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Application Notes for Configuring Nuance Speech Attendant
with Avaya IP Office 8.1 — Issue 1.0

Abstract

These Application Notes describe the configuration steps required to integrate the Nuance
Speech Attendant with Avaya IP Office using a SIP integration. Nuance Speech Attendant
allows callers to speak the name of a person, department, service, or location and be
automatically transferred to the requested party without waiting to speak to an operator. In
addition, the caller may dial an extension number and be transferred to the requested party.

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.

MJH; Reviewed: Solution & Interoperability Test Lab Application Notes 10of 25
SPOC 1/30/2014 ©2013 Avaya Inc. All Rights Reserved. NuanceSA1l_IPO



1. Introduction

These Application Notes describe the configuration steps required to integrate the Nuance
Speech Attendant (SA) with Avaya IP Office using a SIP integration. Nuance Speech Attendant
allows callers to speak the name of a person, department, service, or location and be
automatically transferred to the requested party without waiting to speak to an operator. In
addition, the caller may dial an extension number to be transferred to the requested party.

2. General Test Approach and Test Results
The interoperability compliance testing included feature and serviceability test cases.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent
to the interoperability of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
completeness of a DevConnect member’s solution.

2.1. Interoperability Compliance Testing

Feature testing focused on Nuance SA successfully recognizing spoken names and extensions
entered via DTMF, and then transferring the call to the correct destination. Blind and supervised
transfers were verified. Other features covered included: DNIS and CLID handling, barge-in/
no barge-in, adding new transfer entries, recording caller utterances, and accessing Maintenance
Mode and Personal Administration Mode to record name and change PIN.

Serviceability testing focused on verifying the ability of the Nuance SA to recover from adverse
conditions, such as server restarts, power failures, and disconnecting cables to the IP network.

2.2. Test Results
All test cases passed with the following observation:

e Nuance SA does not support shuffling.
e Avaya IP Office does not support a SIP REFER for a blind transfer. Only
consultation/supervised transfers are supported with this solution.

2.3. Support

To obtain technical support for Nuance Speech Attendant, contact Nuance via their website,
email, or phone number.

° Web: www.network.nuance.com
° Email: SpeechAttendant.Support@nuance.com
° Phone: +1 (866) 434-2564 or +1 (514) 390-3922
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3. Reference Configuration

Figure 1 illustrates the setup used to verify the Nuance Speech Attendant (SA) solution with
Avaya IP Office. Nuance SA is deployed on a dedicated server running Windows 2008 R2
Enterprise server. Nuance SA interfaces to Avaya IP Office via SIP. To access the Nuance SA
application, a call is simply routed from IP Office to the SA server over a SIP trunk. Multiple
SIP ports were configured on the Nuance SA server.

S
—
Avaya IP Office Server Edition
Primary Server
Nuance Speech Attendant
(10..64.101.102)
Avaya IP Office
Expansion Modules
Avaya Analog &  Avaya 9600 Series
Digital Phones Phones
Figure 1: Avaya IP Office with Nuance Speech Attendant
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4. Equipment and Software Validated
The following equipment and software were used for the sample configuration:

Equipment/Software Release/Version
Avaya IP Office Server Edition 8.1
Avaya one-X® 9600 Series IP Telephones
e 96x0 (H.323) Avaya one-X® Deskphone Edition 3.1.5
e 96x1(H.323) Avaya one-X® Deskphone Edition 6.2.2
Avaya Analog and Digital Phones -
Nuance Speech Attendant 11.1 Hotfix 50
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5. Configure Avaya IP Office Server Edition

This section describes the Avaya IP Office Server Edition configuration necessary to support
connectivity to Nuance Speech Attendant. It is assumed that the initial installation and
provisioning of the Server Edition Primary Server and Expansion System has been previously
completed and therefore is not covered in these Application Notes. For information on these
installation tasks refer to reference [1] in the Additional References section.

The solution is configured through the Avaya IP Office Server Edition Manager PC application.
From the PC running the IP Office Manager application, select Start - Programs - IP Office
-> Manager to launch the application. Navigate to File = Open Configuration, select the
proper Avaya IP Office Server Edition system, making sure the box for Open with Server
Edition Manager is checked. Log in using appropriate credentials.

B Select IP Office = (==

Name IP Address Type Version  Edition
Release 8.1
00E00705C035 2051686255 [P 500 V2 81(52) IP Office
A, Server Edition Expansion 8.1
00E00700000D 10642168 [P 5002 81(73)  Server (Expansicn)
Ay Server Edition 8.1
V| EB393523C104 10642167  IPO-Linu-PC 8193 (4) Server (Primary)

TCP Discovery Progress

Unit/Broadcast Address /| Open with Server Edition Manager

255,255.255.255 . Refresh oK | [ concel
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The Solution View screen will appear, similar to the one shown below. This screen includes the
system inventory of the servers and links for administration and configuration tasks.

‘ Configuration

= Server Edition

=& BOOTP (14)
-5 Operator (3)
-4 Solution
E-§ User(12)
%% Hunt Group(l)
[-8X Shart Code(45)
@ Incoming Call Route(4)
s Directory(0)
ime Profile(0)
@ Account Code(l)
§4 User Rights(8)
= EB393523C104
[¥-%37 DOEDD700000D

Summary

_ SenerEden Frmary

Open...
@ Configuration
:i System Status

[= Hardware Installed
Contral Unit: IPO-Linux-PC
Becondary Server: NONE
Expansion Systems: 10.64.21.68
System Identification: 9bbal35741a9d76c4dd944a1c5a0fd 1816513270
8erial Number: £8393523c104
= System Settings
IP Address: 10.64 21.67

Device ID: NONE
MNumber of Extensions on System: 8

Name Address Primary Link Users Configured Extensions Configured
Solution 12 12
Primary Server E8393523C104 10.64.21.67 8 8
Expansion System 00EQ0700000D 10.64.21.68 Bothway 4 4

BE{ Voicemail Administration
@ Resilience Administration

& On-boarding

Web Control

L
»
@ reo

Add...

%, Secondary Server

In the screens presented in this section, the View menu was configured to show the Navigation
pane on the left side, the Group pane in the center and the Details pane on the right side. These
panes will be referenced throughout the rest of this section.

Note that the Navigation pane includes solution settings, under the Solution menu, which apply
to all the systems in the Server Edition solution, and individual system settings, each grouped
under the Primary Server and the Expansion System menus.

Standard feature configurations that are not directly related to the interfacing with the service
provider are assumed to be already in place, and they are not part of these Application Notes.
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5.1. Licensing

The configuration and features described in these Application Notes require the IP Office Server
Edition system to be licensed appropriately. If a desired feature is not enabled or there is
insufficient capacity, contact an authorized Avaya sales representative.

Licenses for an IP Office Server Edition solution are based on a combination of centralized
licensing done through the IP Office Server Edition Primary Server, and server specific licenses
that are entered into the configuration of the system requiring the feature. SIP Trunk Channels
are centralized licenses, and they are entered into the configuration of the Primary Server. Note
that when centralized licenses are used to enable features on other systems, such as SIP trunk
channels, the Primary Server allocates those licenses to the other systems only after it has met its
own license needs.

To verify that there is a SIP Trunk Channels license with sufficient capacity, select License
under the Primary server on the Navigation pane and SIP Trunk Channels in the Group pane.
Confirm that there is a valid license with sufficient “Instances” (trunk channels) in the Details
pane. Note that the actual License Key in the screen below was edited for security purposes.

‘ Configuration | License i= SIP Trunk Channels e - X/ v <>
& 800T? 10 License Type “|| [ ticenses |
i Operater (3) % Avaya IP endpoints
S ;U'UU“U"(HJ W Avaya Softphone Licens License Key 04va5dm_
ser .
538 Hunt Group(1) S CTI Link Pro <P Trank Ch |
X Short Code(d5) % DECT Integration (ports) ticense Type funkthannets
) Incoming Call Route(d) %IP500 Universal PRI (Add License Status  Valid
“= Directory(0) % [P500 Voice Metworking
~£7 Time Prefile(0) Instances 255

% Mobile Worker
8w Account Code(l)

§3 User Rights(s) S Office Worker Expiry Date  Never
% FB393573C104 % Phone Manager Pro
..... = System (1) % Phone Manager Pro (pe
=17 Line 4) % Phone Manager Pro IP 4
= Control Unit (2) % Power User
: Ef:rn;;n @) W Preferred Edition (Voicer| =
&8 Hunt Group (1) % Preferred Edition Additic
% Short Code (6) % Preferred Edition Additic
B Service (0) SR8+ Preferred Edition (V
Bl 1P Route (1) % Receptionist
% Authorization Code (0) h
~§% E911 System (1) % Teleworker
te-“=p DDE0Q700000D S UMS Web Services
& VMPro Networked Mess
e VMPro TTS (Generic)
& YMPro TTS (Scansoft)
% WMPro TTS Professional
T_Wa:'e User \ Help
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5.2. LAN1 Settings

In the sample configuration, LANL1 is used to connect both the Primary Server and the Expansion
System to the enterprise network.

To configure the LANL1 settings on the Primary Server, complete the following steps. Navigate to
Primary (in this case, E83935223C104) -> System (1) in the Navigation pane and then to the
LAN1 = LAN Settings tab in the Details pane. The IP Address and IP Mask fields should be
populated with the values assigned during the Primary Server initial installation process. Verify
the configuration or modify the values if needed. While DHCP was disabled during the
compliance test, this parameter should be set according to customer requirements.

\ Configuration | System i= E8393523C104 = v«
‘! BOOTP (14) Name System | LANL ‘ LANZ | DNS | Voicemail | Telephony | Directory Services | System Events I SMTP | SMDR | Twinning | Codecs‘
;i Operator (3) % E8393523C104
=3 Solution LAN Settings |VDIP I Network Topulﬂgy‘
§ Userl2)
-8 Hunt Group(L) 1P Address 10 64 2 67
% Short Code(45)
@ Incoming Call Route(4) P Mask B5 B 20

=2 Directory(0)
(‘\ Time Profile(0)
-8 Account Code(l)
E, User Rights(8)

Number Of DHCP IP Addresses |1

-3 EB393523C104 DHCP Mode
0 System (1) *) Server () Client @ Disabled
=17 Line 4

= Control Unit (2)

On the VolIP tab in the Details pane, the H323 Gatekeeper Enable box is checked to allow the
use of Avaya IP Telephones using the H.323 protocol. The SIP Trunks Enabled box is checked
to support SIP trunking. The RTP Port Number Range (not shown) can be customized to a
specific range of listening ports for the RTP media. Based on this setting, Avaya IP Office would
request RTP media be sent to a UDP port in the configurable range.

i@ Hunt Group(l)

B Short Code(45)
3 Incoming Call Route(4)
= Directory(0)
£ Time Profile(0)

8w Account Code(l)
~§3 User Rights(8)

5% Hunt Group (1)
§3 Short Code (6)
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H.323 Gatekeeper Enable
[[] Auto-create Extn

SIP Trunks Enable

TCP Port

\ Configuration | System = E8393523C104 = ik
& BooTP04) fams System | LANL | LAN2 | DNS | Voicemail | Telephany | Directory Services | System Events | sMTP | SMDR | Twinning | Codecs|
i Operator (3) “ E8393523C104 ¢
-5 Solution LAN Settings ; VoI || Netwark Topalagy|

-8 User(12) =

Auto-create User

[] H323 Remote Extn Enable

£ EB393523C104 SIP Registrar Enable
o Systemli) & 7] SIP Remote Extn Enable
~ 17 Line )
= Control Unit (2) Domain Name
~d Extension (8)
a User (9) Layer 4 Protocol

Both TCP & UDP ~

5060

@B Service (0)
UDP Port 5060
Bl IP Route (1) ’
-8, License (27) Challenge Expiry Ti 10
ge Expiry Time (secs)
¥ ARS (1)
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To configure the LANL1 settings for the Expansion System, navigate to Expansion (in this case,
00E00700000D) - System (1) on the Navigation pane and then navigate to the LAN1 - LAN
Settings tab in the Details pane. The IP Address and IP Mask fields should be populated with
the values assigned during the Expansion System initial installation process. Verify the
configuration or modify the values if needed. While DHCP was disabled during the compliance

test, this parameter should be set according to customer requirements. Other settings were left at
their default values.

Ul Avaya IP Office R9 Manager for Server Edition 00EQ0700000D [8.1(73]]

File Edit View Tools Help

00EQO700000D - System

Configuration

~ 00E00700000D

System

= B s

~- & BOOTP (14)
Legie Operator (3)

MName

) v o<

= Solution
User(12)

;-8 Hunt Group(1)
@ Short Code(45)
e Incoming Call Route(4)
Directory(0)
I Time Profile(0)
Account Code(1)
3 User Rights(8)
-5 EB393523C104

~%3 00E007000000

P System (1)
~F% Line (2)

= Control Unit (6]

4 Extension (62)
~@ User (5)

B3 Short Code (5)

7 00EQ0700000D

System | LANL [LAN2 [DNS | Voicemail | Telephony | Directory Services [ System Events | SMTP | SMDR [ Twinning [ vc|«

| LAN Settings | volP | Network Topology |

P Address 10 64 2 68

IP Mask 255 255 255 0
Primary Trans. IP Address 0 0 0 0
RIP Mode

{None

[7] Enable NAT
Number Of DHCP [P Addresses 200
DHCP Mode
) Server

O Client () Dialin @ Disabled

Advanced

The remaining parameters in the VolIP tab for LAN1 in the Expansion System can be configured
using the same values previously described for the LANL1 settings in the Primary Server. Use the

configuration steps and screens for these tabs previously shown in this section to complete the
configuration of the LANL1 settings in the Expansion System.
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5.3. System Telephony Settings

Navigate to System(1) under the Primary server on the Navigation pane and then to Telephony
-> Telephony tab in the Details Pane to configure the Telephony settings for the Primary Server.
Choose the Companding Law typical for the enterprise location. U-Law was used. Uncheck the
Inhibit Off-Switch Forward/Transfer box to allow call forwarding and call transfers to the
PSTN.

The Maximum SIP Sessions field appears only in Server Edition systems. This value
determines the number of SIP Trunk Channel licenses reserved for concurrent sessions on SIP
trunks provided by this server. These licenses are reserved from the pool of SIP Trunk Channel
licenses shown on Section 5.1. In the compliance test, 25 sessions were reserved on the Primary
Server. Defaults were used for all other settings.

\ Configurati \ System = EB303523C104 & v
& ooTP (14) Name System [ LANL | LANZ |DMS | Voicemail | Telepheny | Directory Services | System Events | SMTP | SMDR | Twinning | Codecs
y: v y: g
4 Operator (3) < E8393523C104
=% Solutien Telephony | Tones & Music | Call Lo
9
§ Usern2) o
B Hunt Group(l) Dial Delay Time (secs) 4 Companding Law
-8 Short Code(d5) Switch Line
~ B Incoming Call Route(4) Dial Delay Count 0
& Directary(0) ;
~£7) Time pzﬁ‘smj Default No Answer Time (secs) 15 @ U-law @ U-Law Line
? ﬁ;:f’;l”;hff(g;m Hold Timeput (secs) 120
) )
. % A-law % A-Law Line =
= 5339535250(014] Park Timeout (secs) 300
=y System
4 Line 4) Ring Delay (secs) 5 [ psss
“= Control Unit (2) tatus
? Extension (8) Call Priority Promotion Time (secs) Disabled Auto Hold
User (9) )
2 Hunt Group ) Default Currency UsD - Dl By Neme
X Short Code () M P Sessi =
% Service (0) mum 31 sessions = Show Account Code
1P Route (1) [ —
s License (27) Default Name Priority [FvorTunk v [ Inhibit Off-Switch Forward/Transfer
¢ ARS (1) )
8 Authorization Code (©) [ Restrict Network Interconnect
- %;Et%éo?é;t;m &) [] Drop External Only Impromptu Conference
[ Visually Differentiate External Call
High Quality Conferencing

Navigate to Expansion - System(1) and repeat the steps above to configure the Telephony
settings for the Expansion System. Since the SIP trunk will be terminated on the Primary Server,
it was not necessary to enter a value in the Maximum SIP Sessions field in this case, and the
default value of 0 was used (not shown).
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5.4. Administer SIP Line

A SIP line is created to establish the SIP connection between the Server Edition Primary Server
and the Nuance Speech Attendant server. This line will carry all inbound and outbound traffic
between the IP Office and Nuance Speech Attendant. To create the SIP line, navigate to
Primary - Line in the Navigation pane. Right-click and select New— SIP Line (not shown).

5.4.1. SIP Line Tab

On the SIP Line tab in the Details Pane, configure the parameters as shown below:

e Leave the ITSP Domain Name field blank. With this setting, the IP address of LAN1 in
the Primary Server is automatically used in the domain part of the SIP URIs sent to

Nuance Speech Attendant.
e Check the In Service box.

e Check the Check OOS box. With this option selected, the SIP OPTIONS method will be

used to periodically check the SIP Line.
e Default values may be used for all other parameters.

- X[ v <

MJH; Reviewed:
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Configuration ‘ Line = SIP Line - Line 4
‘S BOOTP (14) Line Number  Line Type SIP Line |Transport|SIP URIlVoIP |SIP Credentlalsl
7 Operator (3) 1 H323 Line
o ;”‘“U"”"(m 2 1323 Line ||| Line Number 4
8 User
8 Hunt Group(l) w3 SIP Line ITSP Domain Name In Service
8% Short Code(45) il SIP Line
@ Incoming Call Route(4) Use Tel URT B
e Directory(0) )
77 Time Profile(0] Prefix Check 005
? ‘S:f;i”;hff(g;m National Prefix 0 Call Routing Method Request URI -
]
o) EB393523C104 Originator number for
= System (1) Country Code forwarded and twinning calls
T Line (4) —
“= Control Unit (2) International Prefix 00 Name Priority System Default =
? Sf:rn;)m @) Send Caller ID [None ~|  CallerDfrom From header  []
E SH:"; E’“’;F‘(g] Association Method | By Source IP address | SendFromn Clear B
ort Code
B Service ) User-Agent and Server
@l 1P Route (1) Headers
T; ";\‘;:’z;’- @n REFER Support
% Authorization Code (1) Incoming [mways -J
fx E911 System (1)
% 00E00700000D Outgoing [Aways -
UPDATE Supported | Never v
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5.4.2. Transport Tab
Select the Transport tab and set the following:

e Setthe ITSP Proxy Address to the IP address of Nuance Speech Attendant.

e Setthe Layer 4 Protocol to UDP.
e Set the Send Port to 5060.
o Default values may be used for all other parameters.

Configurati \ Line = SIP Line - Line 4 gf -8 K| v s
~R BOOTP 04) Line Number  Line Type || [P Lin Transport SIP URI[VelP |SIP Credentials]
¥ Operator (3) w1 H323 Line
% Solution w2 H323 Line ITSP Proxy Address  10.64.101.102
-4 User(12) X
% Hunt Group(1) 3 SIP Line
9% Shor Couett ~i T Network Configuration
@ Incoming Call Route(4) Layer 4 Protocol uop <] SendPort 5060
@& Directory(0)
-3 Tirne Profile(0) Use Network Topology Info Listen Port 5060
-8 Account Code(l)
B4 User Rights(€) Explicit DNS Server(s) 0 0 0 0 0 0 0 0
o E8393523C104
-39 System (1) Calls Route via Registrar
17 Line (4)
© < Control Unit (2)
-; 53:;;;” @ Separate Registrar
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5.4.3. SIP URI Tab

A SIP URI entry needs to be created to match each incoming number that Avaya IP Office will
accept on this line. Select the SIP URI tab and click the Add button. The New Channel area
will appear at the bottom of the pane. To edit an existing entry, click an entry in the list at the
top, and click the Edit... button. In the example screen below, a previously configured entry is
edited. For the compliance test, a single SIP URI entry was created that matched any number
assigned to an Avaya IP Office user. The entry was created with the parameters shown below:
e Set Local URI, Contact, Display Name and PAI to *.

e Associate this line with an incoming line group by entering a line group number in the
Incoming Group field. This line group number will be used in defining incoming call
routes for this line. Similarly, associate the line to an outgoing line group using the
Outgoing Group field. The outgoing line group number is used in defining short codes
for routing outbound traffic to this line. For the compliance test, a new incoming and
outgoing group 4 was defined that only contains this line (line 4).

e Set Max Calls per Channel to the number of simultaneous SIP calls that are allowed
using this SIP URI pattern.

Contousion

Line = SIP Line -Line 4

gk -M X vl <

R BOOTP (14)
¢ Operator 3)
=% Solution
~@  User(12)
% Hunt Group(1)
8% Short Code(45)
- Incoming Call Route(d)
@& Directory(0)
£ Time Profile(0)
-8 Account Code(l)
ﬁ‘, User Rights(8)
=3 EB393523C104
=9 System (1)
7 Line (4)
= Control Unit (2)
4 Bxtension (8)
§ User@
ﬁ Hunt Group (1)
X Short Code (6)
B Service @)
@l IP Route (1)
% License (27)
£ ARS (1)
N Authorization Code (0)
fx E911 System (1)
-+ DOEO0T00000D

MJH; Reviewed:
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Line Number  Line Type || GIp Line| Transport SIP URI ValP |SIP Credentials

1
;2
;3
4

H323 Line
H323 Line
SIP Line
SIP Line

Channel Groups Via Local URI Contact Display Name PAI Credential Max Calls

Edit Channel

Via <None>

Local URT " -
Centact * A
Display Mame * -
PAL Nene -
Registration 0: <None> -

Incoming Group 4

Outgoing Group 4

Max Calls per Channel 4

Add...
Remove

Edit...

n r
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5.4.4. VoIP Tab

Select the VoI P tab to set the VVoice over Internet Protocol parameters of the SIP line. Set the

parameters as shown below:

¢ In the sample configuration, the Codec Selection was configured using the System
Default option.

e Check the Re-invite Supported box. This is necessary to allow the use of re-invites used
for codec and direct media path re-negotiation.

o Default values may be used for all other parameters.

-BX Short Code(45)
4P Incoming Call Route(#)
=u Directory(0)
-1 Time Profile(0)
-8 Account Code(l)
ﬂ‘, User Rights(8)
- £8393523C104
- System (1)
..... 47 Line (4)
= Control Unit (2)
----- & Extension (8)
..... § User @)
2% Hunt Group (1)
----- 8% Short Code (6)
----- 8 Service (0)
[l 1P Route (1)
% License (27)
..... ¥ ARS (1]
ﬂ Authorization Code (0)
fi E911 System (1)
-+ 00E00700000D

T

. G711 ULAW 64K
G711 ALAW 64K
G.729(a) 8K CS-ACELP

Reserve License [

Fax Transport Support | None

Call Initiation Timeout (s) 4

DTMF Support [Recasaz/mrcarns

Configuration | Line = SIP Line - Line 4 MK v« -
& BOOTP(14) Line Number  Line Type || qip Line| Transport|SIE URI Vol |SIP Credentials
4+ Operator (3) -1 H323 Line
& w-iulu;sua':az) g 23 Line 7] Allow Direct Media Path
8 Hunt Group(1) 3 SIP Line Re-invite Supported
4 SIP Line
Codec Selection [system Defautt | [ Use Offerer's Preferred Codec

[] Codec Lockdown
[] PRACK/100rel Supported

Force direct media with phones
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5.5. Incoming Call Route

An incoming call route maps inbound numbers on a specific line to internal extensions, hunt
groups, short codes, etc, within the IP Office Server Edition solution. Note that in Server Edition
systems, Incoming Call Routes are solution settings, shared by all the systems in the solution.

In a scenario like the one used for the compliance test, only one incoming route is needed, which
allows any incoming number arriving on the SIP trunk to reach any predefined extension in the

IP Office Primary Server or Expansion System.

On the left Navigation Pane, navigate to Solution. Right-click on Incoming Call Route and
select New (not shown). On the Details Pane, under the Standard tab, set the parameters as

show bellow:

e Set Bearer Capacity to Any.

e Setthe Line Group Id to the incoming line group of the SIP line defined in Section

5.4.3.
e Leave the Incoming Number field blank.

e Default values may be used for all other parameters.

Tag

Hold Music Source

ISystem Source

Configurati || Incoming callR... |[:= 4 e Xlvl<l>
& oot 14) L ineSrouply Standard | Voice Recording | Destinations|
¢ Operator (3) @0
- i * This Incaming Call Route is common to all systems.
? §olion -

Eﬂ hzeﬁléanupm @5 Bearer Capability [any -
- 8X Short Code(15) ®< Line Group ID 4 -
Incoming Number

Incoming Sub Address

Incoming CLI

Locale [ -
Priarity [1-Low -

e Under the Destinations tab, enter “.” For the Default VValue Destination. This setting

will allow the call to be routed to any destination.

Configurati |/ Incoming callR... |[= 4 IR
¢ # Boote g g lineSroup D | Standard | Veice Recording | Destinstions |
- Operator (3) D9 - -
53 Solution ®< 5 TimeProfile Destination Fallback Extension
& User(12) » | Default Value =] [~
2 Hunt Group(1) @5
-@X Short Code(45) D3
43 Incoming Call Route(4)
@& Directory(0)
1) Time Profile(0)
-8 Account Code(l)
§, User Rights(8)
+-%% E8393523C104
+)-% 00E00700000D
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5.6. Outbound Call Routing
For outbound call routing, system short codes were used for compliance testing.

5.6.1. Short Codes in the Primary Server

On the left Navigation pane, select right-click on Primary = Short Code and select New (not
shown). The screen below shows the short code added 7xxxx, used in the Primary Server to
route the digits 70000 through 79999 to Line Group ID 4 to Nuance Speech Attendant.

{ Line (4)
Centrel Unit (2)

4@ Extension (8)

Ll User@)

5% Hunt Group (1)

i~@% Short Code (6)

@B Service (0)

| Configuration | Short Code i= Txxxx: Dial - X v« >
=R BOOTP (14) Code Telephone ||| short Code
i Operator (3) IR GENE N
=] »v,-iuluutmnaz] PROGNE N Code Troow
ser
-8 Hunt Group(1) 9% 5002 . Feature Dial =
¥X Short Code(45)
@ Incoming Call Route(d) | #391ao0000000c . Telephone Number
~am Directory(0) HON N 1 -
-7 Time Profile(0) Line Group ID
am Account Code(l} Locale [ -
-3 UserRights(8)
- E8303523C104 Force Account Code |

Force Autherization Cede  [[]

5.6.2. Short Codes in the Expansion System

On the left Navigation pane, select right-click on Expansion = Short Code and select New (not
shown). The screen below shows the short code added 7xxxx, used in the Expansion Server to
route the digits 70000 through 79999 to Line Group ID 9999. Line Group ID 9999 routes calls
to the Primary Server. The Primary Server would then route the call to Nuance Speech
Attendant as mentioned in the previous section.

Configuration

Short Code

Txxxx: Dial

=]

R BOOTP (14)

i Operator (3)

%7 Solution
§ User(ly)
-3§ Hunt Group(1)
% Short Code(45)
® Incoming Call Route(d)
-@m Directory(0)
-7 Time Profile(0)
#m Account Code(l)
-3 UserRights(8)
353 E8393523C104
% 00ED0700000D
@ System (1)
T Line (2)
Control Unit (5)
& Extension (62)

8% Short Code (5)
- Service (0)
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5.7. Save Configuration

Navigate to File = Save Configuration in the menu bar at the top left of the screen (not shown)
to save the configuration performed in the preceding sections. A screen like the one shown below
is displayed, showing details for those systems where the system configuration has been changed
and needs to be sent back to the system. Reboot or Merge is shown for each system under the
Change Mode column, based on the nature of the configuration changes made since the last
save. Note that clicking OK may cause a service disruption. Click OK to save the configuration.

"/ Send Multiple Configurations EI@
. Change . Incoming Outgeing Error
SElectJIROTice Mode Eebockline Call Barring Call Barring Status oS
> £8393523C104  |Merge ~|241pm A o
<] |D0EDOT700000D |Merge | 2:41 PM 3 0%
oK l ‘ Cancel ‘ ‘ Help
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6. Configure Nuance Speech Attendant

This section covers the procedure for configuring Nuance Speech Attendant (SA). The
procedure includes the following areas:

= Configure SIP interface in the Configuration Panel.
= Configure the number of SIP ports supported by Nuance SA.

Note: Configuration of transfer entries and menus in Nuance SA is outside the scope of these
Application Notes and will not be covered.

Nuance SA is configured through Admin Tools which can be started by navigating to
Start->Programs-> Speech Attendant->Admin Tools (not shown). The initial screen is
displayed below.

i® Admin Tools M=l
SpeechAttendant’
Start
Stop
b oriitor

Directary Search
Prarmpt Becarder
Phone Directary and M enu Editar
Report Generator
Configuration Panel
Backup / Restore
[ ata import

.............................................................................................
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6.1. Configure SIP Interface in Configuration Panel

To open the Configuration Panel, click on this option in the Admin Tools window shown
above. The login prompt will be displayed to the user as shown below. Log in with the
appropriate credentials using Level 3 access level.

Configuration password |

Access level

I Level 3 j

Paszword

I xxxxxxxxx71

] Cancel

The Configuration Panel shown below is displayed. The Configuration Panel allows the SIP
interface, transfer mode, and operator extension number to be configured. In general, SA
supports both blind and supervised transfers; however, Avaya IP Office does not support a SIP
REFER for blind transfers. Therefore, only supervised transfers work and are supported with
this solution. To configure the SIP interface, set PBX to IPOFFICE-SIP and Voice Board to
SIP. Next, set the Telephony type field to SIP and specify the IP Office primary server IP
address and port in the SIP telephony gateway field. Configure the SIP port that SA listens on
in the SIP user agent port field and specify the SIP user agent URI for SA.

@l Configuration panel - level 3 M=l E3
File Tools Help
PEX oice board For the D42 &vapa integration, dial sequence to press Login key.
|IPOFFICE SIF =] fsF =]
| Setting || Curentvalue | Default || DiaLoGIC/ a2 avavA_ LOGIN_KEY
Telephony type SIP SIP
SIP telephony gateway - 106421675060  ZHOSTHAME %5061 I
SIP authentication realm, usend and password
SIP DMIS based on ToHeader ToHeader

SIP location server URI
SIF prosy server LRI
SIP uzer agent address

SIP uzer agent port ROBO ROBO
SIP user agent URI < siprwp@10B4..  sipnvp@EHOSTHNAMER
SIP consult an suppervised TRUE TRUE

SIP max call attempts
SIF reattempt call on
SIP call reattempt delay

SIP zend 503 on busy FALSE FALSE
SIP uze legacy =ip stack FALSE FALSE
5IP connect imeout an transfer G G
SIP TS5 RTP bridge
PEX/RECORD_MWUM_BYTES_DISCARDED 1000 1000
FPE=/DTHF_BYTES_TO_DISCARD 4000 4000
TAPI/DIALOGIC_TRANSFER oooo oooo
Force Display DMIS MO MO
Allow pound key as prefis of extension for brawser FALSE FALSE
- Restare |
4] | Llj
License | Apply
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In the Configuration Panel, specify the transfer mode (SUPERVISED) in the Default Transfer
Options field, and specify the Operator Extension Number, which should be set to a valid
extension on IP Office.

@l Configuration panel - level 3 M=l E3
File Tools Help
FEx oice board (4 instrumentation enabled [add DTMF tagging) |
|IPOFFICE SIF K RER |
[oFF =l

Setting | | Current value | Default ;I

Mumber of Ports > 4 1

Authorized numbers for DTMF pass through INTERMAL OMLY  INTERMAL OMLY oy

Diefault Transfer Options SUPERVISED SUPERVISED |

Gateway Transfer Mode Bridged MO MO

Action on mizzing phone number AMMOUMCE AM... AWMOUMCE AMD OFFER TO REACH

Action on invalid phone number TRAMSFER TRAMSFER

Gateway Transfer Connection Timeout iz} iz}

Gateway Transfer Maximurm Call Duration 3E000 3E000

Gateway Transfer Options Sting

Gateway Transfer Pause Character p p

Gateway Transfer UR type TEL TEL

Gateway Transfer SIP URI suffiz localhost: 500 localhost: 5060

Call Analyzer recorded channels -+ ALL MOME

‘Whaole call recarding enabled aFF aFF

System Languages en-lU5 en-lU5

Operator Estengion Mumber -» BOOOO 1] |
chon on fransfer o operator off duly AMFNOOACE AN ANHUONCE AMD TRENSFER 1041
| Operator access before first name search OM OM _ILI Restare |
4

| »

License | Apply
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6.2. Configure Number of Ports Supported

In the Configuration Panel, set the Number of Ports field to the desired value. In this
example, 4 ports were configured. Click Apply and then close the Configuration Panel. Allow
the SA application to be restarted when prompted.

Wl Configuration panel - level 3 [_ o] =]
File Tools Help
FPE Woice board 04 instrumentation enabled [add DTMF tagging) |
| IPOFFICE-SIP M ER |
[oFF =l
Setting | | Current value | Drefault ;I
Mumber of Ports > 4 1 |
Authorized numbers for DTMF pass through NTERMAL OMNLY  TNTERMAL ONLY oy
Default Transfer Options SUPERVISED SUPERVISED
Gateway Transfer Mode Bridged MO MO
Action on mizzing phone number AMMOUMCE AM... AWMOUMCE AMD OFFER TO REACH
Action on invalid phone number TRAMSFER TRAMSFER
Gateway Transfer Connection Timeout iz} iz}
Gateway Transfer baximum Call Duration 36000 36000
Gateway Transfer Options String
Gateway Transfer Pause Character p p
Gateway Transfer URI type TEL TEL
Gateway Transfer SIF URI suffis lozalhost: 5060 lozalhost: 5060
Call Analyzer recorded channels -+ ALL MOME
‘whole call recording enabled OFF OFF
System Languages en-lU5 en-lU5
Operator Estengion Mumber -»  BOOOO 1]
Action on transfer to operator off duty ANMOUMCE AM...  AWMNOUMCE &MD TRANSFER TO W
| Operator access before first name search | aM aM _ILI Restore |
4 »
License | Apply
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From Admin Tools, click on the Phone Directory and Menu Editor option and login with the
appropriate credentials. In the Menu Editor (not shown), navigate to Edit->Ports and Entry
Points to display the window below. Once the Ports and Entry Points window is opened, click
on the Computer Management button at the bottom of the screen.

E‘.f Ports and Entry Points E |

Edit Add View

Port azsi l | [~ Fort group

..
- Unassigned Potts | DNIS/CLID Summary |

e ~/ 4 v

MHDEYCO... MHDEVCO.. MHDEVCO.. MHDEWCO...

[~ Show only the entry pairts of I All j
Delete Group Mew Group |
[~ Show only the port groups of ] j
Caomputer Management... | Group Management | ] | Cancel |
[Modified |

In the Computer Management window, set the # ports column to the desired value. In this
example, 4 ports were configured. Click OK.

E‘! Computer Management !El

Server Mame # ports ﬂ

MHDEVCOMMECT 4

Cancel | Apply |

MJH; Reviewed: Solution & Interoperability Test Lab Application Notes 22 of 25
SPOC 1/30/2014 ©2013 Avaya Inc. All Rights Reserved. NuanceSA1l_IPO



Under the Port group section of the Ports and Entry Points window, a list of ports in the system
will be displayed. Make sure they are all green (enabled). If the ports are grey (disabled), click
on each icon to enable them. Click OK.

ﬂ Ports and Entry Points Ei |

Edit Add View
—Fort aszignment | [~ Fort group
. s .
- Unassigned Potts | DNIS/CLID Surmery |

Ve v v v

MHDEYCOD... MHDEVCO... MHDEVCO.. MHDEWCO...

[~ Show only the entry points of I All j
Delete Group Mew Group |
[~ Show only the part groups of ] j
Caormputer Management... | Group Management | ] | Cancel |
[Madified |

Next, close the Configuration Panel. Allow the system to restart when prompted.

MJH; Reviewed: Solution & Interoperability Test Lab Application Notes 23 0of 25
SPOC 1/30/2014 ©2013 Avaya Inc. All Rights Reserved. NuanceSA1l_IPO



7. Verification Steps

This section provides the verification steps that may be performed to verify that Nuance SA is
operating properly with Avaya Aura® Session Manager and Avaya Aura® Communication
Manager using SIP integration.

1. Place a call to Nuance SA. From the Nuance SA server, open the SA Monitor from
Admin Tools (refer to Section 6 for accessing Admin Tools) and login with the
appropriate credentials. Verify that SA detects an active call as shown below.

2. Verify that the Nuance SA greeting is heard and SA transfers the call to the proper
destination specified in a spoken name or extension entered via DTMF.

8. Conclusion

These Application Notes describe the configuration steps required to integrate Nuance Speech
Attendant with Avaya IP Office using a SIP integration. All feature and serviceability test cases
were completed successfully. Refer to Section 2.2 for test results and any observations.

9. Additional References

This section references the Avaya documentation relevant to these Application Notes. The
following Avaya product documentation is available at http://support.avaya.com.

[1] Deploying IP Office Server Edition Solution IP Office 8.1, Document 15-604134, December
2012

[2] IP Office Server Edition Reference Configuration IP Office 8.1, Document 15-604135,
December 2012

[3] IP Office R8.1 FP1, Manager 10.1, Document Number 15-601011, April 2013

[4] Avaya IP Office Knowledgebase, http://marketingtools.avaya.com/knowledgebase

Nuance product documentation is available at https://network.nuance.com/portal/server.pt.
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full title name and filename, located in the lower right corner, directly to the Avaya DevConnect
Program at devconnect@avaya.com.
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