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Avaya Solution & Interoperability Test Lab

Application Notes for Configuring Trio Enterprise R3.1 with
Avaya Communication Server 1000E R7.5 and Avaya Aura®
Session Manager R6.1 using a SIP connection — Issue 1.1

Abstract

These Application Notes describe how to configure an Avaya Communication Server 1000E
R7.5 to interface with Trio Enterprise R3.1, which is operating as an attendant answering
position. Trio Enterprise is a software application installed on a Windows server that interfaces
with Avaya Communication Server 1000E using a SIP connection via Avaya Aura® Session
Manager R6.1 and provides users with the call functions of an attendant console without
having to install a hardware attendant position.

Information in these Application Notes has been obtained through DevConnect 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

These Application Notes describe the test configuration for Avaya Communication Server 1000E
R7.5 with Trio Enterprise R3.1. Trio Enterprise is a client/server based application running on
Microsoft Windows operating systems. Trio Enterprise provides users with an attendant
answering position for Avaya Communication Server 1000E that does not need attendant
telephony hardware (e.g., Avaya 2250 attendant console). Trio Enterprise connects to the Avaya
Communication Server 1000E using a SIP connection via Avaya Aura® Session Manager R6.1.
Calls are made over trunks to PSTN destinations as well as internal Avaya Communication
Server 1000E users. Trio Enterprise can perform the usual range of attendant call functions, i.e.
centralized answering position; extend PSTN calls to users, place PSTN calls on behalf of
internal users, perform internal telephone directory lookups.

2. General Test Approach and Test Results

The general test approach was to configure a simulated enterprise voice network using a
Communication Server 1000E. The Trio Enterprise server connects to the Communication
Server 1000E call server via the Session Manager. See Figure 1 for a network diagram. A basic
Distance Steering Code configuration (DSC) was configured on the Communication Server
1000E to route all calls to the Trio attendant position. An Avaya 1140E IP telephone was used as
the Trio attendant telephony device.

During tests, calls are placed to a four digit number which is associated with the Trio attendant
position. The Communication Server 1000E call server routes all calls destined for the Trio
Enterprise server over the SIP connection. The Trio Enterprise server then automatically places a
call to the telephone the attendant is using for answering purposes. When the attendant answers
the call, the Trio server bridges the two calls. When the attendant extends the call to another
phone, Trio Enterprise server performs a SIP path replacement and the caller and the called user
are now directly connected. It is possible to have multiple Trio attendant positions on a
Communication Server 1000E system.

A variety of Avaya telephones were installed and configured on the Communication Server
1000E. The Trio attendant client provides a view of contacts, schedules, and communication
tasks and was installed on the same server as the Trio Server, but can be installed on a separate
platform if required.
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2.1. Interoperability Compliance Testing

The compatibility tests included the following.

Session Manager configuration and operation
Attendant answers direct call

Supervised and unsupervised transfer with answer
Directing calls to busy extensions

e (all queuing and retrieval

e Loop detection for busy and unanswered extensions

2.2. Test Results

Tests were performed to insure full interoperability between the Trio Enterprise and the
CS1000E. The tests were all functional in nature and performance testing was not included. All
the test cases passed successfully.

2.3. Support

For technical support on Trio products, please use the following web link.
http://www.trio.com/web/Support.aspx
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3. Reference Configuration

Figure 1 shows the network topology during compliance testing. Communication Server 1000E
was used as the hosting PBX. The Trio Enterprise is connected to the hosting PBX using a SIP
connection via the Session Manager. The Trio Enterprise Server is configured as a SIP Endpoint.
A System Manager is used to configure the Session Manager.

Avaya Communication
Server 1000 7.5

47.166.92.219 . . Trio Enterprise Server  Attendant Position
D Avaya Aura® Session
% Manager 6.1
e —
E | Rl | S
N Avaya Aura® Session . ((-' TRIO
Manager 6.1 47.166.92.141
E 47.166.92.198
Sy
Avaya 3904
Digital IP Network
Deskphone PSTN

Callers Emm ‘

external source

Avaya 1120E IP
Deskphone
(Unistim)

Avaya 1140E IP
Deskphone
(SIP)

Avaya 1140E IP
Deskphone
(Unistim])

Figure 1: Configuration for Avaya Communication Server 1000E and Trio Enterprise R3.1
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4. Equipment and Software Validated

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

Avaya Equipment Software / Firmware Version
Avaya Communication Server 1000E CPPM | Avaya Communication Server 1000E R7.5 SP1
Avaya Media Gateway NTDW60 FPGA AA18

Avaya S8800 Media Server

Avaya Aura® System Manager R6.1
Build 6.1.0023

Avaya S8800 Media Server

Avaya Aura® Session Manager R6.1
Build 6.1.0012

Avaya 1100 series IP Telephones

o 1140e 0625C8A (UniStim 5.0)
o 1120e 0624C8A (UniStim 5.0)
Avaya M3900 series Telephones
e M3904 Version: AA93
Trio Equipment Software / Firmware Version

Trio Enterprise Server platform

Trio Enterprise 3.1

5. Configure Avaya Communication Server 1000E

Configuration and verification operations on the CS1000E illustrated in this section were all
performed using terminal access over a serial link to a TTY port on the CS1000E using Telnet.
The information provided in this section describes the configuration of the CS1000E for this
solution. For all other provisioning information such as initial installation and configuration,
please refer to the product documentation in Section 9.

Note: The configuration of the PRI interface to the PSTN is outside the scope of these

Application Notes.

5.1. Configuring Avaya Communication Server 1000E

To configure the SIP connection there are a number of steps.
e Configure Network Attendant Service (NAS) and Night (NIT) Data

e C(Create a D-channel for the SIP trunk
e C(Create Route Data Block
e Adding TIE Trunks
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5.1.1. Configure NAS and NIT Data

The Communication Server 1000E is configured with attendant groups where the NAS and NIT
functions route the calls between the nodes and out to Trio Enterprise. Use the NEW command

in LD 86 to configure NAS.

LD 86

Prompt Response Description

> LD 86 Enter Overlay 86

REQ NEW New Data

CUST 0 Customer Number

FEAT NAS Network Attendant Service
TBL 0 NAS routing Table 0

Use the NEW command in LD 15 to configure NIT_DATA.

LD 15

Prompt Response Description

> LD 15 Enter Overlay 15
REQ NEW Change

TYPE NIT Night Service
CUST 0 Customer Number
NIT1 5000 Night number

5.1.2. Create a D-Channel

Use the CHG command in LD 17 to create a D-channel for the SIP connection. In the example
below, D-Channel 66 (i.e. DCH 66) was created. At the CTYP prompt, enter DCIP. This
signifies the SIP D-Channel.

Note: In the Telnet screenshots below, only the unique prompt inputs are shown. Enter a
carriage return (CR) for all other prompts to set default values.

LD 17

Prompt Response Description

> LD 17 Enter Overlay 17

REQ CHG Change

TYPE ADAN Change the Action Device and Number
ADAN NEW Create New Action Device and Number
TYPE DCH 66 Create new D-Channel 66

CTYP DCIP Card type is IP D-Channel

USR ISDL Integrated Services Digital Line
IFC SL1 D-Channel interface type
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5.1.3. Create Route Data Block

Use the NEW command in LD 16 to create a Route Data Block. The route created is a TIE route
in order to connect to the Trio system.

LD 16

Prompt Response Description

> LD 16 Enter Overlay 16

REQ NEW Create new

TYPE RDB Route Data block

CUST 0 Customer Number as defined in LD15
ROUT 20 Route Number

TKTP TIE Route Type

VTRK YES Virtual Route

PCID SIP Protocol ID for route

DTRK NO Digital Trunk Route

ISDN YES Integrated Services Digital Network
MODE ISDL mode of operation

IFC SL1 Interface type

ACOD 8020 Access Code for trunk route

5.1.4. Adding TIE Trunks

Use the NEW command in LD 14 to add (IPTI) TIE trunks to the new route created in Section
5.1.3 If adding multiple trunks for each route, use NEW XX, where XX is the number of trunks.
In the example below 10 trunks were added.

LD 14

Prompt Response Description

> 1D 14 Enter Overlay 14

REQ NEW 10 Create New

TYPE IPTI IP TIE trunk

TN 096 0 3 1 Loop Shelf Card Unit

CUST 0 Customer Number as defined in LD15

TRK ANLG Trunk type

RTMB 20 1 Route number and Member number
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5.2. Configure a Coordinated Dialing Plan

There are a number of ways to setup a dialing plan to call the Trio Enterprise. For the
compliance testing a Coordinated Dialing Plan (CDP) was used.

5.2.1. Create a Route List Index

In order to create a CDP, a Route List Index (RLI) in overlay 86 is required. Use the NEW
command in LD 86 to create a RLI.

Note: Enter the route (ROUT) that was created in Section 5.1.3.

LD 86

Prompt Response Description

>LD 86 Enter Overlay 86

REQ NEW Create New

CUST 0 Customer Number as defined in LD15
FEAT RLB Route list Block

TYPE RLI Route list Index

RLI 36 Route list Index number

ENTR 0 First entry for the RLI

ROUT 20 Enter the route number

5.2.2. Create CDP

Use the NEW command in LD 87 to create a CDP entry for the Trio Enterprise. For each
extension, a CDP entry needs to be created. In the example below, the DSC is 4000, FLEN is 4
and the RLI is 36.

Note: The RLI number used is the one created in Section 5.2.1.

LD 87

Prompt Response Description

> LD 87 Enter Overlay 87

REQ NEW Create new

CUST 0 Customer Number as defined in LD15
FEAT CDP Coordinated dialing plan

TYPE DSC Distance Steering code

DSC 4000 Distant Steering code

FLEN 4 Flexible Length number of digits
RLI 36 Route list index Number
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5.3. Creating the Trio Enterprise Server as a SIP Endpoint on the
Avaya Aura® Session Manager

To create the Trio Enterprise Server as a SIP Entity on the Session Manager, The System
Manager is used. The following must be configured.

e SIP Entity

e SIP Entity Details

e Create an Entity Link

Note: To get more information for any input field you can press the Help link at anytime.

Configuration is accomplished by accessing the browser-based GUI of Avaya Aura® System
Manager, using the URL http://<fqdn>/SMGR or http://<ip-address>/SMGR, where “<fqdn>
is the fully qualified domain name of System Manager or the <ipaddress> is the IP address of
System Manager. Log in with the appropriate credentials. Once logged in select the Routing
link under the Elements column.

Help | About | Change Password | Log off admin

Avaya Aura™ System Manager 6.1

AVAYA

x

Session Manager Home

Backup and Restore
Backup and restore System Manager

Administrators Application Management
Manage Administrative Users Manage applications and application
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Manage groups, roles and assign roles Communication Manager Configurations
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LDAP/file import and export Inventory View and configure licenses
Synchronize and Import Manage, discover, and navigate to Replication
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Session Manager
Session Manager Element Manager
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5.4. Adding Trio Enterprise SIP Entity

A SIP Entity must be added for Trio Enterprise Endpoint. To add a SIP Entity, select SIP
Entities on the left panel menu and then click on the New button (not shown).

Enter the following for the Trio SIP Entity:
Under General:

e Name An informative name (e.g., Trio)

e FQDN or IP Address IP address of the signaling interface on the Trio Enterprise
e Type SIP Trunk for Trio

e Location Session_Location

e Time Zone Time zone for this location Europe/Dublin

Once the correct information is entered click the Commit button.

Zsip Entity Details - Windows Internet Explorer

@'\_‘:)' e] 47.166.92,208 [ cacate mor | (5] [42] <[4 e

Ele Edt Miew Favorites Tools Help

T Favorites | 5 @& - [ Free Hotmail & -
(& STF Entity Detals it - B) - 0 & v Page- Sefety - Tooks~ @+
~
AVAyA AVaya Au ra ™ System Ma nager 6 . 1 Help | About | Change Password | Log off admin
Routing * | Home
Routing [l Home /Elements / Routing / SIP Entities- SIP Entity Details
Domains Help 2
Locations SIP Entity Details
Adaptations General
SIP Entities * Name: Trio ‘
Entity Links
* FQDN or IP Address: |47.166.92.141 |
Time Ranges
Routing Policies |TVDE= [ IPT ‘ |
Dial Patterns Notes:
Regular Expressions
Defaults Location: [session_Location v
Outbound proxy:
||'ime Zone: |Europe/‘DubI\n V||
Credential name:
SIP Link Monitoring
SIP Link Monitoring: |Use Session Manager Configuration v
Entity Links 1
Entity Links can be modified after SIP Entity is committed.
Port
0 Items | Refresh Filter: Enable
| Port ‘ Protocol | Default Domain Notes |
v
Done & Internet ip v Ri00% -
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5.5. Adding Communication Server 1000E SIP Entity

A SIP Entity must be added for Communication Server 1000E. To add a SIP Entity, select SIP
Entities on the left panel menu and then click on the New button (not shown).

Notes: A SIP Entity was already configured for the Communication Server 1000E and was

called cores3.

Enter the following for the Trio SIP Entity:

Under General:

An informative name (e.g., Cores3)

e Name

e FQDN or IP Address

e Type SIP Trunk for Cores3
e Location Session_Location

e Time Zone

Once the correct information is entered click the Commit button.

Zsip Entity Details - Windows Internet Explorer

IP address of the signaling interface on the Trio Enterprise

Time zone for this location Europe/Dublin

47.166.92,208

@n' [E]

| 4! Certficate Error ‘ “|[ x| [*9

G

Ele Edt Miew Favorites Tools Help

i Favorites | 55 (@

(& SIP Entity Detals

+ [ Free Hotmail & -

) g v Pags - Safety~ Tools~ @+

fi- B

AVAYA

Avaya Aura™ System Manager 6.1

Py

Help | About | Change Password | Log off admin

x

Routing Home
Routing [l Home /Elements / Routing / SIP Entities- SIP Entity Details
Domains Help 2
Locations SIP Entity Details
Adaptations General
SIP Entities * Name: |Cores3 ‘
Entity Links
N * FQDN or IP Address: |47.166.92.219 ‘
Time Ranges
Routing Policies |Type:
Dial Patterns Notes: |CS1K
Regular Expressions
Defaults Adaptation:
EErpre——
[Time Zone: [Eursps/Dublin |
Override Port & Transport with DNS SRV: []
* SIP Timer B/F (in seconds): 4
Credential name:
call Detail Recording: y
SIP Link Monitoring
SIP Link Monitoring: |Use Session Manager Configuration v
Entity Links
11Item  Refresh Filter: Enable
O | SIP Entity 1 | Protocol | Port SIP Entity 2 Port Trusted
[l |session Manager TCP » + 5080 Cores3 v *[s060 il L
& Internet 45 v ®ioow -
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5.6. Create an Entity Link to Trio Enterprise

A SIP trunk between a Session Manager and the Trio Enterprise is required.

Notes: An Entity Link was already configured between Session Manager and the
Communication Server 1000E and was called to coeres3.

To add an Entity Link, select Entity Links on the left panel menu and click on the New button
(not shown). Fill in the following fields in the new row that is displayed.

e Name An informative name, e.g. To Trio

e SIP Entity 1  Select Session_Manager from the SIP Entity 1 dropdown box
e Protocol Select UDP from the Protocol

e Port Enter 5060 as the Port

e SIP Entity 2  Select Trio from the SIP Entity 2 dropdown box

e Port Enter 5060 as the Port

e Trusted Check the Trusted check box

Click Commit to save changes. The following screen shows the Entity Links used.

n nks - Windows Internet Explore o
@; = [&] hips galctlab.com “[& & +][<] [ £~
i Favorites | 53 ] System Manager & ~ [ Free Hotmail &

EEntity Links i~ B - [ & v Pager Sefety- Toos~ @~
AVAyA AVaya Aura™ System Manager 6.1 Help | About | Change Password | Log off Admin
Routing *| Session Manager ¥ Home
Routing L] Home /Elements / Routing / Entity Links- Entity Links
Domains Help 7
Locations Entity Links
Adaptations
SIP Entities
Time Ranges 11Item Refresh Filter: Enable
Routing Policies Name ‘ SIP Entity 1 | Protocol ‘ Port | SIP Entity 2 ‘ Port ‘ Trusted ‘ Notes
Dial Patterns * [To Trio *|Session_Manager |  [UDP »|  *[s060 *[Trie v = |s080
Regular Expressions
Defaults
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5.7. Configure Routing Policy for Trio Enterprise

Create routing policies to direct calls to Trio Enterprise. To add a routing policy, select Routing
Policies on the left panel menu and then click on the New button (not shown).
Under General enter the following:

e Name Enter an informative name , (e.g., To Trio Enterprise 3.1)

Under SIP Entity as Destination, click Select, and then check the Trio radio button (not
shown). Click on the Select button to confirm the chosen options and then be returned to the
Routing Policies Details screen and click the Commit button to save. The following screen
shows the Routing Policy Details for calls to Trio.

= Routing Policy Details - Windows Internet Explorer

@-\7 Jw 81 4mIe602.208 [ carticata Enar | (5] (2] | [#@ oo [[2]-
File Edit View Favorites Tools Help

s Favorites | sl @8 sungesied sies + [ Free Hotmail 8] vich Slee Gallery -

[E = »
| & Routing Policy Details f9 - B [ oe v Page~ Safety~ Tooks~ @@~

~
l\VA\/A Avaya Aura™ System Manager 6.1 Help | About | Change Password | Log off admin
Routing o Inventory L4 Home
Routing 'l Home /Elements / Routing / Routing Policies- Routing Policy Details
Domains Help ?
Locations Routing Policy Details
Adaptations
SIP Entities Seneral
Entity Links * Name: [To Trio Enterprise 3.1 ] |
Time Ranges Disabled: []
Routing Policies Notes: [
Dial Patterns
Regular Expressions E - -
‘SIP Entity as Destmat|0n|
Defaults
e ]
Name ‘ FQDN or IP Address Type Notes
Trio 47.166.52.141 SIP Trunk Trio trunk i
Time of Day
[ Remaove J [ View Gaps/Overlaps ]
11Item Refresh Filter: Enable
[] Ranking 1 . ‘ Name 2 . ‘ Mon | Tue | Wed | Thu Fri Sat ‘ Sun ‘ Start Time End Time Notes
0 b ] 2447 00:00 23:5% Time Range 24/7
Select : All, None
Dial Patterns
4 Items Refresh Filter: Enable
&P Internet Fh v EBI00% v

* [ Fostesdm.. | B SeachR.. | 2 adwn@c.. | /7 Dashbos.. | @ Triascre.. | /0 Dashboa.. /7 Rocting ...

e R L I wizan
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5.8. Create Trio Enterprise Dial Pattern

A dial pattern must be defined that will direct calls to the Trio Enterprise. During testing 4
numbers were used 4000, 4001, 4002, and 5030, the Domain name was dpp.nortel. To configure
the Trio Enterprise Pattern select Dial Patterns on the left panel menu and then click on the New
button (not shown).

Under General carry out the following for each number

e Pattern Dialed number or prefix 4000
e Min Minimum length of dialed number 4
e Max Maximum length of dialed number 4

e SIP Domain Select dpp.nortel

Continue to Originating Locations and Routing Policy List.

f.'_’ Dial Pattern Details - Windows Internet Explorer E”Elgl
@@v [&] Fee /47 t68.92.208 10 [ Ikd Centificate Error \@ 42| X ’ﬁ ale (2]
Fle Edt View Favorites Took  Help
T Favorites | 5 @& - -dies ~ [ Free Hotmail & Web slice Gallery ~
‘@DlalPattemDetalls | B8 | mh - Page - Safety -+ Tools+ @+ 26
&
AVAyA A\faya AU ra Y System Ma nager 6 1 1 Help | About | Change Password | Log off Admin
Routing x Home
Domains Help 2
Eacalion. Dial Pattern Details
Adaptations
SIP Entities GEni
Entity Links )' Pattern: E%‘LDDD ,|

Time Ranges

Routing Policies T 3

Dial Patterns

= Emergency Call:
Regular Expressions Ry, o

Defaults | SIP Domain: | dpp.nortel v ‘

Notes:

Originating Locations and Routing Policies|

,

0 Items Refresh Filter: Enable
Origi Location Origi Location Routing Policy T “F“‘o“'t.i"g Routing Policy Routing Policy
Name Notes Name an e Destination Notes

Denied Originating Locations =

0 Items Refresh Filter: Enable
I Originating Location Notes |
* Input Required
Dane & Internst 4 v ®io0% - ¥
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Select Add (not shown). Under Originating Location check Session_Location check box, and
under Routing Policies check ToTrio check box. Click on the Select button to confirm the
chosen options and then be returned to the Dial Pattern screen (shown previously). Click the
Commit button to save.

& Originating Location and Routing Policy List - Windows Internet Explorer

@7.:—:-1 |g, 47,166.92.208 V‘@CertlﬁcateErrur \ || % ﬁ \ o

Ele Edt Miew Favorites Tools Help

T Favorites | 5 @& - [ Free Hotmail & -
{& Originating Location and Reuting Policy List it - B) - 0 & v Page- Sefety - Tooks~ @+
~
AVAyA AVaya Au ra ™ System Ma nager 6 1 Help | About | Change Password | Log off Admin
Routing * | Home
Routing [l Home /Elements / Routing / Dial Patterns- Originating Location and Routing Policy List
Domains
Originating Location and Routing Policy List Cancel
Locations g 9 9 e
Adaptations
SIP Entities
Entity Links — - -
e |Originating Location
Routing Policies [ apply The Selected Routing Policies to All Originating Locations
Dial Patterns 1Item Refresh Filter: Enable
Regular Exp
N Not:
Defaults | ame otes
Session_Location
Select : All, None
Routing Policies
4 Items | Refresh Filter: Enable
| | Name Disabled Destination Notes
[] sessionM Session_Manager
[J smtocMm CManager0601 SIP calls to CM
[J toCores3 Cores3
To Trio Trio
Selact : All, None
.
Done & Internet da v Ri00% -
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5.9. Configure Routing Policies for Communication Server 1000E

Create routing policies to direct calls to Communication Server 1000E. To add a routing policy,
select Routing Policies on the left panel menu and then click on the New button (not shown).
Under General enter the following:

e Name Enter an informative name, (e.g. to Cores3)

Under SIP Entity as Destination, click Select, and then check the cores3 radio button (not

shown). Click on the Select button to confirm the chosen options and then be returned to the
Routing Policies Details screen and click the Commit button to save. The following screen
shows the Routing Policy Details for calls to Communication Server 1000E.

{Z Rauting Policy Details - Windows Internet Explorer BEE
@;/‘v [ Free 47 16892208 10 140 Cortificate Errar \@ 41| % ’ﬁ ol (8]
file Edt View Favortes Tnols Help
< Favorites | 55 @< -dites ~ [ Free Hotmail & Web Slice Gallery =
(€ Routing Policy Details | -8 9 @ - Pager Safety+ Tk @+
&
AVA\yA A\faya Aura™ System Ma nager 6.1 Help | About | Change Password | Log off Admin
Routing * Home
Routing fll Home /Elements / Routing / Routing Policies- Routing Policy Details
Domains Help 2
Locations Routing Policy Details
Adaptations
SIP Entities General
Entity Links * Name: [to Cores3 ‘
Time Ranges Disabled: []
Routing Policies —— l,
Dial Patterns
Regular Expressions = = =
SIP Entity as Destination
Defaults
Name | FODN or IP Address . Type ' Notes
47.166.92.219 SIP Trunk Cs1K
Time of Day U
[ Remove ] [ View Gaps/Qverlaps ]
1Item Refresh Filter: Enable
[]  Ranking 1. Name 2. | Mon | Tue | wed T s ‘ Sat ‘ Sun ‘ Start Time End Time Notes
0 b ] 24/7 00:00 23:59 Time Range 24/7
Select : All, None
Dial Patterns
0 Items Refresh Filter: Enable
| pattern | min Max Emeraency Call SIP Domain Originating Location _ Notes | | =
& Internst 4 v ®io0% -
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5.10. Create Avaya Communication Server 1000E Dial Pattern

A dial pattern must be defined that will direct calls to the Communication Server 1000E. During
testing 4 numbers were used 4000, 4001, 4002, and 5030. To configure the Communication
Server 1000E select Dial Patterns on the left panel menu and then click on the New button (not
shown).

Under General carry out the following for each number

e Pattern Dialed number or prefix 4000
e Min Minimum length of dialed number 4
e Max Maximum length of dialed number 4

e SIP Domain Select ALL

Continue to Originating Locations and Routing Policy List.

f.'-’ Dial Pattern Details - Windows Internet Explorer E”Elgl
@@' [ i a7 tes sz 208 e I8 Certicate Error \@ NEAE B (2]
Fle Edt View Favorites Took  Help
T Favorites | 5 @& - -dies ~ [ Free Hotmail & Web slice Gallery ~
‘@DlalPattemDetalls | B8 | mh - Page - Safety -+ Tools+ @+ 26
&
AVAyA Avaya AU ra e System Ma nager 6, 1 Help | About | Change Password | Log off Admin
Routing x Home
Domains Help 2
ocaims Dial Pattern Details

Adaptations
General

SIP Entities
Entity Links )' Pattern: 4000 |

Time Ranges

Routing Policies T 3

Dial Patterns

= Emergency Call:
Regular Expressions By, o

Defaults | SIP Domain: |-ALL- v ‘

Notes: |

Originating Locations and Routing Policies|

,

0 Items Refresh Filter: Enable
Originating Location Originating Location Routing Policy T “F“‘o“'t.i"g Routing Policy Routing Policy
Name Notes Name an e Destination Notes

Denied Originating Locations =

0 Items Refresh Filter: Enable
I Originating Location Notes |
* Input Required
Dane & Internst 4 v ®io0% - ¥
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Select Add (not shown). Under Originating Location, check Session Location check box and
and under Routing Policies select to Cores3. Click Select button to confirm the chosen options

and then be returned to the Dial Pattern screen (shown previously). Click the Commit button to
save.

(= Originating Location and Routing Policy List - Windows Internet Explorer

3 Fipsit) e i + K =
@'{}‘v el o amaesomzoe |10 contficate Errar [151] 42| | x| | : (2
Ele Edt Miew Favorites Tools Help
i Favorites | 5 @8 <iogestad Sies v [ Free Hotmail @] Web Slics Galery -

= »
‘@Omginatinganat\nnar\anutmanhcyL\st | Eiov ) [ o v Page - Safety -+ Tools - @~

A
AVAyA A\faya Aura™ System Ma nager 6.1 Help | About | Change Password | Log off Admin
i - =
Routing Home
Routing il Home /Elements / Routing / Dial Patterns- Originating Location and Routing Policy List
Domains
Originating Locati d Routing Policy List C; |
il riginating Location and Routing Policy Lis
Adaptations
SIP Entities .
Entity Links — - =
T Rame Originating Location
Routing Policies [ Apply The Selected Routing Policies to All Originating Locations
Bt Rt 1Item  Refresh Filter: Enable
Regular Expressions
S | Name Notes
Session_Location
Selact : All, None
Routing Policies
4 Items  Refresh Filter: Enable
| | Name Disabled Destination Notes
[ sessionm Session_Manager
[] smtocMm CManager0601 SIP calls to CM
to Cores3 Cores3
0 ToTrio Trio
Select @ All, None
|
& Internet 43 v ®i0% -
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6. Configure TRIO Enterprise Server

Configure Trio Enterprise to use SIP Trunks. Trio Enterprise must be connected to
Communication Server 1000E before it can process calls. This section shows how to configure
Trio Enterprise SIP trunks with the Communication Server 1000E SIP trunks. The installation of
the Trio Enterprise software is assumed to be completed and the Trio services are up and
running. The steps to configure SIP Trunks are as follows:
e Access Windows services.
Select Start - Run, then type services.msc into the command line. Press return.
e Locate the Trio Televoice service and stop the service.
When the services window opens, locate the Trio Televoice service right click and select
stop to stop the service.
e Launch the Trio configuration application.
Select Start = Programs - Trio Enterprise = Line Interface and click on the
Config entry (not shown). The configuration application starts up and presents the
screenshot below. Ensure the SIP entry in the Connections area is checked.

Click Next to continue.

ji& Trio TeleYoice Config N = 0] =}
Telephony system ((. T R l o
—iZonmections —————————— ] Which byvpes of telephony:
= connections do wou have?
I s boards
v &1F:
i
Mexk = I Zancel
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Select GENERIC under SIP Settings. Click Next to continue.

fi Trio Enterprise LI Config =10 =]

A4

-

SIP Settings{1)

Select which PAEY this SIF

Erunk, will be connecked ko,
| ¥ GEMERIC " LUCENT If wou don't know, seleck
GEMERIC and later modify
™ MD110{ME-OME £ SIEMEMS the configuration in

kelevoice,cfg.
i~ PHILIPS i CISCO

" Mortel C51000/Meridian € PSTH
" aLCATEL4200 £ LYMC
" ALCATEL4300

" ALCATEL4400

Cancel |
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On the next SIP settings page, enter the following SIP settings.

e Local IP
e Port

e Target IP
e Port

Enter the local IP address of the Trio Enterprise server
Enter the SIP Port 5060

Enter the IP address of the Session Manager

Enter the SIP Port 5060

e Number of channels Enter 30 as the number of channels

Click Next to continue.

i'-;‘ Trio Enterprise LI Config

SIP Settings({2?)

—3IP settings
Local IP; I"r?. 166,92,141
Park: ISIIIISI:I
Target IP: I"r?. 166,92, 195
Park: IEIIIEuIII
murber of
channels: IS':I
—Codecs
™ Enable G711 mu-law codec

d

Cancel |

< Back
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On the next SIP settings page, enter the following SIP settings.
e Select Use LI Address Space
e Check Enable IP routing

Click Next to continue.
iﬁ_% Trio Enterprise LI Config El

SIP Settings{3)

—fddress Space (85

¥ |Jse LI Address Space |

A5 Mame: |

" Mo Address Space

— Ruaukirg
¥ Enable IP routing

Additional STP Trurk <Back i

Cancel |
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On the RPT port settings page, enter the following settings.
e Check the Use RPT port range(s)
e Select diffserv
e Start port Enter 53000

Click Next to continue.

i'-.a Trio Enterprise LI Config

RTP port settings

-

[+ Use RTF part range(s) ’V

Qo5

= off

&0z 1p

Skart pork: |53|:||:||:|

IJpdate resulting port ranges

—Resulting port ranges
sphone 0: RTP ports 53000, 53067

sphaone 0: Bridge ports 53068, ,.53135

Zancel |
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On the VoiceGuide/VoiceMail settings page, enter the following settings.
e Check Use Trio VoiceMail
e Check Connect to Present system for VoiceGuide

Click Next to continue.

i'-.% Trio Enterprise LI Config

YoiceGuide, YoiceMail settings

v Use Trio Yoicetail

| [v Conneck ko a Present syskem For YoiceGuide

[~ Enable Mobile Extension

< Back .............. "N" E:xt.‘:b ..... ............... Cancel |
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On the Ready to create the configuration files page click on Continue button.

i'-;‘ Trio Enterprise LI Config

L4

-

Ready to create the configuration files

Click Continue to create the configuration files,

If wou wank ko review or change any of wour configuration settings, click Back, Click Cancel
ko exit the wizard,

< Back

Zancel |
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On the Wizard Completed page check Start TeleVoice service when finished, followed by the
Finished button.

i-'E‘ Trio Enterprise LI Config X

Wizard Completed

The Setup Wizard has successfully configured the Line
Interface, Click Finish o exit the wizard,

Mote! You have to ackivate the configuration in EMC For some
aof the changes to take effect,

CTRIO

||7 Start TeleWoice service when finished = Back

Zancel |
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6.1. InteractionStudio Configuration
The InteractionStudio is used to configure many features for Trio Enterprise. For compliance
testing, the following were configured.

e Configure Call Routing table

e Configure Attendant Service

e Configure Loop Detection via DTMF for Busy signal

e Configure Loop Detection via DTMF for No Answer signal

6.1.1. Configure Call Routing table
On the Trio Enterprise server, double click on the InteractionStudio executable file. When the
InteractionStudio window opens, navigate to Routing. A Call routing table will open. In the
example below:
e Extension 4000 is the main queue number
e Extension 4001 is the number that calls go to when Call forward No Answer is activated
e Extension 4002 is the number that calls go to when Call forward Busy is activated

€ InteractionStudio - %\\frlabb’CC1%'cfg'I5Master.xml - _|EI|1|

File  Edit  Wiew Language  Help

InteractionStudio -CC1 @Trio
.'ﬁ. -ﬂﬁ_ --m _

117 Servers Call routing table

~[i7 frlabb
Settings Field CC/Entrance | C it
urnber Transformation “] Entrance - Default - English

- Diefault range

= C-Mo, - Entrance - Forwarding destination = English
Bl i C-Mo. - Ertrance - Forwarding Busy + English -
EE"F.) Default
E’ﬁ> Fonwarding destination 6 2 it
E"l—'D Forwarding Busy 2 i = g
[]---‘E Schedules
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6.1.2. Configure Attendant Service

Navigate to Entrances = Default = Dialog - Service. Choose Default from the Service ID
dropdown box, and check the Include redirect information check box.

@ InteractionStudio - frlabb\CC1$%cfg\ISMaster.xml - [9]
File  Edit  Wiew  Language  Help

InteractionStudio -CC1
SRS PSR ————————
EE‘E Servers Sewice
[T frlabb
[+ j Settings
Mumber Tranzformation Senvice (D
.. =] Routing 1-Default j
EE“F:> Entrances
: EI‘:“'ﬁ:’ Diefault ||7 Include redirect information |
EEF> i " Use calling number (A-na) as customer ID

i Retrieve name information for all call parties from Company Directory
[+‘;|J:“'i-"lr> Fonwarding Busy |Disab|ed 'I
[]---E Schedulez

6.1.3. Configure Loop Detection via DTMF for Busy signal

Navigate to Entrances = Forwarding Busy = Dialog = Loop Detection via DTMF. Choose
Busy from the Redirection cause to signal dropdown box, and enter 100 in the Send delay in
ms box.

& InteractionStudio - \frlabbiCC1$cfgiISMaster.sml - [9]

File  Edit  Wiew  Language  Help

InteractionStudio -CC1

Overyiow

e[l Servers Loop Detection via DTMF
~[13 flabb
[+ j Settings
Murmber Transformation Redirection cause to signal

| Routing |E|LIS‘_-.|r Li
= E”|"3'|> Entrances

' m@ Default

Fﬂ@ Farwarding destination
EE”F> Faorwarding Buzy

E|Eﬁ> Diialog

L A% Yoice Functions
B E Schedules

Send delay in ms

-Ir-r-
U
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6.1.4. Configure Loop Detection via DTMF for No Answer signal

Navigate to Entrances = Forwarding destination - Dialog - Loop Detection via DTMF.
Choose No Answer from the Redirection cause to signal dropdown box, and enter 100 in the
Send delay in ms box.

& InteractionStudio -  %frlabb*CC14$"cfg"ISMaster.xml - [9]
File  Edit Wiew Language Help

InteractionStudio -CC1

Over

=-{1 Servers Loop Detection via DTMF
- .l frlabb

Redirection cause to signal

ii=| Routing ING Answer ;I
s Entrances -
D EF> Send delay in ms

E'ﬁ> Default o

Eﬂ"lﬁ> Fonwarding destination =

- =B Dialog

ﬂ Loop Dretection via DT RF;
P ... 4% Voice Functions

Eﬂ"lﬁ> Forwarding Busy

E Schedules
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6.2. Configuring Trio Attendant

Trio Attendant is a separate application to Trio Enterprise server and can run concurrently on the
same platform. The attendant uses a regular Communication Server 1000E telephone to make

and receive calls, which are directed to the phone by Trio Enterprise server. The steps to

configure Trio Attendant are to click on Start - Programs = Trio Enterprise - Contact
Centre - Agent Client. The following window opens (see next screenshot). Enter a valid User
ID and Password. For Extension, select the Communication Server 1000E telephone number
that will be used as the agent’s audio device (number 3032 in this example). Ensure the correct
Trio Enterprise server is selected if there is more than one on the network (default is the current
Trio server). Confirm Phone type is set to Standard phone. Click on the OK button when

finished.

Trio Agent - Login i

Trio Enterprise®

zer 1D

Paszward:

E stenzion:

Server

FPhone type:

L.

Idefault

3032

Itriuserver.galctlab com ;I

IStandard phiohe ;I

[ Attach with Contact Center privileges
[T Attach with Attendant privileges

k. I Guest | Cancel |

(Q L]
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The Trio Agent window appears. Select Ready from the drop down box (confirm the traffic light
goes green in the small icon to the right of the drop down box).

{; (0) Trio Agent - Default Default (Normal) @ 3032 A o [m] S

File Wiew Insert Tools Help

[ Reaty ~llomeB | @~ DEEGE) | @8 -5 |- !

Ic I Service I Phone no I Time I Job no I -

[

0 |Max 000, Average: 0:00

Ready for cal Hormal Nothing booked |I:T| |I:|K

7. Verification Steps

This section provides the tests that can be performed to verify correct configuration of CS1000E
system with TRIO Enterprise.

7.1. Status of D-Channel on Avaya Communication Server 1000E

Check the status of the D-channel setup in Section 5.1.2 by running the command STAT DCH
in overlay 96 as shown below. The example below shows that D-Channel 66 is operational and
established.

LD 96

Prompt Response Description

> LD 96 Enter Overlay 96

3 STAT DCH Check status of all D-Channels

DCH 066 OPER EST DES :to_Trio
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7.2. Status of D-Channel on Trio Enterprise

To confirm a successful Trio Enterprise connection with the CS1000E, click on Start >
Programs - Trio Enterprise 2 Line Interface and then select the Telestatus entry. A new
window opens, showing the SIP trunk channel status as a series of green squares with the first
and seventeenth squares grayed out (these are the D-Channel and resync timeslots). Confirm the
trunks are all in the idle state (unfilled green squares).

=101 %]

15 0 - TeleStatusLite

RN oooooooooooMoooooooooooooon]

8. Conclusion

These Application Notes describe the configuration steps required for Trio Enterprise R3.1 to
successfully interoperate with Avaya Communication Server 1000E using SIP trunks. Trio
Enterprise passed all compliance testing successfully.

9. Additional References

The following documents and external references may be helpful in understanding operation of
particular CS1000 features and may provide more detailed information.

[1] Software Input Reference Administration Avaya Communication Server 1000, Release
7.5; Document No. NN43001-611 05.02, Dec 2010
[2] Administering Avaya Aura® Session Manager, Doc # 03603324, Issue I Release 6.1
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IN-SERVICE PEPS

Appendix A: Installed call server dependency lists
VERSION 4121
RELEASE 7
ISSUE 50 Q +
DepList 1: core Issue: 01 (created: 2011-03-15 10:26:33 (est))

PAT# CR #

000
001
002
003
004
005
006
007
008
009
010
011
012
013
014
015
016
017

wi00688505
wi00835294
wi00832106
wi00837618
wi00852365
wi00843623
wi00839255
wi00832626
wi00857566
wi00841980
wi00837461
wi00839821
wi00842409
wi00838073
wi00850521
wi00860722
wi00839134
wi00836981
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ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS2:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1
ISS1:10F1

PATCH REF# NAME

p30595 1
p30565_1
30550 1
p30594 1
p30707 1
p30731 1
p30591 1
p30560 2
p30766_1
p30618_1
p30597 1
p30619 1
p30621 1
p30588_1
p30709 1
p30784 1
p30698 1
p30613_1

DATE
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011
14/06/2011

FILENAME

p30595 1.cpl
p30565 1.cpl
p30550 1.cpl
p30594 1.cpl
p30707 1.cpl
p30731 1.cpl
p30591 1.cpl
p30560 2.cpl
p30766 1.cpl
p30618 1.cpl
p30597 1.cpl
p30619 1.cpl
p30621 1.cpl
p30588 1.cpl
p30709 1.cpl
p30784 1.cpl
p30698 1.cpl
p30613 1.cpl
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SPECINS
NO
NO
NO
NO
NO
YES
NO
NO
NO
NO
NO
NO
NO
NO
YES
YES
YES
NO
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