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Abstract

These Application Notes describe a sample configuration using Session Initiation Protocol
(SIP) trunking between the Verizon Business IP Contact Center VolP 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 9.1 Preferred Edition, Avaya
Voicemail Pro, Avaya Communicator for Windows, and Avaya H.323, SIP, digital, and analog
endpoints.

The Verizon Business IP Contact Center VolP 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 9.1 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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1. 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 9.1 Preferred Edition, Avaya
Voicemail Pro, Avaya Communicator for Windows, and Avaya H.323, SIP, digital, and analog
endpoints.

IP Office Release 9.1 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 IP 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 1P
(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/

2. General Test Approach and Test Results

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

2.1. Interoperability Compliance Testing

The testing included executing the test cases detailed in Reference [VZ-Test-Plan], which
contains the Verizon Business 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.

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

e 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 Communicator for
Windows, and Avaya IP Office Voicemail Pro.

e Proper disconnect when either party hangs up an active call

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

e 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 IP 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 5.5.3).

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

e 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.

e Privacy requests for inbound toll-free calls from the PSTN were verified. That is, when

privacy is requested by a PSTN caller (e.g., dialing *67 from a mobile phone), the

inbound toll-free call can be successfully completed to an IP Office 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

IP Office complies with RFC 3261 SIP Methods

IP Office can use UDP for SIP transport with Verizon IPCC

IP Office can use a configured UDP port for SIP signaling with Verizon IPCC

IP Office accepts the full SIP headers sent by Verizon IPCC

IP Office sends SIP 180 RINGING (no SDP in 180) for inbound calls and ring back tone

is heard by the caller.

IP Office does not return a SIP 302 to Verizon IPCC

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

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

e DTMF 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.

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

e Qutgoing 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-IPO91]. As
detailed in reference [VZBIPT-IPO91], these outgoing PSTN calls can be originated from
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Avaya H.323 telephones, Avaya SIP telephones, Avaya digital telephones, analog
endpoints, and Avaya Communicator for Windows. 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 VVerizon Business IP Trunk service SIP Line.

e Call Forwarding of Verizon toll-free calls to PSTN destinations via the Verizon Business
IP Trunk service documented in reference [VZBIPT-1PO91], presenting true calling party
information to the mobile phone.

e Mobile twinning of Verizon toll-free calls to a mobile phone via the Verizon Business IP
Trunk service documented in reference [VZBIPT-IPO91], presenting true calling party
information to the mobile phone.

e Inbound mobile call control, mapping a Verizon toll-free number to the mobile call
control feature, as shown in Section 5.7.4. 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.

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

2.2. Test Results

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

1. 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.

2. During testing, blind transfers were made from an inbound toll-free call from Verizon
Business IPCC service using the SIP REFER method back out the Verizon Business
IPCC service. After receiving the REFER, Verizon would send a “202 Accepted”,
followed by a NOTIFY with “100 Trying”, then another NOTIFY with “200 OK”, once
the call was answered. Typically an active response to a referenced call would be to
receive in a SIP NOTIFY message with “180 Ringing”, “183 Session Progress” or “200
OK”. If IP Office does not receive one of the aforementioned active responses within ten
seconds, it considers the REFER a failure, and will attempt to send the transfer using the
SIP INVITE method. Verizon does not send an active response to the referenced call
until it is answered. IP Office is expecting a response while the referenced call is ringing.
Therefore, if it cannot be guaranteed that the far end will answer the call quickly, for
example transferring to an IVR, then the blind transfer using the SIP REFER method is
not recommended. To ensure the SIP REFER method is not used, disable the Outgoing
Blind REFER parameter on the SIP Line as shown in Section 5.4.3.
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2.3. Support

2.3.1. Avaya

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

2.3.2. Verizon

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

Figure 1 illustrates an example Avaya IP Office solution connected to the Verizon Business
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-IPO91] illustrates IP Office interoperability with the VVerizon 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.
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Figure 1: Avaya IP Office with Verizon IP Contact Center Service
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Table 1 shows an example mapping of toll-free numbers to IP Office users, groups, or functions.
The associated IP Office configuration is shown in Section 5. Since the quantity of toll-free
numbers was limited in the test configuration relative to the desired test coverage, the same toll-
free number 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 Configured Avaya IP Office Notes
Toll-Free Number Destination(s)
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 Communicator
capabilities.

866-851-2649

X237

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
\oicemail Pro

Allow external callers to
access conference bridge toll-
free

866-852-3221
(any caller)

“401 Inbound” Hunt Group
(with default priority)

Hunt Group with queuing

866-852-3221
(specific priority callers)

“401 Inbound” Hunt Group
(with High Priority)

Show IP Office priority
queuing based on caller ID

Table 1: Example Verizon Toll Free Number to IP Office Destination Mappings
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4. Equipment and Software Validated
Table 2 shows the equipment and software used in the sample configuration.

Equipment Software
Avaya IP Office 500 V2 Release 9.1.100.10
Avaya IP Office Manager Release 9.1.1.0 Build 10
Avaya Application Server Release 9.1.1.0.10
Avaya 2500 Analog Telephone N/A
Avaya 9508 Digital Telephone N/A
Avaya T7315E Digital Telephone N/A
Avaya 9611 IP Telephone (H.323) Release 6.2209
Avaya 1140E SIP Release 04.04.18
Avaya Communicator for Windows Release 2.0.3.30

Table 2: Equipment and Software Tested

Compliance Testing is applicable when the tested solution is deployed with a standalone IP
Office 500 V2, and also when deployed with all configurations of IP Office Server Edition
without T.38 Fax service (T.38 fax is not supported on IP Office Server Edition). Note that IP
Office Server Edition requires an Expansion IP Office 500 V2 to support analog or digital
endpoints or trunks.

5. 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 =
IP Office = Manager to launch the Manager application. A screen that includes the following
in the center may be displayed:

-
Configuration Service User Login

IP Office: SIL (IP 500 V2)

Service User Name Administrator

Service User Password

| Concel || Hep |
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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.

5.1. Licensing and Physical Hardware

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. Confirm a valid SIP Trunk Channels license with sufficient Instances
(trunk channels). If Avaya IP Telephones will be used as is the case in these Application Notes,
verify the Avaya IP endpoints license.

.....

PEOIrOA™ Di:5T

PUDATETELS

HEATISIRG
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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 isa COMBO6210/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, G729A and 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.

e

P Offices L - Control Unit J: 1P 500 V2

STa™s I 2i5Ez

166G

......
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5.2. System Settings

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

the tabs in the Details pane for System settings.

5.2.1. LAN 1 Settings

The 1P500/IP500 V2 control units have 2 RJ45 Ethernet ports, physically marked as LAN and
WAN. Within the system configuration, the physical LAN port is LANL, the physical WAN port

is LAN2.

In the sample configuration, LANL1 is used to connect the IP Office to the enterprise network. To
view or configure the IP Address of LAN1, select the LANL1 tab followed by the LAN Settings
tab. As shown in Figure 1, the IP Address of the IP Office is 10.64.19.70. DHCP Mode is also
set to Server so that IP phones will get an IP Address from the IP Office Server. Other

parameters on this screen may be set according to customer requirements.

= SIL £ v
| System ||-AN1 LANZ | DNS | Voicemail | Telephony | Directory Services | System Events | SMTP | SMDR I Twinning | VCM | Codecs I VolIP Security | Contact Center
LAN Settings |VolP | Network Topelogy | DHCP Pools|
IP Address 10 64 19 70
1P Mask 255 . 255 . 255 0
Primary Trans. IP Address 0 0 0 0
RIP Mode INone -
[] Enable MAT
Mumber Of DHCP IP Addresses 200 = (i)
DHCP Mede
@ Server () Client () Dialin () Disabled m
DDT; Reviewed: Solution & Interoperability Test Lab Application Notes 11 of 50

SPOC 5/14/2015 ©2015 Avaya Inc. All Rights Reserved.

VZB-IPCCIPOR91




Select the Vol P 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
9611 Telephone used in the sample configuration. The SIP Registrar Enable box is checked to
allow Avaya 1140E and Avaya Communicator for Windows usage.

= sIiL e e

| System | LAMNL | LANZ | DNS | Woicemail | Telephony | Directory Services I System Events | SMTP | SMDR | Twinning | VCM | Codecs | VolP Security | Contact Center

H323 Gatekeeper Enable
[7] Auto-create Extn Auto-create User [] H323 Remote Extn Enable
1720
SIP Trunks Enable
SIP Registrar Enable
[7] Auto-create Extn/User [] SIP Remote Extn Enable
Domain Mame avayalab.com =
upp UDP Port 5060 = 5060
Layer 4 Protocol TCP TCP Port 5060 £ 5060
[ LS TLS Port  |S061 = 5061
Challenge Expiry Time (secs) 10 =
RTP R
Port Mumber Range
Minimurm 49152 = Masxirnurm 53246 =
Port Mumber Range (NAT)
Minirmum 49152 = Maximum 53246 =

Enable RTCP Menitering on Port 5005

RTCP collector IP address for phones 0 0 0 0
Keepalives
Scope Disabled - 0
Disabled
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5.2.2. LAN 2 Settings

In the sample configuration, LANZ is used to connect the IP Office to the Verizon network. To
view or configure the IP Address of LAN2, select the LANZ2 tab followed by the LAN Settings
tab. As shown in Figure 1, the IP 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.

= SIL [ v o=

LAN Settings |VoIP | MNetwork Topology|

IP Address 1 1 1 2
IP Mask 255 255 255 0
Primary Trans. IP Address 0 0 0 0
Firewall Profile ’<None> v]
RIP Made ’None v]

Enable NAT
Number Of DHCP IP Addresses |1 =

-

DHCP Mode
() Server () Client () Dialin @ Disabled Advanced
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Select the Vol P 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.

= SiL v
Satern | LANL | LANZ  Das Veicermad | Telephany | Disctary Sendcen | Syvtem Events | SMTP | SMDR | Twinning | VOM | Codecs | VolP Secuity | Contast Comter
LAN Semtings | VolP  Network Topokogy

H327 Gatekreper Enabile
7] SIP Yrunics Enable
S Registras Enabie
e
Port Number Range
Aremom 90152 Maimu m S3M6
Port Number Renge (NAT
1 =l Ma 46
Enable RTCP Montoreg on Port 5005
it lector I° address fo = ¢ ’
Kerpanw
Scepe Otsabled v

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

DiffServ Settings
B8 *| DSCP{Hex) B8 7| Video DSCP(Heq FC 2| DSCP Mask (Hex) (70 | SIG DSCP (Hex)
46 = DsCP 46 = Video DSCP 63 = DSCP Mask 28 = SIG DSCP
DDT; Reviewed: Solution & Interoperability Test Lab Application Notes 14 of 50
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Select the Network Topology tab as shown in the following screen. The Firewall/NAT Type is
set to Open Internet in the sample configuration. Note that the Firewall/NAT Type parameter
may need to be set differently, depending on the type of firewall or Network Address Translation
device used at the customer premise. The Binding Refresh Time (seconds) can 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., 90 seconds, 120 seconds) to test SIP OPTIONS timing. The
Public IP Address is set to the IP address known to Verizon. In the sample configuration, this is
1.1.1.2. The UDP Public Port is set to “5060”.

i= SiL [ v

| System | LAMNL | LAMNZ | DNS | Voicemail | Telephony | Directory Services I System Events | SMTP | SMDR | Twinning | VCM I Codecs | VolP Security | Contact Center

Metwork Topology Discovery

STUMN Server Address
Firewall/NAT Type

Binding Refresh Time (seconds)

STUM Port 3478 =

I Open Internet - I

90 =

Public IP Address 1 1 1 2 Run STUN Cancel
Public Port

[]s]] 5060 =

Tcp 0 =

LS 0 =

[] Run STUN on startup
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5.2.3. Voicemail

To view or change voicemail settings, select the Voicemail tab as shown in the following screen.
The settings presented here simply illustrate the sample configuration and are not intended to be
prescriptive. The Voicemail Type in the sample configuration is “Voicemail Lite/Pro”. Other
Voicemail types may be used. The Voicemail IP Address in the sample configuration is

10.64.19.69, the IP address of the IP Office Application Server running the VVoicemail Pro
software, as shown in Figure 1.

= SIL v

Systern | LANL | LAMN2 | DNS

Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | VCM Codecs | VoIP Security | Contact Center

Voicemail Type Voicemail Lite/Pro

-

V| Messages Button Goes To Visual Voice

Veicemail Destination | Outealling Control

Voicemail IP Address 10 64 19 69
Backup Voicemail IP Address | 0 0 0 0
Voicemail Channel Reservation

Unreserved Channels 4

Auto-Attendant 0 Voice Recording |0 Mandatory Voice Recording |0 :

Alv]| ([4]*

Annocuncements 0 Mailbox Access |0

As described in [VZBIPT-1PO91], the “Callback” application of Avaya Voicemail Pro was used

to allow VVoicemail 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 Name 7329450239
SIP Display Name (Alias) Voeicemail

Contact 7329450239

Ancnymous
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5.2.4. System Telephony Configuration

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

i= SIL (& v

Telephony | Park & Pagel Tones&Musicl Ring Tones | 5M | Call Log | TUI |

Analogue Extensions Companding Law
Switch Line
Default Qutside Call Sequence |N0rma| v|
Default Inside Call Sequence |Ring Typel v| @ U-Law @ U-Law Line
Default Ring Back Sequence |Ring Type2 v|
A-Law A-Law Line

Restrict Analogue Extension Ringer Voltage

Dial Delay Time (secs) 4 DSS Status

<

Auto Hold

Ak [[1]*

Dial Delay Count 0

X Dial By Mame
Default Mo Answer Time (secs) 15 N

V| Show Account Code

Alw| |[4]*

Hold Timeout (secs) 0

Inhibit Off-Switch Forward/Transfer
Park Timeout (secs) 300 =

Restrict Metwork Interconnect
Ring Delay (secs) 5 =

Include location specific information
Call Priority Promotion Time (secs) |Disabled =
- Drop External Only Impromptu Conference

Default Currency usD -

Visually Differentiate External Call

Default Name Priority Favor Trunk -
Media Connection Preservation Disabled -
Phone Failback Manual -

Login Code Complexity

Unsupervised Analog Trunk Disconnect Handling

<

High Quality Conferencing

<

Digital/Analogue Auto Create User

Directory Overrides Barring
Enforcement

Complexity

5.2.5. System Twinning Configuration

To view or change Twinning settings, select the Twinning tab as shown in the following screen.
The Send original calling party information for Mobile Twinning box is not checked in the
sample configuration, and the Calling party information for Mobile Twinning is left blank.
With this configuration, and related configuration of “Diversion header” on the SIP Line to
Verizon Business IP Trunk service (Section 5.4.1 of reference [VZBIPT-IPO91]), the true
identity of the caller can be presented to the twinning destination (e.g., a user’s mobile phone)
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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.

= SIL v

System | LANL | LAN2 | DNS Voicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | VCM Codecs | VoIP Security | Contact Center

Send original calling party information for Mobile Twinning

Calling party information for
Meobile Twinning

5.2.6. System Codecs Configuration

To view or change system codec settings, select the Codecs tab. 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 5.4.6). 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. Set the RFC2833 Default Payload parameter to “101”, the value preferred by
Verizon Business.

i= SIL v
System | LAML | LANZ | DMNS Voicemnail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | VCM Codecs | VolP Security | Contact Center
RFC2833 Default Payload 101 =
Available Codecs Default Codec Selection
Unused Selected
M| G.711 ULAW 64K EEES G.722 64K
M| G.711 ALAW 64K G.711 ULAW 64K
| G.722 64K G711 ALAW 64K

| G.729(a) 8K CS-ACELP G.729(a) BK CS-ACELP
V| G.723.1 6K3 MP-MLQ G.723.1 6K3 MP-MLQ

5.3. IP Route

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
10.64.19.1.

The IP Office LAN2 port is physically connected to the Verizon PIP network and has a default
gateway of 1.1.1.1. To add an IP Route in IP Office, right-click IP Route from the Navigation
pane, and select New. To view or edit an existing route, select IP Route from the Navigation
pane, and select the appropriate route from the Group pane. The following screen shows the
Details pane with the relevant route using Destination “LAN2”.
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5.4. SIP Line

This section shows the configuration screens for the SIP Line in IP Office Release 9.1. Since IP
Office Release 9.1 introduced new SIP Line parameters and re-oriented existing parameters, this
section has the most substantive changes in these Application Notes, compared to the
configuration documented in references [VZB-IPCCIPOR9].

The recommended method for configuring a SIP Line is to use the template associated with these
Application Notes. The template is an .xml file that can be used by IP Office Manager to create a
SIP Line. Follow the steps in Section 5.4.2 to create the SIP Line from the template.

Some items relevant to a specific customer environment are not included in the template or may
need to be updated after the SIP Line is created. Examples include the following:

e |P addresses

e SIP Credentials (if applicable)

e SIP URI entries

e Setting of the Use Network Topology Info field on the Transport tab.

Therefore, it is important that the SIP Line configuration be reviewed and updated if necessary
after the SIP Line is created via the template. The resulting SIP Line data can be verified against
the manual configuration shown in Sections 5.4.2—- 5.4.8.

In addition, the following SIP Line settings are not supported on Basic Edition:

IP Office Manager l,dﬂh]
Please note that the below SIP Line settings are not supported on Basic
' Edition:
SIP Line Originator number for torwarded and twinning calls
Transport Second Explicit DNS Server
SIP Credentlals « Reglistration Required. 8
SIP Advanced B
Engineering
Also note that S5IP Credentials - User Name, Authentication Name,
Contact and Password will not be exported to template,
Lok |
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Alternatively, a SIP Line can be created manually. To do so, right-click Line in the Navigation
Pane and select New = SIP Line. Then, follow the steps outlined in Sections 5.4.3 —5.4.8.

5.4.1. Importing a SIP Line Template

Note — DevConnect generated SIP Line templates are always exported in an XML format.
These XML templates do not include sensitive customer specific information and are
therefore suitable for distribution. The XML format templates can be used to create SIP
trunks on both IP Office Preferred Edition (IP500 V2) and IP Office Server Edition systems.
Alternatively, binary templates may be generated. However, binary templates include all the
configuration parameters of the Trunk, including sensitive customer specific information.
Therefore, binary templates should only be used for cloning trunks within a specific
customer’s environment.

1. Copy a previously created template file to a location (e.g., \temp) on the same computer
where IP Office Manager is installed. By default, the template file name will have the
format AF_<user supplied text>_SIPTrunk.xml, where the <user supplied text> portion
is entered during template file creation.

Note — If necessary, the <user supplied text> portion of the template file name may be
modified, however the AF_<user supplied text>_SIPTrunk.xml format of the file
name must be maintained. For example, an original template file AF_TEST
_SIPTrunk.xml could be changed to AF_Testl_SIPTrunk.xml. The template file
name is selected in Section 5.4.2 to create a new SIP Line.

2. Verify that Template Options are enabled in IP Office Manager. In IP Office Manager,
navigate to File = Preferences. In the IP Office Manager Preferences window that
appears, select the Visual Preferences tab. Check the box next to Enable Template
Options. Click OK.

Preferences | Duectones | Discovery Visual Preferences Secunty | Vakdaton
conSce Senal b

¢ Multilme Tab

¢ Eneble Template Options

¢ Enable Tempiate Creation

O Concel Help

3. Import the template into IP Office Manager. From IP Office Manager, select Tools -
Import Templates in Manager.
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File Edit  View | Tooh Help
o = Extension Rerumber,.
ol Line Benumber..
~’7» Export ’
R 8O0TP o) SCN Service User Manegement Plem LANL | LAMG | DNS | Voicemail | Telephony | Directory Services | System Events | SMTP | SMDR T
¥ Operator 3) .
- Busy on Held Validaten arne Sk Locale Unitey
< [
4 Line (b) MSN Corfiguration Location «Mony
Cootrol Ut (3 t "
Ext won (13} e ID
f ‘:":."“.ﬁ y Imporn Templates in Manages
 Pordandus T . TITTFTP Server I Addrens 10 & 19

4. A folder browser will open (not shown). Select the directory used in step 1 to store the
template(s) (e.g., \temp). In the reference configuration, template file AF_Verizon
IPCC_ SIPTrunk.xml was imported. The template files are automatically copied into
the IP Office default template location, C:\Program Files\Avaya\lP
Office\Manager\Templates.

5. After the import is complete, a final import status pop-up window will open stating
success or failure. Click OK.

Ternplate Provisioning @

Successfully imported templates to IP Office Manager fram
Civternp

5.4.2. Creating a SIP Trunk from an XML Template

1. To create the SIP Trunk from a template, right-click on Line in the Navigation Pane, and
select New SIP Trunk from Template.

m
&
(%]

<

] =

New »

=

Cut Ctrl+X
\.wy5a  Copy Ctrl+C

New SIP Trunk from Template

g

e Create SIP Trunk Template

-
-
i

Pase Ctrl+Y
Delete Ctrl+Del
Validate

-5 Gr Connect To... Ctrl+T
@ e New from Template (Binary)

+-aflx RA Export as Template (Binary)
Lo € v ST T AT e

<X

2. In the subsequent Template Type Selection pop-up window, from the Service Provider
pull-down menu, select the XML template name from Section 5.4.1. Click Create new
SIP Trunk.
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Note — The drop down menu will display the <user supplied text> part of the template
file name (see Section 5.4.1). If the Display All box is checked, then the full template file
name is displayed.

Ul Template Type Selection = || = ER
Locale United States (US English]
Service Provider | Werizon IPCC - | Display Al
| Create new SIP Trunk | | Cancel |

The newly created SIP Line will appear in the Navigation pane (e.g., SIP Line 18).

-7 Line (6)
..... TT;I 1

Once the SIP Line is created, verify the configuration of the SIP Line with the configuration
shown in Sections 5.4.3 — 5.4.8.

5.4.3. SIP Line - SIP Line Tab

The SIP Line tab in the Details pane is shown below for Line Number 21, used for the Verizon
Business IPCC service. The ITSP Domain Name is configured to the domain supplied by
Verizon (advec.avaya.globalipcom.com). By default, the In Service and Check OOS boxes are
checked. In the sample configuration, IP Office will use the SIP OPTIONS method to
periodically check the SIP Line. The time between SIP OPTIONS sent by IP Office will use the
Binding Refresh Time for LAN2, as shown in Section 5.2.2.

In the sample configuration, the IP Office Country Code is 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 +13035387006 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
user would see a display such as “01113035387006”. 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.
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Under Session Timers, the Refresh Method is set to “Reinvite” and the Timer (seconds) is set
to “1800”. With this configuration, IP Office will send re-INVITESs every 15 minutes (half of the

set value) to keep the active session alive.

Under Redirect and Transfer, The default automatic determination of Incoming Supervised
REFER and Outgoing Supervised REFER is “Auto”. Alternatively, the default can be
overridden with “Never” to explicitly disable use of supervised REFER, or “Always” to
explicitly enable use of supervised REFER. Verify the Send 302 Moved Temporarily setting is
unchecked, as Verizon does not support receiving a 302 Moved Temporarily message.

= SIP Line - Line 21 o3 X v
SP Line Transport ' SIP URS| VelP - | T38 Fax|SIP Credentizls | SIP Advanced: Engineesing
L Muanber 2 In Service
TSP Doman Name Asevc.nvayaglabaipcomcem hec
URI Type o Session Timers
Locaticr Cloud Refresh Method Remwte -
Timer (seconds) 1800
Prefu Forwarding and Twinning
Natioral Prefis OCaginator number
Serd Calier ID
Intermational Prefix 011 Send Caler 1D None N
Country Codle 1 Redirect and Trarfe
Name Pricrty System Defaul Incoming Supervised REFER Auto -
Descnptson 'erizon PCC Outgeing Supervised REFER Auto -
SN Pl Verizon B
Send 302 Moved Temporariy
Duttgeing Blind REFER
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5.4.4. SIP Line - Transport Tab

Select the Transport tab. The ITSP Proxy Address is set to the IP Address provided by
Verizon Business. As shown in Figure 1, this IP Address is 172.30.205.55. In the Network
Configuration area, UDP is selected as the Layer 4 Protocol, and the Send Port is set to the
port number provided by Verizon Business. As shown in Figure 1, this port is 5072 in the
sample configuration. The Use Network Topology Info parameter is set to “LAN 27, the LAN
port connected to the Verizon PIP network.

= SIP Line - Line 21 ef -4 X

SIP Ling] Transport [SIP URI|VolP |38 Fax|SIP Credentials| SIP Advanced| Enginesring

ITSP Proxy Address  172.30.205.55

MNetwork Configuration

Layer 4 Protocol |UDP v| Send Port (5072 =
Use Network Topology Info | LAN 2 - | 5060
Explicit DMS Server(s) 0 0 0 0 0 0 0 0

Calls Route via Registrar [V

Separate Registrar
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5.4.5. 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.

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 is set to “None”. The Registration parameter is set to the default “0:
<None>" since Verizon Business [IPCC service does not require registration. The Incoming
Group parameter, set here to 21, will be referenced when configuring Incoming Call Routes to
map inbound SIP trunk calls to IP Office destinations in Section 5.7. The Outgoing Group
parameter, also set here to 21, is not relevant in that this SIP Line will not be chosen for
outbound calls, since the Verizon Business IPCC service will only be used for inbound toll-free
calls. Click OK.

= SIP Line - Line 21 eF-1 X' v
s Lm}Tun&poR SIP URI yolp 173\5 Fox'SIP Crtdenbals.SlP Adunced}ingnuﬂng

Channel  Groups Via Locdl URl Cortact Display Name PAl Credentisl  Max Cally

1 A A 1. B66850.. 86685 2665500850 N.. 0 <Non

P a0 1 856250, S06E%.,, EoLES(E1I0 N.. O «<Nen 10

S T T Y

4 a a 1 BE6331.. -BL685.,, EB63S1NGA9 N. E«Nen. 10

5 A2 1. BG66ES1 85685 §663518119 N B<Non. 10

6 A a 1 BGGA32.. 8663, 8663523221 MN.. & <Non 10

Edit Channel

oK
Via 1112
~————— Cancel

Local URI FEeat 19107 o

Contact 8668310107 -

Display Narme 86638510107 -

pal None -

Registration 0: < Nemer N4

Incoming Group b

Outgong Group A

Max Calls per Chaneel 10
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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 5.5.3 for hunt group configuration.

Edit Channel —
Via 1112 ‘L/
Local URI 3668506850 - fancel
Contact 8568506850 -
Display Mame 8668506850 -
PAI Mone -
Registration 0: «Mone= -
Incoming Group 21
Outgoing Group 21
Mazx Calls per Channel 2 =
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5.4.6. SIP Line - VoIP Tab

Select the VolP tab. In the sample configuration, the Codec Selection is configured using the
“Custom” option, allowing an explicit ordered list of codecs to be specified, different from the
system default (see Section 5.2.6). The arrow buttons can be used such that G.711 ULAW 64K
and G.729(a) 8K CS-ACELP codecs are listed in the Selected column. This configures IP
Office to support either G.711MU or G.729a 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. For PSTN originations,
Verizon preferred the G.729a codec in the SDP, while also allowing the G.711MU codec. During
testing, the IP Office configuration was varied such that G.729a was the preferred or only codec
listed, and G.729a calls were also successfully verified.

If the SIP Line will be used for fax, the G.711 Fax ECAN parameter should be checked and
G.711 ULAW 64K set as the first codec preference. Also, set the Fax Transport Support drop-
down to “T38 Fallback”. This enables T.38 to be used if supported and will fall-back to G.711 if
not. Click OK (not shown).

= SIP Line - Line 21 s R0

SIP Line| Transport|SIP URI VoI |T38 Fax|SIP Credentials|SIP Advanced | Engineering
VolIP Silence Suppression

V| Re-invite Supported

Codec Selection Custom T Codec Lockdown

Unused Selected Allow Direct Media Path

G711 ALAW 64K [ G711 ULAW 64K . o

G722 64K (.729(3) 8K C5-ACELP Force direct media with phones

G.723.1 6K3 MP-MLQ PRACK/100rel Supported

V| G711 Fax ECAN
EEES

Fax Transport Support |T38 Fallback v|
DTMEF Support [RFC2833 -
Media Security [Disabled -

5.4.7. SIP Line — T38 Fax Tab

The settings on this tab are only accessible if Re-invite Supported is checked and a value for
Fax Transport Support other than “None” are selected on the VoIP tab. Fax relay is only
supported on IP500 V2 systems with an IP500 VCM card. To modify the values on this tab,
uncheck the Use Default Values parameter at the bottom of the form. The Disable T30 ECM
must be checked or fax errors may be experienced when using T38 Fax. When selected, it
disables the T.30 Error Correction Mode used for fax transmission. The T38 Fax Version is set
to “0”. In the Redundancy area, Low Speed and High Speed are set to “2”. All other values are
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left at default. Since the Verizon Business IPCC service does not require registration, the SIP
Credentials tab need not be visited. Click OK (not shown)

= SIP Line - Line 21 e e ¢

|SIP LinelTransportlSIP URIlVoIP | T38 Fax |SIP CredentialslSIP AdvancedlEngineering

Scan Line Fix-up

Transport UDPTL
TFOP Enhancement
Redundancy
Disable T30 ECM
Low Speed 2 = . .
[T] Disable EFlags For First DIS
High Speed 2 = [7] Disable T30 MR Compression

TCF Method Trans TCF - [] NSF Qverride
Max Bit Rate (bps) 14400 - £

EFlag Start Timer (msecs) 2600 0

EFlag Stop Timer (msecs) (2300

AQRIESRIEE

Tx Network Timeout (secs) (150

[7] Use Default Values

5.4.8. SIP Line — SIP Advanced Tab

Select the SIP Advanced tab. In the Media area, the Allow Empty INVITE box is checked to
allow IP Office to be the recipient of a Verizon Business IPCC enhanced transfer where the
initial INVITE may not have SDP information. Other parameters may be left at default values.

= SIP Line - Line 21 of -4 X v
SIP Line: Transpore |SIP URLI Vol | 138 Fau SIP Credentiais| SIP Advanced Enginesting
Addressing Meda
Associstion Method By Source IP address = Allow Empty INITE v
Call Routng Method Feguest URL -
Allow Te Tag Change
Suppress DNS SRY Lookups P-Ewsly-Medis Support None -
Send SilenceSupp=0Ff
Aertity Force Early Duect Media
Use Phone Context - chsen
Medsa Connecton Di 2
Add uter=phone Preservation £
Use + for Intermnational
Use PA fee Privacy Call Contrel
Use Doman tor PAl =
Call Inthation Timeoant (5) 4
Swep From and PAI
Caller ID from Erom header Call Queung Timeout (m) 3
Send From In Cleor Service Busy Resporse 485 - Buny Here v
Cache Acth Credentials L4 No Uses B 4
on No User Responding T - |
User-Agent and Server Headers Send 408 rameout 4
A:’;:i«w on CAC Lecation Allow Voxamsil vl
Lirms
Suppress Q450 Reason
Header
Emulate NOTIFY for REFER
No REFER # using Drversion
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5.5. Users, Extensions, and Hunt Groups

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

5.5.1. User 232 (Digital)

The following screen shows the User tab for User 232. As shown in Figure 1, this user
corresponds to the Avaya Digital 9508.

= Avaya9508: 232 g - X v <
User |‘u‘oicemai| | DND | Short Codes | Source Numbers | Telephonyl Forwarding | Dial In I‘u‘oice Recording | Button Programming | Menu Programming | Mobility | 1
MName Awvayad508
Password sene
Confirm Password LI
Conference PIN
Confirm Conference PIN
Account Status Enabled -
Full Name
Extension 232
Email Address
Locale | v|
Priority E -
Systern Phone Rights |None - |

Profile | Power User - |

Receptionist
Enable Softphone
Enable one-X Portal Services

Enable one-X TeleCommuter

e I

Enable Remote Worker
Enable Cornmunicator

Enable Mobile VoIP Client
Send Mobility Email
Ex Directory

Web Collaboration

Device Type @ Avaya 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-IPO91], 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
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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.

= Avaya9508: 232 g - X v <]>

Voice Recording | Button Programming | Menu Programming | Mobility | Group Membership I Announcements| sIP | Personal Directory | Web Self-Administration| )

SIP Mame 7329450232
SIP Display Name (Alias) Avaya3508

Contact 7329450232

Anonymous

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 913035382177. 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-1PO91].

7 Avaya9508: 232* e - X | v <

Button Programming | Menu Programming | Mobility | Group Membership | Announcements | SIP Personal Directory | Web Self-Administration ]k
g g g g P P y

Internal Twinning
<None>
1
Twin Bridge Appearances
Twin Coverage Appearances
Twin Line Appearances
V| Mobility Features

| Mobile Twinning

Twinne_d quile Murmber 013035382177
(including dial access code)

Twinning Time Profile <MNone> -

Mobile Dial Delay (secs) 1}

Mobile Answer Guard (secs) |0 =
Hunt group calls eligible for mobile twinning
Forwarded calls eligible for mobile twinning
Twin When Logged Out

one-X Mobile Client
| Mobile Call Control
| Mobile Callback
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5.5.2. User 234 (Avaya Communicator for Windows)

The following screen shows the User tab for User 234. This user corresponds to a user that will
be granted “Power User” features and Avaya Communicator features. The Profile parameter is
set to “Power User”. The Enable Softphone and Enable Communicator boxes are checked.

E Softphone: 234 g-3 X ¢

e yocemas | DU | Short Coden | Source Mumsens | Tesphony | Forwarding | Distin | Ymes Recering | Buttos Sregramming | Memu Pragramming | Mosony

Name Seftshone

Bagyawsrd wnee

wrence PN

Acceur Stetus Enabied <

Prcrey § -
System Phane Righes Neow -

Prefie Power User A

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-IPO91].

o

= Softphone: 234 ef - | X[ v <>

Forwarding | DialIn | Voice Recording | Button Pregramming | Menu Programming | Mobili Group Membership | Announcements | SIP Personal Directory | Web * | *
g g g g g g ty P P y

SIP Name 7329450234
SIP Display Name (Alias) Softphone

Contact 7329450234

[[] Anonymous

The following screen shows the VVoicemail 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 IPCC service to this user were redirected to VVoicemail Pro after
no answer. VVoicemail messages were recorded and retrieved successfully. VVoice mail navigation
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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).

Mahility | Group Membership | Announcements || SIP Personal Directory

User | “Woicemail | DD Shart Codes | Source Mumbers | Telephony | Forwarding | Dial In || Yaoice Recarding || Butkon Prograniming || Menu Programming

Yoicemail Cade kot Yoicemail On
Caonfirm Voicemail Code  [*+** [ woicemail Help
wWoicemail Email [ woicerail Ringback

Woicemail Email Reading

[ ums web Services

Select the Telephony tab. Then select the Supervisor Settings tab as shown below. The Login
Code will be used by the Avaya Communicator for Windows user as the login password.

= Softphone: 234 g - X v <]>

User Voicemail | DND Short Codes | Source Numbers | Telephony | Forwarding | DialIn | Voice Recording | Button Programming | Menu Programming | Mobility | ¢ | *

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

Legin Code LAl Force Login

Confirm Login Code LAl

Login Idle Period (secs) Force Account Code
Monitor Group |<N0ne> v| Force Authorization Code
Coverage Group |<N0ne> v| Incoming Call Bar

Status on No-Answer |Logged On (Mo change) v| Outgoing Call Bar

Inhibit Off-Switch Forward/Transfer

Reset Longest Idle Time Can Intrude

<

@ All Calls Cannot be Intruded

External Incoming Can Trace Calls

Deny Auto Intercom Calls

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

Mobility | Group Membership | Announcements | SIP Personal Direckory

User | Yoicemai | DMD | Short Codes | Source Mumbers | Telephony | Forwarding | Dial In || Woice Recording | Button Programming | Menu Programming

Call Settings | Supervisor Settings | Mulki-ine Options | Call Log | TUI

Outside Call Sequence Default Ring W Zall Waiting On
Inside Call Sequence Default Ring “ answer Call Waiting ©n Hold
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The following screen shows the Extension information for this user, simply to illustrate the VolP
tab available for a SIP Telephone. To view, select Extension (not shown) from the Navigation
pane, and the appropriate extension from the Group pane. Select VolP in the Details pane. The
new Codec Selection parameter may retain the default setting “System Default” to follow the
system configuration shown in Section 5.2.6. 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.

Extension IEE SIP Extension: 8001 234 e X v
b ey Module n Extn =) W Fox
S 2 a1 10 ) e
Pl m - 2 P Address ° o ) ) VolP Sdence Suppresuce
&) n w01 ) Local Mold Music
o4 04 80 4 y o r L
pis . & odec Selscron st Defaust Y 7 Peimeite Sepponed
L i a0 6 T Codec Lechdoan
&1 o Ll e ULAW 84K Rhow Durect Maga Path
o: X8 B0z 3 ALAW 8K
&5 2 ar 1 o) K CSACELP
on 210 80 G018 M0
& 11 L1, ]
&5 N2 B
&2 13 802
X a4 8D
&n Ml up2
-~ 16 an2 a
50 ) 0
Rasarve Licaras Favany Avape ) erdzom boeme -
.20 0 0
- n 0 Faz Trarapert Suppert | None *
o ! TOM > P Gan Detaut -
. E00e 23 o
. 505 23 1] 0 P>70M Gan Detant »
- e 20 0
DTMF Sugpert AFCE >
1rd Party Ao Aoswer | Nome b
Media Securty Oasldedt »
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5.5.3. Hunt Groups

During the verification of these Application Notes, users could also receive incoming calls as
members of a hunt group. To configure a new hunt group, right-click HuntGroup (not shown)
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
“Inbound”. This hunt group is configured to contain various telephones from Figure 1. The Ring
Mode is set to “LongestWaiting” (i.c., “longest waiting”, most idle user receives next call). Click
the Edit button to change the User List.

i= Longest Waiting Group Inbound: 401 -1 X v

Lreus | Quewing | Overfiow | Failback | Voicemal | Vosce Recording \ Armouncements | SIP

MNarme Inbound Profie Rendeed Hurt Zroup -

Extension a0t Ex Directory

Ring Mode LongestWatng v Mo Answer Time (secs) System Defauk (15)

Hold Music Sowrce No Change -1

Rirsg Tone Dverricle Nore -

l:qvnl ) :/.-u: on No-Arswer o= =

Applies To

Liser List
EBxtenson Neme
15 Ayeyal 140E
4 a2 Ay dd08
37 AveyadSl]
2% Ay 8630
4 Scfiphone
31 TI316E
21 Aralog
Eda.,
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The following screen shows the Queuing tab for hunt group 401. In the sample configuration,
the hunt group is 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.

= Longest Waiting Group Inbound: 401 e - | X

9 Overflow | Fallback | Voicemail | Voice Recording | Announcements | SIP

V| Queuing On

Group

Queue Length Mo Limit +| [¥] Mormalize Queue Length

Queue Type Assign Call On Agent Answer -

Calls In Queue Alarm

Calls In Queue Threshold 1

Analog Extension to Notify |<N0ne> v|

The following screen shows the Announcements tab for hunt group 401. 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 Inbound: 401 e - | X

Group | Queuing | Overflow | Fallback | Voicemail | Voice Recording | Announcements | S[p

V| Announcements On

Wait before 1st announcement (seconds) |10 = Synchronize Calls

!
l

Play 1st announcement

Flag call as answered

Post announcement tone |Music on hold -

!

2nd Announcement v
Wait before 2nd announcement (seconds) |20 :

!

Play 2nd announcement A

l

Repeat last announcement v

l

Wait before repeat (seconds) 20 =

5.6. Short Codes

In this section, various examples of IP Office short codes will be illustrated. To add a short code,
right click on Short Code (not shown) 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 “8N;” is repeated from references [VZBIPT-IPO91].
The Code parameter is set to “8N;”. The Feature parameter is set to “Dial”. The Telephone
Number parameter is set to N“@Domain Name or IP Address of Verizon Business IP Trunk
Service”. The Telephone Number field is used to construct the Request URI and To Header in
the outgoing SIP INVITE message. The Line Group ID parameter is set to 17, matching the
number of the Outgoing Group configured on the SIP URI tab of SIP Line 17 to Verizon
Business documented in [VZBIPT-IPO91]. 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 VVerizon 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-IPO91].
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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 £k - X
Short Code
Code 17
Feature Voicemail Collect -
Telephone Mumber W
Line Group ID 0 -
Locale I -
Force Account Code [}
Force Authorization Code  []

The following screen illustrates another short code. In this case, the Code “FNE31” is defined

for Feature
will be used

“FNE Service” to Telephone Number “31” (Mobile Call Control). This short code
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 5.7.

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.

FNE31: FNE Service

Short Code

Code

Feature

Telephone Number
Line Group ID
Locale

Force Account Code

FME31

FME Service -

a1

0 -

[ =

b

Force Authorization Code  [7]
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The following screen illustrates another short code. In this case, the Code “551xxx” is defined
for Feature “Conference Meet Me” and Telephone Number “N”. In the verification of these
Application Notes, this short code was used in conjunction with a Voicemail Pro module named
“MeetMeConf”. Although the Voicemail Pro configuration is beyond the scope of these
Application Notes, the module enabled a PSTN caller to dial a VVerizon toll-free number, be
prompted to enter a conference ID and PIN by VVoicemail Pro, and then be transferred to the
appropriate meet-me conference based on the ID entered by the caller. Local IP Office callers
could also dial 551xxx to join the corresponding conference with 1D Xxx.

i

551xxx: Conference Meet Me &~ X
Short Code

Code

Feature Conference Mest Me -

Telephone Number N

Lime Group ID ! 4

Locale v

Force Account Code

Force Authanzation Code

5.7. Incoming Call Routes

In this section, IP Office Incoming Call Routes are illustrated. Each Incoming Call Route will
map a Verizon Business toll-free number to a destination user, group, or function on IP Office.
In some cases, the destination will be chosen based on the combination of the toll-free number
and the caller id of the caller. Example mappings are summarized in Table 1 in Section 3. To
add an incoming call route, right click on Incoming Call Route (not shown) in the Navigation
pane, and select New. To edit an existing incoming call route, select Incoming Call Route in the
Navigation pane, and the appropriate incoming call route to be configured in the Group pane.
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5.7.1. Incoming Call Route to a Specific Telephone Extension

In the screen shown below, the incoming call route for Incoming Number “8668502380” is
illustrated. The Line Group Id is 21, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to the Verizon Business IPCC service, in Section 5.4.5.

i= 21 8668502380 &k - X | v«

Standard | Voice Recording | Destinations|

Bearer Capability |Any Voice hd
Line Group ID pil -
Incoming Number BB6E502380

Incoming Sub Address

Incoming CLI

Locale | v|
Pricrity |1 - Low v|
Tag

Hold Music Source |System Source v|
Ring Tone Owverride None -

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.)

= 21 8668502380 cf - X | v <
| Standard | Voice Recording | Destinations |
TimeProfile Destination Fallback Extension
»  DefaultValue |232 Avaya9508 [~

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

In the screen shown below, an incoming call route for Incoming Number “8668523221” is
illustrated. The Line Group Id is 21, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to Verizon Business in Section 5.4.5.

= 21 8668523221 i X ¥
Standard | Voice Recording | Destinations

Bearer Capability Any Veoice -
Line Group ID il -
Incoming Number 8668523221

Incoming Sub Address

Incoming CLI

Locale | v|
Priority |1 - Low v|
Tag IPCCO4

Haold Music Source |S},rstem Source V|
Ring Tene Override MNone v

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 “Inbound” hunt
group.

H—

= 21 8668523221 o X v
Standard | Voice Recording | Destinations

TimeProfile Destination Fallback Extension
b Default Value 401 Inbound |~ ]

5.7.3. Incoming Call Routes Based on Calling Party Number

This section presents a simple example 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. Although 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 “3035382177” is illustrated. The Line Group Id is 21, matching the Incoming
Group field configured in the SIP URI tab for the SIP Line to Verizon Business in Section 5.4.
Note that the Incoming Number is the same as the toll-free number configured in the previous
section. This route will be used for calls to the toll-free number specifically from a caller with
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caller ID “3035382177”. In this case, to allow this caller to be treated with priority when calling
in for “401 Inbound”, the Priority field is set to “3 — High”.

= 21 8668523221 i Klwvw =

Standard | Voice Recording | Destinations|

Bearer Capability lAny‘u’oice hd
Line Group ID 21 -
Incoming Mumber 8668523221

Incoming Sub Address

Incoming CLI 3035382177

Locale [ vJ
Priority (3 High -
Tag Priority Caller

Held Music Source [System Source vJ
Ring Tone Override None -

Select the Destinations tab. From the Destination drop-down, select the extension to receive the
call when PSTN user 3035387022 dials 8668523221. In this case, the Destination is also the
hunt group “401 Inbound”, 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.

i

= 21 8668523221 i X v
| Standard | Voice Recording | Destinations |
TimeProfile Destination Fallback Extensicn
b DefaultValue 401 Inbound =]
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5.7.4. Incoming Call Routes to Various IP Office Features

In the sample configuration, the incoming call route for Incoming Number “8668506850”” was
varied to test different destination features, such as VVoice 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.

= 21 8668506850 e - [ X | v
Standard | Voice Recording | Destinations

Bearer Capability Any Voice -
Line Group ID 2 -
Incoming Mumber 8668506850

Incoming Sub Address

Incoming CLI

Locale | v|
Priority |1 - Low v|
Tag IPCCO5

Hald Music Source |S}rstem Source v|
Ring Tene Override MNene -

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:

e “*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.

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

= 21 8668506850 S0 X v
| Standard | Voice Recording | Destinations ‘
TimeProfile Destination Fallback Extension
3 Default Value [ﬁ_? |,|[

5.8. Saving Configuration Changes to IP Office

Navigate to File = Save Configuration (not shown) 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.

Save Configuration e el I T

IP Office Settings
SIL

Configuration Reboot Mode
9 Merge

) Immediate

~) When Free

) Timed

Reboot Time

11:37

Call Barring

| ok || coancel || Hep J
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6. Verizon Business Configuration

Information regarding Verizon Business IP Contact Center service offer can be found by
contacting a Verizon Business sales representative, or by visiting
http://www.verizonbusiness.com/Products/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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7. Verification

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

7.1.1. 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 (not shown). Or by opening an Internet browser
and type the URL.: http://ipaddress where ipaddress is the IP address of the Avaya IP Office
LANL1 interface. See reference [4] for more information. Click on System Status to launch the
application.

'About IP Office R9.1 A\+

€ @ https//10.64.19.70/index.html c

AVAYA

IP Office R9.1

System Name: Verizon
IP Address: 10.64.19.70

|P Office Self Administration
|P Office Weh Manaaer

System Status
Knowledge Base

Avaya Support

© 2000 - 2014 Avaya Inc. All rights reserved.
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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.

) AVAYA IP Office System Status

. : Offee
' Logon

Cantrul Una [F adddress

Serveces Mass TOP Mo D

) Auto recimeect

@ Sewe connocnien

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

Peer Doman Noms: Lz

Peschrad Ad e 172,30 205,55
Lirm Nardoar: H

Thssber of Advaristersd Chacrmie =

Prsber of Charnes n Uss! o

Adnrstered Congresaon GIZ9 A, GTLE MU
Sherce Suppresson o

Laper 4 Protocet ue

15 Prurk Charred Luwrees: L . -
5 Trurk Charewd Licerwes in Lgs: 0

SIF Dervice Fastisas

Ide 00857 ~
1w | imwas | 1 1 1 4 4 4 4 |

3 T e ?

N S 10 I 12

S e 5613

o ——

y 1w e At

o

» 1ok 7

0| | T i |17

7 P ¥ 7 T
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Select the Alarms tab and verify that no alarms are active on the SIP line.

AVAYA IP Office System Status

i Snacehet LigtF - Abouk

: a v j:,.. " Aarrs for Linec 21 S8 L1012
Confgue stitan (W)
& Nerwce 1)
2 Truns i)
Line &)
LS 4n)
Lne 740

L= 2.40)
Lo 47 (8

L 20 (M

» TR

7.1.2. 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 (not shown). 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 (not shown).

The following screen shows the SIP tab, allowing configuration of SIP monitoring. In this
example, the Sip Rx and Sip Tx boxes are checked. SIP messages received will appear in the
trace with the color red, while SIP messages sent will appear with the color blue. To customize
the color, right-click on Sip Rx or Sip Tx and select the desired color.

Al Settings

T | VPN | WAN | SCN | Jade |
&TM | cal | DTE | EConf | FrameRelay | GOD | H.323 | Interface ||
ISON | Key/Lamp | Directary ] Media | PPP | R2 I Routing | Services  SIP lSyslem Il

Events

[~ Sip ITerse v v STUN [~ SIP Dect
Packets
[~ SIP Reg/Opt Rx [ SIP Misc Rx
I~ SIPReg/Opt Tx [ SIP Misc Tx
[~ SIPCallRx [~ CmNotify Bx
[~ SIPCall Tx [~ CmNotify Tx
v Sip Rx IP Filter (hnn.nnn.nnn.nnn)
W [Sip Tx |
Default All|  ClearAll | TabClearsil| Tabeta| oK Cancel

Save File I Load File ] LoadPartialFiIe] Select File I
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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 Filkers Status  Help
=8| A8t X[ 3 ¥E=
2013-03-12T12:12: 52 11421362m% 3IP BEx: UDP 172.30.205.55:5072 -»= 1.1.1.2:5060 2
INVITE =ip:86655023500adeve, avaya.globalipoon, con: 5060 SIP/Z.0
Via: BIP/2.0/UDF 172.30.205.55: 5072 branch=z5hG4bEaSarhgql04o30]ladvmonl. 1
Call-ID: 5407146481614113783[10.10. 40,29
From: <sip:+13035387006[199,173.94, 24: 5060 ;user=phone>; tag=242921091. 5. kakaicnbnkbboubukbjlkdka
To: =ip:l866350238001.1.1.2
Cleog: 1 INVITE
Contact: <sip:+130353870060172, 30,205, 55: 5072; tranaport=udp:
Allow: INVITE, ACE, EYE, OPTIONS, CANCEL, SUESCRIEE, REFER
P-dsserted-Tdentity: "THORNTON LC0™ <5ip:+13035387006[0199. 173, 94, 24 user=phone>
Aocept: application/sdp
Content-Type: application/sdp
Content-Length: 204
Hax-Forwards: &9
=0
o=- 1363111973294 0 IN IP4 17Z.30.205.164
F=—
c=IN IP4 172.30.205.164
t=0 0
m=audio 104086 RTP/AVE 18 0 & 101
a=rtpmap: 101 telephone-event 3000
a=fmtp: 101 0-15
a=sptime: 20
a=fmtp: 18 annexb=no
2013-03-12T12:12: 52 11421365n% CHCallEwe: 0.1170.0 -1 BaseEP: NEW CMEndpoint £5133204 TOTAL NOW=1 CALL_LIST=0
2013-03-12T12:12: 52 114213673 3IF Tx: UDP 1.1.1.E2:5060 -> 172.30.205.55:5072
SIP/Z2.0 100 Trying
Via: SIP/2.0/UDF 172.30.205.55: 5072 branch=z5hG4bEaSarhgql04o30]ladvmbnl. 1
From: <sip:+13035387006[199,173.94, 24: 5060 ;user=phone>; tag=242921091. 5. kakaicnbnkbboubukbjlkdka
To: <gip:l8668502380@1.1.1.2>; tag=96930972ce016dE87
Call-ID: 5407146431614113783[10.10.40.29
Ci3eq: 1 INVITE
Allow: INVITE, ACE, CANCEL, OPTIONS, EYE, REFER, NOTIFY, INFO, UPDATE
Supported: timer W
£ ¥

8. 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 9.1 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 9.1 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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9. 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 ™ Platform 9.1, Deploying Avaya IP Office ™ Platform 1P500 V2, Document
Number 15-601042, January 2015

[2] Administering Avaya IP Office ™ Platform with Manager, January 2015

[3] IP Office ™ Platform 9.1, Installing and Maintaining the Avaya IP Office ™ Platform
Application Server, Document Number 15-601011 Issue 10d, March 2015

[4] IP Office ™ Platform 9.1, Deploying Avaya IP Office ™ Platform Servers as Virtual
Machines, Document Number 15-601011 Issue 03c, January 2015

[5] IP Office ™ Platform 9.1, Using Avaya IP Office ™ System Status, Document Number
15-601758, October 2014

[6] Administering Avaya Communicator on IP Office, December 2014

[7] RFC 3261 SIP: Session Initiation Protocol http://www.ietf.org/rfc/rfc3261.txt

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

[9] 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 9.0 with Verizon Business IPCC Service Suite.
[VZB-IPCCIPOR9] Application Notes for Configuring SIP Trunking using Verizon Business IP
Contact Center VoIP Inbound and Avaya IP Office Release 9, Issue 1.0

The Application Notes referenced below correspond to the formal compliance testing by Avaya
and Verizon Business for IP Office Release 9.1 with Verizon IP Trunk Service Suite.
[VZBIPT-IPO91] Application Notes for SIP Trunking Using Verizon Business IP Trunk SIP
Trunk Service and Avaya IP Office Release 9.1 Issue 1.0
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©2015 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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