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Abstract

These Application Notes describe a sample configuration using Session Initiation Protocol
(SIP) trunking between the Verizon Business [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 v2 Release 8.1 Essential Edition, Avaya Voicemail
Pro, Avaya IP Office Softphone, and Avaya H.323, SIP, digital, and analog endpoints.

The Verizon Business IP Contact Center VolIP 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.

IP Office Release 8.1 has not been independently certified by Verizon labs. These
Application Notes can be used to facilitate customer engagements via the Verizon field
trial process, pending Verizon labs independent certification.

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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Introduction

These Application Notes describe a sample configuration using Session Initiation Protocol (SIP)
trunking between the Verizon Business IP Contact Center (Verizon Business IPCC) VolP
Inbound Service and an Avaya IP Office solution. In the sample configuration, the Avaya IP
Office solution consists of an Avaya IP Office 500 v2 Release 8.1 Essential Edition, Avaya
Voicemail Pro, Avaya IP Office Softphone, and Avaya H.323, SIP, digital, and analog endpoints.

IP Office Release 8.1 has not been independently certified by Verizon labs. These
Application Notes can be used to facilitate customer engagements via the Verizon field trial
process, pending Verizon labs independent certification.

Customers using Avaya I[P Office with the Verizon Business IPCC 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 IPCC 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 IPCC service terminated via a PIP
network connection, the solution validated in this document applies also to IP Contact Center
services delivered via IDA service terminations.

For more information on the Verizon Business IPCC service, visit
http://www.verizonbusiness.com/Products/communications/contact-center/

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
VoIP Inbound solution. This allowed Avaya IP Office to receive inbound toll-free calls from the
PSTN via the SIP protocol.

1.1. Interoperability Compliance Testing
The testing included executing the test cases detailed in Reference [VZ-Test-Plan], which

contains the Verizon IPCC Interoperability Lab Test Plan. To summarize, the testing included
the following successful SIP trunk interoperability compliance testing:

e SIP OPTIONS monitoring of the health of the SIP trunk was verified. Verizon Business
IPCC and IP Office can both monitor health using SIP OPTIONS.

* Proper recovery from induced failure conditions such as IP Office reboots, and long and
short duration IP network outages between Verizon and IP Office

* 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 SIP
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telephones, Avaya digital telephones, analog telephones, Avaya IP Office Softphone, and
Avaya IP Office Voicemail Pro.

* Proper disconnect when either party hangs up an active call

* Proper disconnect when the PSTN caller abandons (i.e., hangs up) a toll-free call before
the IP Office party has answered.

* Proper SIP 486 response and busy tone heard by the caller when a PSTN user calls a
toll-free number directed to a busy IP Office user, an IP Office user with Do-not-disturb
active, or an [P Office user that is logged out (i.e., assuming no redirection is configured
for these 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 5.5.4).

e Proper termination of an inbound IP Toll Free call left in a ringing state for a relatively
long duration

* The display of caller ID on display-equipped Avaya IP Office telephones was verified.
The IP Office capability to use the caller ID received from Verizon to look up and display
a name from a configurable directory was also exercised successfully.

* 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 telephone user while
presenting a “WITHHELD” or anonymous display to an IP Office user (i.e., rather than
the caller’s telephone number).

* Inbound toll-free long holding time call stability (See Section 2.2. Although long SIP
sessions are not refreshed, the media paths remain connected.)

* [P Office complies with RFC 3261 SIP Methods

* [P Office can use UDP for SIP transport with Verizon [IPCC

* [P Office can use a configured UDP port for SIP signaling with Verizon IPCC

» [P Office accepts the full SIP headers sent by Verizon [IPCC

e [P Office sends SIP 180 RINGING (no SDP in 180) for inbound calls and ring back tone
is heard by the caller.

* [P Office does not return a SIP 302 to Verizon [PCC

* Telephony features such as hold and resume, transfer of toll-free calls to other IP Office
users, and conference of toll-free calls.

* Incoming voice calls using the G.729A and G.711 ULAW codecs, and proper protocol
procedures related to media

* DTMEF transmission using RFC 2833. Successful IP Office Voicemail Pro menu
navigation for incoming toll-free calls. Successful use of IP Office Mobile Call Control,
where DTMF sequences can be performed remotely using the SIP Line.

* Incoming toll-free calls directed to the Hunt Groups configured in Section 5.5.4 were
verified. Incoming calls could be queued, queued with priority, and be answered by
members of the hunt group as members become available.
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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 [VZBIPT-IPOS81]. As
detailed in reference [VZBIPT-IPO81], these outgoing PSTN calls can be originated from
Avaya H.323 telephones, Avaya SIP 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
Business IPCC, inbound toll-free calls arriving via the SIP Line configured in Section 5.4
could be forwarded or twinned out the Verizon Business IP Trunk service SIP Line.
Inbound toll-free calls from the Verizon Business IPCC SIP Line could also trigger
mobile callback calls that use the Verizon Business IP Trunk service SIP Line.

Call Forwarding of Verizon toll-free calls to PSTN destinations via the Verizon Business
IP Trunk service documented in reference [VZBIPT-IPOS81], presenting true calling party
information to the mobile phone. See Section 2.2 for additional information.

Mobile twinning of Verizon toll-free calls to a mobile phone via the Verizon Business IP
Trunk service documented in reference [VZBIPT-IPO81], 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 for
mobile call control receive busy tone.

DiffServ markings for Avaya IP Office SIP signaling and RTP media consistent with
network capability for optimum routing of VoIP

1.2. 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 Business IPCC service does not support fax.

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

Although the Verizon Business IPCC service supports transfer using the SIP REFER
method and IP Office supports sending REFER, 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 SIP 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 Business IPCC will send an

INVITE with SDP containing 0.0.0.0 before sending the BYE to clear the call. IP Office
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processes the INVITE with SDP containing 0.0.0.0 as a request to hold the call, and then
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.

6. IP Office does not support the receipt of an initial INVITE that does not contain SDP.
Therefore, IP Office does not support the Verizon Business IPCC “enhanced transfer”
service, which sends an initial INVITE without SDP to the transfer-to site of an enhanced
transfer.

1.3. Support
1.3.1. Avaya

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

1.3.2. Verizon

For technical support on Verizon Business IPCC service, visit online support at
http://www.verizonbusiness.com/us/customer/
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Reference Configuration

Figure 1 illustrates an example Avaya IP Office solution connected to the Verizon Business
IPCC 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. Reference
[VZBIPT-IPO81] illustrates 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 Business IPCC service were accessible via the same PIP
connection.

In the sample configuration, IP Office receives traffic from the Verizon Business IPCC service
on port 5060 and sends traffic to port 5072, using UDP for network transport, as required by the
Verizon Business IPCC 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 domain
known to Verizon was adevc.avaya.globalipcom.com.

PSTMN Phone

Verizon
172.30.205.55 : 5072 .

IP Office Location =
Mobile Twinning sl
With cell L
Avaya TT315E Digital SIP -
X2 -
i &~
A AN Verizon Provided Toll-Free VolP Inbound Numbers
!;’_-E‘- 1 LANZ: 1.1.1.2 $66-850-2380
- 866-851-0107
3 IP Office 500v2 B66-851-2649
Avaya 9508 Digital Release 8.1 866-852-3221
X232 LAN1: 10.80.150.70 866-850-6850
( : 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 C: ing,

Mobile Call Control
—— Inbound PSTN Toll-Free to IP Office
- Example INVITE from Verizon:
i Request-URI:

Flare Experience/ IP Office 523221 @adevc.avaya.globali

Avaya 1616 Avaya 9611 IP Office Manager Application FROM: sip:+190684857042199.173.94.80:5060.
X233 X237 Softphone Avaya 1140E Server TO: sip:18668523221@1.1.1.2
X235 Voicemail Pro Contact: sip:+19088485704@172.30.205.55:5072;transport=udp
& oneX® Portal PAI: sip:+19088485704@199.173.94.80;user=phone

adevc.avaya.globalipcom.com

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 [P 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 was routed to different IP Office destinations (i.e., IP Office configuration
changes were made to the Incoming Call Route destination as needed between successive tests).

Verizon Provided
Toll-Free Number

Configured Avaya IP Office
Destination(s)

Notes

866-851-0107

x235

Avaya 1140E

866-850-2380

X232, x241, x234

Digital Telephone with Mobile
Twinning and Mobile Call
Control permission. Also used
to test analog telephone and
Avaya Flare Experience
capabilities.

866-851-2649

x233, x237

Avaya 1616 Telephone, Avaya
9611 Telephone

866-850-6850

Voicemail Collect on
Voicemail Pro

Allow external callers to
access voice mail toll-free

866-850-6850

Inbound Mobile Call Control

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

866-850-6850

Conference Bridge on
Voicemail Pro

Allow external callers to
access conference bridge
toll-free

866-852-3221

“401 Sales” Hunt Group

Hunt Group with queuing

(any caller) (with default priority)
866-852-3221 “400 Overdue Account” Show IP Office destination
(specific callers) Hunt Group selection based on caller ID
866-852-3221 “401 Sales” Hunt Group Show IP Office priority
(specific priority callers) (with High Priority) queuing based on caller ID

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

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

Equipment Software
Avaya IP Office 500 v2 Release 8.1 (65)
Avaya I[P Office Manager Release 10.1 (65)
Avaya Application Server 8.1.20-3
Avaya 2500 Analog Telephone N/A
Avaya 9508 Digital Telephone N/A
Avaya T7315E Digital Telephone N/A
Avaya 1616 IP Telephone (H.323) Release 1.302B
Avaya 9611 IP Telephone (H.323) Release 6.2209
Avaya 1140E SIP 04.03.12
Avaya IP Office Softphone Release 3.2.3.20 64770
Avaya Flare Experience 1.1.0.5

Table 2: Equipment and Software Tested

Avaya IP Office Configuration

IP Office is configured via the IP Office Manager program. For more information on IP Office
Manager, consult reference [2]. From the IP Office Manager PC, select Start = Programs 2>

IP Office = Manager to launch the Manager application. A screen that includes the following
in the center may be displayed:

- A
Configuration Service User Login

IP Office Yerizon - IP 500 Y2

Service User Mame Adrministrator

Service User Passward

[ Cancel H Help ]

Log in with the appropriate configuration credentials. The appearance of the IP Office Manager
can be customized using the View menu (not shown). 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.
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1.4. Physical, Network, and Security Configuration

This section describes attributes of the sample configuration, but is not meant to be prescriptive.
Consult reference [1] for more information on the topics in this section.

In the sample configuration, looking at the IP Office 500 from left to right, the first module is a
TCM 8 Digital Station Module. This module supports BCM / Norstar T-Series and M-Series
telephones. The second module is a COMBO06210/ATM4 module. This module is used to add a
combination of ports to an IP500 V2 control unit and is not supported by IP500 control units.
The module supports 10 voice compression channels. Codec support is G.711, G729Aand G.723
with 64ms echo cancellation. G.722 is supported by IP Office Release 8.0 and higher. The
“Combo” card will support 6 Digital Station ports for digital stations in slots 1-6 (except 3800,
4100, 4400, 7400, M and T-Series), 2 Analog Extension ports in slots 7-8, and 4 Analog Trunk
ports in slots 9-12. Referring to Figure 1, the Avaya T7315E telephone with extension 231 is
connected to port 1 of the TCM8 module, and the Avaya 9508 telephone with extension 232 is
connected to port 1 of the “Combo” card. The analog extension or fax machine is connected to
the “Combo” card on port 7

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
Group pane. In the screen below, IP 500 V2 is selected in the Group pane, revealing additional
information about the IP 500 V2 in the Details pane.

IP Offices Control Unit & IP 500 V2
K BOOTP (8 Dew Mo, | Dev Type Wersion Lnit
{7 Operator (3 | IP 500 %2 8.1 (65) .
-7 Yerizon a2 TCMS a1 (55) Device Mumber 1
%) System (1) <23 COMBOGZ10/ATIY 8.1 (65) Unit Type 1P 500 Y2
T4 Line (&)
= Conkral Unit (3) Yersion 8.1 (p5)
Ay Extension (23)
= ser (24} Serial Murnber 00=007058e33
;ﬂ HuntGroup (3) )
Unit IP Add) 10,80.150.70
@ Short Code (67) " ress
@ Service (0} Interconnect Mumber ]
al, RAS (1)
e Incoming Call Route (4) Module Murmber Conkral Unit
Bl w500

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
10.80.150.1. 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 route using Destination LANI.
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= 10.64.0.0
IP Raute |
IP Address 10 &4 D 0 |
IP Mask 255 . 255 . 0 0 |
Gateway TP Address | 0 . 80 . 150 . 1 |
Destination |Lan1
Mekric |E|

|:| Proxy ARP

The IP Office LAN2 port is physically connected to the service provider and has a default
gateway of 1.1.1.1. Right-click IP Route from the Navigation pane, and select New to add

another route. The following screen shows the Details pane with the relevant route using
Destination LAN2

= 0.0.0.0 -
]
IP Address 0 0 0 o |
IP Mask 0 0 0 0 |
Gateway IP Address | 1 1 1 1 |
Destination Lan2
Metric |U

|:| Proxy ARP

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

d

IP Oiffice YerizonIPCC-3BC - IP 500 Y2

Service User Mame |securit-;.-' |

Service User Passwiard |"“"""- |

[ O, ] [ Cancel ] [ Help ]
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After logging in, select Services from the Navigation pane and HTTP from the Group pane. In
the Details pane, verify the Service Security Level is configured as intended, as shown below.

Security Settings Services (6) Service : HTTP
= £ Securty Mame Securty Level Service Details
@ General Canfiguration Unzecure Only
sz Spstenn (1] Security Administrat.. Unsecure Only Hame HTTP
b Services () Swpster Status Interf... Unsecure Only -
i% Rights Groups [15] Erhaticed TSP Unsecure Only Host System Verizan
HTTF Unzecure + Secure

h Service Uzers [B) Service Port a0, 443

"Web Services Secure, Medium

Sermvice Securty Level | Unsecure + Secure

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

1.5. 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.

IP Offices License B SIP Trunk Channels
R BOOTR (6] =SS TS Licenses
i Operator (3] R Adwanced Edition
(=557 Yetizan S ALUDL Yoicemail Licerse Key  |E@HYRXERAYHOIREFoCkpx K3 _Lwwdrs
529 System (1) B fvava IP endpoints
9 Line (8] e CTI Link Pro License Type | SIP Trunk Channels
“2 Control Unit {3} ; =
& Extension (23) W Customer Service fgent License Status | valid
<5 bxlensian R Customer Service Superyi
% ase;éz“) - S« Essential Edition Instances 5
kg Murtaroun % IS0 Yoice Networking C
BX short Code (67) ) & Expiry Date Mewver
) R IPSec Tunnelling
@ Service (0) .
o, RAS (1) W Mobile Worker
@ Incoming Call Rouke (4) SewOffice Worker
EE] WanPort (00 % Phone Manager Pro (per s
o Directory (0) % Phone Manager Pro IR Ao
£ Time: Profile (0 SewPower User
@ Firewall Profile (1) % Preferred Edition (Waicemd
B 1P Route (5) % Feceptionist
#m Account Code (0) JSTP Trunk Channels
& License (22) 8 Software Upgrade 255
@& Tunnel (0} S Teleworker
&3 User Rights (8) e WMPro Metworked Messag

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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IP Offices License

K BOOTP (8)
{# Operator (3)
[=)-%=3 Yerizan

5 System (1)
9 Line (8)
“2 Conkrol Unit {3}
Ay Extension (23)
§ User(24)
S8 HuntGroup (3)
B Short Code (673
B service (1)
Al RAS (1)
e % .

License Type
R Adwanced Edition
R AUDIY Voicemail

Avaya IP endpoinks

S CTI Link Pro
W Customer Service Agent
W Customer Service Superyi
R Essential Edition
B2 IPSO0 Yaice Metwarking C
% [PSec Tunneling
B2 Mobile Worker
R Office Worker

Licenses

License Key
License Type
License Status
Instances

Expiry Date

Avaya |P endpoints

GZxc7BdNDO a7 EnHkzIRD L TpZz9dvpia_N
Avaya IP endpoinks

walid

5

Mever

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 Power User features. In the

sample configuration, the user with extension 234 will be configured as a “Power User” and will
be capable of using the Avaya IP Office Softphone.

IP Offices License

K BOOTP (6)
{o Operator (3}
[=)-%=p Werizon
w2y System (1)
T4 Line (6]
w» Conkral Unit §3)

Ay Extension (23)
a User (24)
ﬂ HunkGroup (33
@ short Code (67)
@ Service (0)
ol RAS (1)
@ Incoming Call Route (4)
B8 wanPart ()
a4, Directory (0)
f’.“‘ Time Profile {0}
@- Firewall Profile (1)

License Type

S Advanced Edition

W ALIDTX Yoicemail

% Avaya IP endpoints

% CTI Link Pro

e Customer Service Agent
R Customer Service Superyi
% Essential Edition

e IPS00 Yoice Metworking C
R IPSec Tunneling

W Mabile Worker

S Office Worker

. Phone Manager Pro (per s
= Phone Manager Pro IP Au

e Preferred Edition (Voicemq

Licenses

Licernse Keyv
License Type
License Status
Instances

Expiry Date

1MWEWbhj<SFsDMHE4BdHYENY 35T AYIO
Power ser

Walid

1

Mewver

1.6. 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.

1.6.1. 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, “VerizonIPCC” is used as the name. The Enable
SoftPhone HTTP Provisioning box is checked to facilitate Avaya IP Office Softphone usage.
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IP Offices System

<

R

BOCTP (6

g#e Operator (3)

= WerizanIPCC

2 Swskem (1)
4 Line (6)

“Ze Contral Unit
4 Extension (2
i User (24)
;ﬂ HuntGroup (
B short Code |
@ Service (0)
e RAS (1)

e Incoming Cal
EE! wianPork (03
ag Directory (0)
£ Time Profile {
@ Firesvall Profi
El 1F Route (5)
@ Account Cod
W License (22)
@& Tunnel {0)
ﬁ 3 User Rights {
g ARS (3

fx E911 Syster

>

Twinning | WCM CicR
ystem | LAML || LANZ

Mame

Contact Information

Codecs
DNS

B VerizonIPCC =

| % | v ] < |

Voicemail | Telephorny || Direckary Services | Swskem Events | SMTP | SMDR
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1.6.2. LAN 1 Settings

The IP500/TP500 V2 control units have 2 RJ45 Ethernet ports, physically marked as LAN and
WAN. Within the system configuration, the physical LAN port is LAN1, the physical WAN port
is LAN2.

In the sample configuration, LAN1 was used to connect the IP Office to the enterprise network.
To view or configure the IP Address of LAN1, select the LAN1 tab followed by the LAN
Settings tab. As shown in Figure 1, the I[P Address of the IP Office is 10.80.150.70. Other
parameters on this screen may be set according to customer requirements. In the example screen,
the DHCP Mode was set to “Server” to allow IP Office to facilitate provisioning for the IP
Telephones in the sample configuration.
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SMDE. || Twinning || YCM CCR Codecs
Systern | LANL | LANZ || DMS || VYoicemail | Telephory || Direckory Services | Swstern Events | SMTR

LAM Settings | yoIP | Metwork Topology | DHCP Pools | SIP Registrar

IP Address 10 g0 150 70
IP Mask 255 255 255 0
Primary Trans, IP Address ] 0 1] 1]
RIF Mode Mone -
] Enable MaT
Murber OF DHCP IP Addresses i
DHCP Mode

& server () Client (O Dialn () 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 and 9600-Series Telephones used in the sample configuration. The SIP Registrar
Enable box is checked to allow Avaya 1140E, Avaya Flare Experience, and Avaya IP Office
Softphone usage. The SIP Trunks Enable box must be checked to enable the configuration of
SIP trunks to Verizon Business

RTP Port Number: For each VoIP call, a receive port for incoming Real Time Protocol (RTP)
traffic is selected from a defined range of possible ports, using the even numbers in that range.
The Real Time Control Protocol (RTCP) traffic for the same call uses the RTP port number plus
1 (i.e., the odd numbers). For control units and Avaya H.323 IP phones, the default port range
used is 49152 to 53246. On some installations, it may be a requirement to change or restrict the
port range used. It is recommended that only port numbers between 49152 and 65535 are used,
that being the range defined by the Internet Assigned Numbers Authority (IANA) for dynamic
usage. Port Range (minimum): Default = 49152. Range = 1024 to 64510. This sets the lower
limit for the RTP port numbers used by the system. Port Range (maximum): Default = 53246.
Range = 2048 to 65534. This sets the upper limit for the RTP port numbers used by the system.
The gap between the minimum and the maximum must be at least 1024.
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System | LAML | LaMz || DNS || Woicemail | Telephony | Directory Services

WaolP

LAMN Settings Metwork Topology | DHCP Pools | SIP Registrar

H.323 Gatekeeper Enable
SIP Trunks Enable
SIP Reqistrar Enable

RTP Port Nurnber Range

|:| H.323 Auto-create Extn

Fort Range {Minimum) 49152

H.323 Auto-create User Port Range (Maximum) 53246

[] H.323 Remote Extn Enable
Enable RTCP Monitoring

WLAN Mok Present b

L3

1100 Voice YLAN Site Specific Option Murber (SSOMN) (232
1100 Yaice YLAN IDs
RTP Keepalives

Scope Disabled v

System Events

On Port 5005
DiffServ Settings
BS |3 | D3CP(Hex) FC 3| D3P Mask(Hex) B8 3| SIG DSCP (Hex)
46 3| DscP 63 % | DSCP Mask 3 | SIGDscP
DHCP Settings
Primary Site Specific Option Murmber (SS0M) 178 -
Secondary Site Specific Option Mumber (SSOM) 242 e

SMTP || SMOR. || Twinning || WoCM CCR Codecs

43

LR

Select the Network Topology tab as shown in the following screen. In the sample configuration,

the default settings were used.

Twinning | Wi CCR | Codecs
Syskern | LANL | LANZ | DMS | Yoicemail | Telephory | Direckory Services | Systern Events | SMTP | SMDR
LAM Settings | woIP | Mefwork Topology | DHCP Pools || SIP Registrar
Metwork Topology Discowvery
STUM Server IP Address 0 1] 1] 0 STUM Port L = B
Firewall[NAT Type Unknown w
Binding Refresh Tirme (secondsy (120 E
Public IP Address 0 1] 1] n
Public Port UDP 0 e Fun STUM Cancel
|:| Fun 3TUM on startup
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If using IP Office as a DHCP server and DHCP Server mode has been selected from the LAN1
-> Lan Settings Tab, click the DHCP Pools tab. Although beyond the intended scope of these
Application Notes, the following screen is shown as a simple example.

Swskern | LANL | LANZ | DMNS | Yoicemail | Telephory | Direckory Services | Systern Events | SMTP || SMDR | Twinning
LAM Settings | ¥oIP | Metwork Topology | DHCP Poadls | SIP Registrar

Apply to Awvawa IP Phones Onlky

Start Address | Subnet Mask, Defaulk Router | Paoal Size

108015072  255,255.255.0 10.80.150.1 15
Femowve

Edit...

Optionally, select the SIP Registrar tab. The following screen shows the settings used in the
sample configuration. The Domain Name has been set to the customer premises equipment
domain “avayalab.com”. If the Domain Name is left at the default blank setting, SIP
registrations may use the IP Office LAN 1 IP Address. All other parameters shown are default

values.

System | LAMY | Lanz || DMNS | Woicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinming | wCM | CCR | G
LAN Settings | YoIP | Metwork Topology | DHCP Pools | SIP Registrar
Dormain Mame avayalab.com
Laver 4 Protocol Both TCP & LUDP  »
TCF Part 5060 £
UDP Part 5060 v
Challenge Expiry Time (secs) |10 -
Auto-create ExtnfUser F
SIP Remote Extn Enable Fl

1.6.3. LAN 2 Settings

In the sample configuration, LAN2 was used to connect the IP Office to the Verizon network. To
view or configure the IP Address of LAN2, select the LAN2 tab followed by the LAN Settings
tab. As shown in Figure 1, the I[P Address of the IP Office, known to Verizon, is 1.1.1.2. DHCP
Mode is set to Disabled since DHCP is unnecessary towards Verizon. Other parameters on this
screen may be set according to customer requirements.
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Twinning || WM CR Codecs
Systemn | Laml | LAMZ |DMS | Yoicemail | Telephomy || Directory Services | Syskemn Events | SMTP | SMDR

LAM Settings | woIP | Network Topology

IP Address 1 1 1 z
IF Mask, 255 255 255 ]
Primary Trans, IP Address 0 0 1] 0
Firewsall Profile <Mone= w
RIF Mode Mane w

Enable MAT

Murnber OF DHCP IP Addresses |1 3
DHCP Mode
() server () Client ) Dialin (*) Disabled Advanced

Select the VoIP tab as shown in the following screen. The H323 Gatekeeper Enable and SIP
Registrar Enable boxes are unchecked since IP telephones will not be registering on this link.
The SIP Trunks Enable box must be checked to enable the configuration of SIP trunks to
Verizon Business.

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. The defaults are used here. See
Section 5.3.2 for more information on these RTP settings.

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 34 (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.

DDT; Reviewed: Solution & Interoperability Test Lab Application Notes 18 of 56
SPOC 6/19/2013 ©2013 Avaya Inc. All Rights Reserved. VZB-IPCCIPORS1



System | LML | LAMNZ |DMS || Woicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | wCM | CCR | Codecs

LAM Settings | ¥0IP | Mebwork Topology

[ H.323 Gatekeeper Enable
3IP Trunks Enable
[] sIr Reqistrar Enable

RTFP Port Mumber Range
|:| H.323 Auto-create Extn

L

Port R.ange (Minimum) (49152

L

H. 323 Auto-create User Paort Range (Maximum) (332460

[ H.323 Remate Extn Enable

0 Enable RTCP Monitoring
On Park 5005

Diffaery Settings

B8 3| DSCP{Hex) FC || DSCPMask(Hex) |35 || SIGDSCP (Hex)
46 3| DsCP 63 % | DSCP Mask 3+ 3| sigDscP
DHCP Settings
Primary Site Specific Option Mumber {SS0M) 176 £
Secondary Site Specific Option Number (S5OM) 242 3

WLAM Mak Present hd

1100 Yoice WLAN Site Specific Option Murmber (S30M) 232 e

1100 Yoice WLAM IDs

RTP keepalives

Scope Disahled R

Select the Network Topology tab as shown in the following screen. In the sample configuration,
the default settings were used and the Use Network Topology Info in the SIP Line was set to
“None” in Section 5.4.2. The Binding Refresh Time (seconds) can still be used to lower the SIP
OPTIONS timing from the default of 300 seconds. During the testing, the Binding Refresh Time
was varied (e.g., 60 seconds, 120 seconds to test SIP OPTIONS timing).

System | LAM1 | LAMZ  DMS || Vaoicemail || Telephony | Direckory Services || Svstem Events | SMTP | SMDR | Twinming | YCM | OCR | Codecs

LAM Settings | woIP | Metwork Topology

Metwark Topology Discovery

rs

STUN Server IP Address ] ] ] ] STUM Part 3478 %
Firewall/MAT Type Unknown w

S

Einding Refresh Time (seconds) (120 S

Public IP Address 1] 1] ] a
Public Port LDP o z Run STUR Cancel
|:| Run STUM on starkup
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Since SIP Registrar Enable was unchecked on the VOIP tab, the SIP Registrar Tab is not
present on LAN2.

1.6.4. 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
10.80.150.182, the IP Address of the PC running the Voicemail Pro software, as shown in
Figure 1.

Swstemn | LAM1 | LAMZ | DM5 Yoicemail Telephony | Direckory Services | Syskem Events || SMTP || SMDR || Twinning | WiCM CCR
‘oicemail Tvpe ‘oicemail Lite/Pro w Messages Butkon Goes To Visual Yoice

Voicemail Destination

‘oicemail IP Address 10 a0 150 152

Backup Yoicemail IP Address 0 0 0 0

As described in [VZBIPT-IPO81], the “Callback” application of Avaya Voicemail Pro was used
to allow Voicemail Pro to call out via the SIP Line to Verizon Business IP Trunk service when a
message is left in a voice mailbox.

SIP Settings
SIP Marne 7329450239

SIP Display Mame (Alias) | Yoicemna
Conkack 7329450239

Anorymous |:|

1.6.5. 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 IP Office via the Verizon Business IPCC service, and be forwarded or transferred back
to the PSTN with the outbound leg of the call using the Verizon Business 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.

The Default Name Priority is a new field in IP Office Release 8 and can be relevant to SIP
Trunking. The option to “Favor Trunk” or “Favor Directory” can be set system-wide using the
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screen below, or set uniquely for each line. With the option to “Favor Directory”, IP Office will
prefer to display names found in a personal or system directory over those arriving from the
far-end, if there is a directory match to the caller ID. This capability will be illustrated further in
the context of the SIP Line to Verizon. A user’s personal directory example is shown in Section
5.5.1.

Swstem | LANL | LANZ | DNS voicemail [ Telephory Directory Services || Syskem Events | SMTR || SMDR. | Twinning | YCM CCR Codecs
Telephony | Tones & Music | Call Log

Analogue Extensions Companding Law
Swikch Line
Default Qutside Call Sequence Mormal w
Defaulk Inside Call Sequence Ring Type 1 w ® ULaw © U-Law Line
Default Ring Back Sequence Ring Type 2 w
C' O-Law C' O-Law Line

Restrict analogue Extension Ringer Yoltage [

Dial Delay Time (secs) 4 E [ 055 status

Dial Delay Count o & Buta Hold

Diefault Mo Answer Time (secs) 15 s Dial By Marme

Hold Timeout (secs) o S Show Account Code

Park Timeout (secs) 300 & [] tnhibit ©Ff-Switch Forwardy Transfer
Ring Delay (secs) =] - |:| Restrict Metwark Interconnect

[] orop External ©nly Impromptu Conference

4

Call Priority Promotion Time (secs)  |Disabled
Default Currency UsD w [] wisually Differentiate External Call
Default Mame Priority Favar Trunk w [ Unsupervised analog Trunk Disconnect Handling

High Quality Conferencing

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.

DDT; Reviewed: Solution & Interoperability Test Lab Application Notes 21 of 56
SPOC 6/19/2013 ©2013 Avaya Inc. All Rights Reserved. VZB-IPCCIPORS1



Swstern || LANL || LANZ || DNS woicemail | Telephary Directory Services | System Events | SMTP || SMDRE. | Twinning | VM CCR Codecs

Telephony | Tones & Music | Call Log

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

Disconnect Tone Default A Made | System Frequency b
Tone Plan Tone Plan 1 A

CLI Type w

Local Dial Tone

[] Local Busy Tone

Beep on listen

|:| 25M Silence Suppression
Hald Music

Swstem Source | WAl File -

1.6.6. 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 5.4.1 of reference [VZBIPT-IPOS81]), 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 Business IPCC service toll-free number, and be twinned out to a mobile telephone
using the Verizon Business IP Trunk service, with the twinned mobile phone seeing the identity
of the caller that dialed the Verizon toll-free number.

Swskem | LAML | LAMZ || DNS Yaicemail | Telephony | Directary Services || System Events | SMTP | SMDR | Twinning |y

[] send original calling party information For Mobile Twinning

Calling party infarmation For
Mobile Twinning

1.6.7. System Codecs Configuration

The System - Codecs tab was introduced in IP Office Release 8. On the left, observe the list of
Available Codecs. In the example screen below, which is not intended to be prescriptive, the
box next to each codec is checked, making all the codecs available in other screens where codec
configuration may be performed (such as the SIP Line in Section 5.4). The Default Codec
Selection area enables the codec preference order to be configured on a system-wide basis, using
the up, down, left, and right arrows. By default, all IP (SIP and H.323) lines and extensions will
assume the system default codec selection, unless configured otherwise for the specific line or
extension.
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System | LANL | LAMNZ || DNS YWoicemail | Telephory | Direckory Services | System Events | SMTP || SMDR.
Twinning | ¥CM || CCRr | Codecs

Available Codecs Default Codec Selection

Inused Selecked
G711 LAWY Bk = 2,722 64k
3,711 ALAW Gk G711 LAWY 64k

G711 ALAW 64k

G.722 64K G.729(a) 8K CS-ACELP
G.729(a) BK C5-ACELP e G.723.1 6K3 MP-MLO

G, 7231 6K3 MP-MLO

x

1.7. SIP Line

This section shows the configuration screens for the SIP Line in [P Office Release 8.1. The
Appendix in Section 11 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.

1.7.1. 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 [P Office
LAN?2 address (1.1.1.2). By default, the In Service and Check OOS boxes are checked.

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
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 3035387006 would display 3035387006. 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 field, followed by the value following the “+”, followed by
the PSTN number. For example, if the Country Code parameter were left blank, the IP Office
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user would see a display such as “0013035387006”. 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.

The Name Priority parameter was introduced in IP Office Release 8.0. The Name Priority
parameter can retain the default “System Default” setting, or can be configured to “Favor Trunk”
or “Favor Directory” as shown in the sample screen below. “System Default” will use the setting
displayed on the System = Telephony—> Telephony Tab. The “Favor Directory” setting enables
IP Office to match the caller’s telephone number against available system or personal directories,
and display the name obtained from a match in the directory, if any, rather than name
information received in the SIP signaling from Verizon. Click OK (not shown).

B SIP Line - Line 18 =" IRIAKARS

SIF Line |Tramspart | SIP URI| VaIP  |T38 Fax||SIP Credentials

Line Mumber g e
ITSP Domain Mame  |1.1.1.2 In Service
Use Tel LRI F
Prefix Check 005
Mational Prefix Call Riouting Method Request URI w

Criginakar number for

Country Code 1 forwarded and bwinning calls

International Prefix; |00 Mame Priority Syskem Defaulk w
Send Caller ID Mone w Caller ID from From header  []
Association Method | By Source IP address w Send From In Clear i

User-agent and Server
Headers

REFER Suppart

Incoming Auto W
Oukgaoing Auto w
UPDATE Supported | Auko w
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1.7.2. 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 [P 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 “None”.

SIP Line| Transport |SIP URI| WoIP || T3G Fax||SIP Credentials

ITSF Proxy Address |172,30.205.55

Metwork, Configuration

Laver 4 Protocal uDP w Send Port 2072 =
Use Network Topology Info | Mone v Listen Port  |S060 %
Explicit DMNS Server(s) I 0 0 1] 1] 0 0 o

Calls Route via Registrar

Separate Registrar

1.7.3. 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. 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 18, 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 18, is not relevant in that this SIP Line will not be chosen for
outbound calls, since the Verizon Business IPCC service will only be used for inbound toll-free
calls. Click OK.

SIP Ling || Transpart| SIP URI [alp | T35 Fax| SIP Credentials
Chanrel  Groups Wia Local URI  Contack  Display Mame | PAI Add...
1 15 15 <., B©e63851... B8663... 8668510107 M...
2 15 18 <... 866850..., 8663... 5668502330 MN... Remove
3 15 18 <... 866851..., 8663... 8668512649 M...
4 13 18 <., B6EES0... B66E... S668506850 M. Edit...
5 15 15 <., BEESE5Z... B663... 8668523221 M...
Edit Channel
Wia =MNone =
Local URI A
Conkack GAGE510107 b
Display Marne BE63510107 b
PAI Mone hd
Reqiskration 0: <Mone:= w
Incoming Group 18
Zutgoing Group 15
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 SIP 4xx 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
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. If a
non-priority call arrives to IP 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 5.5.4 for hunt group configuration.
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Edit Channel

Via <MNone>

Local URI 8663505550 L
Zonkack GE65506550 w
Display Mame BEGE506550 W
PAI Mone L
Reqistration 0: =Mone x> W

Incoming Group 15

Qukgoing Group 15

Max Calls per Channel 2 o

1.7.4. SIP Line - VoIP Tab

Select the VoIP tab. In the sample configuration, the Codec Selection was configured using the
“Custom” option, allowing an explicit ordered list of codecs to be specified, different from the
system default (see Section 5.3.6). The arrow buttons can be used such that G.729(a) 8K
CS-ACELP and G.711 ULAW 64K codecs are listed in the Selected column. This configures
IP Office to 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. The
PRACK/100rel Supported parameter was introduced in IP Office Release 8, and should be left
at the default unchecked value. Since the 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 IPCC service does not require registration, the SIP
Credentials tab need not be visited. Click OK (not shown).
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SIF Line| Transpart | SIP URI| WoIP T35 Fax| SIP Credentials
|:| WolIP Silence Suppression

Re-invite Supparted

Codec Selection Custom w
[] use Offerer's Preferred Codec
Unused Selected
G711 ALAW 64K > G,729(a) 8K C5-ACELP [ Codec Lackdawn
G.722 B4k G L LILAW 64K [ Prack/100rel Supparted

G.723.1 8K3 MP-MLQ

e

Ex
Fax Transpork Suppoart Mane W
Call Initiation Timeaut (s) [+ £
DTMF Suppork RFC2533 W

1.8. 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.

1.8.1. Digital User 232

The following screen shows the User tab for User 232. As shown in Figure 1, this user
corresponds to the Avaya Digital 9508.
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“ Avaya9508: 232 ef -9 X | v

I Exkensi

e HLEnsion Button Programming || Menu Programming || Mobility | Phone Manager Options || Hunt Group Membership | Announcements
: RemoteMa. .. )

Personal Directary

;NnUser
a Extnz0z a0z User | voicemail | DMD | ShortCodes | Source Murmbers | Telephony | Forwarding | Dial In || Yoice Recording
§ extnzo3 203 R Povay 39508
§ Extnzng 204
§ Extnzos 205 Password sk

Extnz206 206
g — o7 Canfirm Password bkl
§ Ednzos 208 Full Marne
§ Exnzio 210 _
§ Extnzin 211 Extension &3
§ exnziz 21z Email Address
b Extnziz 213
§ Exnzig 214 Local: 4

Extn216 216
i Edn Priarity 5 v
Er-T7316E 231
ﬁﬂnvayaQSDS 232 Syskem Phone Rights Mone i
§ svayalele  z33

Profile Power User w

£ softphone 234
fravayal140E 235 [] receptionist

a Avayadesl - 236 Enable Softphone

§ avayaseil oz
ﬁ Avayadezl 238 Enable one-3% Portal Services
§ analog 241 Enable one-% TeleCommuter

Enable Remote Waorker
[] Enable Flare Flare Mode

[ send Mobility Email
|:| Ex Directory

Device Type % Avava 9508

The following screen shows the SIP tab for User 232. In the sample configuration, the SIP
Name and Contact parameters are configured with a Verizon Business IP Trunk DID number
for the user, 7329450232. As shown in [VZBIPT-IPOS81], 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 IP 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.

Avayag508: 232 ek -8 X[ v

User || Woicemail | DND shortCodes | Source Numbers | Telephony | Forwarding || Dial In || Yoice Recording | Button Programming | Menu Programming || Mobilicy || Phone Manager

Hunt Group Membership | Announcements | SIP Personal Directary
SIF Mame 7329450232
SIF Display Mame (Alias) | Avaya?S0s

Contact T320450232

[ anonymous

DDT; Reviewed: Solution & Interoperability Test Lab Application Notes 29 of 56
SPOC 6/19/2013 ©2013 Avaya Inc. All Rights Reserved. VZB-IPCCIPORS1



From Figure 1, note that user 232 will use the Mobile Twinning feature. The following screen
shows the Mobility tab for User 232. 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 913035387024. 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
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 Business IP Trunk service provisioned in [VZBIPT-IPOS81].

= Extn201: 201 ef - X[ v |

User | woicemail | DMD | ShorbCodes | Source Mumbers | Telephony | Forvarding | Dial In || Woice Recording | Button Programming | Menu Programming

tY Phaone Manager Opkions | Hunk Group Membership | Announcements | SIP Personal Direckary

[ tnkernal Twinning

Twin Bridge Appearances
Twin Coverage Appearances

Twin Line &ppearances

Mobility Features
tobile Twinning

T_winne_d quile MNumber 017326570755
(including dial access code)

Twinning Time Profile <honex w
Mobile Dial Delay (secs) 4
Mobile Answer Guard (secs) |0 %

[ Hunt group calls eligible For mobile twinning
[] Forwarded calls eligible For mabile twinning
] Twin When Logged Out

[] one-% Mobile Client

Mohile Call Contral

tobile Callback.

As described in Section 5.3.4, names can be entered in directories to allow IP Office to match the
caller ID for incoming calls and display the names from the directory. The following screen
shows the Personal Directory tab for user 232. With the configuration shown below and on the
SIP Line in Section 5.4.1 (where “Favor Directory” is selected), if user 232 receives an inbound
Verizon IP Toll Free call from the telephone number 13035387006, the phone will display the
name “Avaya Lab 17 (along with the number).
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User | Woicemal | DMND || ShortCodes | Source Mumbers | Telephony || Forwarding | Dial In | voice Recording | Button Programming || Mena Programming

Mobility | Phone Manager Options | Hunk Group Membership | Announcements | SIP Personal Directory
Index Marne Murnber
oo Awavalab 1 30353587006
01 Awvavalab 2 3035387024 Remove

Edit...

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.

Extension B Digital Extension: 25 232 e - X | v
1d Extension  Module  Part Extn
1 231 BD1 1
&2 202 ED11 2 Extension Id 25
gi Zgi :Ei z Base Extension 232
&5 205 BO1 = Caller Display Tvpe
o 206 BD1 &
g? 207 ED1 7 Reset Wolume After Calls |
o 208 BD1 & ]
s 2 Bz 1 ReviclIDE
&ze 210 B2 z
Az oz B2 3 Module EDZ
dpos 212 EDZ 4 - 1
Apzo 213 EDZ s
4ran 214 EDZ &
o 241 BF2 7 Disable Speakerphone ¥
A3z 216 BPZ E:
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1.8.2. Avaya Flare Experience User 234 with IP Office Softphone Privileges

The following screen shows the User tab for User 234. This user corresponds to a user that will
be granted “Power User”, Flare features and Avaya IP Office Softphone features. The Profile
parameter is set to “Power User”. The Enable Softphone and Enable Flare boxes are checked,
along with the Flare Mode set to “Standalone”.

Password

Confirm Password
Full tame

Extension

Email Address

Locale

Priority

System Phone Rights

Profile

User Rights

User Rights view

ShortCodes | Source Mumbers || Telephony | Forwarding || Dial In || Yaoice Recording | Button Pragrarmming | Menu Programming

Softphone

Frkkk

E2 2

234

5
Mane

Power User

D Receptionist

Enable Softphone

Enable one-% Portal Services
Enable one-% TeleCommuter
Enable Remate Warker

Enable Flare Flare Mode | Standalone i

] send mability Email
[] Ex Directary

Device Type ﬁ Unknown SIP device

User data

E Softphone: 234

Personal Direckary

Like the user with extension 232, the SIP tab for the user with extension 234 is configured with a
SIP Name and Contact specifying the user’s Verizon Business DID number using the Verizon
Business IP Trunk service, as detailed in [VZBIPT-IPOS81].
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B Softphone: 234 e -E X v

User | Woicemail | DMD ShortCodes | Source Mumbers | Telephony | Forwarding | Dial In || Woice Recording | Button Programming | Menu Programming | Mobilicy | Phone Manager

Hunt Group Membership | Announcements ersonal Direckory

SIP Name |7329450234 |

SIP Display Mame {Alias) |Softphone |

Conkack |?329450234 |

|:| Anonymous

The following screen shows the Voicemail tab for the user with extension 234. 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
Verizon Business IPCC 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).

= Softphone: 234

Hunt Group Mermbership || Announcements | SIP Personal Directory
User | Woicemai |DND ShortCodes | Source Mumbers || Telephony | Forwarding || Dial In | Woice Recording || Button Programming

Yaicernail Code |**** | Yoicernail On
Confirm Yoicemail Code |**** | [ woicemail Help
Voicemail Email | | ] Vaicemail Ringback

Voicemail Email Reading

[] urs web Services

OfF Copy Forward Alert

DTMF Breakout

Reception | Breakout (DTMF *0/07) |5vstem Default ) |

Breakout (DTHF 2) ‘System Default () |
Breakout (DTMF 3) ‘System Default () |
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Select the Telephony tab. Then select the Supervisor Settings tab as shown below. The Login
Code will be used by the Flare Experience and IP Office Softphone user as the login password.

E Softphone: 234

Hunt Group Membership | Announcements | SIP Personal Directary

User | Vaoicemail | DND ShaortCodes | Source Mumbers | Telephony | Farwarding | Dial In | Voice Recording | Button Programming | Menu Programming

Call Settings | Supervisor Settings | Multi-line Options | Call Log

Login Code okokk [ Farce Lagin

Login Idle Perind (secs) [ Force Account Code
Monitor Group <Mone = w

Cowerage Group <MNone=> W

Skatus on No-Answer Logged ©n (Mo change) w [] Outgoing Call Bar

Reset Longest Ide Time [ tnhibit OFF-Switch Forward) Transker

= all Calls [ cCan Intrude

| i) et Cannot be Intruded
[] can Trace Calls
[] ccr agent

Autornatic After Call Work

] peny Auto Inkercom Calls

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).

E Softphone: 234

Hunt Group Membership | Announcements | SIP Personal Directary

User | Woicemai | DMD | ShortCodes || Source Mumbers | Telephony | Forwarding | Dial In | Voice Recording | Button Programming || Menu Programming

Call 3ettings | Supervisor Settings | Mulki-line Options | Call Log

oukside Call Sequence Default Ring w Call Whaiting on

Inside Call Sequence Default Ring W Answer Call Waiting On Haold
Ringhack Sequence Defaulk Ring b [ Busy On Held

Mo Answer Time (secs) System Defaulk (15) - Offhoak Station

Wrap-up Time (secs) 2 e

4¥

Transfer Return Time (secs) O

Call Cast Mark-Up 100

The following screen shows the Extension information for this user, simply to illustrate the VoIP
tab available for a SIP Telephone. To view, select Extension from the Navigation pane, and the
appropriate extension from the Group pane. Select VoIP in the Details pane. The new Codec
Selection parameter may retain the default setting “System Default” to follow the system
configuration shown in Section 5.3.6. Alternatively, “Custom” may be selected to allow the
codecs to be configured for this extension, using the arrow keys to select and order the codecs.
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K — -
= SIP Extension: 8001 234
IP Address | o 0 o o | |:| WaoIP Silence Suppression
[] Local Hold Music
Codec Selecti Syskemn Defaulk L
MR | ¥5Lem LEraL | Allow Direct Meadia Path
B R i
S 5727 6K Re-invike Supported
G711 LILAW Bt [[] Use Offerer's Preferred Codec
G711 ALAWY B4k
G.729(a) 8k C5-ACELP D Codec Lockdown
G,723.1 6K3 MP-MLG
<= [[] rReserve Avaya IP endpoint license
Reseryve 3rd party IP endpoint license
=
Fax Transport Suppork |Nu:|ne v |
TOM->IP Gain | Default |
IP-=TDM Gain |Default |
DTMF Suppaort |RFC2833 v |
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1.8.3. 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 401 and Name
“Sales”. This hunt group was configured to contain various telephones from 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.

Longest Waiting Group Sales: 401

Hunk Group | Queding | Overflow || Falback || Yoicemail | Yoice Recording | Announcernents || SIP

Marme Sales [] ccr agent Group
Extension 401
Ring Made Longestiaiting v Mo Answer Time (secs)  (System Default (15) -
Hold Music Source Mo Change w
Agent's Skakus on Mo-Answer
Applies To Mane b
Lser List
Extension Marme
235 avayal 140E
232 Avaya9s0s
237 Avayadell
234 Softphone
231 T7316E
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The following screen shows the Queuing tab for hunt group 401. 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.

E Longest Waiting Group Sales: 401

Hunk Group | QUeding | Overflow | Fallback | Yoicemail | Voice Recording | &nnouncernents || SIP
QueLing On
Queue Length Mo Limnit £ Mormalize Queue Length
Ciueue Tvpe Assign Call On Agent Answer w
Calls In Queue Alarmm

Calls In Queue Threshaold

Analog Extension ko Makify <Mone = w

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.
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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.

Longest Waiting Group Sales: 401

Hunk Group | Queuing || Owverflow | Fallback | woicemail | Woice Recording

Announcements On
] svnchronize Calls

b

Wait before 15t announcement (seconds) |10

|
Flag call as answered .|
Flay lsiannnuncement
Post announcement tone Music on hald v
l
2nd Announcement
|
Wait before 2nd announcement (seconds) 20 %
|
Play Znd announcement A—
|
Repeat |ast announcemeant
l
‘Wait before repeat (seconds) 20 £

1.9. Short Codes

In this section, various examples of [P 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 “7N;” is repeated from references [VZBIPT-IPOS81].
The Code parameter is set to “7N;”. The Feature parameter is set to “Dial”. The Telephone
Number parameter is set to N“@Domain Name or [P 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 1,
matching the number of the Outgoing Group configured on the SIP URI tab of SIP Line 17 to
Verizon Business documented in [VZBIPT-IPO81]. Although Verizon Business IPCC service,
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 Business IP
Trunk SIP Line. In addition, inbound IPCC toll-free calls used to access the IP Office mobile call
back feature can have the call back occur using the Verizon Business IP Trunk SIP Line. For
more information on outbound calls, short codes, and ARS, see reference [VZBIPT-IPOS81].
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Short Code |
Code ™ |
Feature |Dial w |

Telephone Mumber |N"@pcelhanﬂﬂﬂl Javavalincroft.globalipoorm, com” |

Line Group ID |1 w |

Locale |Llnited States (1J5 English) w |

Force Account Code [ ]

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.

= *17: Voicemail Collect

Short Code |
Code *17 |
Feature |'-.-'|:ui|:email Collect v |

Telephone Mumber |?LI |

Line Group ID |EI w |

Locale | " |

Force Account Code [
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The following screen illustrates another short code. In this case, the Code “FNE31” is defined
for Feature “FNE Service” to Telephone Number “31” (Mobile Call Control). This short code
will be used as means to allow a Verizon DID to be programmed to route directly to this feature,
via inclusion of this short code as the destination of an Incoming Call Route. See Section 1.10.
This feature is used to provide dial tone to twinned mobile devices (e.g., cell phone) directly
from IP Office; once dial tone is received the user can perform dialing actions including making
calls and activating Short Codes.

W

i= FNE31: FNE Service
Short Code
Code FRES1
Feature FME Serwvice b

Telephone Mumber |31
Line Group ID 0 w

Locale W

Force Account Code [

1.10. 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. Example 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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1.10.1. 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 18, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to the Verizon Business IPCC service, in Section 5.4.

W

= 18 8668502380

Standard |'-.-'|:ui|:e Recording | Destinations

Bearer Capability |F'.n3-' Yoice W |
Line Group ID |18 w |
Incoming Mumber |866850238EI |

Incoming Sub Address | |

Incaming CLT | |
Locale | e |
Priority 1-Low v |
Tag | |
Hold Music Source |System Source v |

Select the Destinations tab. From the Destination drop-down, select an 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 232. (The Destination was changed in the course of
testing to associate different destinations with the toll-free numbers.)

E 18 B668502380 e - X v | < |

Standard | Voice Recordingl Destinations |

TimeProfile Destination Fallback Extension

[ Defaul: Yalue 232 Awvayads0a “ w

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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1.10.2. Incoming Call Routes to a Hunt Group by Dialed Toll-Free
Number

In the screen shown below, an incoming call route for Incoming Number “8668523221” is
illustrated. The Line Group Id is 18, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to Verizon Business in Section 5.4.

B

= 18 8668523221 |

Standard | voice Recording | Destinations

Bearer Capabiliky Ay Yaice w
Line Group ID 13 I
Incoming Mumber ena523221

Incoming Sub Address

Incaming CLI

Locale w
Priority 1-Low w
Tag

Hold Music Source Sysbem Source w

Select the Destinations tab. From the Destination drop-down, select the destination to receive
the call when an arbitrary PSTN user dials 8668523221. As shown in Table 1, 8668510107 is
the toll-free number associated with IP Office hunt group extension 401, the “Sales” hunt group.

18 B668523221 ef - X w <=

Standard | Voice Recording | Destinations

TimePrafile Destination Fallback Extension

L4 Diefault Yalue 401 Sales w v

1.10.3. 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 “8668523221” and
Incoming CLI “3035387022” is illustrated. The Line Group Id is 18, matching the Incoming
Group field configured in the SIP URI tab for the SIP Line to Verizon Business in Section 5.4.
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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
caller ID “3035387022”. 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”.

W

= 18 B668523221

Standard | voice Recording | Destinations

Bearer Capabiliky Ay Yaice w
Line Group ID 15 (v
Incoming Mumber a6eea523221

Incoming Sub Address

Incoming CLI 3035357022

Locale "
Priority 3 - High w
Tag

Hold Music Source Syskem Source w

Select the Destinations tab. From the Destination drop-down, select the extension to receive the
call when PSTN user 13035387022 dials 8668523221. In this case, the Destination is also the
hunt group “401 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.

18 8668523221 ef - X w <=

Standard | ¥oice Recording | Destinations

TimePrafile Destination Fallback Extension
» Diefault value 401 Sales - v
1.10.4. 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, Mobile Call Control, and
Conference Bridge, as shown in Table 1 in Section 3. The screen showing the Standard tab for
this toll-free number is shown below.
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W

= 18 8668506850

Standard |'-.-'|:|in:e Recording | Destinations

Bearer Capability |F'.n';.f Yoice w |
Line Group ID |18 w |
Incoming Mumber |866850685I] |

Incoming Sub Address | |

Incoming CLI | |

Locale | » |
Priority 1 - Low v|
Tag | |
Held Music Source | System Source v|

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  “FNE31” (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 IP Office extension.

o “VM:MeetMeConf” With this destination, an incoming call to 8668506850 will be
delivered directly to the Voicemail Pro Module “MeetMeConf” created for use as a
conference bridge.

An example screen showing the short code configured for Voicemail Collect is shown below.

18 B668506850* &f - X w2

Standard | Yoice Recording Destinationsl

TimePrafile Destination Fallback Extension
3 Default Value *17 v w
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1.11. Saving Configuration Changes to IP Office
Navigate to File = Save Configuration in the menu bar at the top of the screen to save the
configuration performed in the preceding sections.

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.

1P Office Settings
‘erizon
Configuration Reboot Mode
O Merge
(&) Immediate
) when Free
) Timed

Reboat Time

Call Barring

[ QK ” Cancel ][ Help ]

45 of 56
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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/communications/contact-center/

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 domain adevc.avaya.globalipcom.com for the
Avaya IP Office location.

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

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

1.11.1. System Status
The System Status application is used to monitor and troubleshoot IP Office. Use the System
Status application to verify the state of the SIP trunk. System Status can be accessed from Start

=> Programs - IP Office = System Status. Or by opening an Internet browser and type the
URL: http://ipaddress where ipaddress is the IP address of the Avaya IP Office LAN1 interface.
See reference [4] for more information. Click on System Status to launch the application.

<« C Y 10.80.150.70/ndex.himl

AVAYA
IP Office R8.1

System Mame: Verizon
IF Address: 108015070
Version: 8.1 (65)

Systemn Status

F Office Web Manadement

Knowledge Base
Avaya Support

© 2000 - 2013 Avaya Inc. All rights reserved.

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.
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AVAYA

IP Office System Status

Help  About

. Online | offline

Logon

Control Unit IP Address:
Services Base TCP Port:

Local IP Address:

10.80.150.70

E0304

Autornatic

L BT Adninistrator

Password: (111111111 11]]

Auto reconnect

Select the SIP line under Trunks from the left pane. On the Status tab in the right pane, verify

the Current State is Idle for each channel.

IP Office System Status

Status | Utilization Summary Alarms

SIP Trunk Summary

Peer Domain Mame: 1.1.1.2

Resolved Address: 172,30,205.58

Line Number: 18

Number of Administered Channels: 70

Number of Channels in Use: i}

Administered Compression: G729 A, G711 Mu

Silence Suppression: Off

SIP Trunk Channel Licenses: 5 . oy
SIP Trunk Channel Licenses in Use: i}

SIP Device Features:

Channel U £ Ti Co.. er Party o jon Round

Idle  |02:05:22

Mumber G... Ref A... or Trip D...

Idle |02:18:39

1dle  |03:07:07

i[53

Idle |03:07:07

Idle  |03:07:07

Idle  |03:07:07

1dle  |03:07:07

Idle  |03:07:07

w|on| | o | e m

1dle  |03:07:07

Idle  |03:07:07

=)

[ Trace Al H Pause H Ping ] Call Details

Select the Alarms tab and verify that no alarms are active on the SIP line.
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Help Snapshot  LogOff  About

Lines:5-8
Line: 17

IP Office System Status

Status | Ukilization Summary Alarms

QCCurrences

Alarms for Line: 18 SIP 1.1.1.2

Error Description

Clear all Prink. ..

1.11.2. System Monitor

The System Monitor application can also be used to monitor and troubleshoot IP Office. System
Monitor can be accessed from Start = Programs = IP Office = Monitor. 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.

Save As...

12:11:43 PM Criline

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.
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s

All Settings [x]

T1 | wComp | wew | wen | sow | sEl | Jade
aTM | cal | DTE | EConf | FrameFRely | GOD | H.323 | Interface
1SDN I Key/Lamp | Directary I Media I FPP | R2 I F\outingl Services SIP | Spstem

Events
™ Sip [Low p= [~ STUN [~ SIP Dect
Packets
I~ SIPReg/Opt Rx I~ SIP Mizc Ry
I~ SIFReg/Opt Tx I~ SIP Misc Tx
[~ SIFCall Rx I Cm Motify Rx
I~ SIPCall Tx I~ Crn Motify Ts
¥ Sip Bx I hex IP Filter [nrn.nnn. hnn. nnn]
¥ Sip Tx [ hex I
Default All | Clear All | Tab Clear Al | Tab Setal | oK Cancel
Savefie |  LoadFie | Load PatalFike|  SelectFie |
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The following screen shows a portion of the monitor trace of an inbound call. As can be
observed, PSTN caller 303-538-7006 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 View Filers Status Help
= ~8[T| x[) = ¥E=
2013-03-12T12:12: 52 11421362Zns 5IF Bx: UDP 172.30.205.55:5072 -» 1.1.1.2:5060 ®
INVITE sip:86685023580@adeve. avaya. globalipoon, con: 5060 SIP/Z.0
Via: SIP/2.0/UDP 172.30.205.55:5072branch=z5hG4dbEaSarhgql04o30ladvmonl. 1
Call-ID: 5407146431614113783@10.10.40.29
From: <sip:+13035387006[199.173.94,24: 5060 ;user=phones; tag=942921091. 5. kakaicnbnkbbonbukbjlkdka
To: sip:lB66550238001.1.1.2
C3eq: 1 INVITE
Contact: <sip:+130353870060172, 30,205, 55: 5072 tranaport=udp:>
A4llow: INVITE, ACK, BYE, OPTIONS, CANCEL, SUBSCRIEE, REFER
P-hzzerted-Tdentity: "THORNTON ,C07 «<=2ip:+13035387006[199.173, 94, 24 user=phones:
Accept: application/sdp
Content-Type: application/sdp
Content-Length: 204
Max-Forwards: &9
w=0
o=- 1363111973294 0 IN IP4 172.30.205.164
F=-
c=IN IP4 17Z.30.205.164
t=0 0
w=audio 10405 RTP/AWE 15 0 & 101
a=rtpmap:1l0l telephone-ewvent/5000
a=fmtp: 101 0-15
a=ptime: 20
a=fmtp: 18 annexb=no
2013-03-12T12:12: 52 1142136508 CMCallEve: 0.1170.0 -1 EaseEP: NEW CMEndpoint £5133204 TOTAL NOW=1 CALL_LIST=0
2013-03-12T12:12: 52 11421367m% SIP Tx: UDP 1.1.1.2:5060 - 172.30.205.55:5072
SIP/Z.0 100 Trying
Via: SIP/2.0/UDP 172.30.205.55:5072branch=z25hG4dbEaSarhgql04o30ladvmonl. 1
From: <zip:+13035387006[@199.173.94.24: 5060 user=-phone>;tag=242921091. 5. kakaicnbnkbbonbukbjlkdka
To: <sip:l8668502380[1.1.1. 2> ;tag=96930972ce016d37
Call-ID: 5407146431614113783@10.10.40.29
C3eq: 1 INVITE
Allow: INVITE, ACE, CANCEL, OPTIONS, EYE, REFER, NOTIFY, INFO, UFDATE
Supported: timer 2
£ >
-
Conclusion

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

These Application Notes demonstrated how IP Office Release 8.1 can be successfully combined
with a Verizon Business IP 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.

IP Office Release 8.1 has not been independently certified by Verizon labs. These
Application Notes can be used to facilitate customer engagements via the Verizon field trial
process, pending Verizon labs independent certification.
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Additional References

This section references documentation relevant to these Application Notes. In general, Avaya
product documentation is available at http://support.avaya.com

[1] IP Office 8.1 Installation Manual, Document Number 15-601042, August 2012

[2] IP Office Manager Manual 10.0, Document Number 15-601011, August 2012

[3] IP Office Release 8.1 Implementing Voicemail Pro, Document Number 15-601064, June 2012
[4] [P Office System Status Application, Document Number 15-601758, November 2011

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

The Application Notes referenced below correspond to the formal compliance testing by Avaya
and Verizon Business for IP Office Release 8.0 with Verizon IPCC Service Suite.
[VZB-IPCCIPORSFT] Application Notes for Configuring SIP Trunking using Verizon Business
IP Contact Center VoIP Inbound and Avaya IP Office Release 8, Issue 1.0

The Application Notes referenced below correspond to the formal compliance testing by Avaya
and Verizon Business for IP Office Release 8.1 with Verizon IP Trunk Service Suite.
[VZBIPT-IPO81] Application Notes for SIP Trunking Using Verizon Business [P Trunk SIP
Trunk Service and Avaya IP Office Release 8.1— Issue 1.1

[RFC-3261] RFC 3261 SIP: Session Initiation Protocol 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.

* [VZ-Test-Plan] Test Suite for CPE IP Trunking Interoperability v1.3
* [VZ-Spec] Verizon Business IPCC Trunk Interface Network Interface Specification,
Document Version 2.2.1.9
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Appendix A: SIP Line Template

Avaya IP Office Release 8.1 supports a SIP Line Template (in xml format) that can be created
from an existing configuration and imported into a new installation to simplify configuration
procedures as well as to reduce potential configuration errors.

Note that not all of the configuration information, particularly items relevant to a specific
installation environment, is included in the SIP Line Template. Therefore, it is critical that the
SIP Line configuration be verified/updated after a template has been imported and additional
configuration be supplemented using Section 5.4 in these Application Notes as a reference.

The SIP Line Template created from the configuration as documented in these Application Notes
is as follows:

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

<Template xmlIns="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>
<Version>20130312</Version>
<SystemlLocale>enu</SystemLocale>
<DescriptiveName>VerizonIPCC_IPO81 </DescriptiveName>
<ITSPDomainName>1.1.1.2</ITSPDomainName>
<SendCallerID>CallerIDNone</SendCallerID>
<ReferSupport>true</ReferSupport>
<ReferSupportIncoming>2</ReferSupportlncoming>
<ReferSupportOutgoing>2</ReferSupportOutgoing>
<RegistrationRequired>false</RegistrationRequired>
<UseTelURI>false</UseTelURI>
<CheckO0OS>true</CheckO0S>
<CallRoutingMethod>1</CallRoutingMethod >
<OriginatorNumber />
<AssociationMethod>SourcelP</AssociationMethod >
<LineNamePriority>SystemDefault</LineNamePriority >
<UpdateSupport>UpdateAuto</UpdateSupport>
<UserAgentServerHeader />
<CallerIDfromFromheader>false</CallerIDfromFromheader>
<PerformUserLevelPrivacy>false</PerformUserLevelPrivacy >
<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>
<UseAdvVoiceCodecPrefs>true</UseAdvVoiceCodecPrefs>
<AdvCodecPref>G.729(a) 8K CS-ACELP,G.711 ULAW 64K</AdvCodecPref>
<CallInitiationTimeout>4</CalllnitiationTimeout>
<DTMFSupport>DTMF_SUPPORT_RFC2833</DTMFSupport>
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<VoipSilenceSupression>false</VoipSilenceSupression>
<ReinviteSupported>true</ReinviteSupported>
<FaxTransportSupport>FOIP_NONE</FaxTransportSupport>
<UseOffererPrefferedCodec>false</UseOffererPrefferedCodec>
<CodecLockdown>false</CodecLockdown>
<Rel100Supported>false</Rel100Supported>
<T38FaxVersion>3</T38FaxVersion>
<Transport>UDPTL</Transport>
<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>

To import the above template into a new installation:

1. On the PC where IP Office Manager was installed, copy and paste the above template
into a text document named US_VerizonPCC_SIPTrunk.xml. Move the .xml file to
the IP Office Manager template directory (C:\Program Files\Avaya\IP
Office\Manager\Templates). It may be necessary to create this directory.

2. Import the template into an IP Office installation by creating a new SIP Line as shown in
the screenshot below. In the Navigation Pane on the left, right-click on Line then

navigate to New = New SIP Trunk From Template:

IP Offices SIP Line - Line 17 g - ¥ | v | < |

K BOOTR(1) # || 5IP Line |Transport | SIP URI|WolP || T3S Fax | SIP Credentials
{# Cperator (3)

(=50 Werizonl Line Murmber 17

== LSE'5E1| 1 New » | H323 Line

=TS ] Generate SIP Trunk Template IP DECT Lins [l
11 - . i SIP Line

i ul ri+.

Tr' b | Mew SIP Trunk From Template

T1723 copy ctr+C
T4 49 all Routing Method Request URI w
e 1 ; Originator nurnber Faor

o Cant| 2 Delete Chrl4+Del forwarded and bwinning calls

Ay Exte 2

a User

ﬂ Hunk A

B ShortoomeTEsy
@ Service () Association Method | By Source IP address “w

E

Yalidate Mame Priority Favor Directory w
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1. Verify that “United States” is automatically populated for Country and “VerizonIPCC”
is automatically populated for Service Provider in the resulting Template Type Selection
screen as shown below. Click Create new SIP Trunk to finish the importing process.

"] Template Type Selection |__||E|fz|
Locale
Country | Inited States w |
Service Provider "-.-"Erizu:unlF'I:ZE vl [ Display &
Create new SIP Tunk ] [ Cancel ]
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©2013 Avaya Inc. All Rights Reserved.

Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and
™ 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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