 6 of 6 Gateway Endpoint(s) Page 1 of 1 First| Previous| Mest| Last
Copyright 2002-2010 Mortel Metwarks. 21l rights reserved
&) 3 @ Internet
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6.2. Connection between TRIO Enterprise 3.0 and Avaya
Communication Server 1000 Release 6.0 System

When set up correctly, the following maneuvers could be performed to make sure everything is
working fine.

- Answer a call in the Attendant client.
- Make a call from the Attendant client.

- Transfer a call from the Attendant client.

Given below is the sample screenshot during Call scenario.

1o x|
wiew Tools

G- |- f- WMERH | E&- =B

|Deiault

IE 3006

Direct call h

HiBbeiime [EloieE e Hows  Minutes  Seconds
List: | Company Directory ¥ Search I Accumulate qusue time ¥ Topeson |0 = 0o - S ks
lﬁ l—_l Set VT
e - Nurber 2006 - ™ Setprio Low B ¥ Tosemice In - 0 - n - k2
Ieon | Returns [ Extersion = [ Last name [ First name | State [1]a [rite [ pepartment [ Locat... | subject [ tobile phone [ Mobile sta... [ Backupp... |
E Nortel
Extension information [ E-mnail | Subjects
[ Reason [ From [To [ Fomward [ Altemnate answering [ Information |
< | AN E! i
(& (0) Trio Agent - Default Default {Normal) @ 3004 ] 3|
Fle Yiew Insert Tooks Help
[ Feay =[ON - |em e~ WGEEE]| B[O 50 -8~ [cf- |0 ! |
1c | Service | Phone rio [time  [3obro | -
B Defaul 3006 027 106560
|
Talking, 00,27 Homal Nothing besked  [CTI (0K
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7. General Test Approach and Test Results

The general test approach was to manually place calls, inbound and outbound trunk calls to the
Attendant client and from telephones attached to Avaya Communication Server 1000 Release 6.0
system and verify that TRIO Enterprise 3.0 Attendant Client functionality successfully and
properly classifies and reports the attributes of the call.

All the executed test cases passed. TRIO Enterprise 3.0 provided Attendant client functionality
with Avaya Communication Server 1000 Release 6.0 system for all calls generated including
intra-switch calls, inbound / outbound PSTN trunk calls, and transfer calls.

8. Conclusion

These Application Notes describe the procedures for configuring TRIO Enterprise 3.0 and Avaya
Communication Server 1000 Release 6.0 to successfully provide Attendant Client functionality.
TRIO Enterprise Server 3.0 successfully passed all compliance testing.

9. Additional References

Product documentation for Avaya products may be found at:
http://support.nortel.com/go/main.jsp

[1] NN43001-313 02.06 Communication Server 1000 IP Peer Networking Installation and
Commissioning

[2] NN43001-564 02.08 Communication Server 1000 Network Routing Service Installation and
Commissioning

TRIO Enterprise documentation can be found at www.trio.com
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