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Interaction Center Platform Statement

This document describes Interaction Center (IC) features that may not be available in your IC
product. Several products are based on the IC platform, and some features are disabled in
some products.

These products are based on the IC platform:
Customer Interaction Center (CIC)
Vonexus Enterprise Interaction Center (Vonexus EIC, or EIC)
Message Interaction Center (MIC)

While all of these products share a common feature set, this document is intended for use with
all IC products, and some of the described features may not be available in your product.
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Who should read this document

This document is intended for Systems Integrators with significant telephony knowledge.

Technical Support

The information contained within this document has been provided by Interactive Intelligence,
its partners or equipment manufacturers and is provided AS IS. This document contains
information about how to modify the configuration of your PBX. Improper configuration may
result in the loss of service of the PBX. Interactive Intelligence is unable to provide support or
assistance with the configuration or troubleshooting of components described within.
Interactive Intelligence recommends readers to engage the service of an Interactive
Intelligence MIC Certified Engineer or the manufacturers of the equipment(s) described within
to assist with the planning and deployment of Messaging Interaction Center.



Known Issues

REFER with Replaces messages will not release IP resources in this format, and present a dead
air condition using the default handlers. This will be resolved in a future version of xIC, per

SCRs 62854 and 62855.
The current workaround is to ensure that any handlers containing the Transfer tool step have
the “Use Putback” input hardcoded to false.



Chapter 1: General Information

Components

PBX or IP-PBX

PBX Vendor Avaya

Model S8300

Software Version Communication Manager R015x.01.0.414.3

Telephony Signaling SIP

Additional Notes None

Interactive Intelligence Messaging Interaction Center

Prerequisites

PBX Prerequisites
SIP option — Avaya SIP Enablement Services (SES) is NOT required

Summary and Limitations

REFER with Replaces messages will not release IP resources in this format, and present a dead
air condition using the default handlers. This will be resolved in a future version of xIC, per
SCRs 62854 and 62855.

The current workaround is to ensure that any handlers containing the Transfer tool step have
the “Use Putback” input hardcoded to false.



Chapter 2: xIC Setup

Step 1: Create the SIP Line

Line Configuration - MIC Inbound Line

SIP Line Configuration |Call P'utl:uan:kl Custom Atkributes I Hiskary I

WV active 4
Audio
Transpork Phone Mumber: |4III'§J'§J
Session
Authentication  Domain Mame: |192.1E-8.EI.9EI
Zompression
Prioy —Maxirum MNumber of Calls
R.eqistrar
Access &+ Combined " Inbound/Cutbound
Reqgion
Combined: | 120 ™ Mo Limit

[ Disable T.38 Faxing

(v Aukn Disconnect when Silence Detected in ;I

iczl == | ¥| Confitm auto-save ok I Zancel Apply | Help |

Take note of the Domain Name value here. It must match the value of the domain name in
the Far-end Domain in the Avaya SIP Signaling Group.



Line Configuration - MIC Inbound Line

5IP Line Configuration | Call Putback | Custom Attributes | Histary |

Line
| Audic

Sessian
Authentication
Campression
Prosy
R.eqistrar
Access

Reqion

Transport Protocol:  uUpp & TCP OTLS -

Address to IL::u:aI Area Connection 2 j

HP MC3730 Mulkifunction Gigabit Server Adapter #2

Receive Pork: I S0E0

Connect Timer (mns): I 3500 Reinvite Delay (ms): I 50
Maxirmumn Packet Retry: I 10 T1 Timer {rns): 500
Maxirnurn Invike Rekry: I & T2 Timer (rns); I 4000

Retryable Reason Codes: I 450, 500-599, 600-539 T

STP 005 Ruwke hes: |I'I1 1Nnnnn I &0 —‘! ;I

5-::' == | ¥ Confirm aubo-save Ik I Zancel apply | Help

The transport must be TCP to communicate with the Avaya.

Line Configuration - MIC Inbound Line

SIP Line Configuration | Call Putback | Custom Atkributes I Hiskary I

Lire

Audio
Transpork
Session
Authentication
Compression

F‘ru:uxg

Access
Reqgion

External List of Telephone Mumbers:  Prioritized list of Reqgistrar IP addresses:
External Phone Mumbers | IP Address | Port | Time |

add | Edit: | Deletel &dd | Edit | Deletel p |Dl:uwn|

g-il == | ¥ Corfitm auto-save 874 I Cancel | Apply | Help

The line does NOT need to register with the AVAYA.




Chapter 3: PBX Setup

Information used for this test case:

VoiceMail Hunt Group Pilot: ext. 4099

Step 1: Add xIC server as a valid IP Node

change node-names ip

UL Avaya Sile Administration - [ININ Avaya Enulatione 4410] IS
Eipe pR pew Detem gcon fook Wrder ey =181
ales| o) +|me|x|E| [EE 28| @) [T =]l

EE |

display node-pames ip

e | |

IF HODE FMAMNEX
IF Address
a.0.0.0
102 . 168.0.80
192.168.0.90

d node-nanes
*oor add g node-name

Fond & Perlismancs

S50 pistary f Schackia i Connection stan [

Renscdy



Step 2: Configure the Signaling Group

add trunk-group X (X is the SIP trunk group number)

CZ Avaya Site Administration - [INDS Avaya Enwulation: 4410] =[] =
Dlple Ed pew Stem jction [ouk Wedne Help =181
ol@l®| o) |m|e)x s [Em 2] @) [T =1/

Ad cocel | | | | b | |

Hear-end Hode Hame: procr Far-end Hode Hame: mic
Hear-end Listen Port: SOa0 Far-end Listen Povt: S0a0
Far-end Hetwark Fli‘gi[ll'l! 1
Far-end Domain: 192.168.0.90

Hypass I IF Threcshold Excesded?

DTHF over IF: rtp-payload pirect IP-IF Audio Connectionsy
IF fudio Hairpinning?

Enable Layer 3 1
ion Establizhment Ti in}: flternakte Roul

Fond & Perlismancs

S50 pistary f Schackia i Connection stan [

Renscdy

Notice that the Far-end Domain matches the domain name on the SIP line in xIC. This is also
the value used in the MWIIPAddress Server Parameter (or the host portion of the MWI
Extension for users where the complete URI is specified in Web Admin).

This value must be identical in all three places, or the Avaya will reject requests from the xIC
server.
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Step 3: Configure Trunk Group

add trunk-group X (X is the route number you wish to use)

B Loipn St Aterstatus Dopmort B30 Emuleton 5UE = O
MM EE Ty ™ -

- T 1B T e ] i

carwed | vl Pt |t g | el g | e g |

[

CON Mepart
1

M1

Hight Teruice:

Tl b Postmmrea |

"B e W]

] Secotr | DetwTome i Denaten
[FTTo ], ity [ i, Eowmgton thri |
Rty LR

Notice the Service Type is tie, and that the Signaling Group is the Signaling Group setup in the
previous step.
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Step 4: Configure Route Pattern

add route-pattern X (X is the route number you wish to use)

CZ Avaya Site Administration - [INDS Avaya Enwulation: 4410] =[] =
i ple B Yew Gystem Action ook Widow e 8] 21
o83 @ &5 x|E| [Em 8] €] O GRS

E preed | et | | | bel | ot guage | et page | gere page |
display route-pattern 1900
Faktern @z 100 Pattern Hame: CORes S1IF
AHT n Secure SIPT n
Grp FEL HFA FFx Hop Tell Ho. Inserted
Ho HWrk Lmt List Bel Digits
bgts

usrr
User
usrr
user

BCC UWALUE TSC Ch-TSC ITE BCIE Service/Feature FARM  Ho. Humbering LAR
BT 2HEW d Dgts Farmat
Subaddress

y yon . LT
Yy n mome
u n i nome

y n L1 mome

u n i nome

n e

Fond & Perlismancs

ﬂ Sewerky | DakefTire | Systemn | Desorighion |

S50 pistary f Schackia i Connection stan [
Rty

Notice the Group Number matches the Trunk Group Number.
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Step 5: Configure AAR Analysis

change aar analysis X (X is the leading digit of your VM Pilot Number)

UL Avaya Sile Administration - [ININ Avaya Enulatione 4410] IS
Eipe pR pew Detem gcon fook Wrder ey =181
ales| o) +|me|x|E| [EE 28| @) [T =]l

E preed | et |

display aar amalysis &

AAR DIGIT AMALYX1S TRAELE
Localion: all Fercent Full:

bl | gt page | nest page | e page |

Bialed Total Roule Call Hode (K]
itring min Hax FPatterm Type  Hum
L] 12 2 i
L] 4 z aar
L] L 1nn bl
! i 2 aar
T 4T ] b
[ 254 aar
T ol hE Ty
7 254 aar

Fond & Perlismancs

e Lol saistary f Schbis J Connwion st |
Ry

Notice extension 4099 is specifically directed at the SIP route pattern.

13



Step 6: Configure Hunt Group

add hunt-group X (X is the hunt group number you wish to use)

UL Avaya Sile Administration - [ININ Avaya Enulatione 4410] IS
Eipe pR pew Detem gcon fook Wrder ey =181
ales| o) +|m8)x|E| [EE 28| @) [T =]l

HE

carel | ethosh | | | bk | o o | et puag | g page |

HINT EROURP

ALDYT
i Quewe?
Group Yectort
Eroup Typ =mi Cow 1
Hight Service D
H
- I"I't!.l Code: Local Agent Preference?
ISDHYSIP Caller Displag:

Fond & Perlismancs

e Lol saistary f Schbis J Connwion st |

Renscdy

Notice the extension is the same as the value added to the AAR table to route over the SIP
Signaling Group.
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CZ Avaya Site Administration - [INIY Avaya Ensulstion: 4410] =181

ol Ed pew Srstem jcton Jook Wedew e =181
Ol@|s| @ :|w|e) x| (Gl [2]8] @) [0 mmam =] 2|5

E preed | et | | |

bl | gt page | nest page | e page |

display hunt-group 1
HINT EROURP

Hessage Center: sip-adjunct

Volce Hall Humber Volce Wall Handle Routing pigd
(.., AAH/ARS A G )
L1 192 AGE.D. B0 LT

Fond & Perlismancs

e Lol saistary f Schbis J Connwion st |

Renscdy

Once the Message Center value is set to sip-adjunct, the other settings will appear. The
AAR/ARS Access Code is listed in your feature access codes (display feature-access-codes).
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Step 7: Configure Coverage Path

add coverage path X (X is the coverage path number you wish to use)

CZ Avaya Site Administration - [INDS Avaya Enwulation: 4410] =[] =

i ple B Yew Gystem Action ook Widow e =18 =i

O|e|=| @ |5 |E [Em @] @] 5 mm =1 2|%

EE]

Fond & Perlismancs

sanced| | | | __t=e | |
) COUERREE PATH

Coverage Path Hunber: 1
Cuy Enabled for UDH Route=To Parly? n Hunt afbter Coverage? n
Hext Fath Humber: Linl-:age

COVERAGE CRITERIA

Inside Call Oukside Call
n n
¥ ¥
Don' b AnSew y y Humher of Rings: &
n n
L) u
n n

COUERAGE FOIHTS
minate toe Coverage Fts. with Bridged Appearances? n
1: Rng: Point2:
PFointh:
Poinkd:

Renscdy

S50 pistary f Schackia i Connection stan [

Notice the first and only point is the hunt group setup in the previous step.
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Step 8: Configure Stations

change station XXXX (XXXX is the station extension)

CZ Avaya Site Administration - [INDS Avaya Enwulation: 4410] =[] =
Dlple Ed pew Stem jction [ouk Wedne Help =181
ol@l®| o) |m|e)x s [Em 2] @) [T =1/

1=

carel | ethosh | by | o pungn | et puage | e page |

station 4@
STATION

B
: 2820
LU LRy
Hame: Lest 1
Hunt-to Station:
STATION DPTIOHS
Time of Day Lock Table:
Loss Group: 2 Personalized Kinging Patl
Data Option: Hessage Lamp
3 s e 2 ) Hubte Buttan Enab Y
bisplay Language: englis Expansion Wodule?

Survivable COR: internal Hedia

Survivahle Trunk Desty g

Remole O

Fond & Perlismancs

S50 pistary f Schackia i Connection stan [

Renscdy

Notice the Coverage Path is set to the Coverage Path created in the previous step.
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Ui Avaya Sibe Administration = [ININ Avaya Ensulations 4410]

Edple B vew Sydem Action [ook wedne Help

O|e|=| @ |5 |E [Em @] @] 5 mm

E preed | et | | |

bl | gt page | nest page | e page |

=%

display station 4@
FEATURLC OFTIODHS
LEC
LUC @

y?
Redirect Hotificatlon?
Per Bublbon Ring Conbrol?

ACt iue wingle

H. inn? n Fier
Seruice Lim : as-needed
Multimedi : hasic
W Served User Type: sip-adfjunct

Autopatic Moves: no

Emergency L tion Ext: a0mM

Fond & Perlismancs

STATION

Idle Appearance Freferencef
Bridged Tdle Line Preference?
Restrict Last Appearance?

EMU Login Allowed?

tation GPH - Send Galling Humsber

Mudible Message Waiting?

Coverage AFLer
I imedia Early Ans
Ca

IF Audio Hairpinningt

A [ty e | encion 5 |

Renscdy

Notice the MWI Served User Type setting.
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CZ Avaya Site Administration - [INIS Avaya Enwulation: 4410] =[] =
i ple B Yew Gystem Action ook Widow e =18 =1

O|e|=| @ |5 |E [Em @] @] 5 mm =1 2|%

EE]

Fond & Perlismancs

carel | ethosh | by | o pungn | et puage | e page |

display station 4@

SITE DATH
Hoon: HeadsetT n
Jachk: Epeaker? n
Cable: Mounting: o
Flowr: Cord Length: O
Building: et Color:

ABEREVIATED DIALIHG
Lisen: Lisra:

BUTTOH AS5IGHHENTS

h: send-calls Ext:

ez KOOSR

Renscdy

e Lol saistary f Schbis J Connwion st |

Notice the voice-mail Number setting.
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Chapter 4.

Messaging Interaction Center 2.4

Validation Test Matrix

Testing the Core Feature Set

The following table contains a set of tests for assessing the functionality of the UM core
feature set. The results are recorded as either:

Pass (P)

Conditional Pass (CP)
Fail (F)

Not Tested (NT)

Not Applicable (NA)

Refer to:

Appendix for a more detailed description of how to perform each call scenario.

Section 6.1 for detailed descriptions of call scenario failures, if any.

Call Scenarios (see appendix for

more detailed instructions)

Dial the pilot number from a phone
extension that is NOT enabled for
Unified Messaging and logon to a
user’s mailbox.

Confirm hearing the prompt:
“Welcome to Communité. To access
your mailbox, enter your extension...”

(P/CP/F/NT) Reason for Failure (see 6.1 for more

detailed descriptions)

Navigate mailbox using Mobile Office

NT

Navigate mailbox using the
Telephony User Interface (TUI).

Dial user extension and leave a
voicemail.

4a

Dial user extension and leave a
voicemail from an internal extension.

4b

Dial user extension and leave a
voicemail from an external phone.

Dial Auto Attendant (AA).

Dial the extension for the AA and
confirm the AA answers the call.

Call Transfer by Dial By Name.

6a

Call Transfer by Dial By Name and
have the called party answer.

Confirm the correct called party
answers the phone.

20



Call Scenarios (see appendix for (P/CP/F/NT) Reason for Failure (see 6.1 for more

more detailed instructions) detailed descriptions)

6b Call Transfer by Dial By Name when P
the called party’s phone is busy.

Confirm the call is routed to the
called party’s voicemail.

6¢C Call Transfer by Dial by Name when P
the called party does not answer.

Confirm the call is routed to the
called party’s voicemail.

7 Configure a button on the phone of a P
UM-enabled user to forward the user
to the pilot number. Press the
voicemail button.

Confirm you are sent to the prompt:
“Welcome to Communité. Please
enter your passcode.”

8 Send a test Fax message to user NT
extension.

Confirm the Fax is received in the
user’s inbox.

9 Setup Message Waiting Indicator P
(MWI).
10 Blind Transfer P
11 Consult Transfer CP Failed per description in Known Issues of
this document. Resolved with SCRs
62854 & 62855.
12 Dynamic Audio P

Detailed Description of Limitations

Failure Point None

Phone type (if phone-specific)

Call scenarios(s) associated with failure
point

List of UM features affected by failure
point

Additional Comments

21



Appendix

Dial Pilot Number and Mailbox Login

1. Dial the pilot number of the MIC server from an extension that is NOT enabled for
Voicemail.

2. Confirm hearing the greeting prompt: “Welcome to Communité. Please enter your
extension...”

3. Enter the extension, followed by the pound sign, and then the passcode of a Voicemail
enabled user.

4. Confirm successful logon to the user’s mailbox.

Navigate Mailbox using Mobile Office

1. Logon to a user’s mailbox who is licensed for Mobile Office

2. Navigate through the mailbox and try out various voice commands to confirm that the
Mobile Office is working properly.

3. This test confirms that the RTP is flowing in both directions and speech recognition is
working properly.

Navigate Mailbox using Telephone User Interface (TUI)

1. Logon to a user’s mailbox.

2. Navigate through the mailbox and try out the various key commands to confirm that the
TUI is working properly.

3. This test confirms that both the voice RTP and DTMF RTP (RFC 2833) are flowing in both
directions.

Dial User Extension and Leave Voicemail

Note: If you are having difficulty reaching the user’s voicemail, verify that the coverage path
for the user’s phone is set to the pilot number of the MIC server.
From an Internal Extension

1. From an internal extension, dial the extension for a Voicemail enabled user and leave a
voicemail message.

2. Confirm the voicemail message arrives in the called user’s inbox.

3. Confirm this message displays a valid MIC user’s name as the sender of this voicemail.

From an External Phone

1. From an external phone, dial the extension for a Voicemail enabled user and leave a
voicemail message.

2. Confirm the voicemail message arrives in the called user’s inbox.

3. Confirm this message displays the phone number as the sender of this voicemail.

22



Dial Auto Attendant (AA)

1. Create an Auto Attendant using the MIC Web Administrator:
2. Dial the extension of Auto Attendant.

3. Confirm the AA answers the call.

Call Transfer by Dial By Name

1. Dial the pilot number for the MIC server from a phone that is NOT associated with a MIC
user.

2. To search for a user by name:
Press 2 to Dial By Name.

Call Transfer by Dial By Name by entering the name of an MIC user using the
telephone keypad, last name first.

Note: Even though some keys are associated with three or four numbers, for each
letter, each key only needs to be pressed once regardless of the letter you want.
Ignore spaces and symbols when spelling the name.Called Party Answers

Call Transfer by Dial By Name to a user in the same dial plan and have the called
party answer.

3. Confirm the call is transferred successfully.

Called Party is Busy

1. Call Transfer by Dial By Name to a user in the same dial plan when the called party is
busy.

2. Confirm the calling user is routed to the correct voicemail.

Called Party does not Answer

1. Call Transfer by Dial By Name to a user in the same dial plan and have the called party not
answer the call.

2. Confirm the calling user is routed to the correct voicemail.

Voicemail Button

1. Configure a button on the phone of a Voicemail enabled user to route the user to the pilot
number of the MIC server.

2. Press the voicemail button.

Confirm you are sent to the prompt: “Welcome to Communité. Please enter your
passcode...”

Note: If you are not hearing this prompt, verify that the button configured on the phone
passes the user’s extension as the redirect number. This means that the user extension
should appear in the diversion information of the SIP invite.

Testing Fax Features

To test fax functionality:
1. Dial the extension for a fax-enabled MIC user from a fax machine.

2. Confirm the fax message is received in the user’s inbox.

23



Note: You may notice that the MIC server answers the call as though it is a voice call (i.e.
you will hear: “Please leave a message for...”). When the MIC server detects the fax CNG
tones, it switches into fax receiving mode, and the voice prompts terminate.

Note: MIC only supports T.38 for sending fax.

Message Waiting Indicator (MWI)

a r 0D PR

Enable MWI for a Voicemail enabled user.
Leave a message for that user.

Verify MWI goes on

Delete or Mark Saved that message
Verify MWI goes off

Note: MWI doesn’t go off until there are no more New messages in the Inbox.

Blind Transfer

a M PR

Verify Putback is enabled on SIP Line.
Ring No Answer to a user’s voicemail.
Zero Out to user’s Operator.

Answer Operator phone.

Verify that all resources are released from IC.

Consult Transfer

1.

Verify Putback is enabled on SIP Line, and that Follow Me is enabled for your test user.
Ring No Answer to a user’s voicemail.

Press 2 to Follow Me.

Note: Follow me should be setup to an internal extension.

Answer Follow Me call.

Verify that all resources are released from IC.

Dynamic Audio

1.

Verify Putback is NOT enabled on SIP Line, Dynamic Audio is enabled on the SIP Line, and
that Follow Me is enabled for your test user.

Ring No Answer to a user’s voicemail.

Press 2 to Follow Me.

Note: Follow me should be setup to an internal extension.
Answer Follow Me call.

Both legs of the call should be visible in Supervisor.

No IP resources should be in use.
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Appendix A: Change Log

09-03-2008 Created document.
11-25-2008 Added Tests 10, 11, 12
6-8-2009 Added Section showing Avaya Trunk Group configuration
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Appendix B: Acronyms Used in This Document

Here are some of the most important acronyms used in this document.

CAS

CNG

DTMF

PBX

SIP

TDM

VolP

Centralized Attendant Service
CalliNG tone sent by a fax machine
Dual Tone Multi-Frequency
Interaction Administrator
Interaction Center

Internet Protocol

Private Branch Exchange

Session Initiation Protocol

Time Division Multiplexing

Voice Over IP (Voice Over Internet Protocol)
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