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Abstract

These Application Notes describe a sample configuration using Session Initiation Protocol
(SIP) trunking between the Verizon Business I[P Contact Center VoIP Inbound SIP Trunk
Service and an Avaya IP Office solution. In the sample configuration, the Avaya IP Office
solution consists of an Avaya IP Office 500 Release 7 Preferred Edition, Avaya Voicemail
Pro, Avaya IP Office Softphone, and Avaya H.323, digital, and analog endpoints.

The Verizon Business IP Contact Center VoIP Inbound offer referenced within these
Application Notes enables a business to receive inbound toll free calls via standards-based SIP
trunks, without the need for additional TDM enterprise gateways or TDM cards and the
associated maintenance costs.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted in the Avaya Solution &
Interoperability Test Lab, utilizing a Verizon Business Private IP (PIP) circuit connection to
the Verizon Business IP Contact Center service.
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1. Introduction

These Application Notes describe a sample configuration using Session Initiation Protocol (SIP)
trunking between the Verizon Business I[P Contact Center VoIP Inbound Service and an Avaya
IP Office solution. In the sample configuration, the Avaya IP Office solution consists of an
Avaya IP Office 500 Release 7 Preferred Edition, Avaya Voicemail Pro, Avaya IP Office
Softphone, and Avaya H.323, digital, and analog endpoints.

Customers using Avaya IP Office with the Verizon Business IP Contact Center SIP Trunk
service are able to receive inbound toll-free calls from the PSTN via the SIP protocol. The
converged network solution is an alternative to traditional PSTN trunks such as ISDN-PRI.

Verizon Business IP Contact Center service can be delivered to the customer premise via either a
Private IP (PIP) or Internet Dedicated Access (IDA) IP network terminations. Although the
configuration documented in these Application Notes used Verizon’s IP Contact Center service
terminated via a PIP network connection, the solution validated in this document applies equally
to [P Contact Center services delivered via IDA service terminations.

For more information on the Verizon Business IP Contact Center service, including access
alternatives, visit http://www.verizonbusiness.com/products/contactcenter/ip/.

2. General Test Approach and Test Results

The Avaya IP Office location was connected to the Verizon Business IPCC Service, as depicted
in Figure 1. Avaya IP Office was configured to use the commercially available IP Toll Free
VolIP Inbound solution. This allowed Avaya IP Office to receive inbound toll-free calls from the
PSTN via the SIP protocol.

2.1. Interoperability Compliance Testing

The testing included executing test cases detailed in Reference [VZ-Test-Plan]. To summarize,
the testing included the following successful SIP trunk interoperability compliance testing:

¢ Incoming calls from the PSTN were routed to the toll-free numbers assigned by Verizon
Business to the Avaya IP Office location. These incoming calls arrived via the SIP Line
configured in Section 5.4 and were answered by Avaya H.323 telephones, Avaya digital
telephones, analog telephones, Avaya IP Office Softphone, and Avaya IP Office
Voicemail Pro voicemail, auto-attendant, and meet-me conferencing applications. The
display of caller ID on display-equipped Avaya IP Office telephones was verified.

e Incoming toll-free calls directed to the Hunt Groups configured in Section 5.5.3 were
verified. Incoming calls could be queued, queued with priority, hear announcements and
music while in queue, and be answered by members of the hunt group as members
become available.

e Outgoing calls from the Avaya IP Office location to the PSTN were routed via a SIP Line
to the Verizon Business IP Trunk service described in reference [VZB-IPT-IPOR7]. As
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detailed in reference [VZB-IPT-IPOR7], these outgoing PSTN calls can be originated
from Avaya H.323 telephones, Avaya digital telephones, analog endpoints, and Avaya IP
Office Softphone. The display of caller ID on display-equipped PSTN telephones was
verified. In the context of inbound toll-free calls using Verizon IP Contact Center,
inbound toll-free calls arriving via the SIP Line configured in Section 5.4 could be
transferred, forwarded, or twinned out the Verizon IP Trunk Service SIP Line. Inbound
toll-free calls from the Verizon IP Contact Center SIP Line could also trigger mobile
callback calls that use the Verizon IP Trunk Service SIP Line.

e Proper disconnect when the PSTN caller abandons a call before answer for inbound toll-
free calls.

e Proper disconnect when either party hangs up an active call.

e Proper busy tone heard when a PSTN user calls a toll-free number directed to a busy IP
Office user (i.e., if no redirection is configured for user busy conditions). Similarly, busy
tone is heard when a PSTN user calls a toll-free number whose “SIP URI Max Calls per
Channel” has been reached (see Section 5.4). Similarly, busy tone is heard when a PSTN
user calls a toll-free number directed to a hunt group whose queue is “full” (i.e. if no
redirection is configured for hunt group busy conditions, see Section 5.5).

e Privacy requests for inbound toll-free calls from the PSTN were verified. That is, when
privacy is requested by a PSTN caller (e.g., dialing *67 from a mobile phone), the
inbound toll-free call can be successfully completed to an IP Office user while presenting
a “WITHHELD” or anonymous display to the IP Office user.

e SIP OPTIONS monitoring of the health of the SIP trunk was verified. Both Verizon
Business and IP Office can monitor health using SIP OPTIONS. The Avaya IP Office
configurable control of SIP OPTIONS timing was exercised successfully.

e (alls using the G.729(a) and G.711 ULAW codecs.

e DTMF transmission using RFC 2833. Successful voice mail navigation for G.729a and
G.711MU for incoming toll-free calls. Successful navigation of a simple auto-attendant
application configured on IP Office Voicemail Pro. Successful entry of conference codes
and PINs collected by Voicemail Pro for IP Office meet-me conferencing. Successful
use of [P Office Mobile Call Control, where DTMF sequences can be performed
remotely using the SIP Line.

e The “callback” feature of Avaya Voicemail Pro was tested successfully. When a call was
made via a toll-free number, and a message was left for a voice mail subscriber with
“callback” configured, an outbound call was placed to the subscriber’s configured mobile
telephone via the Verizon IP Trunk SIP Line described in [VZB-IPT-IPOR7]. Upon
answer, Voicemail Pro announces the call and prompts the user to enter the “#” key to
accept the call. The user has the opportunity to navigate the voicemail TUI via DTMF
(e.g., to listen to the voice message that stimulated the callback).

e Inbound toll-free long holding time call stability (See Section 2.2. Although long SIP
sessions are not refreshed, the media paths remained connected using the sample
configuration)

e Telephony features such as call waiting, hold, transfer, and conference.

e (Call Forwarding of Verizon toll-free calls to PSTN destinations via the Verizon IP Trunk
service documented in reference [VZB-IPT-IPOR7], presenting true calling party
information to the mobile phone
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Mobile twinning of Verizon toll-free calls to a mobile phone via the Verizon IP Trunk
service documented in reference [VZB-IPT-IPOR7], presenting true calling party
information to the mobile phone

Inbound mobile call control, mapping a Verizon toll-free number to the mobile call
control feature, as shown in Section 5.6. That is, a configured mobile twinning PSTN
caller may dial a Verizon toll-free number, receive dial tone from IP Office, and place
calls using IP Office, as if the user were calling from their IP Office telephone. Calls to
the same toll-free number from calling numbers that are not configured in IP Office
receive busy tone.

Mobile callback. A Verizon toll-free number can be associated with mobile callback. A
configured mobile twinning PSTN caller may dial the toll-free number, hear ring back,
and hang up. IP Office will call the user back, in this case via the Verizon IP Trunk
service described in [VZB-IPT-IPORT7].

Proper DiffServ markings for IP Office SIP signaling and RTP media

2.2. Test Results

Interoperability testing of the sample configuration was completed with successful results as
described in Section 2.1. The following observations may be noteworthy:

1.

2.

The Verizon IPCC Service does not support fax.

When a call is put on hold by an IP Office user, there is no indication sent via SIP
messaging to Verizon. This is transparent to the users on the call.

When using the IP Office Softphone, inbound PSTN calls from the Verizon Business IP
Toll Free service to the IP Office Softphone may negotiate to the G.711MU codec, even
if the SIP Line configuration lists G.729a first on the VoIP tab (as shown in Section 5.4).
Specifically, if the IP Office Softphone user has logged in with the “IP Office: Default”
profile, and the Automatic Codec Preference parameter on the System = Telephony
tab is set to “G.711 ULAW 64K”, an inbound call from the Verizon Business IP Trunk
service to the IP Office Softphone will use G.711MU. The IP Office Softphone user can
log in with the “IP Office: Low Bandwidth” profile to ensure use of G.729a for both
inbound and outbound calls via the SIP Line to Verizon Business.

Although the Verizon Business [P Contact Center service supports transfer using the SIP
REFER method, IP Office will not send REFER to Verizon in the verified configuration.

The SIP protocol allows sessions to be refreshed for calls that remain active for some
time. In the tested configuration, neither Verizon nor IP Office send re-INVITE or
UPDATE messages to refresh a session. In the tested configuration, this is transparent to
the users that are party to the call in that the media paths remain established.

When a user on the PSTN hangs up an active call, Verizon will send an INVITE with
SDP containing 0.0.0.0 before sending the BYE to clear the call. IP Office processes the
INVITE with SDP containing 0.0.0.0 as a request to hold the call, and then soon after
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processes the BYE to disconnect the call. If the IP Office user is still listening after the
PSTN user hangs up, the IP Office user may very briefly hear music on hold from IP
Office before the BYE is processed and the call appearance is idled.

7. 1P Office does not support the receipt of an initial INVITE that does not contain SDP.
Therefore, IP Office does not support the Verizon IP Contact Center “enhanced transfer”
service, which sends an initial INVITE without SDP to the transfer-to site of an enhanced
transfer.

2.3. Support
2.3.1. Avaya

For technical support on the Avaya products described in these Application Notes visit
http://support.avaya.com.

2.3.2. Verizon

For technical support on Verizon Business I[P Contact Center service, visit online support at
http://www.verizonbusiness.com/us/customer/
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3. Reference Configuration

Figure 1 illustrates an example Avaya IP Office solution connected to the Verizon Business IP
Contact Center SIP Trunk service. The Avaya equipment is located on a private IP subnet. An
enterprise edge router provides access to the Verizon Business network via a Verizon Business
T1 circuit. This circuit is provisioned for the Verizon Business Private IP (PIP) service.
Companion Application Notes, found in reference [VZB-IPT-IPOR7], illustrate IP Office
interoperability with the Verizon Business IP Trunk Service. In the verification testing
associated with these Application Notes, both the Verizon IP Trunk service and the Verizon IP
Contact Center service were accessible via the same PIP connection.

In the sample configuration, IP Office receives traffic from the Verizon Business IP Contact
Center service on port 5060 and sends traffic to port 5072, using UDP for network transport, as
required by the Verizon Business IP Contact Center service. Verizon provided five toll-free
numbers associated with the IP Contact Center service. These toll-free numbers were mapped to
IP Office destinations via Incoming Call Routes as summarized in Table 1. The Avaya IP
Office environment FQDN known to Verizon was adevc.avaya.globalipcom.com.

PSTN Phone
B08-848-5704

Verizon
Business

172.30.205.55 : 5072

\"h
SIP™ ~

IP Office Location

e Provided Toll-Free VolP Ink | Numt
B66-850-2380
B66-851-0107
B866-851-2649

BE

Avaya 1616
1.1.1.100
30025

Avaya 1616
1.1.1.101
X30026

adevc.avaya.globalipcom.com

g/ LANT:1.1.1.2

Mobile Twinning 2553
el
Withcell =

IP Office 500
Release 7.0

IP Office

Manager )
= IP Office

Voicemail Pro
1.1.1.63

Avaya 5410 Digital Avaya 2410 Digital
xz01 X203

Analog phone
Or Fax
X209

866-852-3221
B66-850-6850

IP Office Incoming Call Routes
map Verizon toll-free numbers to IP Office
Extensions, Hunt Groups, or Functions such as
Voice Mail, Auto. Meet-me Confi i
Mobile Call Control

Example INVITE from Verizon:

Request-URI:
sip:8668523221@adeve.avaya.globalipcom.com:5060
FROM: sip:+19088485704@199.173.94.80: 5060; user=phone
TO: sip:18668523221@1.1.1.2
Confact: sip:+19088485704@172.30.205.55:5072; transport=udp
PAI: sip:+19088485704@199.173.94.80;user=phone

Figure 1: Avaya IP Office with Verizon IP Contact Center Service
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Table 1 shows an example mapping of toll-free numbers to IP Office users, groups, or functions.
The associated IP Office configuration is shown in Section 5. Since the quantity of toll-free
numbers was limited in the test configuration relative to the desired test coverage, the same toll-
free number (e.g., 866-850-6850) was routed to different IP Office destinations (i.e., IP Office
configuration changes were made to the Incoming Call Route for 866-850-6850 between

successive tests).

Verizon Provided

Configured Avaya IP Office

Notes

Toll-Free Number Destination
Avaya 1616 Telephone, or
866-852-3221 x30026 Avaya IP Office Softphone
logged in as x30026
Digital Telephone with
866-850-2380 x201 Mobile Twinning and Mobile
Call Control permission
866-851-2649 x30025 Avaya 1616 Telephone

866-850-6850

Voicemail Collect on
Voicemail Pro

Allow external callers to
access voice mail toll-free

866-850-6850

Automated Attendant on
Voicemail Pro

Allow external callers to reach
attendant toll-free, and transfer
to IP Office destinations

866-850-6850

Meet-Me Conferencing
prompts / announcements on
Voicemail Pro

Collect conference ID and
PIN, transfer to IP Office
conference by ID

866-850-6850

Inbound Mobile Call Control

Allow toll-free calls from pre-
configured twinning numbers
to access mobile call control

866-850-6850

Mobile Callback

Allow toll-free calls from pre-

configured twinning numbers

to access mobile callback, IP
Office calls caller back via
Verizon IP Trunk Service

866-851-0107
(any caller)

“220 Sales” Hunt Group
(with default priority)

“LongestWaiting” Hunt Group
with queuing, announcements

866-851-0107

“221 Overdue Account”

Show [P Office destination

(specific callers) Hunt Group route selection based on caller
866-851-0107 220 Sales” Hunt Group Show IP Office priority
(specific priority callers) (with High Priority) queuing based on caller

Table 1: Verizon Toll Free Number to IP Office Destination Mappings
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4. Equipment and Software Validated

Table 2 shows the equipment and software used in the sample configuration.

Equipment Software
Avaya IP Office 500 Release 7.0 (5)
Avaya IP Office Manager Release 9.0 (5)
Avaya IP Office Voicemail Pro Release 7.0 (17)
Avaya IP Office Voicemail Pro Client Version 7.0 (17)
Avaya 1600-Series Telephones (H.323) Release 1.3
?g/lzéﬁl g::e(:);) Series and 5400-Series Digital REL: 6.00
Avaya IP Office Softphone Release 3.1.2.17 59616

Table 2: Equipment and Software Tested

5. Avaya IP Office Configuration

IP Office is configured via the IP Office Manager program. For more information on IP Office
Manager, consult reference [[PO-MGR]. From the IP Office Manager PC, select Start —
Programs — IP Office — Manager to launch the Manager application. A screen that includes
the following in the center will be displayed:

WELCOME to IP Office Administration

What would you like to do ?

Create an Offline Configuration

Open Configuration from System

Read a Configuration from File

Open the IP Office configuration, either by reading the configuration from the IP Office server,
or from file. The appearance of the IP Office Manager can be customized using the View menu.
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.

5.1. Physical, Network, and Security Configuration

This section is meant to describe attributes of the sample configuration, but is not meant to be
prescriptive. Consult reference [[PO-INSTALL] for more information on the topics in this
section.
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In the sample configuration, looking at the IP Office 500 from left to right, the first module is
blank (i.e., no module is physically inserted). The next slots from left to right contain a VCM64,
a Digital station module, and a “Phone8” analog module. The VCM64 is a Voice Compression
Module supporting VoIP codecs. The Digital module allows connection of Avaya 5400-Series
and Avaya 2400-Series Digital telephones. Referring to Figure 1, the Avaya 5410 telephone
with extension 201 is connected to port 1 of the Digital module, and the Avaya 2410 telephone
with extension 203 is connected to port 3 of the Digital module. The “Phone8” module allows
connection of analog devices such as simple analog telephones or fax machines. In the testing of
the sample configuration, analog telephones or a fax machine were connected to a port of the
“Phone8” module.

The following screen shows the modules in the IP Office used in the sample configuration. To
access such a screen, select Control Unit in the Navigation pane. The modules appear in the
Control Unit Group pane. In the screen below, IP 500 is selected in the Group pane, revealing
additional information about the IP 500 in the IP 500 Details pane.

IP Offices Control Unit @ IP 500
R BOOTP (2) Dev Mo, Dev Type Wersion Unit
1+ Operator (3} “awl IP 500 7.0(5) _
=l %59 ODEO07O26F2D 2 CARRIER/FRIDTL 5.0(8) Ceicellinbei :
L..;_. S.ysten'l (1) ] WCMES 7.0(5) Unit Type 1P 500
T4 Line (13) “rgq DIGSTAS/ATM4  7.0(S)
<= Control Unit {5} ] PHOMES]ATM4 7.0(5) Version 7.0(5)
Ay Extension (40)
§ user (40} Serial Number 00=007026F2d
P HuntGroup (4) ]
Unit IP Add 1.1.1.2
B Short Code (64) ol IR==E
@ Service (1) Interconnect Number a
ol RAS (1)
e Incoming Call Route (25) Module Murnber Cantral Unit

In the sample configuration, the IP Office LAN1 port is physically connected to the local area
network switch at the IP Office customer site. The default gateway for this network is 1.1.1.1.
To add an IP Route in IP Office, right-click IP Route from the Navigation pane, and select New.
To view or edit an existing route, select IP Route from the Navigation pane, and select the
appropriate route from the Group pane. The following screen shows the Details pane with the
relevant default route using Destination LAN1.

il

i= 0.0.0.0 - X v <>
P Route |
IP Address | 0 o . 0 0
IP Mask o . o . 0 . 0
Gateway IP Address | 1 .1 .1 .1
Destination |LAN1 j
Metric ID :I
™ Proxy ARP
JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 10 of 59
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To facilitate use of Avaya IP Office Softphone, https was enabled in the sample configuration.
To check whether https is enabled, navigate to File > Advanced - Security Settings. A
screen such as the following is presented. Log in with the appropriate security credentials.

Security Service User Login

IP Office : O0E007026F2D - IP 500

Service User Name |securit'g,r

Service User Password |-uuuuu

oK I Eancell Helo |

After logging in, select System from the Navigation pane and the appropriate IP Office system
from the Group pane. In the Details pane, select the System Details tab. Verify that Allow
HTTPS is checked. If not, check the box, click OK, and heed the on-screen prompts and
warnings. Note that this action may be service disrupting.

System : 00E007026F2D

: System Details | Unsecured Interfacesl

— Base Configuration

Services Base TCP Port  [50804 —

Maximum Service Users |1 &

Maximum Rights Groups IB

— System Discovery

TCP Discovery Active ¥ UDP Discovery Active v
— Securty

Session |0 Cache (Hours) |1[| :I

Allow HTTPS ¥

When complete, select File = Configuration to return to configuration activities.
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5.2. Licensing

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

To verify that there is a SIP Trunk Channels License with sufficient capacity, click License in
the Navigation pane and SIP Trunk Channels in the Group pane. Confirm a valid license with
sufficient “Instances” (trunk channels) in the Details pane.

Fle Edit View ools  Help
B = vy
00E007026F2D  ~ License ~ SIP Trunk Channels =
Pofices ] Leense _____|B ZE L e Bl
R BOOTP (2) License Type Status = || Licenses |
Operator (3) % CCC Spectrum Walboards Valid
3 00EQO7026F2D % CCC Supervisors Valid License Key |9315f5V5Pt?ftx7dn57qujan5d9Mx
= System (1) %= Compact Business Centre Valid
-1 léﬂet(lfb ) %. Conferencing Center Obsolete LEzrze e ISIP unklshonne:
~% Control Un - ;
-4 Extension (28) CTI Link Pro Valid License Status |Var>d
-3 User (38) % DECT Integration (ports) Obsolete
4% HuntGroup (1) % eBLF valid Instances [2s5
--#% Short Code (62) % Integrated Messaging Valid Expiry Date |Never
4B Service (0) % 1P Office Dealer Support - Professional Edition Valid
ol RAS (1) % 1P Office Dealer Support - Standard Edition Valid
- Incoming Call Route (14) | %IP Office Distributor Support - Professional Edition Valid
- WanPort (0) %P Office Distrbutor Support - Standard Edition  Valid
,f EWEGI?H?'I(DEU] % IP500 Universal PRI (Additional channels) Valid
__ @ F:;Ev:nallrgr‘c?ﬂle 1) % IP500 Upgrade Standard to Professional Obsolete
-Jill 1P Route (4) % IP500 Voice Networking Channels Val!d
--am Account Code (D) % IP500 Voice Networking Channels Valid
% License (55) %e.IPSec Tunneling Valid
- Tunnel (0) % Microsoft CRM Integration (users) Valid
~ Logical LAN (0} % Mobility Features Valid
. §( :;&;r él;qhts (8) %. Phone Manager Pro Valid
F % Phone Manager Pro (per seat) Valid
__ E"" Esnfllhg\c;%grg ?EWEH () % Phone Manager Pro IP Audio Enabled (users) Valid
% Power User Valid
% Preferred Edition (VoiceMall Pro) Valid
% Preferred Edition Additional VoiceMai Ports Valid
% Proactive Reporting Valid
% RAS LRQ Support (Rapid Response) Valid
% Receptionist Valid
% Report Viewer Valid
SIP Trunk Channels Vaiid

If Avaya IP Telephones will be used, verify the Avaya IP endpoints license. Click License in
the Navigation pane and Avaya IP endpoints in the Group pane. Confirm a valid license with
sufficient “Instances” in the Details pane.
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Fe Edt View Tooks Help

-d |2 EE

00EO07026F2D  ~ License

@ | v

BOOTP (2)
Operator (3)
= D0E007026F2D

= System (1)

T4 Line (13)

= Control Unit (5)

-4 Extension (38)
~@ User (38)
438 HuntGroup (1)
~@% Short Code (62)
4B Service (0)
oz RAS (1)

@ Incoming Call Route (14)

£ wanPort (0)

#= Directory (0)

7 Time Profile (0)
(@ Firewal Profie (1)
- [ill TP Route (4)

-l Account Code (0)
~®a License (55)

* AvayalPendpoints -

License Type Status o
% 3rd Party IP Endpoints Walid

% Advanced Small Community Networking Obsolete
% AUDIX Voicemnail Valid

% CCC Agent Rostering Valid

% CCC Agents Dormant
%. CCC Chat Walid

% CCC Designer (users) Walid

% CCC EMail Walid

% CCC PC Walboards Valid

% CCC Server Valid

% CCC Spectrum Wallboards Vvalid

% CCC Supervisors Valid

% Compact Business Centre Valid

% Conferencing Center Obsolete
% CTI Link Pro WValid

% DECT Integration (ports) Obsolete

Avava IP endpoints

Licenses |

License Key |\u"|r‘tua\Avaya 1P Endpoints

License Type |Avaya 1P endpoints

License Status |Vaﬁd

Instances |255

Expiry Date |Never

A similar process can be used to check the license status for other desired features. For example,
the following screen shows the availability of a valid license for Mobility features. In the sample
configuration, various mobility features including Mobile Twinning are used.

R BOOTP (2)
« Operator (3)
00EOD7026F2D
= System (1)
47 Une (13)
= Control Unit (5)
- Extension (38)
~@ User (38)
-8 HuntGroup (1)
--@% Short Code (62)
B service (0)
& RAS (1)
-4 Incoming Call Route (14)
-4 WanPort (0)
Directory (0)
-1 Time Profie (0)
@ Firewall Profie (1)
@ 1P Route (4)
#m Account Code (0)
~-%e License (55)
i Tunnel (0)
-~ Logical LAN (D)
--§3 User Rights (8)
‘¢ ARS (2)
* RAS Location Request (0)
~f* E911 System (1)

IP Offices License B Mobility Features ef -l X

License Type Status = || Licenses |

% 3rd Party IP Endpoints Valid

wAdvanced Smal Community Networking Obsolete License Key  [tv9Z_eb2QDwn47WqTYrx6g7lv_FmpQ_5

S AUDIX Voicemal Vaid License Type IMobi[rty Features

% Avaya IP endpoints Valid

% CCC Agent Rostering Valid License Status |Vaﬁd

% CCC Agents Dormant

%.CCC Chat vald Instances |255

% CCC Designer (users, Valid

wCCE (vt vald Expry Date  [Never

% CCC PC Walboards Valid

% CCC Server Valid

% CCC Spectrum Wallboards Valid

% CCC Supervisors Valid

% Compact Business Centre Valid

% Conferencing Center Obsolete

% CTI Link Pro Valid

% DECT Integration (ports) Obsolete

% eBLF Valid

% Integrated Messaging Valid

% IP Office Dealer Support - Professional Edition Valid

%.1P Office Dealer Support - Standard Edition Valid

% IP Office Distributor Support - Professional Edition  Valid

% P Office Distributor Support - Standard Edition  Valid

% IPS00 Universal PRI (Additional channels) Valid

% IP500 Upgrade Standard to Professional Obsolete

. IP500 Voice Networking Channels Valid

% IPS00 Voice Networking Channels Valid

% 1PSec Tunneling Valid

% Microsoft CRM Integration (users) Valid
The following screen shows the availability of a valid license for Power User features. In the
sample configuration, the user with extension 30026 will be configured as a “Power User” and
will be capable of using the Avaya IP Office Softphone.

Solution & Interoperability Test Lab Application Notes 13 of 59

JRR; Reviewed:
SPOC 10/6/2011

©2011 Avaya Inc. All Rights Reserved.

VZB-IPCCIPOR7FT




IP Offices License
& BOOTP (2) License Type Status 4 || Licenses |
© Operator (3) % CCC Spectrum Walboards Valid
¥ ODED07026F2D % CCC Supervisors Vald License Key |JGCY326EquVF@v2QauNx?sinusPBE
“ System (1) %= Compact Business Centre Valid
~T4 Line (13) !h.Conf:?encing Center Obsolete License Type ~ [Power User
il ESF;;SLT(E(B? % CTI Link Pro Vald License Status |Va[>d
-3 User (38) %= DECT Integration (ports) Obsolete =
-8 RuntGroup (1) S cBLF valid Instances |
8% Short Code (62) % Integrated Messaging Vald Expiry Date |Never
~ @ Service (0) %= 1P Office Dealer Support - Professional Edition Valid
o RAS (1) %.1P Office Dealer Support - Standard Edition Valid
@ Incoming Call Route (14) | ®Ip Office Distributor Support - Professional Edition Valid
9 WanPort (0) %P Office Distributor Support - Standard Ediion  Valid
!,f %E?I?r%l(eugm %.1P500 Universal PRI (Additional channels) Vald
@ Frewal Profie (1) %= IP500 Upgrade Standard to Professional Obsolete
-Jill 1P Route (4) % IP500 Voice Networking Channels Valid
-8 Account Code (0) % IP500 Voice Networking Channels Valid
- License (55) % IPSec Tunneling Valid
i@ Tunnel (0) % Microsoft CRM Integration (users) Valid
- Logical LAN (0) % Mobiity Features Valid
ﬁ(. g;z’ éi?htS (8) %= Phone Manager Pro Valid
. . % Phone Manager Pro (per seat) Valid
;.'; E‘;‘f 1“;52:&: ?EE‘UM (9) | & phone Manager Pro TP Audio Enabled (users) Valid
Power User Valid
% Preferred Edition (VoiceMai Pro) Valid
% Preferred Edition Additional VioiceMail Ports Valid
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5.3. System Settings

This section illustrates the configuration of system settings. Select System in the Navigation
pane to configure these settings. The subsection order corresponds to a left to right navigation of
the tabs in the Details pane for System settings.

5.3.1. System Tab

With the proper system name selected in the Group pane, select the System tab in the Details
pane. The following screen shows a portion of the System tab. The Name field can be used for
a descriptive name of the system. In this case, the MAC address is used as the name. The
Avaya HTTP Clients Only and Enable SoftPhone HTTP Provisioning boxes are checked to
facilitate Avaya IP Office Softphone usage.

E 0OE007026F2D gf -] X | v |

System | LAML || LAMZ | DNS Yoicemail | Telephony || Direckary Services || System Events | SMTP || SMDR || Twinning | YCM CCR

Mame O0EQQ70ZEFZD Locale United States (U3 English)

Conkact Information

Set contact information to place System under special control

TFTP Server IP Address 1 1 1 1n Branch Prefix

HTTP Server IF Address 0 0 0 0 Local Mumber Length

Phone File Server Type Custom W

Manager PC IP Address i} 0 1] ]

Awava HTTP Clients Only [] Favour RIP Routes, over static routes

Enable SoftPhone HTTP Pravisioning

Automatic Backup Command

Time Setting Config Source Voicemail ProfManager W
Time Settings

Time Server Address ] ] i} 0

Time Offset ~
0000
{hours:minutes) x

File Wwriter IP Address 1 1 1 110

5.3.2. LAN Settings

In the sample configuration, LAN1 was used to connect the IP Office to the enterprise network.
Other LAN choices (e.g., LAN2) may also be used. To view or configure the IP Address of
LANI1, select the LANT1 tab followed by the LAN Settings tab. As shown in Figure 1, the IP
Address of the IP Office, known to Verizon Business, is 1.1.1.2. Other parameters on this screen
may be set according to customer requirements.
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E ODEQDT026F2D e -1 X | v |=|

Syskem le LAMZ || DNS Yoicernail | Telephony | Directory Services | System Events | SMTP || SMDR || Twinning || <M TR

LAM Sethings |yaIP | MNetwork Topology || SIP Registrar

IP Address 1 1 1 2

IP Mask 255 . 255 255 0

Primary Trans, IP Address a 0 ] ]

RIP Mode Mone W
[] Enable MaT

~

Murnber Of DHCP IP Addresses (200 5
DHCP Mode

O SErYer O Client {:} Dialin {3_} Disabled

Select the VoIP tab as shown in the following screen. The H323 Gatekeeper Enable box is
checked to allow the use of Avaya IP Telephones using the H.323 protocol, such as the Avaya
1600-Series Telephones used in the sample configuration. The SIP Trunks Enable box must be
checked to enable the configuration of SIP trunks to Verizon Business. The SIP Registrar
Enable box is checked to allow Avaya IP Office Softphone usage.

If desired, the RTP Port Number Range can be customized to a specific range of receive ports
for the RTP media paths from Verizon Business to IP Office. That is, for toll-free SIP trunk calls
from Verizon Business, the SIP protocol exchanges will result in Verizon Business sending RTP
media to IP Office using a UDP port in the configurable range shown below.

If desired, IP Office can be configured to mark the Differentiated Services Code Point (DSCP) in
the IP Header with specific values to support Quality of Service policies. In the sample
configuration shown below, IP Office will mark SIP signaling with a value associated with
“Assured Forwarding” using DSCP decimal 28 (SIG DSCP parameter). IP Office will mark the
RTP media with a value associated with “Expedited Forwarding” using DSCP decimal 46
(DSCP parameter). This screen enables flexibility in IP Office DiffServ markings (RFC 2474)
to allow alignment with network routing policies, which are outside the scope of these
Application Notes. Other parameters on this screen may be set according to customer
requirements.
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B 00E007026F2D g - X vl=]|

System| LAML | Lan2 || DNS || Yoicemail | Telephony | Directory Services | System Events | SMTP

SMDR. | Twinning || WCM| 4 *

LAM Settings | ¥alP | Metwork Topology | SIP Reqistrar

H3Z3 Gatekeeper Enable
SIP Trunks Enable
SIP Registrar Enable

RTP Port Murmber Range

Port Range (Minimumy (49152 (&
H323 Auto-create User Port Range (Maximum) 53246 ~

Enable RTCP Maonitoring
On Pork 5005

|:| H323 Auto-create Extn

DifFSery Settings
B8 3| DSCP(Hex) DSCP Mask (Hex) 51G DSCP (Hex)
DSCP DSCP Mask 28 4| siGosce

DHCP Settings

Primaty Site Specific Option Number (SSOR) 242 £
Secondary Site Specific Option Mumber (S50M) 176 E
1100 Yoice YLAM Site Specific Option Mumber (SSOMN) 232 £

1100 Woics YLAN IDs |
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Select the Network Topology tab as shown in the following screen. For Public IP Address,
enter the Avaya IP Office LANI1 IP address. Set the Public Port to 5060. In the sample
configuration, the Firewall/NAT Type is set to “Open Internet”. With this configuration, STUN
will not be used. During the testing, the Binding Refresh Time was varied (e.g., 30 seconds, 90
seconds to test SIP OPTIONS timing). Click the OK button.

= 00E007026F2D g - X | w | < |

System | LANL | Lamz | DNS || Woicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | WM | 4 *
LAM Settings | voIP | Metwork Topology | SIP Registrar

Metwork Topology Discovery

STUM Server IP Address A3 an 168 13 STUM Paort M7 %
Firesal (MAT Type Open Inkernet w

Einding Refresh Time 30 =

{seconds) >

Public IP Address 1 1 1 2

Public Port Soen 3 Run STUM Cancel

|:| Run STUN on skarkup

Note: The Firewall/NAT Type parameter may need to be different, depending on the type of
firewall or Network Address Translation device used at the customer premise.
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5.3.3. Voicemail

To view or change voicemail settings, select the Voicemail tab as shown in the following screen.
The settings presented here simply illustrate the sample configuration and are not intended to be
prescriptive. The Voicemail Type in the sample configuration is “Voicemail Lite/Pro”. Other
Voicemail types may be used. The Voicemail IP Address in the sample configuration is
1.1.1.63, the IP Address of the PC running the Voicemail Pro software, as shown in Figure 1. As
described in [VZB-IPT-IPORG6], the “Callback” application of Avaya Voicemail Pro was used to
allow Voicemail Pro to call out via the Verizon Business IP Trunk service when a message is left
in a voice mailbox.

o

= O00OEOO7026F2D o S O P

Swstemn | LAMD || L&NZ | DNS Telephony | Directory Services | Syskem Events | SMTP | SMOR || Twinning | WCM CCR
Yoicemail Tvpe Yaoicemail Like/Pra w [] Messages Button Goes To Yisual Yoice
‘Woicemail Destination

Yoicernail IP Address 1 1 1 63

Backup Yoicemail IP Address ] ] a i}
Yoicernail Channel Reservation

Unreserved Channels | 259

Auto-Aktendant a % | voice Recording [0 % | Mandatory Woice Recording |0 =
Announcernents o ¥ | Maibox access [0 £
DTMF Breakout

Reception [ Breakout (DTMF 0)  |200

Breakout (DTMF 2) 30200
Breakout (DTMF 3} 201
SIP Settings

SIP Mame F329450234

SIP Display Mame (Alias)  [Calback

Cantack F329450234

Anonymous D

5.3.4. System Telephony Configuration

To view or change telephony settings, select the Telephony tab and Telephony sub-tab as
shown in the following screen. The settings presented here simply illustrate the sample
configuration and are not intended to be prescriptive. In the sample configuration, the Inhibit
Off-Switch Forward/Transfer box is unchecked so that call forwarding and call transfer to
PSTN destinations via the Verizon Business IP Trunk service can be tested. That is, a call can
arrive to [P Office via the Verizon IP Contact Center service, and be forwarded or transferred
back to the PSTN with the outbound leg of the call using the Verizon IP Trunk service. The
Companding Law parameters are set to “ULAW?™ as is typical in North American locales.
Other parameters on this screen may be set according to customer requirements.
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B 00E007026F2D g - X1 vl

System | LANL || LANZ | DNS Yoicemail

|Directary Services || System Events | SMTP | SMDF. | Twinning | WM CCR

Telephorty | Tones & Music | Call Log
~
Analogue Extensions Companding Law =
Siwitch Ling
Default Qutside Call Sequence |Normal W |
Default Inside Call Sequence |Ring Type 1 b | © uLaw © LA Line
Default Ring Back Sequence Ring Type 2 w
| | O aLaw O ALAW Ling
Cial Delay Time (secs) 4 S
Dial Delay Count [ bS5 Status
Defaulk Mo Answer Time (secs) 15 2 Auta Hold
Hold Timeout {secs) 120 % Dial By Marne
Park Timeout {secs) 240 & Show &ccount Code
. Inhibit OFf-Switch ForwardfTransfer
Ring Delay (secs) ]
Call Priority Promation Time (secs)  [Disabled - L] Restrict Netwark Interconnect
Default Currency SO 7 [] prop External Only Impromptu Conference
. [ wisually Differentiate External Call
Autornatic Codec Preference |G.?29(a) K CS-ACELP W |

To view or change settings associated with tones or music, select the Telephony tab and Tones
& Music sub-tab as shown in the following screen. The settings presented here simply illustrate
the sample configuration and are not intended to be prescriptive. In the sample configuration,
music on hold was provided via a WAV file from IP Office. For conferences, entry tone and exit
tones are provided.

E ODEO07026F2D" e - X | w <]

System | LAM1 || LANZ || DNS Vnicemail| TE|EDh0nY‘Directory Services || Systern Events | SMTP || SMDR || Twinning | WCM 4 *

Telephony | Tones & Music |Ca|| Log

Conferencing Tone |Entry & Exit Tones w | [] Busy Tone Detection

Disconnect Tone |DeFauIt W | Mods |System Frequency &/
Tone Plan |T0ne Plan 1 hd |

LI Type |FsK w23 I

Local Dial Tone

[] Lacal Busy Tone

Beep on listen

[ &5m silence Suporession

Hald Music
Syskem Source |W.0.\n' File w
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5.3.5. System Twinning Configuration

To view or change Twinning settings, select the Twinning tab as shown in the following screen.
The Send original calling party information for Mobile Twinning box is not checked in the
sample configuration, and the Calling party information for Mobile Twinning is left blank.
With this configuration, and related configuration of “Diversion header” on the SIP Line to
Verizon Business IP Trunk Service (Section 3.4 of reference [ VZB-IPT-IPORG6]), the true
identity of the caller can be presented to the twinning destination (e.g., a user’s mobile phone)
when a call is twinned out via the Verizon Business IP Trunk service. That is, a call can arrive
via a Verizon IP Contact Center service toll-free number, and be twinned out to a mobile
telephone using the Verizon IP Trunk service, with the twinned mobile phone seeing the identity
of the caller that dialed the Verizon toll-free number.

B 00E007026F2D g I X vl=|

Syskem | LAM1 || LANZ | DNS Yaoicemail | Telephony | Directory Services | System Events | SMTP | SMOR TWI

[] send original calling party information For Mobile Twinning

Calling party information For
Mabile Twinning

5.4. SIP Line

This section shows the configuration screens for the SIP Line in IP Office Release 7. Since IP
Office Release 7 introduced new SIP Line parameters and re-oriented existing parameters, this
section has the most substantive changes in these Application Notes, compared to the
configuration documented in reference [JRR-IPOR6]. The Appendix in Section 10 contains an
example SIP Trunk template file that was generated from the SIP Line configured in this section.

To add a new SIP Line, right click on Line in the Navigation pane, and select New = SIP Line.
A new Line Number will be assigned automatically. To edit an existing SIP Line, click Line in
the Navigation pane, and the SIP Line to be configured in the Group pane.

5.4.1. SIP Line - SIP Line Tab

The SIP Line tab in the Details pane is shown below for Line Number 18, used for the Verizon
Business IP Contact Center service. The ITSP Domain Name is configured to the IP Office
LANT address (1.1.1.2) so that IP Office uses 1.1.1.2 as the host portion of SIP headers such as
the From header. By default, the In Service and Check OOS boxes are checked. In the sample
configuration, IP Office will use the SIP OPTIONS method to periodically check the SIP Line.
The time between SIP OPTIONS sent by IP Office will use the Binding Refresh Time for
LANI, as shown in Section 5.3.2. See Section 5.8 for additional information related to
configuring the periodicity of SIP OPTIONS.

The Call Routing Method can retain the default “Request URI” setting, or may be changed to
“To Header”, to match Incoming Call Routes based on the contents of the “To Header”. In the
sample configuration, the default “Request URI” setting was used. As can be observed in the
sample INVITE header contents in Figure 1 and Section 7.2, the Request-URI and the To header
do not necessarily contain the same number. In the tested configuration, the Request-URI
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contained the toll-free number, and the “To” header contained 1 followed by the toll-free
number.

In the sample configuration, the IP Office Country Code was set to 1. The “From” and “PAI”
headers received from Verizon for calls from U.S. PSTN numbers contain “+1” before the
calling PSTN number. By configuring the IP Office Country Code to 1, the caller ID display
presented to IP Office users will be the PSTN number without any codes or prefixes. For
example, a call from 9088485704 would display 9088485704. If the Country Code does not
match the value following the “+” from Verizon, the IP Office user display would show the
contents of the International Prefix ficld, followed by the value following the “+”, followed by
the PSTN number. For example, if the Country Code parameter were left blank, the IP Office
user would see a display such as “0019088485704”. Aside from display implications, if the
Country Code is not configured, other patterns may also fail to match as expected, such as a
match on the Incoming CLI field of the Incoming Call Route. See Section 5.7.3 for
configuration of incoming call routing based on the calling number.

The area of the screen entitled REFER Support was introduced in IP Office Release 6.1. In the
following screen, the default automatic determination of REFER support is shown.

Alternatively, the default can be overridden with “Never” to explicitly disable use of REFER, or
“Always” to explicitly enable use of REFER. The Association Method parameter was
introduced in IP Office Release 7.0, and the screen below shows the default value, which is
sufficient in the sample configuration. The various alternatives for the Association Method may
be useful when multiple SIP Trunks with different SIP domains resolve to a single IP Address.
The default option associates incoming requests with SIP Lines by comparing the source IP
Address and port of the incoming message against the configured far-end of the SIP Line. Click
OK (not shown).

Ei SIP Line - Line 18* e - X[ v <]
SIP Line |Tramspork| SIP URI||WaIP | 738 Fax||SIP Credentials

Line Mumber 1a i

ITSP Domain Mame  [1.1.1.2 In Service

Use Tel URI [l

Prefix Check 003

Mational Prefix Call Routing Method Request URI -

GouiRy Cade 1 Criginator number For

forwarded and bwinning calls

International Prefix |00
Send Caller ID Mone w

Assaciation Method | Source [P address “

REFER Suppark

Incorning Auko b
Outgaing Auto W
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5.4.2. SIP Line - Transport Tab
Select the Transport tab. This tab was introduced in Release 6.1. Some information configured
in this tab had been under the SIP Line tab in Release 6.0.

The ITSP Proxy Address is set to the IP Address provided by Verizon Business. As shown in
Figure 1, this IP Address is 172.30.205.55. In the Network Configuration area, UDP is
selected as the Layer 4 Protocol, and the Send Port is set to the port number provided by
Verizon Business. As shown in Figure 1, this port is 5072 in the sample configuration. The Use
Network Topology Info parameter is set to “LAN 1”. This associates the SIP Line with the
parameters in the System - LAN1 - Network Topology tab.

B SIP Line - Line 18 ek~ X | v <]

S1P Line {Transport: s1p URI| valP | 138 Fax| STP Credentials

ITSP Proxy Address  |172.30.203.55

Metwork, Configuration

Layer 4 Protocol LoP w Send Port 5072 %
Use Metwork Topalogy Info | LAaM 1 w
Explicit NS Server(s) a0 ] a 0 a 0 i} a

Calls Route via Reqiskrat

Separate Registrar

5.4.3. SIP Line - SIP URI Tab

Select the SIP URI tab. To add a new SIP URI, click the Add... button. In the bottom of the
screen, a New Channel area will be opened. To edit an existing entry, click an entry in the list at
the top, and click the Edit... button. In the bottom of the screen, the Edit Channel area will be

opened.
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In the sample configuration, each of the Verizon-provided toll free numbers are entered as a SIP
URI, with the specific number entered in the Local URI, Contact, and Display Name fields.
The PAI parameter was introduced in IP Office Release 6.1, and the value “None” is shown
selected from the drop-down menu. With PAI set to “none”, IP Office Release 6.1 and 7.0 will
behave like IP Office Release 6.0 with respect to the SIP P-Asserted-Identity header. The
Registration parameter is set to the default “0: <None>" since Verizon Business IP Contact
Center service does not require registration. The Incoming Group parameter, set here to 21,
will be referenced when configuring Incoming Call Routes to map inbound SIP trunk calls to IP
Office destinations in Section 5.7. The Outgoing Group parameter, also set here to 21, is not
relevant in that this SIP Line will not be chosen for outbound calls, since the Verizon IP Contact
Center Service will only be used for inbound toll-free calls. Click OK.

6 — - - i - 1
— SIP Line - Line 18 =RMEIEAREES
SIP Line || Transpork| SIP URT (WoIP || T38 Fax | SIP Credentials

Chanrel  Groups Via Local URI Cantact Display Marme | PAL Creder add. ..

1 21 21 1.1.1.2 SEES502350  Se6SS02350 SEEES02350 MNone 0: =Moar

2 21 21 1.1.1.2 SEESS12649  SE6ES512649 GEEE512649 MNone 0 =Mor Remave

3 21 21 1.1.1.2 8668523221 8668523221 BeeE523221 MNone 0 =Mor

4 21 21 1.1.1.2 8668506850 86658506850 SE6E506550 MNone 0: <Mor Edit...

5 21 21 1.1.1.2 8668510107 86658510107 8668510107 MNone 0 =Mor

Edit Channel

Wia 1.1.1.2

Local URI BE6E502380 v

Conkact BE6S502380 v

Display Name GA6E502380 w

pal Mone w

Registration 0: =Mone = b

Incoming Group 21

Qutgoing Group Z1

Max Calls per Channel |10 -

IP Office allows the number of simultaneous calls to a specific SIP URI to be managed using the
Max Calls per Channel field. In the following screen, note that the Max Calls per Channel
field has been changed from the default 10 to 2. With this configuration, two simultaneous calls
to the number 866-850-6850 will be allowed. Once two calls are active, and a third call is
attempted to 866-850-6850, IP Office will return a 404 response. Calls to other toll-free
numbers using this same SIP Line are unaffected by the Max Calls per Channel for a different
URI. Therefore, this approach could be used to control the maximum number of calls to each of
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the specific toll-free numbers, preventing a surge of calls to a given toll-free number from
monopolizing the available call handling capacity of the access line or IP Office resources. An
alternative means to restrict the number of simultaneous calls to a toll-free number that
terminates on a hunt group would be to limit the queue size of the destination hunt group. Ifa
non-priority call arrives to [P Office to a hunt group with a fixed size queue, and the queue is
full, and there is no voice mail for the hunt group, IP Office returns a 486 Busy Here. See
Section 5.5.3 for hunt group configuration.

Edit Channel
Via 1.1.1.2

Local URI Ga68506350 W

Conkack BEGS506550 w

Display Mame 8668506350 w

PAI Mane L

Registration 0: =Mone > b

Incoming Group 21

Oukgoing Group 21

Max Calls per Channel |2 -

The following shows a portion of the STP URI tab for SIP Line 18 after the SIP URIs
corresponding to each of the Verizon-provided toll-free numbers have been added.

®

T SIP Line - Line 18* B - | ¥ | v | 2| =

SIP Line| Transpart| SIP URL \WalP || 738 Fax||SIP Credentials

Channel Groups | Mia Local URI Contact Display Mame | PAI | Credential Maz Calls

1 21 21 1.1.1.2 5668502330 9665002380 8668502350  Mone 0O <None> 10
z 21 21 11,12 0$ooB5lzo49 06065512649 G068512649 Mone 0O <MNone> 10 Remaove
3 21 21 1.1.1.2 89008523221 9668023221 8068523221 Mone 0O <MNone> 10
4 21 21 1.1.1.2 5008506850 96655006350 8668506850  Mone 0O <Mone> z Edit...
= 21 21 1.1.1.2 8668510107 8668510107 8663510107 MNone 0O <None> 10

5.4.4. SIP Line - VoIP Tab

Select the VoIP tab. In the sample configuration, the Compression Mode was configured using
the Advanced button, allowing an explicit ordered list of codecs to be specified. Place a check
mark next to the G.729(a) 8K CS-ACELP and G.711 ULAW 64K codecs to indicate IP Office
can support either G.729a or G.711MU for this SIP Line. The DTMF Support parameter can
remain set to the default value “RFC2833”. The Re-invite Supported parameter can be
checked to allow for codec re-negotiation in cases where the target of an incoming call or
transfer does not support the codec originally negotiated on the trunk. The Use Offerer’s
Preferred Codec parameter can be left at the default unchecked value, or may be checked. In
the sample configuration, Verizon preferred the G.729a codec in SDP, while also allowing the
G.711MU codec. The IP Office configuration shown below matches these Verizon preferences.
In the course of testing, the IP Office configuration was varied such that G.711MU was the
preferred or only codec listed, and G.711MU calls were also successfully verified. Since the
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Verizon Business IP Contact Center service does not support fax, the Fax Transport Support
parameter is set to “None”, and the T38 Fax tab need not be visited. Since the Verizon Business
IP Contact Center service does not require registration, the SIP Credentials tab need not be
visited. Click OK (not shown).

Ei SIP Line - Line 18 gh-IX vl

SIF Line || Transpart| SIP URI \"

Compression Mode

138 Fax |5IP Credentials
|:| YoIP Silence Suppression
Re-invite Supported

[] use Offerer's Preferred Codec

[ Codec Lockdown

Fax Transpork Suppart MNone b
Call Initiakion Timeout (<) i E
DTMF Support RFC2833 b

5.5. Users, Extensions, and Hunt Groups

In this section, examples of IP Office Users, Extensions, and Hunt Groups will be illustrated. In
the interests of brevity, not all users and extensions shown in Figure 1 will be presented, since
the configuration can be easily extrapolated to other users. To add a User, right click on User in
the Navigation pane, and select New. To edit an existing User, select User in the Navigation
pane, and select the appropriate user to be configured in the Group pane.

5.5.1. User 201

The following screen shows the User tab for User 201. As shown in Figure 1, this user
corresponds to the digital telephone 5410.
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Extn201: 201

BOOTP (2) Name i}l Menu Programming | Mobirrtyl Phone Manager Optionsl Hunt Group Membershipl Anri

# Operator (3) i Extn201 201 User |\-’0icemai|| DND | ShortCodesI Source Numbersl Telephonyl Forwardingl Dig
O0EQO7026F2D § Extn202 202
= System (1) # Extn203 203 Name [Extn201
T4 Une (13) § Extn204 204
= Control Unit (5) § Extn205 205 Password |
----- & Extension (38)
..... 4 User (38) § Extn206 206 Confirm Password |
..... 2% HuntGroup (1) i Extn207 207 :
..... gé‘ Short Code (62) g Extn208 208 Full Name |Joey Dig5410
----- Service (0) Extn210 210 .
..... 2"5 RAS (1) § Extn211 211 Extension |2Cll
----- Incoming Call Route (14) (§ Extn212 212 Tk
----- & wanport (0) § Extn213 213 |
""" 2= Directory (0) § Extn214 214 Priority [5

----- 1% Time Profile (0)

LedLef Lef e

) ) Extn215 215
""" @ Firewal Profie (1) i System Phone Rights  [None
""" § [P Route (4) § Extngégmu gétﬁmm ’ o
----- #m Account Code (0) xtn Profile Basic User
..... % License (55) § Extn30025 30025 I
----- @ Tunnel (D) §rExtn30026 30026 ™ Receptionist
----- < Logical LAN (0) § Extn30027 30027 =
..... §5 User Rights (8) § Extn30028 30028 I=| Enable SoftPhone
""" K ARS (2) EXtn30029 30029 :
..... # RAS Location Request (0) g 30030 Z0030 " Enable one-X Portal Services
----- x E911 System (1 SR e T T e
i 3% (1) § Extns0000 50000 I~ Enable one-X TeleCommuter
§~Extns1007 51007 ™ Ex Directory
§~Extn51010 51010 _
-
§~Extn51020 51020 Device :
f~Extn51021 51021 | Type Avaya 5410
feEvinSin97 £1n737 |3

The following screen shows the SIP tab for User 201. The SIP Name and Contact parameters
are configured with a Verizon IP Trunk DID number for the user, 7329450231. As shown in
[VZB-IPT-IPORG6], these parameters configure the user part of the SIP URI in the From header
for outgoing SIP trunk calls, and allow matching of the SIP URI for incoming calls from Verizon
[P Trunk Service, without having to enter this number as an explicit SIP URI for the SIP Line.
The SIP Display Name (Alias) parameter can optionally be configured with a descriptive name.
If all calls involving this user and a SIP Line should be considered private, then the Anonymous
box may be checked to withhold the user’s information from the network.

E Extn201: 201* A X v <>

User | \-’oicemaill DND | Shortc-:)desl Source Numbersl Telephonyl Forwardingl Dlal]nl Voice Recordingl Button Programmingl

Menu Programming | Mobility | Phone Manager Options | Hunt Group Membershipl Announcements SIP Personal Directory

SIP Name [7329450231

SIP Display Name (Alias) |JDey-Dig541E|

Contact [7329450231]

™ Anonymous

From Figure 1, note that user 201 will use the Mobile Twinning feature. The following screen
shows the Mobility tab for User 201. The Mobility Features and Mobile Twinning boxes are
checked. The Twinned Mobile Number field is configured with the number to dial to reach the
twinned mobile telephone, in this case 917326870755. Other options can be set according to
customer requirements. In the sample configuration, the Mobile Call Control and Mobile
Callback boxes were checked, and both mobile call control feature and mobile callback were
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tested using a Verizon-provided Toll Free number.

In the case of mobile callback, a Verizon

provided toll-free number was used to call in to IP Office and hang up. The mobile callback
outbound leg used the Verizon IP Trunk service provisioned in [VZB-IPT-IPOR6].

sIp | Personal Directory |

Button Programming| Menu Programming |

B Extn201: 201 H - X v <>

User | Voicemaill DND | ShortCodesl Source Numbersl Telephonyl Fomrardingl Dlallnl Voice Recordingl
' | Phone Manager Optionsl Hunt Group Membership' Announcements'

™ Internal Twinning
Twinned Handset

Maximum Number of Calls
™' Twin Bridge Appearances
" Twin Coverage Appearances

"' Twin Line Appearances

¥ Mobilty Features
¥ Mobie Twinning

Twinned Mobile Number
(including dial access code)

Twinning Time Profie

Mobie Dial Delay (secs)

<None:= j
E [
[917326870755
|<None> =]
2

Mobile Answer Guard (secs) ID 32

™ Hunt group calls eligible for mabie twinning

™ Forwarded calls eligible for mobile twinning

™ Twin When Logged Out
™ one-X Mobile Client
M Maobie Call Control
WV Mobie Calback
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The following screen shows the Extension information for this user. To view, select Extension
from the Navigation pane, and the appropriate extension from the Group pane. As stated in
Section 5.1, the Avaya 5410 telephone user with extension 201 is connected to port 1 of the
digital module.

IP Offices Extension E Diaital Extension: 49 201

..... & BOOTP (2) id___ | Extenson | Module | Port] Extn |
4% Operator (3) % 8020 0 0 _
1% 00EQD7026F2D % 8021 0 0 Extension Id |49

- System (1) 49 201 BD3 1 _

..... % Line (13) &£50 202 BD3 > Base Extension |2Ul

----- “= Control Unit (5)

----- & Extension (38) @51 203 BDs 3 Caller Display Type I:Z:ff

_____ 2 User (38) &£52 204 BDZ 4

..... % HuntGroup (1) &£53 205 BD3 5 Reset Volume After Calls r

..... g Short Code (62) g 54 206 BD3 6 -

----- Service (0) & 55 207 BD3 7 . :

_____ % RAS (1) &56 208 ED3 5 Device type |Avaya 3410

----- @ Incoming Call Route (14) | &73 200 BP4 1

""" &) Wanport (0) &74 210 BP4 2 Module BD3

..... g DII’ECtOI"\'T'?l(Dg ) A& 75 211 BP4 3

£ Time Profile (0 |

----- @ Firewal Profie (1) g?S 212 Bpa 4 Port !

..... B 1P Route (4) &77 213 BP4 5 _

..... ®m Account Code (0 &78 214 BP4 6 Disable Speakerphone r
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5.5.2. User 30026

The following screen shows the User tab for User 30026. This user corresponds to an Avaya
1616 IP Telephone that will be granted “Power User” and Avaya IP Office Softphone features.
The Profile parameter is set to “Power User”. The Enable Softphone box is checked, along
with other advanced capabilities.

B Extn30026: 30026 F- X v <>

Menu Programmlngl Moblﬁtyl Phone Manager Optnonsl Hunt Group Membersmpl Announcementsl SIP | Personal Dlrectoryl
| \-’o»cemalll DND | Shor'tCodesl Source Numbersl Telephonyl Fon.'.rardlngl Dial In | Voice Recordmgl Button Programmmgl

Name [Extn30026
Password IXXxxxx
Confirm Password ——

Full Name |Monica 1P-1616
Extension |30025

Locale I

Priority |5

System Phone Rights INone

L L e L

Profie IPower User
" Receptionist
I Enable SoftPhone
M Enable one-X Portal Services
I Enable one-X TeleCommuter

™ Ex Directory

Device
Type E |Avaya 1616

Like the user with extension 201, the SIP tab for the user with extension 30026 is configured
with a STP Name and Contact specifying the user’s Verizon Business DID number using the
Verizon IP Trunk Service, as detailed in [VZB-IPT-IPOR6].

B Extn30026: 30026 - X v <>

User | Vorcemalll DND | ShortCodesl Source Numbersl TeLephonyl Fomrardlngl Dial In | Voice Reco d|ng| Button Programmmgl
| Personal Directory

Menu Programming | M0b|rrty| Phone Manager Optrons' Hunt Group Member5h|p| Announcements :

SIP Name |7329450229

SIP Display Name (Alias) IMonica-IP-lGlG

Contact |7329450229

™ Anonymous
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The following screen shows the Voicemail tab for the user with extension 30026. The
Voicemail On box is checked, and a voicemail password can be configured using the Voicemail
Code and Confirm Voicemail Code parameters. In the verification of these Application Notes,
incoming calls from the Verizon Business IP Contact Center service to this user were redirected
to Voicemail Pro after no answer. Voicemail messages were recorded and retrieved
successfully. Voice mail navigation and retrieval were performed locally and from PSTN
telephones using the IP Contact Center toll-free numbers, to test DTMF using RFC 2833, and to
test assignment of a Verizon-provided toll free number to the “Voicemail Collect” feature (e.g.,
via the *17 short code shown in Section 5.6).

B Extn30026: 30026 - X v < >

rammingl Mobiﬁtyl Phone Manager Opt'nonsl Hunt Group Membershipl Announcementsl sIP | Personal Directoryl
DND | Shor‘tCodes' Source Numbers' Telephonyl Forwarding' Dlallnl Voice Record'mg' Button Programming

Woicemai Code I“‘xx M Voicemail On
Confirm Voicernail Code |xxxxx ™ Voicemail Help
WVoicemail Email | ™ Voicemail Ringback

I Voicermail Emal Reading

¥ UMS Web Services

—Voicemail Email
~ Off " Copy " Forward  Alert

~ DTMF Breakout
Reception / Breakout (DTMF 0) |Sy5tem Default ()

Breakout (DTMF 2) |System Default ()
Breakout (DTMF 3) |system Defauit ()
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Select the Telephony tab followed by the Supervisor Settings tab as shown below. To allow
hot desking, enter a Login Code.

E Extn30026: 30026* - X vl<|

SIp | Personal Directoryl
Button Programmingl Menu Programmingl Mobiﬁtyl Phone Manager Optionsl Hunt Group Membershipl Announcements
User | Voicemaill DND | ShortCodesl Source Numbers Telephony | Forwardingl Dial In | Voice Recordingl

Call Settings Supervisor Setfings | Multi-ine 0ptions| Call Log |

Login Code [x=== I™ Force Login
Login Idle Period (secs) | ™ Force Account Code
Monitor Group I<:NDF‘IE:> j
Coverage Group |<:N0ne:> ﬂ
Status on Mo-Answer ILogged On (No change) j ™ Qutgoing Call Bar
Reset Longest Idle Time ™ Inhibit Off-Switch Forward/Transfer
* Al Calls ™ Can Intrude
. M Cannot be Intruded
" External Incoming
" Can Trace Calls
" CCR Agent

Select the Call Settings tab as shown below. Check the Call Waiting On box to allow an IP
Office Softphone logged in as this extension to have multiple call appearances (e.g., necessary
for call transfer from IP Office Softphone).

B Extn30026: 30026 - X vi<|>

Button Programmingl Menu Programmingl Mobirrtyl Phone Manager Optionsl Hunt Group Membership' Announcementsl
SIP | Personal Directory
User | Voicemail' DND | ShortCOdesl Source Numbers Telephony | Forwardingl Dlal]n' Voice Recordingl
Call Settings | Supervisor Settingsl Multi-ine Optionsl call Logl
Outside Call Sequence IDefauIt Ring j I Cal Waiting On
Inside Call Sequence IDefauIt Ring j ¥ Answer Call Waiting On Hold {Analogue)
Ringback Sequence IDefauIt Ring ﬂ ™ Busy On Held
MNo Answer Time (secs) ISvstem Default (15) :I I Offhook Station
Wrap-up Time (secs) |2 :I
Transfer Return Time (secs) |Off :I
Call Cost Mark-Up |1DD
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One method of configuring the number that Voicemail Pro will “call back” when a voice
message is left for a user is shown below. In the approach shown here, the number is configured
by the administrator using I[P Office Manager. Note that callback numbers and options may also
be configured by the end user using the Telephone User Interface of Voicemail Pro (i.e., enter
“6” from the initial activity menu). The following screen shows the Source Numbers tab for the
user with extension 30026. Although the Voicemail Pro configuration is beyond the scope of
these Application Notes, the “Callback” feature has been enabled on Voicemail Pro, and the
Source Number “P917326870755” has been added. With this configuration, when a message is
left in this user’s Voicemail Pro mailbox, a “callback” call will be initiated to “917326870755”.
As detailed in [VZB-IPT-IPORG6], the callback call will be sent to the Verizon Business IP Trunk
service, and the From and Contact headers in the SIP INVITE will be populated with the
information configured in the System = Voicemail tab shown in Section 5.3.3.

To add a new Source Number, Press the Add... button to the right of the list of any previously
configured Source Numbers. To edit an existing Source Number, select the Source Number
from the list, and click Edit... When finished, click OK.

E Extn30026: 30026+ F X v< >

Menu Programmmgl Mob|rrty| Phone Manager Optionsl Hunt Group Membersmp' Announcements' SIP | Personal D|rectory|
User | ‘v’orcemalll DND | ShortCodes Telephony' Forwardmg' Dial In | Voice Recordmg' Button Programm|ng|

Source Number | Add...
V30026
P917326870755

The following screen shows the Extension information for this user, simply to illustrate the VoIP
tab available for an IP Telephone. To view, select Extension from the Navigation pane, and the
appropriate extension from the Group pane. Select VoIP in the Details pane.

E H323 Extension: 8014 30026 Bf- X v <>
Extn VoIP |
IP Address I a . 0 . 0o . 0 ™ VoIP Silence Suppression
MAC Address Iu::n:: oo o0 00 00 ) r Enable Faststart for
non-Avaya IP phones
Compression Mode IAutomatic Select j
I Qut Of Band DTMF
TDM->IP Gain | Default =l
™ Local Tones
IP->TDM Gain | Default =l
¥ Alow Direct Media Path
Supplementary Services INone j
™ Reserve Avaya IP endpoint license
™ Reserve 3rd party IP endpoint license
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5.5.3. Hunt Groups

During the verification of these Application Notes, users could also receive incoming calls as
members of a hunt group. To configure a new hunt group, right-click HuntGroup from the
Navigation pane, and select New. To view or edit an existing hunt group, select HuntGroup
from the Navigation pane, and the appropriate hunt group from the Group pane.

The following screen shows the Hunt Group tab for a hunt group with Extension 220 and Name
“Sales”. This hunt group was configured to contain the two telephones x203 and x30025 in
Figure 1. The Ring Mode was set to “LongestWaiting” (i.e., “longest waiting”, most idle user
receives next call). Click the Edit button to change the User List.

= Lonaest Waitina Group Sales: 220 F- X v <>

Hunt Group |V0'+cema'||| Falback | Queing | Voice Recording | Announcements | sip |
MName |Sa|es " CCR Agent Group
Extension |22E1
Ring Mode |L0nge5tWa'rting j No Answer Time (secs) ISvstem Default [1E_+|
Overflow Mode |Group j Overflow Time (secs) |o1=r :I
Hold Music Source INo Change ﬂ Voicemail Answer Time (secs) |12[J :I
Agent's Status on -
No-Answer Applies To INOHE J
—User List — Overflow Group List

Extension | Name ||| Group Name

¥l 203 Extn203

30025 Extn30025

Edit... | Remove Add... | Remove
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The following screen shows the Queuing tab for hunt group 220. In the sample configuration,
the hunt group was configured to allow queuing so that incoming Verizon toll-free calls could be
queued when all the members of the hunt group were busy on calls. In the testing associated
with these Application Notes, the Queue Length was varied using both “No Limit” and
specifically sized queues. For example, if the Queue Length is configured to 2, and if two calls
are already in queue, a third call to the Verizon toll-free number corresponding to this hunt group
will get busy tone because IP Office will send a 486 Busy Here (i.e., if there is no Voicemail for
the hunt group). As another example, if the Queue Length has a fixed limit of 2, and if two
calls are already in queue, a third call to the Verizon toll-free number destined for this hunt group
from a priority caller (see Section 5.7.3) will be queued ahead of non-priority callers, temporarily
expanding the queue.

Lonaest Waitina Group Sales: 220* e K v < |

Hunt Groupl ‘-.r'o'rcemaill Falback Queuing |Vo'|ce Remrd]ngl Announcementsl SIP |

% Queuing On

Queue Length INo Limit 3: M Normalze Queue Length
Queue Type IAssign Call On Agent Answer j

Cals In Queue Alarm

Calls In Queue Threshold I'_ 3:
Analog Extension to Notify I{None:a vl
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The following screen shows the Announcements tab for hunt group 220. In the sample
configuration, when a call arrives when all members of the hunt group are busy on calls, the
caller will first hear ring back tone. If a member of the hunt group does not become available
after 10 seconds, the call will be answered by IP Office (i.e., 200 OK will be sent to Verizon),
and the toll-free caller will hear a first announcement. Note that the Flag call as answered box
is relevant for reporting applications, but does not change the fact that IP Office will answer the
call when the first announcement is played. If the call is still not answered after the first
announcement completes, the caller will hear music, a repeating second announcement, music,
and so on until the call is answered by a member of the hunt group, or answered by voicemail for
the hunt group (if configured). If a member of the hunt group becomes available while the caller
is listening to ring back, music, or an announcement, the call is de-queued and delivered to the
available member.

IP Office supports priority for queuing. For example, if low priority calls are waiting in queue, a
higher priority call entering queue can be moved to the front of the queue and serviced before
lower priority callers. For an inbound SIP trunk call, the priority can be specified on the
Incoming Call Route as shown in Section 5.7.3.

Lonaest Waitina Group Sales: 220*

Hunt Grcrup' Vcrk:email' FaIII:rack' Queuing | Voice Recording  Announcements | SIP |

¥ Announcements On

Wait before 1st announcement (seconds) Il[?l 3: I™ Synchronise G
Flag cal as answered r

l

|F'Ia‘g,»r 1st announcement

Post announcement tone IMusic on hold j
2nd Announcement ¥

l

Wait before 2nd announcement (seconds) IED 3:

l

\Play 2nd announcement

Repeat last announcement ¥

Wait before repeat (seconds) IED 3:
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The following screen shows the Hunt Group tab for another hunt group 221. This hunt group
was configured to contain the two telephones x201 and x30026. In the sample configuration,
this hunt group was used to illustrate the ability of IP Office to route calls made to the same toll-
free number to different destinations, depending on the caller id. Using the example in Section
5.7.3, calls to the toll-free number corresponding to the “Sales” hunt group from a specific caller
with an “overdue account” was sent to the “Overdue Accounts” hunt group rather than the Sales
hunt group.

Sequential Group OverdueAccount: 221 Bf-I X vi<l>
Dl Voicemail' Fallbacl-c' Queu‘mg' Voice Recording | Announcements' SIP |
MName |DverdueAccount ™ CCR Agent Group
Extension |221
Ring Mode |5equentia| j No Answer Time (secs) |5v5tem Default (1E:ZI
Overflow Mode IGroup j Overflow Time (secs) |Oﬁ :I
Hold Music Source |N0 Change j Voicemail Answer Time (secs) |45 :I
ﬁg?;ﬁ:ﬁ;a ijpsplcijgs To INOHE j
~User List — Overflow Group List
Extension | Name | 1| | Group name
Il 30026 Extn3o026
201 Extn201
Edt... Remowve Add... Remove
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5.6. Short Codes

In this section, various examples of IP Office short codes will be illustrated. To add a short
code, right click on Short Code in the Navigation pane, and select New. To edit an existing
short code, click Short Code in the Navigation pane, and the short code to be configured in the
Group pane.

In the screen shown below, the short code “ON;” is repeated from Section 3.6 of reference [VZB-
IPT-IPOR6]. The Code parameter is set to “9ON;”. The Feature parameter is set to “Dial”.
The Telephone Number parameter is set to N”@Domain Name or IP Address of Verizon
Business IP Trunk Service”. The Telephone Number field is used to construct the Request
URI and To Header in the outgoing SIP INVITE message. The Line Group ID parameter is set
to 8, matching the number of the Outgoing Group configured on the SIP URI tab of SIP Line 7
to Verizon Business documented in [VZB-IPT-IPOR6]. Although Verizon IP Contact Center,
the focus of these Application Notes, is used for inbound toll-free numbers, inbound toll-free
calls can be twinned, forwarded, or transferred back to the PSTN via the Verizon IP Trunk SIP
Line. In addition, inbound IP Contact Center toll-free calls used to access the IP Office mobile
call back feature can have the call back occur using the Verizon IP Trunk SIP Line. For more
information on outbound calls, short codes, and ARS, see reference [VZB-IPT-IPOR6].

IP Offices Short Code g 9N:: Dial - X
R BOOTP (2) :,(‘JGE Telephone Nun = | | Short Code |
- Qperator (3) *19 -
B 00E007026F2D BRE20%N# N Code [on;
= System (1) PRE2IENE N
-7 Line (13) o Feature |D|a| j
= Confrol Unit (5) ;=30 Telephone Number IN"@pCE\banDDD1.avaya\lncroft.gbballpcom.l
- ? Extension (38) o
@ User (38) : Line Group Id s -
-4 HuntGroup (1) :::i;:n: E : I J
@x short Code (62) ; Locale United States (US English -
B service (0) AN, N I ( giish) J
o RAS (1) PE35ENE N Force Account Code I
9 Incoming Call Route (14) | #x=36
4@ WanPort (0) OXEITENE N

The following screen illustrates a short code that acts like a feature access code rather than a
means to access a SIP Line. In this case, the Code “*17” is defined for Feature “Voicemail
Collect”. This short code will be used as one means to allow a Verizon toll-free number to be
programmed to route directly to voice messaging, via inclusion of this short code as the
destination of an Incoming Call Route. See Section 5.7 for configuration of Incoming Call
Routes.

IP Offices Short Code B *{7: Voicemail Collect ef - %
& BOOTP (2) Code Telephone Nun = | | Short Code |
i~4# Operator (3) =03 "
£ 00E007026F2D =04 Code [17
ﬂ E‘xsﬁﬁ){ 1 :::g: Feature [voicemai colect =]
Q, ggp:;;lo%n(gg? WHEO7ENE N Telephone Number I?U
9%%08 )
?g Hairtgglp " %09 Line Group Id [o =]
g short Code (62) ::*10*“4# N lag'e | =]
Service (0) F11#N# N
ol RAS (1) PHEI2ENE N Force Account Code I
@ Incoming Call Route (14) | #x*13*N2 N
@ \é-faﬂci‘m f(%l) BXE14ENE N
~am Directory ¥
£ Time Profile (0) ::,1:
@@ Frewal Profile (1) ~ =
LKl IP Route (4)
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The following screen illustrates another short code. In this case, the Code “*99” is defined for
Feature “Voicemail Collect” and Telephone Number “Attendant”. This short code will be used
as a means to allow a Verizon toll-free number to be programmed to route directly to a
Voicemail Pro “Attendant” (auto-attendant) module, via inclusion of this short code as the
destination of an Incoming Call Route. See Section 5.7.

E *99: Voicemail Collect - X v <>

Short Code |
Code <99
Feature |\-'Dicemail Collect j

Telephone Number |"Attendant"

Line Group Id ID

-
Locale | ~|

Force Account Code I

The following screen illustrates another short code. In this case, the Code “*47” is defined for
Feature “Conference Add”. In the verification of these Application Notes, “*47” was used by
mobile telephones to create a conference via a DTMF sequence using the IP Office mobile call
control feature.

= *47: Conference Add B -I X[ vi< >
Short Code |

Code |x4?

Feature ICanerence Add j

Telephone Number |

Line Group Id |D

L L]

Locale I

Force Account Code I
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The following screen illustrates another short code. In this case, the Code “*97” is defined for
Feature “FNE Service” and Telephone Number “33” for “Mobile Callback”. In the
verification of these Application Notes, “*97” was used as the destination of an Incoming Call
Route for a Verizon toll-free number. This enabled toll-free calls from a configured twinning
destination to be dialed, and then hung up by the toll-free caller while hearing ring back. IP
Office would then call back the caller using the Verizon IP Trunk Service.

= *97: FNE Service e X | v < >

Short Code |
Code |”9?
Feature IFNE Service j

Telephone Number |33

Line Group Id ID j

Locale | j

Force Account Code I

The following screen illustrates another short code. In this case, the Code “*98” is defined for
Feature “FNE Service” and Telephone Number “31” for “Mobile Call Control”. In the
verification of these Application Notes, “*98” was used as the destination of an Incoming Call
Route for a Verizon toll-free number. This enabled toll-free access to mobile call control from
configured twinning destinations, allowing the mobile user to make calls as if the calls were
made from the user’s IP Office extension in the office.

= *98: FNE Service - X v <>

Short Code |
Code |“98
Feature |FNE Service j

Telephone Number |31
Line Group Id |D j

Locale | j

Force Account Code I
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The following screen illustrates another short code. In this case, the Code “441xx” is defined for
Feature “Conference Meet Me” and Telephone Number “4N”. In the verification of these
Application Notes, this short code was used in conjunction with a Voicemail Pro module named
“MeetMeConf”. Although the Voicemail Pro configuration is beyond the scope of these
Application Notes, the module enabled a PSTN caller to dial a Verizon toll-free number, be
prompted to enter a conference ID and PIN by Voicemail Pro, and then be transferred to the
appropriate meet-me conference based on the ID entered by the caller. Local IP Office callers
could also dial 441xx to join the corresponding conference with ID 4xx.

E 441xx: Conference Meet Me Y- X v <>

Short Code |
Code |441x>(
Feature ICanerence Meet Me j

Telephone Number |4N
Line Group Id |D j

Locale | j

Force Account Code I

5.7. Incoming Call Routes

In this section, IP Office Incoming Call Routes are illustrated. Each Incoming Call Route will
map a Verizon Business toll-free number to a destination user, group, or function on IP Office.
In some cases, the destination will be chosen based on the combination of the toll-free number
and the caller id of the caller. The mappings are summarized in Table 1 in Section 3. To add an
incoming call route, right click on Incoming Call Route in the Navigation pane, and select New.
To edit an existing incoming call route, select Incoming Call Route in the Navigation pane, and
the appropriate incoming call route to be configured in the Group pane.
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5.7.1. Incoming Call Route to a Specific Telephone Extension

In the screen shown below, the incoming call route for Incoming Number “8668502380” is

illustrated. The Line Group Id is 21, matching the Incoming Group field configured in the SIP

URI tab for the SIP Line to the Verizon Business IP Contact Center Service, in Section 5.4.

= 21 8668502380 5 X v < | >

Standard |‘~.!0k:e Recording' Destinatic:ns'

Bearer Capabiity
Line Group Id

Incoming Number

Incoming Sub
Address

Incoming CLI
Locale

Priority

Tag

Hold Music Source

IAn‘,,r Voice j
[

|21

8668502380

| [

I 1-Low j

IS‘,,rstem Source j

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 8668502380. As shown in Table 1, 8668502380 is the number
associated with IP Office user extension 201.

- X v <>

TimeProfile

Destination

Falback Extension

» Default Value

201 Extn201

Incoming Call Routes for other direct mappings of toll-free numbers to IP Office users are not
presented here, but are configured in the same fashion.
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5.7.2. Incoming Call Routes to a Hunt Group by Dialed Toll-Free Number

In the screen shown below, an incoming call route for Incoming Number “8668510107” is
illustrated. The Line Group Id is 21, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to Verizon Business in Section 5.4.

= 21 8668510107 - X v<|>

Standard |V0ice Recc:rdingl Destinatic:nsl

Bearer Capabilicy |Any Voice j
Line Group Id |21 j

Incoming Number |866851E]1[]?

Incoming Sub I
Address

Incoming CLI I

Locale | j

Priority |1 - Low j
Tag |
Hold Music Source |S'g,r5tem source j

Select the Destinations tab. From the Destination drop-down, select the destination to receive
the call when an arbitrary PSTN user dials 8668510107. As shown in Table 1, 8668510107 is
the toll-free number associated with IP Office hunt group extension 220, the “Sales” hunt group.

Ll

= 21 8668510107 - Xlvl<|>

TimeProfile Destination Falback Extension
3 Default Value 220 Sales ;l LI

5.7.3. Incoming Call Routes Based on Calling Party Number

This section presents simple examples showing that IP Office can use the calling party number to
distinguish call priority or call destination, for calls to the same toll-free number. While the
matching shown here is based on the full calling number, partial matching is also possible (e.g.,
to match a calling area code for a targeted geographic treatment).

In the screen shown below, the incoming call route for Incoming Number “8668510107” and
Incoming CLI “7326870755” is illustrated. The Line Group Id is 21, matching the Incoming
Group field configured in the SIP URI tab for the SIP Line to Verizon Business in Section 5.4.
Note that the Incoming Number is the same as the toll-free number configured in the previous
section. This route will be used for calls to the toll-free number specifically from a caller with
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caller ID “7326870755”. In this case, to allow this caller to be treated with priority when calling
in for “Sales”, the Priority field is set to “3 — High”.

= 21 8668510107 - Xlv <[>

Bearer Capability |An‘,r Voice

L L

Line Group Id |21

Incoming Number |86685101[1?
Incoming Sub I

Address

Incoming CLI |?3268?U?55

Locale | -]
Priority |3 - High j
Tag |

Hold Music Source IS‘y’StEm source j

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when PSTN user 7326870755 dials 8668510107. In this case, the Destination is also the
hunt group “220 Sales”, but since high priority has been configured via the Standard tab,
incoming calls from this caller will move to the front of the queue, and be serviced before calls
waiting in queue from other non-priority callers.

Bl X v < >

21 8668510107

Standard | Vioice Recording

TimeProfile Destination Fallback Extension

2 Default Value 220 Sales =] =
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In the screen shown below, the incoming call route for Incoming Number “8668510107” and
Incoming CLI “9088485702” is illustrated. The Line Group Id is 21, matching the Incoming
Group field configured in the SIP URI tab for the SIP Line to Verizon Business in Section 5.4.
Note that the Incoming Number is the same as the toll-free number configured above. This
route will be used for calls to the toll-free number specifically from a caller with caller ID
“9088485702”.

= 21 8668510107 5 X v]<]|>

| Voice Recording | Destinationsl

Bearer Capabiity

Iﬁmy Voice j
Line Group Id |21 j
Incoming Number |866851010?
Incoming Sub I
Address
Incoming CLI |onss485702

Locale I j
Priority | 1-Low j
Tag |

Hold Music Source

|5‘;.r5tem Source j

In this case, assume that the business receiving the toll-free call knows that based on prior
dealings, this caller should not be routed to the Sales hunt group, but rather to a different hunt
group associated with overdue accounts.

21 8668510107

Standard | Voice Recording

Destination Falback Extension
221 OverdueAccount ;l ;l

TimeProfile
3 Default Value
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5.7.4. Incoming Call Routes to Various IP Office Features

In the sample configuration, the incoming call route for Incoming Number “8668506850 was
varied to test different destination features, such as Voice Mail, Meet-Me Conferencing, Mobile
Call Control, and Mobile Call Back, as shown in Table 1 in Section 3. The screen showing the
Standard tab for this toll-free number is shown below.

= k- X v <>

30boo000600

Standard | Voice Recc-rdingl Destinations

Incoming Sub
Address

Incoming CLI

Bearer Capabiity |Am,r Voice j
Line Group Id |21 |
Incoming Number |866850685[]

Locals | j

Priority |1 - Low ﬂ
Tag |
Hold Music Source |5\,f5tem Source j

When configuring an Incoming Call Route, the Destination field can be manually configured

with a number such as a short code, or certain keywords available from the drop-down list. At
different times during testing, the Destinations tab for 8668506850 was configured to contain
the following destinations:

o ““*17” (short code “Voicemail Collect”, as shown in Section 5.6). With this destination,
an incoming call to 8668506850 will be delivered directly to voice mail, allowing the
caller to log-in to voice mail and access messages.

e *99” (short code for accessing an “Attendant” module on Voicemail Pro, as shown in
Section 5.6). With this destination, an incoming call to 8668506850 will be delivered
directly to the Voicemail Pro “Attendant” application, which will allow the caller to be
prompted with announcements, navigate via DTMF, and transfer the call to IP Office
users.

e “*97” (short code for accessing the Mobile Call Back feature, as shown in Section 5.6)
With this destination, an incoming call to 8668506850 from configured mobile callers
will be provided ring back tone. When the caller hangs up, IP Office will call the user
back and provide dial tone for access to IP Office mobile call control features upon
answer.
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e “*98” (short code for accessing the Mobile Call Control feature directly, as shown in
Section 5.6) With this destination, an incoming call to 8668506850 from configured
mobile callers will be provided dial tone to make calls from the mobile phone as if the
user were using their [P Office extension.

e “VM:MeetMeConf” as shown below. With this destination, an incoming call to
8668506850 is delivered to a Voicemail Pro module named “MeetMeConf” that prompts
the user via a recorded announcement to enter a conference ID and password/PIN. Upon
successful validation of the conference ID and password/PIN, Voicemail Pro transfers the
caller to the appropriate conference ID on IP Office.

= 21 8668506850 £f - X v < >
Standard | Vioice Recording Destlnatn:)ns
TimeProfile Destination Fallback Extension
3 Default Value VM:MeetMeConf ;l ;l

5.8. SIP Options Frequency

In Section 5.4.1, the SIP Line to Verizon Business is shown with the Check OOS box checked.
In the sample configuration, IP Office periodically checks the health of the SIP Line by sending
a SIP OPTIONS message. If there is no response, IP Office can mark the trunk out of service.

If a customer wishes to control how often SIP OPTIONS messages are sent by IP Office, a
NoUser Source Number can be configured as follows. This configuration complements the
configuration presented in Section 5.3.2 and Section 5.4.

From the Navigation pane, select User. From the Group pane, scroll down past the configured
users and select the user named NoUser. From the NoUser Details pane, select the tab Source
Numbers. Press the Add... button to the right of the list of any previously configured Source
Numbers. In the Source Number field shown below, type SIP_OPTIONS_PERIOD=X. X s
a value (in minutes) representing a longer time than the interval configured (in seconds) in the
Binding Refresh Time. In the sample configuration, the value used for X was 2 minutes.
Click OK.

OK

Mew Source Mumber
|7 Source Mumber ||

Cancel

The source number SIP_OPTIONS_PERIOD=2 should now appear in the list of Source
Numbers as shown below.
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B Nouser _________ CEEIVRE

Menu Programming | Mobirrtyl Phone Man

|""I:l|unt Group Membership' Announcementsl SIP | Personal Directoryl
User | Voicemal| DND | ShortCodes | Soi

Sl Telephonyl Forwarding | Dial In | \oice Recording | Button Programming

Source Number | Add...
SIP_USE_PAI_FOR_PRIVACY
SIP_OPTIONS_PERIOD=2 Remave

i

Edt...

With this configuration, Binding Refresh Times of 30 seconds and 60 seconds were tested
successfully. That is, IP Office sourced SIP OPTIONS every 30 or 60 seconds, depending on the
value configured in the Binding Refresh Time, since the Binding Refresh Time was less than the
value configured via the SIP. OPTIONS PERIOD source number.

5.9. Saving Configuration Changes to IP Office

When desired, send the configuration changes made in IP Office Manager to the IP Office
server, to cause the changes to take effect. Click the “floppy disk” icon that is the third icon
from the left (i.e., common “save” icon with mouse-over help “Save Configuration File”). Click
Yes to validate the configuration, if prompted.

%]

"_\ The configuration has not been validated.
. Perform validation before saving?

o |

Once the configuration is validated, a screen similar to the following will appear, with either
“Merge” or “Immediate” selected, based on the nature of the configuration changes made since
the last save. Note that clicking OK may cause a service disruption. Click OK if desired.
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WEF

—IP Office Settings

O0EOO7026F2D

—Configuration Reboot Mode
* Merge

' Immediate

T When Free
T Timed
—Reboot Time
[10:09 —
—Cal Barring

™ Incoming Calls

™ Outgoing Calls

oK Cancel Help

6. Verizon Business Configuration

Information regarding Verizon Business IP Contact Center service offer can be found by
contacting a Verizon Business sales representative, or by visiting
http://www.verizonbusiness.com/products/contactcenter/ip/

The configuration described in these Application Notes was located in the Avaya Solutions and
Interoperability Lab. The Verizon Business IP Contact Center service was accessed via a
Verizon Private IP (PIP) T1 connection as described in Section 1. Verizon Business provided the
necessary service provisioning, which included the Fully Qualified Domain Names (FQDN)
adevc.avaya.globalipcom.com for the Avaya IP Office location.

For service provisioning, Verizon will require the customer [P address of the Avaya IP Office
server. Verizon provided the following information for the compliance testing: the IP address
and port used by the Verizon SIP SBC, and the toll-free numbers shown in Figure 1 and Table
1. This information was used to complete the Avaya IP Office configuration shown in Section 5.
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7. Verification Steps

This section illustrates means to verify the configuration besides simply making the types of calls
detailed in Section 2.1.

7.1. System Status Application

The System Status application can be used to monitor or troubleshoot IP Office. The System
Status application can typically be accessed from Start = Programs - IP Office = System
Status. See reference [[PO-SYSSTAT] for more information. The following screen shows an
example Logon screen. Enter the IP Office IP address in the Control Unit IP Address field,
and enter an appropriate User Name and Password. Click Logon.

IP Office R7 System Status

AVAyA IP Office System Status

Help  Exit  About

Online [ offline

Logon

Control Unit IP Address: pRsEsy w
Services Base TCP Port:
Local IP Address: NGl E w

Password:

M Auto reconnect

After logging in, select Trunks = Line: 18 from the left navigation menu. (SIP Line 18 is
configured in Section 5.4 to communicate with the Verizon IPCC Service.)

[+

System

& Alarms (9)

Exten=sions (22}

Trunks= (11)
Line: ¥
Lines: 9 - 12
Lines: 13 - 16

omE =

Line: 17
g ine: 18

Active Calls

! Resources
E Yoicemail
E IP Hetworking
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A screen such as the following is displayed. In the lower left, the Trace All button may be
pressed to display tracing information as calls are made using this SIP Line.

Status  |tilization Surmmary Alarms

SIP Trunk Summary

Peer Domain Mame: 1.1.1.2

Resolved Address: 172,30,205.55

Lire Mumnber: 13

Murber of Administered Channels: 33

Murmber of Channels in Use: a

Administered Compression: Auto

Silence Suppression: OFf

SIP Trunk Channel Licences: Unlimited . 0%
SIP Trunk Channel Licences in Use: i}

SIP Device Features:

Channel
Murnber e kak £
1 000024

2 2 days 01..,
3 2days 01..,
4 2days01...
5 2 days 01..,
[ 2days 01..,
7 2 days 01...
3 Zdays 01...
9 2days01...
10 2 days 01..,
11 2days 01..,
1z 2 days 01...
13 Zdays 01...
14 2days01...
15 2 days 01..,
16 2days 01..,
17 2 days 01...
18 Zdays 01...
19 Idl= davs
Trace [ Trace all H Pause H Fing ] Call Details [ Print... ” Save fs... ]
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The following screen shows an example inbound call where PSTN caller 908-848-5704 called
the Verizon IP Toll Free number 1-866-852-3221. The call is answered by the H.323 telephone
with extension 30026. The lower portion of the screen reveals trace details that may be helpful
when troubleshooting. Note that since this call was answered by an IP Telephone, the
Connection Type shows “RTP Relay”.

Status | Ll

SIP Trunk Summary

Peer Domain Mame: 1.1.1.2

Resolved Address: 172.30.205.55

Line Mumber: 15

Mumber of Admiristered Channels: 33

Mumber of Channels in Use: 1

Administered Compression: Auto

Silence Suppression: OFf

SIP Trunk Channel Licences: Unilimited . oy
SIP Trunk Channel Licences in Use: 1

SIP Device Features:

Channel
Murnber Grou R

1 3 J) 35 | Connected | 00:01:45 172,30.205.164 | G729 A| RTP Relay (+19033485704@19... [Extn 30026, Extn3002  Incoming 2.9m:
z Idie Z2days 01...
3 Idle Zdays01...
4 Idle Zdays 01...

Trace Oukput - All Channels:

2MEMT 4:09:34 A04-309ms Line = 18, Channel = 1, SIP Message = Responze, Direction = From Switch, From = +19085485704i@199.173.94 80, To = 18668523221@1 1.1 .2, Rezponze = 100 Trying
M EM1 4:09:34 &0-310m= Line = 15, Channel = 1, SIP Message = Invite, Direction = To Switch, From = +19055455704i@199.173.94 50, To = 186653523221@1.11.2

2HMEM1 4:03:34 8M-333ms Call Ref = 35, Alerting, Extension = 30026, Button = 1

2MEM1 4:09:34 AM-334ms Call Ref = 35, Originator State = Incoming Alerting, Type = Trunk, Destination State = Alerting, Type = Target List

(M EM1 4:09:34 &0-3537mz Line = 18, Channel = 1, SIP Message = Response, Call Ref = 35, Direction = From Switch, From = +19055435704E199.173.94 .50, To = 18668523221@1 1.1 .2, Responze =
2MEM1 4:09:37 AM-301ms Extension = 30026, Switchhook, Status = Off

2ME6M1 4:09:37 AM-303ms Call Ref = 35, Originator State = Incoming Alerting, Type = Trunk, Destination State = Alerting, Type = User

(M EM1 4:09:37 &M-325mz Line = 18, Channel = 1, SIP Message = Response, Call Ref = 35, Direction = From Switch, From = +19055435704E199.173.94 .50, To = 18668523221@1 1.1 .2, Responze =
(M EM1 4:09:37 &0-530m= Line = 15, Channel = 1, SIP Message = Ack, Call Ref = 35, Direction = To Switch, From = +19055455704E199.173.94 50, To = 18668523221 @1.1.1.2

LM BN 4:09:37 A0-533ms Call Ref = 35, Originator State = Connected, Type = Trunk, Destination State = Connected, Type = User

2MEM1 4:09:37 AM-533ms Call Ref = 35, Answered, Extension = 30026

The following screen shows an example inbound call where PSTN caller 908-848-5704 called a
Verizon IP Toll Free number when the call was answered by a digital telephone. Note that since
this call was answered by a digital Telephone, IP Office compression resources must be used,
and the Connection Type shows “VCM”.

Status | Ukilization Surmmary Alarms

SIP Trunk Summary
Peer Domain Mame: 1.1.1.2
Resolved Address: 172,30,205.55
Line Mumber: 13
Murnber of Administered Channels: 33
Mumber of Channels in Use: 1
Adrinistered Compression: Auko
Silence Suppression: OFf
SIP Trunk Channel Licences: Unlimited . i
SIP Trunk Channel Licences in Use: 1
SIP Device Features:

URI Call  Current Time in
Skate State

Channel
Mumber

Femokte RTP  Codec Connection Caller ID or Other Party ion Roure R
Dialed Cigits an Call I Delay Ji
+190588485704@. .. [Extn 201, Extn201 | Incoming |16...
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7.2. System Monitor Application

The System Monitor application can also be used to monitor or troubleshoot. The System
Monitor application can typically be accessed from Start = Programs > IP Office >
Monitor. See reference [[PO-MON] for more information.

The application allows the monitored information to be customized. To customize, select the
button that is third from the right in the screen below, or select Filters = Trace Options.

EY: Avaya IP Office R7 SysMonitor - Monitoring 1.1.1.2 (D0EO07026F2D)

File Edit Yiew Fikers Status Help

=[] »EIT| x| @ ==
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The following screen shows the SIP tab, allowing configuration of SIP monitoring. In this
example, the SIP Rx and SIP Tx boxes are checked. All SIP messages will appear in the trace
with the color blue. To customize the color, right-click on SIP Rx or SIP Tx and select the
desired color.

Arsettings x|

T1 | WP | VAN | SCN
ATM | can | DTE | ECont | FrameRelay | GOD | H323 | Interface
IS0M |Key,-"Lamp|Directur§,.f|Media |PPP |R2 |RDuting|Sewices slF |Sy5tem
Ewents

™ sip |High v [~ STUN

Fackets
[T SIP Reg/Opt Bx [T SIP Misc Px
[T SIP Reg/Opt Tx [T SIP Misc Tx
[ SIP Call P [~ Cm MNotify P
[T SIP Call Tx [ Crn Motify Tx
[v Sip Rx [T hex IF Filter {(nhn.nnn.nnn.nnn)
[v Sip Tx [T hex I
Default All Clear All Tak Clearall | Tab SetAll Cancel |
save File Load File select File
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The following screen shows a portion of the monitor trace of an inbound call. As can be
observed, PSTN caller 908-848-5704 dialed Verizon IP Toll Free number 1-866-850-2380.
Details of the SIP INVITE message sent by Verizon are shown below. This information matches
the configuration in these Application Notes and is not intended to be prescriptive. The intent is
to illustrate the INVITE sent by Verizon in the sample configuration, along with the means to
retrieve this type of trace information from IP Office.

File Edit Yiew Fiters Status Help

= »E[T| x[» @ ¥E=
L7 ffadisnlin FEaa! 1F 500 [, U[LlUZd] laSEs=4/ RIEDQINE=U LIFIENGINE=U EXKIENJINE=U [10Er=54 roll=U0 Heady=0 LHAReady=u
177725137ns SIP Rx: UDP 172.30,205.55:5072 > 1.1.1.2:5060
INYITE sip:8668502380Radeve. avaya. globalipoon. com: 5060 SIPF2.0
Wia: JFIP/Z.0/UDF 17:2.30.205.55:5072;branch=z9hG4bEh 737 a8530dgrhopgZ£l60. 1
Call-ID: 1A00363368-440006308E63.75.210.195
From: <sip:+190534557046199. 173, 94, 205: 5060 ;user=phone>; tag=-643550755, L.pdoecncunaf fhdwlni lklhbin
To: sip:l866850238061.1.1.2
Cieq: 1 INVITE
Contact: <sip:+190884857040172,30.205,55: 5072 tranapor t=udp>
Allow: INVITE, ACE, BYE, OPTIONS, CANCEL, SUBSCRIEE, REFER
P-hgserted-Identity: <sip:+19088455704E199, 173,94, 208 ;user=phone>
Aocept: applicationssdp
Content-Type: applicationdsdp
Content-Length: 204
Max-Forwards: 69

w=0

o=- 1297864660304 0 IN IF4 172.30.205.164
F=—

c=IN IP4 172.30.205.164

t=0 0

m=sudio 10160 RTPAAVE 18 0 & 101
a=rtpmap: 10l telephone-event /G000
a=fmtp:101l 0-15

a=ptime: 20

a=fmtp: 13 annexb=no

8. Conclusion

IP Office is a highly modular IP telephone system designed to meet the needs of home offices,
standalone businesses, and networked branch and head offices for small and medium enterprises.

These Application Notes demonstrated how IP Office Release 7 can be successfully combined
with a Verizon Business I[P Contact Center SIP trunk service connection to enable a business to
receive toll-free calls. Utilizing this solution, IP Office customers can leverage the operational
efficiencies and cost savings associated with SIP trunking while gaining the advanced technical
features provided through the marriage of best of breed technologies from Avaya and Verizon.

9. Additional References

This section references documentation relevant to these Application Notes. This section will be
updated with Release 7 documentation references when these documents are posted to the Avaya
support site. In general, Avaya product documentation is available at http://support.avaya.com

[TIPO-INSTALL] IP Office 7.0 Installation Manual, Document Number 15-601042, Issue 23e,
March 16, 2011
http://support.avaya.com/css/P8/documents/100129376

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 55 of 59
SPOC 10/6/2011 ©2011 Avaya Inc. All Rights Reserved. VZB-IPCCIPOR7FT


http://support.avaya.com/
http://support.avaya.com/japple/css/japple?temp.documentID=306444&temp.productID=129487&temp.releaseID=306419&temp.bucketID=159898&PAGE=Document
http://support.avaya.com/css/P8/documents/100129376

[IPO-MGR] [P Office Release 7.0 Manager 9.0, Document Number 15-601011, Issue 26d,
March 23, 2011
http://support.avaya.com/css/P8/documents/100129398

[IPO-SYSSTAT] IP Office Release 6.0 System Status Application, Issue 05a, February 12, 2010
Document Number 15-601758
http://support.avaya.com/css/P8/documents/100073300

[IPO-VMPRO] IP Office Release 7.0 Voicemail Pro Installation and Maintenance,
Document Number 15-601063, Issue 25¢, March 17, 2011
http://support.avaya.com/css/P8/documents/100129332

[IPO-MON] IP Office System Monitor, Document Number 15-601019
http://support.avaya.com/css/P8/documents/100073350

Additional IP Office documentation can be found at:
http://marketingtools.avaya.com/knowledgebase/

Avaya IP Office Video Softphone documentation can be found here:
http://marketingtools.avaya.com/knowledgebase/businesspartner/ipoffice/mergedProjects/softph
oneuser/

The Application Notes referenced below correspond to the formal compliance testing by Avaya
and Verizon Business for IP Office Release 6.0 with Verizon IPCC Service Suite.

[JRR-IPORG6] Application Notes for Configuring SIP Trunk using Verizon Business IP Contact
Center VoIP Inbound and Avaya IP Office Release 6, Issue 1.0
https://devconnect.avaya.com/public/download/dyn/VZB-IPCC-IPOR6.pdf

The following Application Notes provide the configuration that will enable IP Office Release 6.1
to perform like IP Office Release 6.0. The Application Notes referenced below were written to
support Verizon certification of IP Office Release 6.1 based on formal compliance testing of IP
Office Release 6.0.

[JRR-IPOR61] Application Notes for Configuring SIP Trunk using Verizon Business IP Contact
Center VoIP Inbound and Avaya IP Office Release 6.1, Issue 1.0
https://devconnect.avaya.com/public/download/dyn/VZB-IPCC-IPOR61 .pdf

[VZB-IPT-IPOR6] Application Notes for Configuring SIP Trunking Using Verizon Business IP
Trunk SIP Trunk Service Offer and Avaya IP Office Release 6 —Issue 1.0
https://support.avaya.com/css/P8/documents/100082703

[VZB-IPT-IPOR7] Application Notes for Configuring SIP Trunking Using Verizon Business IP
Trunk SIP Trunk Service Offer and Avaya IP Office Release 7 — Issue 0.4

[RFC-3261] RFC 3261 SIP: Session Initiation Protocol http://www.ietf.org/rfc/rfc3261.txt
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http://support.avaya.com/japple/css/japple?temp.documentID=306456&temp.productID=129487&temp.releaseID=306419&temp.bucketID=159898&PAGE=Document
http://support.avaya.com/css/P8/documents/100129398
http://support.avaya.com/css/P8/documents/100073300
http://support.avaya.com/css/P8/documents/100129332
http://support.avaya.com/css/P8/documents/100073350
http://marketingtools.avaya.com/knowledgebase/
http://marketingtools.avaya.com/knowledgebase/businesspartner/ipoffice/mergedProjects/softphoneuser/
http://marketingtools.avaya.com/knowledgebase/businesspartner/ipoffice/mergedProjects/softphoneuser/
https://devconnect.avaya.com/public/download/dyn/VZB-IPCC-IPOR6.pdf
https://devconnect.avaya.com/public/download/dyn/VZB-IPCC-IPOR61.pdf
https://support.avaya.com/css/P8/documents/100082703
http://www.ietf.org/rfc/rfc3261.txt

[RFC-2833] RFC 2833 RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals
http://www.ietf.org/rfc/rfc2833.txt

Information in the following Verizon documents was also used for these Application Notes.
Contact a Verizon Business Account Representative for additional information.

e [VZ-Test-Plan] Verizon Business IPCC Interoperability Lab Test Plan, Revision 1.7
e [VZ-Spec] Verizon Business IPCC Trunk Interface Network Interface Specification,
Document Version 2.2.1.9

10. Appendix — Example SIP Trunk Template

IP Office Release 7.0 introduces the capability to generate and use templates to facilitate system
configuration. This section shows an example SIP Trunk Template generated from the
configuration presented in this document.

<?xml version="1.0" encoding="utf-8"?>

<Template xmlns="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>
<Version>20110328</Version>
<SystemLocale>enu</SystemLocale>
<DescriptiveName>Verizon-IPCC-IP-Toll-Free</DescriptiveName>
<ITSPDomainName>1.1.1.2</ITSPDomainName>
<SendCallerID>CallerIDNone</SendCallerID>
<ReferSupport>true</ReferSupport>
<ReferSupportIncoming>2</ReferSupportIncoming>
<ReferSupportOutgoing>2</ReferSupportOutgoing>
<RegistrationRequired>false</RegistrationRequired>
<UseTelURI>false</UseTelURI>
<Check0O0S>true</Check00S>
<CallRoutingMethod>1</CallRoutingMethod>
<OriginatorNumber />
<AssociationMethod>SourceIP</AssociationMethod>
<ITSPProxy>172.30.205.55</ITSPProxy>
<LayerFourProtocol>SipUDP</LayerFourProtocol>
<SendPort>5072</SendPort>
<ListenPort>5060</ListenPort>
<DNSServerOne>0.0.0.0</DNSServerOne>
<DNSServerTwo>0.0.0.0</DNSServerTwo>
<CallsRouteViaRegistrar>true</CallsRouteViaRegistrar>
<SeparateRegistrar />
<CompressionMode>AUTOSELECT</CompressionMode>
<CallInitiationTimeout>4</CallInitiationTimeout>
<DTMFSupport>DTMF SUPPORT RFC2833</DTMFSupport>
<VoipSilenceSupression>false</VoipSilenceSupression>
<ReinviteSupported>true</ReinviteSupported>
<FaxTransportSupport>FOIP NONE</FaxTransportSupport>
<UseOffererPrefferedCodec>false</UseOffererPrefferedCodec>
<CodecLockdown>false</CodecLockdown>
<T38FaxVersion>3</T38FaxVersion>
<Transport>UDPTL</Transport>
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<LowSpeed>0</LowSpeed>
<HighSpeed>0</HighSpeed>
<TCFMethod>Trans TCF</TCFMethod>
<MaxBitRate>FaxRate 14400</MaxBitRate>
<EflagStartTimer>2600</EflagStartTimer>
<EflagStopTimer>2300</EflagStopTimer>
<UseDefaultValues>true</UseDefaultValues>
<ScanLineFixup>true</ScanLineFixup>
<TFOPEnhancement>true</TFOPEnhancement>
<DisableT30ECM>false</DisableT30ECM>
<DisableEflagsForFirstDIS>false</DisableEflagsForFirstDIS>
<DisableT30MRCompression>false</DisableT30MRCompression>
<NSFOverride>false</NSFOverride>

</Template>
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™ are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks
are the property of their respective owners. The information provided in these Application
Notes is subject to change without notice. The configurations, technical data, and
recommendations provided in these Application Notes are believed to be accurate and
dependable, but are presented without express or implied warranty. Users are responsible for
their application of any products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
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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