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Abstract

These Application Notes describe a sample configuration using Session Initiation Protocol
(SIP) trunking between the Verizon Business IP Trunk SIP Trunk Service Offer and an Avaya
IP Office solution. In the sample configuration, the Avaya IP Office solution consists of an
Avaya IP Office 500 Release 7.0 Preferred Edition, Avaya Voicemail Pro, Avaya IP Office
Softphone, and Avaya SIP, H.323, digital, and analog endpoints.

These Application Notes complement previously published Application Notes by illustrating
the configuration screens and Avaya testing of IP Office Release 7.0. Capabilities first
introduced in [P Office Release 6.1 are also illustrated, including transfer using SIP REFER to
Verizon, use of DNS SRV to determine the Verizon Business SIP signaling information from a
Verizon DNS Server, and the support of Avaya 1100-Series and 1200-Series IP Deskphones
(SIP) registered to IP Office.

The Verizon Business IP Trunk service offer referenced within these Application Notes is
designed for business customers. The service enables local and long distance PSTN calling
via standards-based SIP trunks directly, without the need for additional TDM enterprise
gateways or TDM cards and the associated maintenance costs.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted in the Avaya Solution &
Interoperability Test Lab, utilizing a Verizon Business Private IP (PIP) circuit connection to
the production Verizon Business IP Trunking 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 Trunk SIP Trunk Service Offer and an Avaya IP
Office solution. In the sample configuration, the Avaya IP Office solution consists of an Avaya
IP Office 500 Release 7.0 Preferred Edition, Avaya Voicemail Pro, Avaya IP Office Softphone,
and Avaya SIP, H.323, digital, and analog endpoints.

These Application Notes complement previously published Application Notes [JRR-IPOR6] by
illustrating the configuration screens and Avaya testing of IP Office Release 7.0. Capabilities
first introduced in IP Office Release 6.1 are also illustrated, including transfer using SIP REFER
to Verizon, use of DNS SRV to determine the Verizon Business SIP signaling information from
a Verizon DNS Server, and the support of Avaya 1100-Series and 1200-Series IP Deskphones
(SIP) registered to IP Office.

REFER-based transfer can allow the trunks to the IP Office location to be released when a call is
transferred, resulting in a connection that no longer uses IP Office resources. The use of DNS
SRV obviates the need to statically configure the Verizon SIP Signaling IP Address and port
information in IP Office, thus allowing dynamic, automatic updates to SIP signaling to occur
without manual intervention by the IP Office administrator, if Verizon network conditions
change.

Customers using Avaya I[P Office with the Verizon Business IP Trunk SIP Trunk service are able
to place and receive PSTN calls via the SIP protocol. The converged network solution is an
alternative to traditional PSTN trunks such as ISDN-PRI.

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

For more information on the Verizon Business IP Trunking service, including access
alternatives, visit http://www.verizonbusiness.com/us/products/voip/trunking/
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2. General Test Approach and Test Results

The Avaya IP Office location was connected to the Verizon Business IP Trunk Service, as
depicted in Figure 1. Avaya IP Office was configured to use the commercially available SIP
Trunking solution provided by the Verizon Business IP Trunk SIP Trunk Service. This allowed
Avaya [P Office users to make calls to the PSTN and receive calls from the PSTN via the
Verizon Business IP Trunk SIP Trunk Service.

2.1. Interoperability Compliance Testing

The testing included executing the test cases detailed in Reference [VZ-Test-Plan], which
contains the Verizon Test Suite for VoIP Interoperability for IP Trunking. In the summary
below, the relevant test case numbers from [VZ-Test-Plan] are shown parenthetically. The
testing included the following successful SIP trunk interoperability compliance testing:

e DNS SRV (TC2) to determine the Verizon IP Trunk SIP signaling information, using
UDP for SIP signaling (TC46) and full SIP headers (TC49).

e Incoming calls (TC3, TC13) from the PSTN were routed to the DID numbers assigned by
Verizon Business to the Avaya IP Office location. These incoming PSTN calls arrived
via the SIP Line and were answered by Avaya SIP telephones, Avaya H.323 telephones,
Avaya digital telephones, analog telephones, Avaya IP Office Softphone, and Avaya IP
Office Voicemail Pro voicemail and auto-attendant applications. The display of caller ID
(TCS8) on display-equipped Avaya IP Office telephones was verified. IP Office sends 180
Ringing (without SDP) for calls ringing to an IP Office user (TC50).

e Incoming calls answered by members of Hunt Groups were verified.

e Outgoing calls (TC17, TC18, and TC20) from the Avaya IP Office location to the PSTN
were routed via the SIP Line to Verizon Business. These outgoing PSTN calls were
originated from Avaya SIP telephones, Avaya H.323 telephones, Avaya digital
telephones, analog endpoints, and Avaya IP Office Softphone. The display of caller ID
(TC36) on display-equipped PSTN telephones was verified. Outbound calls subject to
“fast answer” (Verizon 200 OK without a preceding 18x, TC37) were tested successfully.

e Proper disconnect when the caller abandoned a call before answer for both inbound
(TC6) and outbound (TC19) calls.

e Proper disconnect when the IP Office party (TCS, TC17) or the PSTN party (TC4, TC18)
terminated an active call.

e Proper busy tone heard when an IP Office user called a busy PSTN user (TC43), or a
PSTN user (TC7, TC12) called a busy IP Office user (i.e., if no redirection was
configured for user busy conditions)

e Various outbound PSTN call types were tested including long distance (TC20),
international (TC21), toll-free (TC29), operator assisted (TC30-TC34), directory
assistance (TC23-TC25), and other non-emergency x11 (TC22, TC26, TC28) calls.

e Requests for privacy (i.e., caller anonymity) for IP Office outbound calls (TC38) to the
PSTN were verified. That is, when privacy is requested by IP Office, outbound PSTN
calls were successfully completed while withholding the caller ID from the displays of
display-equipped PSTN telephones.
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e Privacy requests for inbound calls from the PSTN to IP Office users were verified. That
is, when privacy is requested by a PSTN caller (TC11), the inbound PSTN call was
successfully completed to an IP Office user while presenting an “anonymous” or
“withheld” display to the IP Office user.

e SIP OPTIONS monitoring (TC93) of the health of the SIP trunk was verified. Both
Verizon Business and IP Office were able to monitor health using SIP OPTIONS. The
Avaya IP Office configurable control of SIP OPTIONS timing was exercised
successfully.

e [P Office outbound calls were placed with simple short codes as well as using ARS.

e Incoming and outgoing voice calls using the G.729(a) (TC60) and G.711 ULAW (TC59)
codecs, and proper protocol procedures related to media (TC47, TC48, TC55, TC61).

e DTMF transmission (RFC 2833) with successful voice mail navigation using G.729a and
G.711MU for incoming (TC54) and outgoing (TC53) calls. Successful navigation of a
simple auto-attendant application configured on IP Office Voicemail Pro.

e The “callback” feature of Avaya Voicemail Pro was tested successfully. When a
message was left for a voice mail subscriber with “callback™ configured, an outbound call
was placed to the subscriber’s configured mobile telephone via the SIP Line to Verizon
Business. Upon answer, Voicemail Pro announced the call and prompted the user to
enter the “#” key to accept the call. The user had the opportunity to navigate the
voicemail TUI via DTMF (e.g., to listen to the voice message that stimulated the
callback).

e Inbound (TC14) and outbound (TC42) long holding time call stability.

e Telephony features such as call waiting (TC9), hold (TC56), transfer using re-INVITE
(TC65-TC76), transfer using REFER (i.e., REFER with Replaces per TC77-TC84), and
conference (TC89-TC92). IP Office users may use blind transfer, but IP Office will not
send a blind REFER to Verizon (i.e., TC85-TC88).

e Inbound calls from Verizon IP Trunk Service that were call forwarded (TC52) back to
PSTN destinations via Verizon IP Trunk Service, presenting true calling party
information to the destination PSTN telephone.

e Mobile twinning (TC52) to a mobile phone, presenting true calling party information to
the mobile phone. Outbound mobile call control was also verified successfully (e.g.,
using DTMF on a twinned call to place new calls and create a conference via a mobile
phone).

e Proper DiffServ markings for IP Office SIP signaling (TC64) and RTP (TC63) media.

e Inbound fax (TC10) and outbound fax (TC35) calls. See the following section for fax
considerations.

e Inbound (TC98) and outbound G.729a voice calls (TC97) for which intentionally induced
ambient fax tone “noise” played to the voice call causes Verizon to issue a re-INVITE to
G.711.

2.2. Test Results

Interoperability testing of the sample configuration was completed with successful results. The
following observations were noted:
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1. Fax Considerations: At the time Avaya DevConnect testing was performed, T.38 fax
was not available on the production Verizon circuit used in the verification of these
Application Notes. However, Verizon certification labs independently tested IP Office
Release 7.0 for fax. Verizon labs concluded that both G.711 fax and T.38 fax are viable
options with IP Office Release 7.0. The following fax considerations may be instructive.

If T.38 fax will not be used with Verizon, the configurable fax transport method
alternatives are “none” or “G.711”. See Section 5.4.4. With “none” selected, IP Office
Release 7.0, like IP Office Release 6.0, may complete the fax successfully using the
G.711MU codec, but will not make special fax-aware provisions for the call, and fax
failure rates may be unacceptable. In IP Office Release 6.0, a separate analog POTS line
was recommended for fax for this reason. The new IP Office Release 7.0 fax transport
method of “G.711” improves fax success rates by making fax-aware provisions for calls
known to be fax calls, such as disabling the digital signal processing appropriate for voice
calls. Therefore, in IP Office Release 7.0, a separate analog POTS line is no longer
required. The new fax transport method of “G.711” can be used with Verizon IP Trunk
service.

If T.38 fax will be used with Verizon, the SIP Line on IP Office may be configured for
T.38. However, note that a SIP Line on IP Office Release 7.0 configured to support T.38
fax will not “fallback” to fax over G.711, should the Verizon network reject the IP Office
attempt to transition to T.38 by sending a SIP 488 response. This is true even if the fax
machine is connected to a SIP ATA registered to IP Office rather than a native IP Office
analog port. The IP Office product team is evaluating CQ 41553 documenting this issue
for a future product enhancement. If T.38 is turned on in the Verizon network, but is not
enabled on the IP Office SIP Line, IP Office may receive a T.38 re-INVITE in an attempt
to transition to T.38. The fax call may fail because Verizon is expecting IP Office to
reply with a 488 response to the T.38 re-INVITE, leaving the call in a fax over G.711
condition, which does not occur. The IP Office product team is evaluating CQ 41552
documenting this issue for a future product enhancement.

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

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

4. As expected, when a call arriving from the Verizon IP Trunk service is forwarded or
twinned out to the PSTN via the Verizon IP Trunk service, IP Office populates the
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Diversion header with the SIP information of the IP Office party that has forwarding or
twinning activated. Verizon admits the call based on a valid Verizon DID in the
Diversion header. The From header retains the true identity of the calling PSTN party,
and the P-Asserted-Identity is not sent, since it is recommended that the PAI parameter
on the SIP Line URI tab be set to “None” as shown in Section 5.4.3. This allows the
forwarding or twinning destination to see the true caller id. However, when a call from a
local IP Office user is call forwarded to the PSTN via the Verizon IP Trunk Service, the
Diversion header is populated with the local calling party’s information, rather than the
information associated with the forwarding user. If the local IP Office calling party has
a valid Verizon DID, this anomaly will not cause any user-perceivable problem.
However, if the local IP Office calling party does not have a valid Verizon DID, the
forwarded call will not be routed by Verizon, since none of the origination headers will
include a valid Verizon DID. This anomaly is under investigation by the IP Office
product team as CQ41165.

When the IP Office transferor of an outbound call to the PSTN via Verizon is a SIP
device registered to IP Office (e.g., Avaya 1140E, Avaya 1220, or IP Softphone in the
sample configuration), and the REFER transfer option is enabled on the SIP Line to
Verizon, the transferor may briefly see the display “Transfer failed” after the final user
operation, even if the transfer has actually succeeded. On the production circuit used for
testing, Verizon did not send NOTIFY messages to IP Office to signal transfer
completion. This anomaly is under investigation by Verizon and the IP Office product
team as CQ MRDBO00116583.

Although IP Office supports DNS-SRV to a Verizon DNS server as verified in Section
8.4, IP Office does not automatically fail over outbound calls to alternate Verizon SIP
destinations if the Verizon DNS returns multiple answers, and the first listed response is

unavailable. This anomaly is under investigation by the IP Office product team as CQ
MRDB00042104.

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 IP Trunk service offer, visit the online support site at
http://www.verizonbusiness.com/us/customer/.
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3. Reference Configuration

Figure 1 illustrates an example Avaya IP Office solution connected to the Verizon Business IP
Trunk SIP Trunk service. The Avaya equipment is located on a private IP subnet. An enterprise
edge router provides access to the Verizon Business IP Trunk service network via a Verizon
Business T1 circuit. This circuit is provisioned for the Verizon Business Private IP (PIP) service.
The optional Verizon “unscreened ANI” feature is not provisioned on the production Verizon
circuit used for testing. See Section 5.4.3.

In the sample configuration, IP Office receives traffic from the Verizon Business IP Trunk
service on port 5060. IP Office uses DNS SRV, using UDP for transport, to determine the IP
Address and port to be used to send SIP signaling to Verizon. In the sample configuration, the
DNS process will result in SIP signaling being sent to IP Address 172.30.209.21 and port 5071,
but these values are not statically configured in IP Office. As shown in Table 1, the Verizon
Business IP Trunk service provided Direct Inward Dial (DID) numbers. These DID numbers
were mapped to IP Office destinations via Incoming Call Routes in the I[P Office configuration.
Verizon Business used FQDN pcelban0001.avayalincroft.globalipcom.com. The Avaya IP
Office environment FQDN known to Verizon was adevc.avaya.globalipcom.com.

PSTN Phone
908-848-5704

Verizon
IP Trunk
Service

Verizon DNS Server: 172.30.209.4

1.avay
{172.30.209.21 : 5071)

|PT DIDs from Verizon
732-945-0228-> 0229

IP Office Location

732:945-0231- 0244
732.945-0285-> 0288
IP Office Incoming Call Routes
map DIDs to IP Office Extensions,
Groups, or Functions

Inbound PSTN to IP Office Example:

Request-URI: 7329450231@1.1.1.2:5060
TO: 7329450231 @adevec.avaya.globalipcom.com

Qutbound IP Office to PSTN Examples:

Request-URI: 9088485704@172.30.209.21:5071
TO: 9088485704@172.30.209.21

Avaya 1220 Avaya 1140E
X238 X
DID: 732-045-0286 DID: 732-845-0285

l l IP Office 500 FROM: 7329450231@1.1.1.2
Release 7.0
| LANT:1.1.1.2 Or (dey on IP Office guration )

i Request-URI:

: 04@p yali globalipcom.com

i TO: 9088485704@pcelt 1.avayali global com
Avaya 1616 Avaya 1616 IP Office _/ m:‘:;i FROM: 7329450231@1.1.1.2

X30025 X30026 Sofiphone: ; IP Office

DID: 732-945-0235  DID: 732-945-0229 Voicemail Pro

&
Avaya 5410 Digital Avaya 2410 Digital
£y x2m X203
Mobile Twinning 2= )
With cell g‘.;y DID: 732-945.0231  DID: 732-845-0232 Analog phone
Or Fax
X209

adevc.avaya.globalipcom.com Y

Figure 1: Avaya IP Office with Verizon IP Trunk SIP Trunk Service
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Table 1 shows the mapping of Verizon-provided DID numbers to IP Office users, groups, or
functions. The associated IP Office configuration is shown in Section 5.

Verizon Provided DID

Avaya IP Office Destination

Notes

732-945-0228

Auto-Attendant on
Voicemail Pro

See Section 5.6

Avaya 1616 Telephone, or

732-945-0229 x30026 Avaya IP Office Softphone
logged in as x30026
732-945-0231 x201 Digital Telephone with
Mobile Twinning Active
732-945-0232 x203 Digital Telephone
732-945-0233 x209 Analog telephone or Fax
machine, see Section 2.2
732-945-0285 x235 Avaya 1140E Telephone (SIP)
732-945-0286 x238 Avaya 1220 Telephone (SIP)

732-945-0234

Voicemail Collect on
Voicemail Pro

See Section 5.6, also used for
Voicemail Pro Callback

732-945-0235 x30025 Avaya 1616 IP Telephone
732-945-0236 “200 Main” Hunt Group Collective Ring Hunt Group
732-945-0237 30200 Hunt Group Sequential Ring Hunt Group

Table 1: Verizon DID to IP Office Mappings
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4. Equipment and Software Validated

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

Equipment Software
Avaya IP Office 500 Release 7.0 (5)
Avaya IP Office Manager Release 9.0 (5)
Avaya IP Office Voicemail Pro Release 7.0 (17)
Avaya IP Office Voicemail Pro Client Version 7.0 (17)
Avaya 1600-Series Telephones (H.323) Release 1.3
Avaya 1140E IP Deskphone (SIP) SIP1140e.04.01.13.00
Avaya 1220 IP Deskphone (SIP) SIP12x0.04.01.13.00
?;i}éigﬁgg—Serles and 3400-Series Digital REL: 6.00 (downloaded from IP Office)
Avaya IP Office Softphone Release 3.1.2.17 59616
Brother Intellifax 1360 (analog fax) N/A

Table 2: Equipment and Software Tested

5. Configure Avaya IP Office

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

WELCOME to IP Office Administration

What would you like to do ?

Create an Offline Configuration

Open Configuration from System

Read a Configuration from File

Open the IP Office configuration, either by reading the configuration from the IP Office server,
or from file. The appearance of the IP Office Manager can be customized using the View menu.
In the screens presented in this section, the View menu was configured to show the Navigation
pane on the left side, the Group pane in the center, and the Details pane on the right side.
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5.1. Physical, Network, and Security Configuration

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

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

IP Offices Control Unit ] IP 500
R BOOTR(2) Dev Mo,  Dev Type Wersion Unit
1% Operator (3} ] IP 500 7.0(5) _
=% D0EOO7026FZD w2 CARRIER/PRID T1 5.0(8) Device Number i
& System (1) “r3 WM 7.0(5) Uit Type F 500
19 Line (13} g DIGSTAB(ATME  7.0(5)
= Cantrol Unit (5) 5 PHOMES/ATM4  7.0(5) Version 7.0(5)
Ay Extension (40)
§  User (40} Serial Mumber 00e007026f2d
4“ HunkGroup {4} :
Unit TP &dd 1.1.1.2
93¢ Shart Code (64) b ress
@ Service (0) Interconnect Mumber a
A RAS (1)
@ Incoming Call Route (25) Module Murmber Contral Unit

In the sample configuration, the IP Office LANI port is physically connected to the local area
network switch at the IP Office customer site. The default gateway for this network is 1.1.1.1.
To add an IP Route in IP Office, right-click IP Route from the Navigation pane, and select New.
To view or edit an existing route, select IP Route from the Navigation pane, and select the
appropriate route from the Group pane. The following screen shows the Details pane with the
relevant default route using Destination LANI.
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= 0.0.0.0 M X v <>

IP Route |

IP Address | 0 o . 0 .0

IP Mask o . 0o .0 . 0

Gateway IP Address | 1 .1 .1 .1

Destination | LaN1 j

Metric ID :I
™ 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

IP Office : O0E007026F2D - IP 500

Service User Name |securit'g,r

Service User Password |-uuuuu

oK I Eancell Helo |

After logging in, select System from the Navigation pane and the appropriate IP Office system
from the Group pane. In the Details pane, select the System Details tab. Verify that Allow
HTTPS is checked. Ifnot, check the box, click OK, and heed the on-screen prompts and
warnings. Note that this action may be service disrupting.
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System : 00E007026F2D

: System Details | Unsecured Interfacesl

— Base Configuration

Services Base TCP Port I5EISEI4 :I

Maximum Service Users |1 G

Maxamum Rights Groups IS

— System Discovery

TCP Discovery Active v LUDP Discovery Active v
— Security
Session ID Cache (Hours) |10 =
Allow HTTPS 73
—Server Certificate
Offer Certificate Lo
Private Key I
Issued to : IP Office 00e007026f2d
Set View | Delete |

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

5.2. Licensing

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

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

-d AR v

DOEDD7026F2D  ~ License = SIP Trunk Channels =
I Offices = SR TR =HIE:
- & BOOTP (2) License Type Status - || Licenses |
{-¢% Operator (3) % CCC Spectrum Walboards Valid
@ 00E007026F2D % CCC Supervisors valid License Key |9316f5VsPt7ft>(7dn5_quJBwN5d9Mx
= System (1) % Compact Business Centre Valid )
£ Line (13) . 'hCanEraencmg Center Obsokte License Type IS]P Trunk Channels
& Eﬁfggﬁgﬂ”&? SCllink pro Vald License: Status |Vaﬁd
§ User (38) % DECT Integration (ports) Obsolete =
% Runtcroup (1) % eBLF Vaid Instances |
#x short Code (62) % Integrated Messaging Valid Expiry Date |Never
@ service (0) % [P Office Dealer Support - Professional Edition Valid
o RAS (1) %. 1P Office Dealer Support - Standard Edition Valid
@ Incoming Call Route (14) | %IP Office Distributor Support - Professional Edition Valid
@ WanPort (0) % IP Office Distributor Support - Standard Edition  Valid
;f %::s:ﬁ%ggm % 1P500 Universal PRI (Additional channels) Valid
@ Frewal Profie (1) ®.1PS00 Upgrade Standard to Professional Obsolete
Bl 1P Route (4) % IPS00 Voice Networking Channels Valid
am Account Code (0) %= IPS00 Vioice Networking Channels Valid
% License (55) % [PSec Tunneling Valid
@ Tunnel (0) % Microsoft CRM Integration (users) Vald
. Loqical LAN (0) % Mobiity Features Valid
i(‘w ,:;Eg (szaqhts (8) % Phone Manager Pro vaiid
. . % Phone Manager Pro (per seat) Valid
; ngng\cr:iEnq I?le]quest © % Phone Manager Pro IP Audio Enabled (users) Valid
%% Power User Vald
% Preferred Edition (VoiceMail Pro) Valid
% Preferred Edition Additional VoiceMail Parts Valid
% Proactive Reporting Valid
% RAS LRQ Support (Rapid Response) Vald
%= Receptionist Valid
% Report Viewer Valid
SIP Trunk Channels Valid

If Avaya IP Telephones will be used as is the case in these Application Notes, 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.

Fie Edit Help
o : v
O0EQ07026F2D - License ~ Avaya IP endpoints o
IP Offices B Avava IP endpoints e -1X
BOOTP (2) License Type | status || vicenses |
Operator (3) % 3rd Party IP Endpoints Valid _
= 00E007026F2D % Advanced Smal Community Networking Obsolete License Key I\ﬁf‘cualﬂvava IP Endpoints
“= System (1) %= AUDIX Vioicemai Valid -
fﬁ gnet(lﬂj - Avaya IP endpoints Vald License Type IAvaya IP endpoints
- @ E?Per:‘zionn( 3;]] = CCC Agent Rostering Vald License Status |Vaﬁd
@ User (38) S CCC Agents Dormant
-4 HuntGroup (1) % CCC Chat Walid Instances |255
--8% Short Code (62) % CCC Designer (users) Valid - Never
- Service (0) %-CCC EMal Vald Expry Date |
o RAS (1) % CCC PC Walboards Valid
@ Incoming Call Route (14) | %CCC Server Valid
9 wanPort (0) %= CCC Spectrum Walboards Vaid
- _I'Q‘remgr\;_‘mgm % CCC Supervisors Vaiid
. @ F:l?;?.fallrgr:;’i\e (1) % Compact Business Cenfre Valid
-l IP Route (4) % Conferencing Center Obsolete
~-am Account Code (0) %.CTI Link Pro Valid
~-%e License (55) % DECT Integration (ports) Obsolete

A similar process can be used to check the license status for other desired features. For example,
the following screen shows the availability of a valid license for Mobility Features. In the
sample configuration, various mobility features including Mobile Twinning are used.
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& BOOTP (2)
1% Operator (3)
0OEO07026F2D
= System (1)
T Line (13)
= Control Unit (5)
<& Extension (38)
§ User(38)
4% HuntGroup (1)
- Short Code (62)
-8 Service (0)
oy RAS (1)
- Incoming Call Route (14)
£ wanPort (0)
a= Directory (0)
£ Time Profie (0)
- Firewall Profie (1)
-fill IP Route (4)
-l Account Code (0)
% License (55)
W& Tunnel (0)

. Logical LAN (0)
--§3 User Rights (8)
- ARS (2)
- RAS Location Request (0)
-f% E911 System (1)

License Type Status -

% 3rd Party IP Endpoints Valid

%= Advanced Small Community Networking Obsolete

% AUDIX Voicemail Valid

% Avaya [P endpoints Valid

%= CCC Agent Rostering Valid

% CCC Agents Dormant

% CCC Chat Valid

%= CCC Designer (users) Valid

% CCC EMail Valid

%= CCC PC Wallboards Valid

% CCC Server Valid

%= CCC Spectrum Wallboards Valid

% CCC Supervisors Valid

%= Compact Business Centre Valid

% Conferencing Center Obsolete

% CTILink Pro Valid

%= DECT Integration (ports) Obsolete

%.eBLF Valid

% Integrated Messaging Valid

1P Office Dealer Support - Professional Edition Valid

%= IP Office Dealer Support - Standard Edition Valid

% 1P Office Distributor Support - Professional Edition  Valid

% 1P Office Distributor Support - Standard Edition  Valid

%= 1P500 Universal PRI (Additional channels) Valid

% 1P500 Upgrade Standard to Professional Obsolete

%= IP500 Voice Networking Channels Valid

% 1P500 Voice Networking Channels Valid

% IPSec Tunneling Valid

%= Microsoft CRM Integration (users) Valid
Mobility Features Valid

=] Mobilitv Features o - X
Licenses |
License Key |tv9279b2QDvm47WqTersg?Iv7FmpOﬁ5

License Type |M0b'|rrty Features

License Status |Vaﬁd

Instances |255

Expiry Date |Neuer

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

R BOOTP (2)

* Qperator (3)
00EQD7026F2D
= System (1)
3 Line (13)

= Control Unit (5)
-4 Extension (38)

§ User(38)

#% HuntGroup (1)
% Short Code (62)
@ Service (0)
ks RAS (1)

-p Incoming Call Route (14)
-4 WanPort (0)

-8 Directory (0)

-4 Time Profile (0)

@@ Frewal Profile (1)

-Jill IP Route (4)

#m Account Code (0)
% License (55)

@& Tunnel (0)

. Logical LAN (0)
-§5 User Rights (8)
~"¢ ARS (2)

- RAS Location Request (0)
-f* E911 System (1)

License Type Status o

% CCC Spectrum Walboards Valid

%= CCC Supervisors Valid

%= Compact Business Cenfre Valid

% Conferencing Center Obsolete

% CTILink Pro Valid

% DECT Integration (ports) Obsolete

%eeBLF Valid

%= Integrated Messaging Valid

%.1P Office Dealer Support - Professional Edition Valid

% IP Office Dealer Support - Standard Edition Valid

%= 1P Office Distributor Support - Professional Edition Valid

%.1P Office Distributor Support - Standard Edition  Valid

%= IP500 Universal PRI (Additional channels) Valid

% IP500 Upgrade Standard to Professional Obsolete

%= 1P500 Voice Networking Channels Valid

%= IP500 Voice Networking Channels Valid

% IPSec Tunneling Valid

% Microsoft CRM Integration (users) Valid

%= Mobiity Features Valid

% Phone Manager Pro Valid

% Phone Manager Pro (per seat) Valid

%= Phone Manager Pro IP Audio Enabled (users) Valid
Power User Valid

% Preferred Edition (VoiceMail Pro) Valid

%= Preferred Edition Additional VoiceMail Ports Valid

5.3. System Settings

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

5.3.1. System Tab

With the proper system name selected in the Group pane, select the System tab in the Details
pane. The following screen shows a portion of the System tab. The Name field can be used for
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a descriptive name of the system. In this case, the MAC address is used as the name. The
Enable SoftPhone HTTP Provisioning box is checked to facilitate Avaya IP Office Softphone
usage. In the screen shown below, the Avaya HTTP Clients Only box is shown un-checked,
but this box may be checked after all configurations are complete. During initial configuration
of the Avaya 1140E and Avaya 1220 telephones, it may be necessary to leave this box
unchecked. In the screen shown below, both the TFTP Server IP Address and the HTTP
Server IP Address contain the IP Office LAN1 address, and the Phone File Server Type was
set to “Memory Card”. An IP Office memory card can be used as the source for binaries,
settings files, and language files for IP Telephones.

Syskem | Laml | LAMZ || DNS Woicemail | Telephony || Directory Services | System Events | SMTP | SMDR | Twinning | WCM CCR
Marme O0EQO7OZEF20 Locale United States (LS English) 4

Conkact Information

Set contact infarmation ko place System under special control

TFTP Server IP Address 1 1 1 2 Branch Prefix

HTTP Server IP Address 1 1 1 z Local Mumber Length

Fhone File Server Type Mematy Card W

Manager PC IF Address 0 i} ] i}

Avaya HTTP Clients Only |:| |:| Fawaur RIP Routes, over skatic routes

Enable SoftPhone HTTP Provisioning
Automatic Backup Command

Time Setting Config Source Yoicemail ProfManager v

5.3.2. LAN Settings

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

L""-NSBttanS YoIP | Metwork Topology | SIP Registrar | DHCP Pools

IP Address 1 1 1 2
IP Mask, 255 255 255 u]
Primary Trans, IP Address 0 ] 1] ]
RIP Mode Mone W
[ Enable MaT
Murnber OF DHCP IP Addresses i
DHCP Mode

) gerver (O Client O Diglin ) Disabled

Telephony | Directory Services | System Events

SMDR. || Twinning | WM

After setting the DHCP Mode to “Server”, the Advanced button can be used to configure
DHCP settings. In the screen shown below, the DHCP Pools tab has been selected and a DHCP
pool is shown that is sufficient to support the small number of IP Telephones in the sample

configuration. Click OK.

Syskern | LANL | LaMNZ | DNS || Yoicemail | Telephony | Directory Services | System Events || SMTP

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

Apply to Avava IP Phones Only

Start Address | Subnet Mask Default Fouter  Pool Size
1.1.1.110 255,255.255.0 1.1.1.1 5

Edit DHCP Poal

Skart Address 1 1 1 110
Subnet Mask | 255 . 255 . 255 . O
Defaulk Router 1 1 1 1

Pool Size 5

4
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Select the VoIP tab as shown in the following screen. The SIP Trunks Enable box must be
checked to enable the configuration of SIP trunks to Verizon Business. The H323 Gatekeeper
Enable box is checked to allow the use of Avaya IP Telephones using the H.323 protocol, such
as the Avaya 1600-Series Telephones used in the sample configuration. The SIP Registrar
Enable box is checked to allow Avaya IP Office Softphone usage, and Avaya 1140E and Avaya
1220 telephone usage.

If desired, the RTP Port Number Range can be customized to a specific range of receive ports

for the RTP media paths from Verizon Business to IP Office. That is, for SIP Trunk calls to and
from Verizon Business, the SIP protocol exchanges will result in Verizon Business sending RTP
media to IP Office using a UDP port in the configurable range shown below.

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

Systern | LAML | LAz | DMS | Voicemail | Telephory || Directory Services | Syskemn Events | SMTP | SMOR | Twinning | WCM 4

L&M Settings | ¥oIP | Mebwork Topolagy | SIP Reqistrar

A
H3Z3 Gatekeeper Enable
SIP Trunks Enable
SIP Registrar Enable
RTP Port Murmber Range
|:| H323 Auto-create Extn
Port Range (Minimum)  [49152 3
H323 Auto-create User Part Range (Maximum)  [S3246 =
gzal;loertRS'l'é:g‘SMonltnrlng
DifFSery Settings
B % | D3CRiHex) [FC % | DSCPMask(Hexy 70 % | SIGDSCP {Hex)
46 % Dacp 63 % | DSCPMask 28 2| SIGDscP
DHCP Settings
Primaty Site Specific Option Mumber (SS0M) 242 s
Secondary Site Specific Option Mumber (S50M) 176 E
WLAN Mak Present A
1100 Yoice YLAM Site Specific Option Mumber (SS0ON) (232 s
1100 Yoice YLAN IDs
“

Select the Network Topology tab as shown in the following screen. For Public IP Address,
enter the Avaya IP Office LAN1 IP address. Set the Public Port to 5060. In the sample
configuration, the Firewall/NAT Type is set to “Open Internet”. With this configuration, STUN
will not be used. During the testing, the Binding Refresh Time was varied (e.g., 30 seconds, 90
seconds to test SIP OPTIONS timing). Click the OK button.

= 00E007026F2D = | v | < |

System | LANL | Lamz | DMS || Yoicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | WCM 4 *
LAM Settings | voIP | Metwork Topology | SIP Registrar

Metwork Topology Discovery

STUM Server IP Address A3 an 168 13 STUM Paort M7 %
Firewall[MAT Type Cpen Internet “

Einding Refresh Time 30 =

{seconds) >

Public IP Address 1 1 1 z

Public Port Soen 3 Fun STUM Cancel

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

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
“adevc.avaya.globalipcom.com” known to Verizon Business. If the Domain Name is left at the
default blank setting, SIP registrations may use the IP Office LAN1 IP Address. All other
parameters shown are default values.

Syskern | LANL | LaNZ | DMS | Vaoicemail | Telephony | Directory Services || Systern Events | SMTP | SMOR | Twinning | ¥ € *

LAM Settings | YoIP | Mebwork Topology | SIF Registrar

Domain Mame adeve, avaya.globalipcom, com
Laver 4 Proktocol Both TCP & UDP  w
TCP Part 5060 -
LDP Part 5050 e
Challenge Expiry Time (secs) |10 S
AuUko-create ExtnfUser Fl
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5.3.3. Voicemail

To view or change voicemail settings, select the Voicemail tab as shown in the following screen.
The settings presented here simply illustrate the sample configuration and are not intended to be
prescriptive. The Voicemail Type in the sample configuration is “Voicemail Lite/Pro”. Other
Voicemail types may be used. The Voicemail IP Address in the sample configuration is
1.1.1.63, the IP Address of the PC running the Voicemail Pro software, as shown in Figure 1. In
the sample configuration, the “Callback” application of Avaya Voicemail Pro was used to allow
Voicemail Pro to call out via the SIP Line to Verizon Business when a message is left in a voice
mailbox. The SIP Settings shown in the screen below enable IP Office to populate the SIP
headers for an outbound “callback” call from Voicemail Pro, similar to the way the fields with
these same names apply to calls made from telephone users (e.g., see Section 5.5). Other
parameters on this screen may be set according to customer requirements.

‘= 0DOEOD7026F2D g - X | v <]

System | LAM1 | LANZ || DMS Telephony | Directory Services | Syskem Events | SMTP | SMDR || Twinning | CM CCR
Woicemail Type Woicemail Like/Pra w [[] Messages Button Goes To visual Yoice
YWoicemail Destination

Woicemail IP Address 1 1 1 63

Backup Yoicemail IP Address 0 0 1] i}
Woicemail Channel Reservation

Unreserved Channels | 259

Auko-Akkendant 0 % | Voice Recording |0 % | Mandatory Yoice Recording |0 3
Announcements a % | maibox Access [0 -
DTMF Breakout

Reception | Breakout (DTMF 0) (200

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

SIP Mame 7320450234

SIP Display Mame (Alias) |Callback
Conkack F329450254

Loy mous D

5.3.4. System Telephony Configuration

To view or change telephony settings, select the Telephony tab and Telephony sub-tab as
shown in the following screen. The settings presented here simply illustrate the sample
configuration and are not intended to be prescriptive. In the sample configuration, the Inhibit
Off-Switch Forward/Transfer box is unchecked so that call forwarding and call transfer to
PSTN destinations via the Verizon Business IP Trunk service can be tested. The Companding
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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.

B 00E007026F2D gk - X1 vl

System | LANL | LANZ | DMNS Yoicemail |; Direckory Services | Swstem Evenks | SMTP || SMOR. || Twinning | WM CCR

Telephony | Tones & Music | Call Log

~
Analogue Extensions Companding Law
Sumitch Ling
Default Outside Call Sequence | Mormal W
Defaulk Inside Call Sequence Ring Type 1 L ©® uaw @© uLaw Line
Default Ring Back Sequence Ring Type 2 w
) aLaw ) ALaW Line
Cial Delay Time (secs) 4 E
Dial Deday Count 0% [] D55 status
Defaulk Mo Answer Time (secs) 15 2 Auta Hold
Hold Timeaut (secs) 120 % Dial By MName
Park Timeout (secs) 240 % Show Account Code
St B s c -~ [ 1nhibit COFF-Switch Forveardi Transker
w
Call Priarity Promation Time (secs)  ([Disabled s [ Restrict Netwark Interconnect
Default Currency SO . ] Drop External Only Impromptu Conference
. [] wisually Differentiate External Call
Autornatic Codec Preference .729a) 8K CS-ACELP W

5.3.5. System Twinning Configuration

To view or change Twinning settings, select the Twinning tab as shown in the following screen.
The Send original calling party information for Mobile Twinning box is not checked in the
sample configuration, and the Calling party information for Mobile Twinning is left blank.
With this configuration, and related configuration of “Diversion header” on the SIP Line
(Section 5.4), the true identity of a PSTN 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.

B 00E007026F2D g I X vl=|

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

[] send original calling party information For Mobile Twinning

Calling party information For
Mabile Twinning

5.4. SIP Line

This section shows the configuration screens for the SIP Line in IP Office Release 7. Since IP
Office Release 7 introduced new SIP Line parameters and re-oriented existing parameters, this
section has the most substantive changes in these Application Notes, compared to the
configuration documented in references [JRR-IPOR6] and [JRR-IPOR61]. The Appendix in
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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.

5.4.1. SIP Line - SIP Line Tab

The SIP Line tab in the Details pane is shown below for Line Number 7, used for the Verizon
Business IP Trunk service. The ITSP Domain Name may be configured to the IP Office LAN1
address (i.e., 1.1.1.2) or the CPE domain known to Verizon (i.e., adevc.avaya.globalipcom.com).
IP Office will use this field for the host portion of SIP headers such as the From header. By
default, the In Service and Check OOS boxes are checked. In the sample configuration, IP
Office will use the SIP OPTIONS method to periodically check the SIP Line. The time between
SIP OPTIONS sent by IP Office will use the Binding Refresh Time for LAN1, as shown in
Section 5.3.2. See Section 5.10 for additional information related to configuring the periodicity
of SIP OPTIONS.

The Send Caller ID parameter is set to “Diversion Header”. With this setting and the related
configuration in Section 5.3.5, IP Office will include the Diversion Header for calls that are
directed via Mobile Twinning out the SIP Line to Verizon. The Diversion Header will contain
the number associated with the Twinning user, allowing Verizon to admit the call, and the From
Header will be populated with the true calling party identity, allowing the twinning destination
(e.g., mobile phone) to see the true caller id. P Office Release 7 will also include the Diversion
header for calls that are call forwarded out the SIP Line to Verizon. 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”. Click OK (not shown).

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 24 of 76
SPOC 10/7/2011 ©2011 Avaya Inc. All Rights Reserved. VZBIPT-IPO7FT



The area of the screen entitled REFER Support was first introduced in IP Office Release 6.1.
In the following screen, the REFER Support box is checked, and “Always” has been selected
from the drop-down menu for the Incoming and Outgoing parameters, to enable use of SIP
REFER to Verizon in the sample configuration. Successful testing was also performed with the
REFER Support parameters set to “Never”.

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 far-end of the SIP Line may be configured using a
static I[P Address and port, or by using a domain name. If a domain name is used, the source IP
address and port of the incoming message is compared with the IP address and port of the far-
end, as resolved via DNS. The domain name “pcelban0001.avayalincroft.globalipcom.com” is
shown in these Application Notes in the Transport tab in the following section.

M

= SIP Line -Line 7 o X v 2]
SIP Line |Transport| SIP URI|\WaIP || T38 Fax |SIP Credentials

Ling Mumber 7 £

ITSP Domain Mame  |1.1.1.2 In Service

Ise Tel URI Fi

Prefix Check 003

Mational Prefix 0 Call Routing Method Request URL w

CourTy Code Criginator number For

forwarded and bwinning calls

International Prefix |00
Send Caller ID Diversion Header “

Association Method | Source IP address w

REFER Support

Incoming Always W
Oukgoing Blways ~
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5.4.2. SIP Line - Transport Tab

Select the Transport tab. This tab was first 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 Verizon domain provided by Verizon Business. As
shown in Figure 1, this domain is “pcelban0001.avayalincroft.globalipcom.com”. Optionally,
the domain configured in the ITSP Proxy Address field can be suffixed with a number. For
example, “pcelban0001.avayalincroft.globalipcom.com(4)” may be entered. In the Network
Configuration area, UDP is selected as the Layer 4 Protocol. Since DNS SRV will be used,
the Send Port can retain the default value 5060. The port to which IP Office sends SIP
messages will be determined via the DNS procedures. The Use Network Topology Info
parameter is set to “LAN 17. This associates the SIP Line with the parameters in the System =
LAN1 - Network Topology tab. The Explicit DNS Server(s) is configured with the DNS
Server IP address provided by Verizon Business, which is 172.30.209.4 in the sample
configuration.

ﬁ SIP Line - Line 7* ef - X v<]>

SIP Line| Transport |STP LRI | WoIP || T38 Fax || SIP Credentials

ITSP Proxy &ddress  |prelban000l.avayalincroft, globalipcomm, com

Metwiork Configuration

Laver 4 Protocol LDP W Send Port (5060 £
Use Mebwark Topalogy Info  |LAMN 1 w
Explicit DN5 Server(s) 172 30 209 4 u] u] ] 0

Calls Route via Reqistrar

Separate Regiskrar |

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 26 of 76
SPOC 10/7/2011 ©2011 Avaya Inc. All Rights Reserved. VZBIPT-IPO7FT



5.4.3. SIP Line - SIP URI Tab

Select the SIP URI tab. To add a new SIP URI, click the Add... button. In the bottom of the
screen, a New Channel area will be opened. To edit an existing entry, click an entry in the list at
the top, and click the Edit... button. In the bottom of the screen, the Edit Channel area will be
opened. In the example screen below, the previously configured entry for Channel 1 is edited.
“Use Internal Data” is selected for the Local URIL, Contact, and Display Name. Information
configured on the SIP Tab for individual users will be used to populate the SIP headers. The
PAI parameter was introduced in IP Office Release 6.1, and the value “None” is shown selected
from the drop-down menu. With PAI set to “None”, IP Office Release 6.1 and 7.0 will behave
like IP Office Release 6.0 with respect to the SIP P-Asserted-Identity header (e.g., IP Office will
not include a PAI header for an outbound call unless privacy is asserted). If the optional
Verizon “unscreened ANI” feature is configured for the Verizon service, the PAI parameter may
be set to the specific Screened Telephone Number (STN) provided by Verizon. The
Registration parameter is set to the default “0: <None>" since Verizon IP Trunk service does
not require registration. The Incoming Group parameter, set here to 7, 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, set here to 8, will be used for routing outbound
calls to Verizon via the Short Codes (Section 5.6) or ARS configuration (Section 5.8). The Max
Calls per Channel parameter, configured here to 10, sets the maximum number of simultaneous
calls that can use the URI before IP Office returns busy to any further calls. Click OK.

SIP Line || Transport| IP URD yoIP || T38 Fax | SIP Credentials

Channel = Groups | Wia Local LIRT Contack Display Mame  PAI | Credential  Max Calls add. ..
1 78 1.1.1.2 Mone 0O <Mon... 10
z 78 1.1.1.2 7329450234 7329450234 Mone 0O <Mon... 10 Remoyve
3 78 1.1.1.2 7329450225 Mone 0O <Mon... 10
4 7B 1.1.1.2 73294502535 7329450235 7329450235 Mone 0O <Mon... 10 Edit...
5 7 8 1.1.1.2 7329450239 7329450239 7329450239  Mone 0O: <Mon.., 10
6 7 8 1.1.1.2 7329450235 7320450235 7329450235  Mone O¢ <Mon... 10
Edit Channel oK
Via 1.1.1.2
Local URI ze Internal Data w
Conkack Use Internal Data w
Display Mame se Internal Data w
PAI MNone v
Registration 0: =Maone> b
Incaming GEraup 7
Qukgoing Group i
Max Calls per Channel (10 S
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In the sample configuration, the single SIP URI shown above was sufficient to allow incoming
calls for Verizon DID numbers destined for specific I[P Office users or IP Office hunt groups.
The calls are accepted by IP Office since the incoming number will match the SIP Name
configured for the user or hunt group that is the destination for the call. For service numbers,
such as a DID number routed directly to voicemail, or a DID number routed to an auto-attendant
service on Voicemail Pro, the DID numbers that IP Office should admit can be entered into the
Local URI and Contact fields instead of “Use Internal Data”.

5.4.4. SIP Line - VoIP Tab

Select the VoIP tab. In the sample configuration, the Compression Mode was configured using
the Advanced button, allowing an explicit ordered list of codecs to be specified. Place a check
mark next to the G.729(a) 8K CS-ACELP and G.711 ULAW 64K codecs to cause IP Office to
include both G.729a and G.711MU in the Session Description Protocol (SDP) offer, in that
order. The DTMF Support parameter can remain set to the default value “RFC2833”. The Re-
invite Supported parameter should 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 Re-invite Supported parameter must be checked to allow the Fax Transport
Support parameter to take on values other than “none”, or to check Codec Lockdown. The Use
Offerer’s Preferred Codec parameter can be left at the default unchecked setting. In the sample
configuration, Verizon preferred the G.729a codec in SDP, while also allowing the G.711MU
codec. The IP Office configuration shown below matches these Verizon preferences. In the
course of testing, the IP Office configuration was varied such that G.711MU was the preferred or
only codec listed, and G.711MU calls were also successfully verified. Since the Verizon
Business IP Trunk production service did not support T.38 fax at the time of testing, the Fax
Transport Support parameter is set to “G.711” rather than “T.38”, and the T38 Fax tab need
not be visited. See Section 2.2 for additional fax considerations. The Codec Lockdown
parameter, new in [P Office Release 7.0, may be checked or may retain the default unchecked
value. The Codec Lockdown parameter can be used to prevent codec ambiguity, should an SDP
answer list multiple codecs, which is typically not the case with Verizon. If Codec Lockdown is
checked, and an SDP answer with multiple codecs is received, IP Office can initiate a re-INVITE
with a single chosen codec. Since the Verizon Business IP Trunk service does not require
registration, the SIP Credentials tab need not be visited. Click OK (not shown).

= SIP Line -Line 7 = MESRAREES

|:| VoIP Silence Suppression
Re-invite Supported

[] Use Offerer's Preferred Codec

[] codec Lockdown

Fax Transport Suppork G711 hd
Call Initiakion Timeout () ] -
DTMF Support RFC2833 w
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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 201

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

IP Offices | user |B Extn201: 201

& BOOTP (2) Name Extensil{ Menu Programming | Mob‘lrrtyl Phone Manager Optionsl Hunt Group Membersh'lpl Ann
# Operator (3) i Extn201 201 User |\-’oicema'||| DND | Shor‘tCodes' Source Numbers' Telephony' Forwarding' Diz
= QOEQO7026F2D § Extn202 202 I

-3 System (1) § Extn203 203 Name Extn201

""" T4 Une (13) § Extn204 204

..... “ Control Unit (5) § Extn20s 205 Password |

? Egﬁ?g’g? (38) i Extn206 206 Confirm Password |

..... 2 HuntGroup (1) i Extn207 207 :

..... #x Short Code (62) § Extn208 208 Full Name 30ey Dig5410

..... @ service (0) Extn210 210 .

----- % RAS (1) i extn211 211 Bxtension j201

----- Incoming Call Route (14) [(§ Extn212 212 i

""" @ wanPort (0) § Extn213 213 |

""" “= Directory (0) i extn214 214 Priority [s

""" 7% Time Profile (0)

Lef Led Led Lo

) Extn215 215
""" @ Firewal Profie (1) i System Phone Rights  |None
----- B e o N Rl
""" &a Account Code (0) xtn Profile Basic User
..... ®. License (55) § Extn30025 30025 I
----- @& Tunnel (0) #~Extn30026 30026 ™ Receptionist
----- <. Logical LAN (0) § Extn3o027 30027 .
..... §(a gsggthts (8) i Extn30028 30028 = Enable SoftPhone
""" » Extn30029 30029 = i
..... # RAS Location Request (0) § Exta0030 20030 " Enable one-X Portal Services
""" fx E911 System (1) § Extns0000 50000 = Enable one-X TeleCommuter
#~Extn51007 51007 ™ Ex Directory
§~Extn51010 51010 -
§~Extns1020 51020 Device .
§-Extns1021 51021 | Type Avaya 5410
fm CvEnDinTD cin37 |

The following screen shows the SIP tab for User 201. The SIP Name and Contact parameters
are configured with the DID number of the user, 7329450231. 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, 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.
See Section 5.6 for a method of using a short code (rather than static user provisioning) to place
an anonymous call.
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E Extn201: 201* S IXlvi<l>

User | Voicemaill DND | ShortCodesl Source Numbersl Telephonyl Forwardingl Dial In | Voice Recordingl Button Programmingl
Menu Programming | Mobiﬁtyl Phone Manager Optionsl Hunt Group Membershipl Announcements SIP Personal Directory

SIP Name [7329450231

SIP Display Name (Alias) |Joey-Digs41[]
Contact [7329450231]

™ Anonymous

From Figure 1, note that user 201 will use the Mobile Twinning feature. The following screen
shows the Mobility tab for User 201. The Mobility Features and Mobile Twinning boxes are
checked. The Twinned Mobile Number field is configured with the number to dial to reach the
twinned mobile telephone, in this case 917326870755. Other options can be set according to

customer requirements.

B Extn201: 201 - X v < 5]

User | Voicemaill DND | Shortc-:)desl Source Numbersl TeLephony' Forwarding' Dial In | Voice Recordingl Button Programming'
hone Manager Options' Hunt Group Membershipl Announcements' SIP | Personal Directoryl

Menu Programming Mobmty

™ Internal Twinning
Twinned Handset | None:= j

Maximum Number of Calls I'_ j
I~ Twin Eridge Appearances

I~ Twin Coverage Appearances

I Twin Line Appearances

¥ Mobility Features
¥ Mobie Twinning

T_W|nn¢d Mpbﬂe Number |91?3268?U?55
(including dial access code)

Twinning Time Profile |<None:> j

Mobile Dial Delay (secs) |2
Mobile Answer Guard (secs) H
™ Hunt group calls eligible for mobile twinning
™ Forwarded calls eligible for mobile twinning
™ Twin When Logged Out

™ one-X Mabie Clent

¥ Mobile Cal Control

¥ Mobile Calback
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The following screen shows the Extension information for this user. To view, select Extension
from the Navigation pane, and the appropriate extension from the Group pane. As stated in
Section 5.1, the Avaya 5410 telephone user with extension 201 is connected to port 1 of the
digital module.

IP Offices | Extenson  |B Dicital Extension: 49 201
..... & BOOTP (2) id___ | Extenson | Module | Port] extn |
-4 Operator (3) % 8020 0 0 _
ODEQO7026F2D % 8021 0 0 Extension Id [49
@ System (1) 49 201 BD3 1 :
..... % Line (13) &£50 202 BD3 2 Base Extension |201
----- <= Control Unit (5)
----- & Extension (38) @51 203 BDs 3 Caller Display Type I:Z:ff
..... g User (38) 452 204 BD3 4
..... % HuntGroup (1) &£53 205 BD3 5 Reset Volume After Calls r
..... g Short Code (62) g 54 206 BD3 6 -
----- Service (0) & 55 207 BD3 7 . ,
_____ & RAS (1) &55 208 BD3 8 Device type |Avaya 5410
----- @ Incoming Call Route (14) |73 200 BP4 1
""" @ wanport (0) ©74 210 BP4 2 Module BD3
""" “= Directory (0) &75 211 BP4 3
Time Profie (0) ©75 212 BP4 4 Port [
Firewall Profie (1) : pd
..... B 1P Route (4) &77 213 BP4 5 _
..... mm Account Code (0) &£78 214 BP4 6 Disable Speakerphone r
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5.5.2. User 30026

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

B Extn30026: 30026 e X vi<|s

Menu Programmmg' Mob|ﬁty| Phone Manager Optvons' Hunt Group Membersmp' Announcementsl SIP | Personal D|rectory|
Vo»ceman' DND | ShortCodesl Source Numbersl Telephonyl Forwardlngl Dial In | Voice Recordmgl Button Programmmgl

Name [Extn30026
Password Ixxxxxx
Confirm Password e ——

Ful Name [Monica 1P-1616
Extension |30025

Locale I

Priority |5

System Phone Rights INone

Ld Lef L] Ll

Profie IPc-wer User
™ Receptionist
I Enable SoftPhone
M Enable one-X Portal Services
¥ Enable one-X TeleCommuter

™ Ex Directory
Device
Type E |Avaya 1616

Like the user with extension 201, the SIP tab for the user with extension 30026 is configured
with a STP Name and Contact specifying the user’s Verizon Business DID number.

B Extn30026: 30026 - X v< >

User | \-’oncemalll DND | ShortCodesl Source Numbersl Telephonyl Fon.'.rardlngl Dial In | Voice Recordmgl Button Programmmgl

Menu Programmlngl Mobmwl Phone Manager Optnonsl Hunt Group Membersmpl Announcements SIP || Personal Directory

SIP Name |7329450229

SIP Display Name (Alias) |MDnica—1P-1616

Contact 7329450229

™ Anonymous

The following screen shows the Voicemail tab for the user with extension 30026. The
Voicemail On box is checked, and a voicemail password can be configured using the Voicemail
Code and Confirm Voicemail Code parameters. In the verification of these Application Notes,

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 32 of 76
SPOC 10/7/2011 ©2011 Avaya Inc. All Rights Reserved. VZBIPT-IPO7FT




incoming calls from the Verizon Business IP Trunk 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, to test DTMF using
RFC 2833, and to test assignment of a Verizon DID number to the “Voicemail Collect” feature
(e.g., via the *17 short code shown in Section 5.6).

i= Extn30026: 30026 e X v l<]>

Menu Programmingl Mobiﬁtyl Phone Manager Optionsl Hunt Group Membershipl Announcementsl sIP | Personal Directoryl
| DND | Shor‘tCodesl Source Numbersl Telephonyl Fon.'.rardingl Dlal]nl \foice Recordingl Button Programmingl

Voicemai Code |““x ¥ Voicemail On
Confirm Voicernail Code |xxxxx ™ Voicemail Help
WVoicemail Email | I Voicemail Ringback

I Voicernail Emal Reading

¥ UMS Web Services

—Voicemail Email
« Off C Copy  Forward  Alert

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

Breakout (DTMF 2) [System Defautt ()

Breakout (DTMF 3) |Sy5tem Default ()

Select the Telephony tab followed by the Supervisor Settings tab as shown below. To allow
hot desking, enter a Login Code.

E Extn30026: 30026* & X v <>

SIP | Personal Directory |

Button Programming | Menu Programming | Mobirrtyl Phone Manager Optionsl Hunt Group Membershipl Announcements
User | Voicemaill DND | ShortCOdesl Source Numbers Telephony | Forwardingl DiaIInl Voice Recordingl

Call Settings Supervisor Setfings | Multi-ine Optionsl Cal Log |

Login Code |xxxx I” Force Login
Login Idle Period (secs) | ™ Force Account Code
Monitor Group |<:Ncme> j
Coverage Group |<:Ncrne:> j
Status on No-Answer ILDgged On (Mo change) ﬂ ™ Outgoing Call Bar
Reset Longest Idle Time ™ Inhibit Off-Switch Forward/Transfer
« Al Calls ™ Can Intrude
¢ External Incoming M Cannot be Intruded
™ Can Trace Calls
™ CCR Agent
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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).

Extn30026: 30026 k-1 X|lvi<l>

Button Programmingl Menu Programmingl Mobiﬁty' Phone Manager Optionsl Hunt Group Membershipl Announcementsl

SIP | Personal Directory'
User | Voicemail' DND | ShortCodesl Source Numbers Telephony | Fomarding' DiaIIn| Voice Recording'

Cal settings |Superv'tsor Settingsl Multi-line Options' Call L0g|

Outside Call Sequence |Defau|t Ring j ¥ Cal Waiting On

Inside Call Sequence |Defau|t Ring j ¥ Answer Cal Waiting On Hold (Analogue)
Ringback Sequence IDefault Ring j ™ Busy On Held

MNo Answer Time (secs) |5vstem Default (15) :I ¥ Offhook Station

Wrap-up Time (secs) |2 :I

Transfer Return Time (secs) |Off :I

Cal Cost Mark-Up |1[l[l

The following screen shows the Source Numbers tab for the user with extension 30026.
Although the Voicemail Pro configuration is beyond the scope of these Application Notes, the
“Callback” feature has been enabled on Voicemail Pro for this user, and the Source Number
“P917326870755” has been previously added. With this configuration, when a message is left in
this user’s Voicemail Pro mailbox, a “callback” call will be initiated to “917326870755”. The
callback call will be sent to Verizon via SIP Line 7, and the From and Contact headers in the SIP
INVITE will be populated with the information configured in the System => Voicemail tab
shown in Section 5.3.3. It is possible (and more typical) for the end user to configure callback
numbers via the Voicemail Pro Telephony User Interface, rather than the administrator
configuring a callback number via the “P” Source Number in IP Office, as shown below.

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

Ei Extn30026: 30026* - X v < ]

Menu Programming| Mobiﬁtyl Phone Manager Options' Hunt Group Membershipl Announcementsl SIP | Personal Directory'
User | 1u’{)icemail| DND | ShortCodes SourceNumbersl Telephonyl Forwardingl Dial In | Voice Recordingl Button Programming

Source Number |
V30026
P917326870755
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The following screen shows the Extension information for this user, simply to illustrate the VoIP
tab available for an IP Telephone. To view, select Extension from the Navigation pane, and the
appropriate extension from the Group pane. Select VoIP in the Details pane.

H323 Extension: 801430026 | = [EHEIREE

Extn VoIP |
IP Address | o .~ 0o .~ 0 . 0 ™ VoIP Silence Suppression
MAC Address ||:||:| 00 00 00 oo oo r Enable Faststart for
non-Avaya IP phones
Compression Mode |automatic Select ~|
M Qut Of Band DTMF
TDM->IP Gain | Default =l
I Local Tones
IP->TDM Gain | Default =l
M Alow Direct Media Path
Supplementary Services INone j
™ Reserve Avaya IP endpoint license
™ Reserve 3rd party IP endpoint license
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5.5.3. User 235 (Avaya 1140E)

To add a new SIP extension for this user, right click on Extension in the Navigation pane on the
left, and select New SIP Extension (not shown). The following screen shows the Extn tab as
captured while the extension was in the process of being added. In the Base Extension field,
enter the extension of the user, such as “235” shown below. Ensure the Force Authorization
box is checked.

SIP Extension: 8023 * g - X | v l<|>]

Extn | yoIP | T38 Fax

Extension Id 023
Base Extension 235

Caller Display Tvpe

Reset volume After Calls Fi
Device type ﬁ
Madule 0
Part u]
Force Autharization

The following screen shows the VoIP tab for the extension. The IP Address field can be left
blank. Alternatively, the IP Address may be populated with an IP Address to restrict
registrations to a specific [P Address. Check the Reserve Avaya IP endpoint license box.
Other fields may use default values, as shown below.

Extn | VoI | T38 Fax

IP Address a i} 0 a [ walr silence Suppression
Compression Mode Aukamatic Seleck w [ Local Hold Music
Fax Transpork Support | Kone w Allow Direct Media Path
TOM->IP Gain Default v Re-invite Supported
IP-=TOM Gain Default 3z [ use offeret's Preferred Codec
DTMF Support RFC2833 3 Reserve Avaya IP endpoint license
[] reserve 3rd party IP endpaint license
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The following screen shows the User tab for User 235 while the user was being added. This user
corresponds to the Avaya 1140E Telephone in the sample configuration. Enter appropriate
information into the Name, Full Name, Password, and Confirm Password fields. The
Extension field is populated with 235. After the Avaya 1140E Telephone has registered, the

Device Type field will update, as illustrated later in this section.

]
-
fT—

Nortel1140: 235

et - X[ wvl<]>

| Voicemail | DND | ShortiCodes | Source Mumbers || Telephony || Forwarding | Dial In || Voice Recarding || Butkon Proge 4
Name Martel1 140 | =
Password |****** |
Confirm Password |****** |
Full Marme |Nurtel1 140 |
Extension |235 |
Locale |Llniteu:| States (US English) w |
Priority E v |
Syskern Phone Rights |Nu:une w |
Prafile |Basiu: ser v |

|:| Receptionist
Enable SoftPhone
[] Enable one-¥ Portal Services
Enable one-x TeleCommuter
|:| Ex Directory
DTE;;:EE all Other Phone Types
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Select the Telephony tab. Select the Supervisor Settings tab as shown below. Enter a Login
Code that will be used by the Avaya Nortel 1140E as the login password.

E Nortel1140: 235 ek-l X v«

User || Woicemail | DRD ShortCodes || Source Mumbers |; T E|Fu:url.-~~laru:|inu;| Dial In || ¥oice Recording | Butkon Proagr, 4

Call Settings | SUpervisor Settings |Multi-|ine Options | Call Lag

Login Code |**** | [] Farce Lagin

Login Idle Period (secs) | | [] Foree Account Code
Monitar Group | <Mone = w |

Coverage Group | =<Mone = W |

Skatus on No-Answer |Lngged On (Mo change) W | [] oukgaing Call Bar

Reset Longest Idie Time [] 1rhibit ©ff-Switch Forvardi Transfer

& all Calls [] can Intrude
O External Incomi Cannot be Intruded
wternal Incoming
[] can Trace Calls

[] ccr agent

| | Aukomatic After Call Work,

Remaining in the Telephony tab, select the Call Settings tab as shown below. Check the Call
Waiting On box to allow multiple call appearances and transfer operations.

[

= Nortel1140: 235 i SR O IRV B

User | Moicemail | DMD | ShorbCodes || Source Numl:uers| Telephory ‘Furwarding Dial In || Moice Recording | Button Progre € *

Call Settings |Supervisu:ur Settings | Mulb-line Options | Call Lag

Cukside Call Sequence |Default Ring L | Call Waiting On

Inside Call Sequence |Default Ring w | Answer Call waiting On Hold (Analogue)
Ringback Sequence |Default Ring ~ | [] Busy On Held

Mo Answer Time (secs) |15 - [] offhook Station

Transfer Return Time (secs) |0FF

|
Wrap-up Time (secs) |2 E |
|
|

Call Cost Mark-Up 100

Like other users previously illustrated, the SIP tab for the user with extension 235 is configured
with a SIP Name and Contact specifying the user’s Verizon Business DID number.
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HEX

% Nortel1140: 235 ef - X vl<]|>

Mobility || Phone Manager Options || Hunt Group Membership .ﬁ.nnuuncement5| sIP |Per5u:una| Directory A

SIP Mame 7329450285 |

SIP Display Name (Alias) | Nortel1140 |

Contact 7329450285 |

[] anonymous

After the Avaya 1140E has registered as extension 235, the User details screen updates the
Device Type to show an “Avaya 1140E Sip” as shown in the screen below.

E Nortel1140: 235 ek -l X | v <

User |'-.-'|:|i|:email DHD ShortCodes | Source Numbers || Telephorny | Forwarding | Dial In | Yoice Recording | Bu *

Mame |I"-.I|:|rtell 140

Passwiord |******

Confirm Passwiord

|****** |

Full Name Martel1 140

Extension |235 |
Locale |Llnited Skates (U5 English) L |
Priority |5 A" |
System Phone Rights |N|:|ne L" |
Profile |Easic User " |

[] receptionist
Enable SoftPhone

[] Enable one-x Portal Services
Enable one-x TeleCammuker

|:| Ex Directory

Device

Tpe Avayva 1140E Sip

5.5.4. User 238 (Avaya 1220)

To add a new SIP extension for this user, right click on Extension in the Navigation pane on the
left, and select New SIP Extension (not shown). The following screen shows the Extn tab as
captured while the extension was in the process of being added. In the Base Extension field,
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enter the extension of the user, such as “238” shown below. Ensure the Force Authorization
box is checked.

[ SIP Extension: 8025 * e I X | v l<]5]
Extn | yolp | T35 Fax

Extension Id 8025 |

Base Extension 238 |

Caller Display Twpe

Reset Yolume After Calls Fi

Device byvpe ﬁ

Fodule EI
Part EI

Force Authaorization

The following screen shows the VoIP tab for the extension. The IP Address field can be left
blank as shown below. Alternatively, the IP Address may be populated with an I[P Address to
restrict registrations to a specific I[P Address. Check the Reserve Avaya IP endpoint license
box. Other fields may use default values, as shown below.

= SIP Extension: 8025 238* Bf | X v | <=
Extn | YOI | T3 Fax

IP Address | n 0 0 n | [] volP silence Suppression

Compression Mode |.ﬁ.ut|:|m.ati|: Select " | [] Local Hold Music

Fax Transport Support |Nnne w | Allovs Direck Media Path

TOM->IP Gain Default v| Re-invite Supparted

IP-=TOM Gain |DeFauIt 7 | [] use offerer's Preferred Codec

DTMF Suppart |RFC2833 & | Reserve Avava IP endpoint license

[] reserve 3rd party IP endpaint license

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 40 of 76

SPOC 10/7/2011 ©2011 Avaya Inc. All Rights Reserved. VZBIPT-IPO7FT



The following screen shows the User tab for User 238 while the user was being added. This user
corresponds to the Avaya 1220 Telephone in the sample configuration. Enter appropriate
information into the Name, Full Name, Password, and Confirm Password fields. The
Extension field is populated with 238. After the Avaya 1220 Telephone has registered, the
Device Type field will update, as illustrated later in this section.

E Nortel1220: 238 Bf - X | w <>

User | Yoicemail | DMD | ShortCodes || Source Mumbers | Telephony | Forwarding || Dial In || Yoice Recording | Bu £ #
Name Nortl1220 | &
Passward |****** |
onfirm Password |****** |
Full Mame |N|:|rteI122EI |
Extension |238 |
Locale |Llnil:ed Skates (U3 English) w |
Printity s v |
Syskem Phone Rights |Nu:une W |
Profile |Basi|: User v |

|:| Receptionist
Enable SoftPhone
[] Enable one-% Portal Services
Enable one-x TeleCammuker —=
[] Ex Directary
DTE;;EEE All Other Phone Types
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Select the Telephony tab. Select the Supervisor Settings tab as shown below. Enter a Login
Code that will be used by the Avaya Nortel 1220 as the login password.

ﬁ Nortel1220: 238* o SR S V2 -

User | Woicemail | DRD ShortCodes | Source I"-Juml:uers| Telephory |F|:urwar|:|in|;| Dial In || Woice Recording || Bul § #*

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

Login Code |**** | [] Faorce Login

Loqin Idle Period (secs) | | [] Force Account Code
Maonitor Group | <Mane > W |

Coverage Group | <Mone = W |

Skatus on No-Answer |L|:-g-;|eu:| On (Mo change) L | (] oukgoing Call Bar

Reset Langest Idle Time [] tnhibit CFf-Switch Forward| Transfe

& all Calls [] Can Intrude

Cannot be Intruded
() External Incoming
[] Can Trace Calls

[ ccr Agent

Butomatic After Call whork,

Remaining in the Telephony tab, select the Call Settings tab as shown below. Check the Call
Waiting On box to allow multiple call appearances and transfer operations.

Nortel1220: 238* ef I X v <]

User || Woicemail | CND | ShorbCodes | Source Numbers| Telephorry |F0rwarding Dial In || Woice Recording | Button Programming | Menu Programm 4 #

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

Qutside Call Sequence |DeFauIt Ring w | Call Waiting on

Inside Call Sequence |DeFauIt Ring ~ | Answer Call Waiting On Hold {Analogus)

Ringhack Sequence |DeFauIt Rirg w | [] Busy On Held

Mo Answer Time (secs) |15 £ | [ offhook Station

Wrap-up Time (secs) |2 E |

Transfer Return Time (secs) |0FF ) |

Call Cost Mark-Up |1|:n:| |

Like other users previously illustrated, the SIP tab for the user with extension 238 is configured
with a SIP Name and Contact specifying the user’s Verizon Business DID number.
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Eij Nortel1220: 238" th-I X vl<l>

| Muobility || Phone Manager Options ” Hunt Group Membership " Announcements | sIP |F‘er5u:-na| Direckory | L

SIP Mame 7329450286 |

SIP Display Mame (Alias) | Nortel1 220 |

Conkact 7329450286 |

|:| Anonymous

After the Avaya 1220 has registered as extension 238, the User screen updates the Device Type
to show an “Avaya 1220 Sip” as shown in the screen below.

B Nortel1220: 238

W| voicemail | DND || ShortCodes || Source Mumbers | Telephory | Forwarding || Dial In || Yoice Recording | Buttan Pragramming ||
Mame [Nartel1 220
Password |******

Confirm Passward

|****** |

Full Mame [Nortel1220

Extension |238 |
Locale |Uniteu:| Skates (U5 English) - |
Priarity |5 - |
Swstemn Phone Rights |None - |
Profile |Basic User w |

|:| Receptionist
Enable SoftPhone

[T] Enable one-x Portal Services
Enable one-x TeleCommuter

|:| Ex Directary

Device .
Type CE Awvaya 1220 Sip
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5.5.5. 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 hunt group 200. This hunt group was
configured to contain the two digital telephones x201 and x203 in Figure 1. These telephones
will both ring when the hunt group number is called, due to the Ring Mode setting “Collective”.
Click the Edit button to change the User List.

E Collective Group Main: 200 - X vi<|>

Vo'»cema]ll Fallbacl-cl Queuing | Voice Recording | Announcementsl SIP |
Name IMain " CCR Agent Group
Extension |2UD
Ring Mode ICollectivE ﬂ No Answer Time (secs) |Svstem Default (15_+|
Overflow Mode IGroup j Overflow Time (secs) |OFF :I
Hold Music Source INo Change j Voicemail Answer Time (secs) |45 :I
Agent's Status on
No-Answer Apples To |None j
User List —Overflow Group List

Extension | Name [«]| | Group Name

M 201 Extn2m1

L 202 Extn2o2

203 Extn203

O 204 Extnzos

L 205 Extn2os |

O 206  Extn2os

O 207 extn2o7

E 208 Extn208

— 209 Justa Fax LI

Edt... | Remove Add... | Remove

The following screen shows the SIP tab for hunt group 200. The SIP Name and Contact are
configured with Verizon DID 7329450236. Later, in Section 5.7, an Incoming Call Route will
map 7329450236 to this hunt group.
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E Collective Group Main: 200 B X v <>

Hunt Groupl Voicemaill Fallbackl Queuingl Voice Recording | Announcements SIP |

SIP Name [7329450236

SIP Display Name (Alias) |D-1ain
[7329450236

Contact

™ Anonymous

The following screen shows the Hunt Group tab for another hunt group 30200. This hunt group
was configured to contain the two IP telephones x30025 and x30026 in Figure 1. These
telephones will ring sequentially when the hunt group number is called, due to the Ring Mode
setting “Sequential”. That is, extension 30025 will ring first. If unanswered, extension 30026
will ring, and so on (for larger groups).

E Seauential Group IP Stations Seq: 30200 Bf- X v <>

voicemaill Fallbackl Queuing | Voice Recording | Announcementsl SIP |

Name IIP Stations Seq I CCR Agent Group
Extension 30200
Ring Mode ISequentiaI j No Answer Time (secs) |S\,f5tem Default flfﬂ
Overflow Mode IGI’DUp j Overflow Time (secs) |Off j
Hold Music Source IND Change j WVoicemai Answer Time (secs) |45 :I
Agent's Status on
- N hd
No-Answer Applies To I one J
—User List —Overflow Group List
Extension | Name | | Group Name
Il 30025 Extn3o025
30026 EXn30026
Edit... | Remove | Add... | Remove |

The following screen shows the SIP tab for hunt group 30200. The SIP Name and Contact are
configured with Verizon DID 7329450237. Later, in Section 5.7, an incoming call route will
map this same Verizon DID number to this hunt group.
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E Seauential Group IP Stations Sea: 30200 - X[ vi<|>

HuntGroupl \foicemail| Fallbackl Queuing' Voice Recording' Announcements SIP |

SIP Name [7329450237

SIP Display Name (Alias) |IP Stations Seq

Contact [7329450237

™ Anonymous

5.6. Short Codes

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

In the screen shown below, the short code “9ON;” is illustrated. The Code parameter is set to
“ON;”. 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” with the text string
beginning with @ in quotes. Below, the Verizon provided domain shown in Figure 1 is
configured. The Telephone Number field is used to construct the Request URI and To Header
in the outgoing SIP INVITE message. The Line Group ID parameter is set to 8, matching the
number of the Outgoing Group configured on the SIP URI tab of SIP Line 7 to Verizon
Business (Section 5.4).

This simple short code will allow an IP Office user to dial the digit 9 followed by any telephone
number, symbolized by the letter N, to reach the SIP Line to Verizon business. N can be any
number such as a 10-digit number, a 1+10 digit number, a toll free number, directory assistance
(e.g., 411), etc. This short code approach has the virtue of simplicity, but does not provide for
alternate routing or an awareness of end of user dialing. When a users dial 9 plus the number, IP
Office must wait for an end of dialing timeout before sending the SIP INVITE to Verizon
Business. Click the OK button (not shown).

IP Offices Short Code g 9N:: Dial - X
& BOOTP (2) Code Telephone Nun « | | Short Code |
- Qperator (3) ™19 -
&% 00E007026F2D BX=20%N# N Code [on;
=% System (1) PXE2IENE N
-7 Line (13) e Feature |D|a| j
@ gg::;;\oﬂn(gg] =30 Telephone Number IN"@pCe\banDDD1.avaya\lncroft.gbballpcom.l
%31 )
:’f‘ gfjirt((;?—glp (1) PEIDENE N Line Group Td |8 j
g g:?&g‘?g)ﬁ (62) :::;i;Nk E Locale |Umted States (US English) j
% RAS (1) PREISENE N Force Account Code ™
@ Incoming Cal Route (14) || s =36
-4 WanPort (0) OEITENE N

Optionally, add or edit a short code that can be used to access the SIP Line anonymously. In the
screen shown below, the short code “8N;” is illustrated. This short code is similar to the “ON;”
short code except that the Verizon IP Address rather than the domain is entered in the Telephone
Number field. This is done for variety; either method can be used. The Telephone Number
field begins with the letter W, which means “withhold the outgoing calling line identification”.
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In the case of the SIP Line to Verizon documented in these Application Notes, when a user dials
8 plus the number, IP Office will include the user’s telephone number in the P-Asserted-Identity
(PAI) header along with “Privacy: Id”. Verizon will allow the call due to the presence of a valid
DID in the PAI header, but will prevent presentation of the caller id to the called PSTN
destination.

IP Offices Short Code 8N:: Dial ¥ - X

15 BOOTP (2) 'C:EITB Telephone Nun = | | Short Code |
SoebatskaD BE0NE N Code [on;
"E%S;Fg]fl] :::E;XN# N Feature IDia\ j
b A B30 Tekephone Number [WN'@172.30.209.21"
Hotroup (1) e e Group 16— -
gr;:)‘:‘tcec?gje (62) e TN Locale I j
ek RAS(L) | EREEENE N Force Account Code ™

The simple “ON;” and “8N;” short codes illustrated previously do not provide a means of
alternate routing if the primary Verizon SIP line is out of service or temporarily not responding.
When alternate routing options and/or more customized analysis of the digits following the short
code are desired, the Automatic Route Selection (ARS) feature may be used. In the following
example screen, the short code 7N is illustrated for access to ARS. When the IP Office user dials
7 plus any number N, rather than being directed to a specific Line Group Id, the call is directed
to Line Group ID “50: Main”, configurable via ARS. See Section 5.8 for example ARS route
configuration for “50: Main” as well as a backup route.

IP Offices Short Code =] 7N: Dial of - X

K BOOTP (2) ::Sig Telephone Nun « || Short Code |
Oggg?at?ﬂ[;z(g;m OXF20%NE N Code [7n
: E%Zt?rlg]m :::gé’N.v‘ N Feature [t =]
Exctengon (26) w30

Telephone Number IN

31
= uz;rtgglp (1 X E32ENE N Line Group Td [50: Man =
.-® Short Code (62) WO=33ENE N Locale I ﬂ
@B service (0) #RE3AN; N
Lok RAS (1) PREISENE N 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 DID 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.
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IP Offices Short Code *{7: Voicemail Collect i~ %

& BOOTP (2) 'C:de Telephone Nun « | | Short Code |
{4 Operator (3) *03
o Code |*17
-2 00E00O7026F2D EQ4
¢, Eﬁ:‘?ﬁ{ 1 :::g: Feature [Voicemai Colect =l
= Control Unit (5) s
-4 Extension (38) :::ES*N# N Telephone Number I?U
" User (38) <00 Line Group Id o =
»f HuntGroup (1) POI0NE N
g Short Code (62) ox i Locale | j
Service (0) F11%N# N
oz RAS (1) PHEI2ENE N Force Account Code I
@ Incoming Call Route (14) | #=13*N2 N
9 wanPort (0) oE1ENE N
- Directory (0) #R*15

-£1 Time Profile (0) ;=16

@ Frrewal Profie (1) -
-E 1P Route (4)

The following screen illustrates another short code that acts like a feature access code rather than
a means to access a SIP Line. In this case, the Code “*99” is defined for Feature “Voicemail
Collect” and Telephone Number “Attendant”. This short code will be used as a means to allow a
Verizon DID to be programmed to route directly to a Voicemail Pro “Attendant” (auto-attendant)
application, via inclusion of this short code as the destination of an Incoming Call Route. See
Section 5.7.

E *99: Voicemail Collect - X v <>

Short Code |
Code |‘99
Feature I\-’Dicemail Collect j

Telephone Number |"Attendant"

Line Group Id |D ﬂ

Locale I j

Force Account Code ™

5.7. Incoming Call Routes

In this section, IP Office Incoming Call Routes are illustrated. Each Incoming Call Route will
map a specific Verizon Business DID number to a destination user, group, or function on IP
Office. 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.

In the screen shown below, the incoming call route for Incoming Number “7329450231” is
illustrated. The Line Group Id is 7, 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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IP Offices Incoming Call Route | & 7 7329450231
R BOOTP (2) Line Group Id I Incoming Number | | Standard |V0ice Recording' Destinations'
¢ Operator (3) @0 = -
OOEO07026F2D @0 Bearer Capabilicy IAny Voice j
= System (1) @7 8668506850 Line G Id 7
19 Line (13) D7 8668523221 ne =P I ﬂ
----- “= Control Unit (5) @7 8668512649 Incoming Number |?329450231
""" +& Extension (38) @7 8668510107 i
..... i User(38) @ Incoming Sub I
..... 2 HuntGroup (1) 7 7329450235 -
..... 9% Short Code (62) @7 7329450233 e |
..... & Service (0) o7 7329450229 g
..... 3 RAS (1) @7 7329450228 Locale United States (US English M
----- @ Incoming Cal Route (14) | @7 7329450232 I ¢ gish) J
----- ® Wanort (0 Priorty [1-Low =l
e %'r:_?gtﬁro\;“(eﬂg . Q17 9727289390 ; |
ag
----- @ Frewal Profie (1) @21 8668502380
----- [l 1P Route (4) Hold Music Source |Sy5tem Source j

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 7329450231. As shown in Table 1, 7329450231 is the DID
number associated with IP Office user extension 201.

] 7 7329450231 B X v < >
Standard | Voice Recording Destinations |
TimeProfie Destination Falback Extension
» Default Value 201 Extn201 ;l 201 Extn201 ;l

In the screen shown below, the incoming call route for Incoming Number “7329450229” is
illustrated. The Line Group Id is 7, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to Verizon Business in Section 5.4.

B 7 7329450229 e X v <>
Standard |\-'0k:e Recording' Destinations'
Bearer Capabilty |Any Voice j
Line Group Id |? =]
Incoming Number |7329450229
Incoming Sub I
Address
Incoming CLI |
Locale | j
Priority |1 - Low j
Tag |
Hold Music Source |5y5tem Source j

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 7329450229. As shown in Table 1, 7329450229 is the DID
number associated with IP Office user extension 30026.
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7 7329450229 k- Xlvi<l>

5tandard| Vioice Recording Destinations |

TimeProfile Destination Falback Extension
4 Default Value 30026 Extn30026 ;I 30026 Extn30026 ;I

The Incoming Call Routes directing calls to the Avaya 1140E and Avaya 1220 Telephones are
configured similarly. For example, in the screen shown below, the incoming call route for
Incoming Number “7329450285” is illustrated. The Line Group Id is 7, matching the
Incoming Group field configured in the SIP URI tab for the SIP Line to Verizon Business in
Section 5.4.

Standard |voice Recording | Destinations

Bearer Capability Ay Moice w
Line Group Id 7 -
Incoming Mumber F320450285

Incoming Sub Address

Incoming CLI

Locale L
Priarity 1-Low W
Tag

Hold Music Source System Source w

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 7329450285. As shown in Table 1, 7329450285 is the DID
number associated with IP Office user extension 235, the Avaya 1140E.

E 7 7329450285 e - X v <]

Standard | Yoice Recording | Destinations

TimeProfile Drestination Fallback Extension

4 Default Yalue 235 Mortell140 W w

Incoming Call Routes for other direct mappings of DID numbers to IP Office users listed in
Table 1 are omitted here, but can be configured in the same fashion.

In the screen shown below, the incoming call route for Incoming Number “7329450236 is
illustrated. The Line Group Id is 7, 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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Bearer Capabiiity
Line Group Id

Incoming Number

Incoming Sub
Address

Incoming CLI
Locale

Priority

Tag

Hold Music Source

7 7329450236

'oice Recording | Destinations |

IAny Voice j
|7 ~]
|7329450236

!
!
! =
[1-Low ]
!

ISystem sSource j

ri‘i‘v}f._sf{?

Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 7329450236. In this case, the destination is the hunt group “200
Main” whose configuration is shown in Section 5.5.3.

7 7329450236

Standard | Voice Recording {Destinations|

B X v <>

TimeProfie

Destination

Falback Extension

» Default Value

200 Main =

B

In the screen shown below, the incoming call route for Incoming Number “7329450237” is
illustrated. The Line Group Id is 7, matching the Incoming Group field configured in the SIP
URI tab for the SIP Line to Verizon Business in Section 5.4.

Bearer Capability
Line Group Id

Incoming Number

Incoming Sub
Address

Incoming CLI
Locale

Priority

Tag

Hold Music Source
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Select the Destinations tab. From the Destination drop-down, select the extension to receive
the call when a PSTN user dials 7329450237. In this case, the destination is the hunt group
“30200 IP Stations Seq” whose configuration is shown in Section 5.5.3.

7 7329450237 - Xlvi<l>

Standard' Voice Recording  Destinations |

TimeProfie Destination Falback Extension
» | Defaul Value 30200 IP Stations Seq =l =

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. For
example, the following Destinations tab for an incoming call route contains the Destination
“*17” entered manually. The dial string “*17” is the short code for “Voicemail Collect”, as
shown in Section 5.6. An incoming call to 732-945-0234 will be delivered directly to voice
mail, allowing the caller to log-in to voicemail and access messages.

B 7 7329450234 & X v <>

Standardl Voice Recording Destinations |

TimeProfie Destination Falback Extension
» Default Value *17 = =

Similar, the following Destinations tab for an incoming call route contains the Destination
“*99” entered manually. The dial string “*99” is the short code for accessing the “Attendant”
application on Voicemail Pro, as shown in Section 5.6. An incoming call to 732-945-0228 will
be delivered directly to the Voicemail Pro “Attendant” application, which will allow the caller to
be prompted with announcements, navigate via DTMF, and transfer to IP Office users. The
configuration of the “Attendant” application on Voicemail Pro is outside the intended scope of
these Application Notes.

7 7329450228 Bf- X vi<|>
TimeProfie | Destination | Falback Extension
» Default Value |x99 ;” *99 ;l

5.8. ARS and Alternate Routing

While detailed coverage of ARS is beyond the scope of these Application Notes, this section
includes basic ARS screen illustrations and considerations. ARS is illustrated here mainly to
illustrate alternate routing should the SIP Line be out of service or temporarily not responding.

Optionally, Automatic Route Selection (ARS) can be used rather than the simple “9N;” short
code approach documented in Section 5.6. With ARS, secondary dial tone can be provided after
the access code, time-based routing criteria can be introduced, and alternate routing can be
specified so that a call can re-route automatically if the primary route or outgoing line group is
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not available. Although not shown in this section, ARS also facilitates more specific dialed
telephone number matching, enabling immediate routing and alternate treatment for different
types of numbers following the access code. For example, if all 1+10 digit calls following an
access code should use the SIP Line preferentially, but other local or service numbers following
the access code should prefer a different outgoing line group, ARS can be used to distinguish the
call behaviors.

To add a new ARS route, right-click ARS in the Navigation pane, and select New. To view or
edit an existing ARS route, select ARS in the Navigation pane, and select the appropriate route
name in the Group pane.

The following screen shows an example ARS configuration for the route named “Main”. The In
Service parameter refers to the ARS form itself, not the Line Groups that may be referenced in
the form. If the In Service box is un-checked, calls are routed to the ARS route name specified
in the Out of Service Route parameter. IP Office short codes may also be defined to allow an
ARS route to be disabled or enabled from a telephone. The configurable provisioning of an Out
of Service Route, and the means to manually activate the Out of Service Route can be helpful for
scheduled maintenance or other known service-affecting events for the primary route.

IP Offices | aks B Main* g%

& BOOTP (2) Name [ Time Profie s |
i~ Operator (3 ¥ backu —
s i ¥ Main ° ARS Route Id 50 ¥ Secondary Dial tone
& System (1
I L%e (133( ) Route Name Main SystemTone 4
= Confrol Unit (5) =
& Extension (38) Dial Delay Time System Defaurta ¥ Check User Call Barring
§ User(38)
%% HuntGroup (1)
#% Short Code (62) In Service v Out of Service Route [51: backup A
@ Service (0)
% RAS (1) l
g&gﬂggg (CD?" Route (14) Time Profile <None> ~ | == Out of Hours Route |<Mone= -

== Directory (0) l
7 Time Profile (0)

% ?gzﬁ‘tzr&“e 1) Code | Telephone Number | Feature | Line Grc Add...
Ba Account Code (0) 11 911 Dial Emergency Q
% License (55) 911 911 DP' Emergency 0 Remove
@& Tunnel (0) ON; aN Dial 3K1 1]
“. Logical LAN (0} 1N; 1N"@63.79.179.178" Dial 3K1 18 Edit
§3 User Rights (8) XN; N Dial 3K1 0 -
‘¥ ARS (2)
= RAS Location Request (0) Pl | | _'I
f= E911 System (1) !
Alternate Route Priority Level |3 - l
Alternate Route Wat Time 30 3: ———+ Additional Route 51: backup hd

Assuming the primary route is in-service, the number passed from the short code used to access
ARS (e.g., 7N in Section 5.6) can be further analyzed to direct the call to a specific Line Group
ID. Per the example screen above, if the user dialed 7-1-908-848-5704, the call would be
directed to Line Group 18, another SIP Line that exists in the configuration that is not described
in these Application Notes. If Line Group 18 cannot be used, the call can automatically route to
the route name configured in the Additional Route parameter in the lower right of the screen.
Since alternate routing can be considered a privilege not available to all callers, IP Office can
control access to the alternate route by comparing the calling user’s priority to the value in the
Alternate Route Priority Level field.
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The following screen shows an example ARS configuration for the route named “backup”, ARS
Route ID 51. Continuing the example, if the user dialed 7-1-908-848-5704, and the call could
not be routed via the primary route “50: Main” described above, the call will be delivered to this
“backup” route. Per the configuration shown below, the call will be delivered to Line Group 8§,
using the SIP Line to Verizon Business IP Trunk service described in these Application Notes.
The configuration of the Code, Telephone Number, Feature, and Line Group ID for an ARS
route is similar to the configuration already shown for short codes in Section 5.6. In this case,
the originally dialed number (sans the short code 7) is delivered in the Request URI along with
the Verizon FQDN (i.e., the contents of the INVITE sent to Verizon are the same as the 9-1-908-
848-5704 short code 9 approach from Section 5.6). Additional codes (e.g., 411, 0+10, etc.) can
be added to the ARS route by pressing the Add... button to the right of the list of previously
configured codes.

K BOOTP (2) Name ARS |
2 backu
= g[?é[r]agt%z(zE:ZD “¢' Main = ARS Route Id IS; Secondary Dil tone
o R S t 1
13 L%Z ??13)[ ) Route Name Ibackup
-2 Control Unit (5) . - .
-4 Extension (38) Dial Delay Time ISvstem Defaulta. " Check User Cal Barring
§ User(38)
5% HuntGroup (1)
8% Short Code (62) In Service 4 Out of Service Route |<None> 'I
-4 Service (0)
L RAS (1) |
% {:;ﬂggg (CD?" Route Time Profle <None= + | =+ Out of Hours Route |<None> 'I
== Directory (0) l
£ Time Profile (0)
g ?g%ﬂltgr&f‘jlle m Code [ Teiephone Number Feature [ Line Gr Add...
.am Account Code (0) 11 911 Dial Emergency 0
% License (55) 911 911 Dial Emergency 0
- il Tunnel (0) 1N; 1N"@pcelban0001.avayalncroft.glo...  Dial 8
<. Logical LAN (0)
-2 User Rights (8)
¢ ARS (2)
# RAS Location Regue < | _,I
~f* E911 System (1) !
Alternate Route Priority Level I' - l
Alernate Route Wait Time IBEI 32 ———————— Additional Route |<None> vl

In the testing associated with the configuration, calls were successfully delivered to SIP Line 8
via both the primary ARS route “50: Main” (via changes to “50: Main”) as well as the backup
ARS route shown above. If a primary route experiences a network outage such that no response
is received to an outbound INVITE, IP Office successfully routes the call via the backup route.
The user receives an audible tone when the re-routing occurs and may briefly see “Waiting for
Line” on the display. The testing verified that the INVITE was sent to the primary route, and
the call re-routed upon timeout. The call was made right after a failure of the primary route was
induced, so IP Office had not yet marked the SIP Line out of service as a result of no response to
SIP OPTIONS. Testing also verified that calls can be delivered to Verizon via the alternate route
when the primary route was manually marked out-of-service, or known to be out-of-service due
to prior failure of SIP OPTIONS.
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5.9. Privacy / Anonymous Calls

As described in Section 5.6, an IP Office user whose calling line identification is not typically
withheld from the network can request privacy in the sample configuration by dialing the short
code 8 to access the SIP Line. The Avaya 1600-Series IP Telephones can also request privacy,
without dialing a unique short code, using Features = Call Settings = Withhold Number.
The Withhold Number parameter may be set to “On” (i.e., for privacy). Specific users may be
configured to always withhold calling line identification by checking the Anonymous field in
the SIP tab for the user (Section 5.5).

To configure IP Office to include the caller’s DID number in the P-Asserted-Identity SIP header,
required by Verizon Business to admit an otherwise anonymous caller to the network, the
following procedure may be used.

From the Navigation pane, select User. From the Group pane, scroll down past the configured
users and select the user named NoUser. From the NoUser Details pane, select the tab Source
Numbers. Press the Add... button to the right of the list of any previously configured Source
Numbers. In the Source Number field shown below, type SIP_USE_PAI_FOR_PRIVACY.
Click OK.

OK

MNew Source Mumber
|7 Source Number ||

Cancel

The source number SIP_USE_PAI_FOR_PRIVACY should now appear in the list of Source
Numbers as shown below.

B Nouser ______ EEEIMRE

Menu Programmmgl Moblﬁtyl Phone Manager 0ptn0ns| Hunt Group Membershlpl Announcementsl SIP | Personal D|rect0ry|
User | ‘u’oncemalll DND | ShortCodes : :

5 Telephonyl Forwardlngl Dial In | Voice Recordlngl Button Programmlngl

Source Number | Add...
SIP_USE_PAI_FOR_PRIVACY
SIP_OPTIONS_PERIOD=2

Remove

Edit... |

5.10. SIP Options Frequency

In Section 5.4, the SIP Line to Verizon Business is shown with the Check OOS box checked. In
the sample configuration, IP Office periodically checks the health of the SIP Line by sending a
SIP OPTIONS message. If there is no response, IP Office can mark the trunk out of service.
Although ARS as shown in Section 5.8 can include alternate routes to complete calls even if the
far-end is not responding, I[P Office must wait for the outbound INVITE to timeout before route
advance. Once the SIP OPTIONS maintenance recognizes that the SIP Line is out-of-service,
new calls will no longer be delayed before route advance. Also, once the problem with the SIP
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Line is resolved, the SIP OPTIONS maintenance will automatically bring the link back to the in-
service state.

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

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

OK

|'New Source Number

Source Number ||

Cancel

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

B Nouser ________ CEEIMEE

Hunt Group Membershipl Announcements' SIP | Personal D]rectory'
Telephonyl Forward'lngl Dial In | Voice Recordingl Button Programmingl

Menu Programming | Mob‘lﬁty' Phone Man
User | Voicemail| DND | ShortCodes

Source Number | Add...
SIP_USE_PAI_FOR_PRIVACY
SIP_OPTIONS_PERIOD=2

Remove

Edit... |

With this configuration, a Binding Refresh Time of 30 seconds and a Binding Refresh Time of
90 seconds were tested successfully. That is, IP Office sourced SIP OPTIONS every 30 or 90
seconds, depending on the value configured in the Binding Refresh Time, since the Binding
Refresh Time was less than the value configured via the SIP. OPTIONS PERIOD source
number.

5.11. Saving Configuration Changes to IP Office

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

x|

5 The configuration has not been validated.

Perform validation before saving?

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

JRR; Reviewed:
SPOC 10/7/2011

Send Configuration

o [l p.3

—IP Office Settings
00EQ07026F2D

—Configuration Reboot Mode
* Merge

 Immediate

" When Free

~ Timed

~Reboot Time
|1E|:E|'Sl —

—Cal Barring

I" Incoming Calls

I” Outgoing Calls

OK Cancel

Help
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6. Configure Avaya 1140E and Avaya 1220 Telephone

Configuration details for the Avaya 1100-Series and Avaya 1200-Series telephones with IP
Office are beyond the scope of these Application Notes. Please consult reference [[PO-
11001200] for details. This section summarizes basic information that may be useful to the
reader.

The Avaya 1140E and Avaya 1220 used in the sample configuration in these Application Notes
were previously being used in a configuration where the phones were running the SIP protocol
and registered to an Avaya CS1000 system. As recommended in reference [[PO-11001200], the
telephones were reset to factory defaults. The command **73639[MAC]## can be entered via
the telephone to reset to factory defaults, where [MAC] is the MAC Address of the telephone,
with the number 2 replacing A/B/C in the MAC address and the number 3 replacing D/E/F.
After the phone is reset to factory defaults, the default administration password will be
26567*738. The administration password may be required to configure telephone parameters
from the telephone.

The procedure outlined in reference [IPO-11001200] can be used to configure the telephone with
the basic network information (e.g., DHCP or static I[P Address, netmask, default gateway) to
communicate with IP Office. IP Office becomes the provisioning server for the phones. Once
the telephone contacts IP Office, a new SIP binary, settings file, dialplan file, and language files
may be downloaded to the phone from IP Office. When the telephones present a login interface,
the user can log in with the user extension and password configured in Section 5.5.3 or 5.5.4.
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7. Verizon Business Configuration

Information regarding Verizon Business IP Trunk service offer can be found by contacting a
Verizon Business sales representative, or by visiting
http://www.verizonbusiness.com/us/products/voip/trunking/.

The reference configuration described in these Application Notes was located in the Avaya
Solutions and Interoperability Test Lab. The Verizon Business IP trunk service was accessed via
a Verizon Private IP (PIP) T1 connection. Verizon Business provided the necessary service
provisioning.

The following Fully Qualified Domain Names (FQDNs) were provided by Verizon for the
reference configuration.

CPE (Avaya) Verizon Network
adevc.avaya.globalipcom.com | pcelban0001.avayalincroft.globalipcom.com

For service provisioning, Verizon will require the customer IP address used to reach the Avaya
IP Office server. Verizon provided the following information for the compliance testing: the IP
address and port used by the Verizon SIP SBC, and the Direct Inward Dialed (DID) numbers
shown in Figure 1 and Table 1. This information was used to complete the Avaya IP Office
configuration shown in Section 5.
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8. Verification Steps

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

8.1. System Status Application

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

IP Office R7 System Status

AVAyA IP Office System Status

Help  Exit  About

Online [ offline

Logon

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

Password:

M Auto reconnect

The Navigation pane allows various views into the system status. The following screen shows
an example Extension Summary report, accessible by selecting Extensions from the Navigation
pane as shown below.

Sy=tent

& Alarms= (5)

3
Trunks (11}

Active Calls
Rezources

Voicenmail
IP Hetworking
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At the time this Extension Summary was captured, an [P Office Softphone was logged in as user
30026, causing the Avaya 1616 telephone that had been logged in as 30026 to enter “NoUser”
mode (as expected). This can be observed in the last two rows below. In the final row, note that
the Telephone Type for the Avaya IP Office Softphone logged in as Current User Extension
30026 is shown as “SIP Softphone”, with an arbitrary Home Extension Number.

The Nortel 1140E is logged in as extension 235 and the Nortel 1220 is logged in as extension
238. The other telephones shown in Figure 1 in Section 3 can also be observed.

Extension Summary

‘fou can get more information about an extension by double-clicking the Home Extension Mumber,

MNumber of Mew

Mollser IP DECT module DECT IP a
Mollser IF DECT module DECT IP a
Z01 z01 Extnz01 Slak: 3 1 5410
202 Slot: 3 z unplugged
203 203 Extnz03 Slak: 3 3 2410
204 Slot: 3 4 unplugged
205 Slot: 3 5 unplugged
206 Slot: 3 G unplugged
207 Slat: 3 7 unplugged
208 Slat: 3 g unplugged
209 209 Juska Fax Slat: 4 1 POT {CLI OFf) a
210 210 Extnz10 Slat: 4 z POT {CLI OFf) 1
211 211 Extnz11 Slat: 4 3 POT {CLI OFf) a
212 21z Extnzi2 Slat: 4 4 POT {CLI OFf) 1]
213 213 Extnz13 Slat: 4 5 POT {CLI OFf) 1]
214 214 Extnz14 Slak: 4 -] POT {CLI OFf) 1]
215 215 Extnz15 Slak: 4 7 POT {CLI OFf) 1]
Z16 216 Extnz 16 Slak: 4 3 POT {CLI OFf) 1]
35 235 Mortell 140 1.1.1.110 1140E 5IP 1]
238 235 Mortel1220 1.1.1.113 1220 5IP
30025 F0025 Extn30025 1.1.1.112 00-07-36-6F-22-00 1616
30026 Molser 1.1.1.111 00-07-36-6F-22-0C 1616 1]
53002 F0026 Extn300ze 1.1.1.63 SIF SoftPhone 1]
JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 61 of 76

SPOC 10/7/2011

©2011 Avaya Inc. All Rights Reserved.

VZBIPT-IPO7FT



Since reference [JRR-IPOR6] contains example System Status screens using digital and H.323
telephones, this section will instead show examples using an Avaya telephone that uses the SIP
protocol. The following screen, accessed using Extension = 238, shows status for the Avaya
1220 telephone at the time that the telephone was active on an outbound call to the Verizon IP
Trunk Service. In this case, the Codec is G.729A.

Last Date and Time License Allocated:
Packet Loss Fraction:

Jitter:

Round Trip Delay:

Connection Type:

Codec:

Extension Status
Extension Mumber: 238
1P address: 1.1.1.113
User Agent: Avaya IP Phone 1220 (SIP12x0.04.01,09.00)
Telephone Type: 1220 SIP
Current User Extension Number: 233
Current User Mame: Morkel1220
Farwarding: Forward Unconditional
Twinning: Off
Do Mot Disturb: Off
Message Waiting: OFf
Murnber of New Messages:
Phone Manager Type: Mane
SIP Device Features: REFER,UPDATE
License Reserved: Yes

1/15/2004 12:03: 16 AM
0%

Oms

13ms

RTP Relay

G729 4

Direckion

Time in State

5 Connected
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The following screen shows call details for this same call. This screen is accessible by clicking
on the row of information at the bottom of the screen beginning with column “Call Ref” in the
prior screen. In the Originator area, the Dialed Digits “919088485704” can be observed. In the
Destination area, it can be observed that the call is using Line 7, the SIP Line configured in
Section 5.4.

Call Ref: 5
Criginator
Current State:
Currently at:
Round Trip Delay:
Transmit Jitker:
Transmit Packet Loss Fraction:
Dialed Digits:
Codec:

Destination

Current State:
Trunk Used:
Digits sent bo Central Office;

Caller ID sent From Central Office:

Codec:

Zall target | Routing information
Short Code matched:

RTP Connection Type:

Call Recording:

Redirected ko Twin:

Routed acrass SCM brunk:
Retargeting Count:

Call Details

Call length: 00:01:57

Connected Time in Stake:  00:01:34
Extn 238, Mortel1220

12ms

Oms

0%

919033435704

G724

Connecked Time in Stake:  00:01:54

Line: 7 SIP adevc.avaya.globalipcom,com Group: 0 Channel; 1
190834857 04@pcelban000] , avayalincroft, globalipcom, com
919035455704

G729 A

an;, Dial, Syskem
RTP Relay

Mo

Mo

Mo

i]

Similar procedures may be used to verify details on incoming calls using System Status.

8.2. System Monitor Application

The System Monitor application can also be used to monitor or troubleshoot. The System
Monitor application can typically be accessed from Start = Programs = IP Office 2>
Monitor. See reference [[PO-MON] for more information.

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

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

=8| »ET| x| @ ¥

Yiew Fikers Status Help
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The following screen shows the SIP tab, allowing configuration of SIP monitoring. In this
example, the SIP Rx and SIP Tx boxes are checked. All SIP messages will appear in the trace
with the color blue. To customize the color, right-click on SIP Rx or SIP Tx and select the
desired color.

Arsettings x|

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

™ sip |High v [~ STUN

Fackets
[T SIP Reg/Opt Bx [T SIP Misc Px
[T SIP Reg/Opt Tx [T SIP Misc Tx
[ SIP Call P [~ Cm MNotify P
[T SIP Call Tx [ Crn Motify Tx
[v Sip Rx [T hex IF Filter {(nhn.nnn.nnn.nnn)
[v Sip Tx [T hex I
Default All Clear All Tab ClearAll | Tah SetAl | cancel |
save File Load File select File
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As an example, the following shows a portion of the monitoring window for an outbound call
from extension 238, whose Verizon DID is 732-945-0286, calling out to the PSTN via the
Verizon IP Trunk Service. The telephone user dialed 9-1-908-848-5704.

=8| »l8[T| x])
Lucgale. =
105813530m% 3TIP Tx: UDP 1.1.1.2:5060 -» 172.30.209.21:5071
INVITE =ip:l19088485704@pcelbandidl, avayalincroft. ylobalipoon. com 3IP/2.0
Via: SIFA2.0/UDF 1.1.l1.2:5060;rport;branch=z%hGdbhEle7l5edabcdbed3dlafbedfesgaz0asl
From: "NortellZzZ0™ <sip:7329450286@adevc. avaya. globalipoom. com® ; tag=hflefde3dadT4ddded
To: <sip:1908845857040pcelbani0dl, avayalincroft, globalipoom. cous
Call-ID: 367£1923bb239e2465509f45ee9fefl1fB1.1.1.2
CHeq: 1119243745 INVITE
Contact: "NortellizZ0™ <zip:7329450286[01.1.1.2:5060; cransport=udp>
Max-Forwards: 70
Allow: INWITE, ACEK, CANCEL, OPTIONS, EVE, REFER, NOTIFY, INFO, UPDATE
Content-Type: application/sdp
Supported: timer
Content-Length: 241

=0

o=Uzerd 3216522165 2766559645 IN IP4 1.1.1.2
s=3ession 3DF

c=IN IP4 1.1.1.2

t=0 0

w=audioc 49152 RTP/AWP 15 0 101
a=rtpmap:ld GTY29/8000

a=futp: 18 annexh=no

a=rtpmap: 1 PCMUS2000

a=rtpmap: 10l telephone-swent,/S5000
a=fwtp:101 0-15

As another example, the following shows a portion of the monitoring window for an inbound call
to extension 238, where PSTN telephone 908-848-5704 dialed Verizon DID 732-945-0286.

=8| »lg(T| x> @

107036595 STF Bx: UDP 172.30.209.21:5071 -+ 1.1.1.2:5060
INVITE =sip:7329450236M@1.1.1.2: 5060 3IP/2.0
Wia: SIP/Z2.0/UDF 172.30.209.21:5071branch=z%hG4bFbhddvot3i0esi0erksglkl. 1
From: "AVATA ALPHA"<sip:9088455704@65.211.120. 226 user=phone=; tag=1336700077-1297697543934-
To: "Lincroft Lah LINCROFT LAB"<=zip:7329450Z86Radewc.avava.globalipoomn. coms
Call-ID: BW103403934140211399580321065.211.120.226
Cieq: 308760272 INVITE
Contact: «5ip:20534535704[172, 30, 209, 21: 5071 ; transport=udp:
Allow: ACK,BYE, CANCEL,INFO,INVITE,OPTICNS,PRACK FEFER NOTIFY
Accept: multipart/mixed,application/media control+xnl,application/sdp
Supported:
Max-Formwards: 69
Content-Type: application/sdp
Content-Length: 209

w=0

o=BroadWlorks 207405236 1 IN IP4 172.30.209.132
g=-

c=IN IP4 172.30.209.132

t=0 0

m=audio 101Z8 RTP/AVP 15 0 & 101

asrtpmap: 101 telephone-ewvent/3000

a=fmtp:101 0-15

a=ptine: 20

a=fmtp: 18 annexb=no
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8.3. REFER Testing

IP Office Release 6.0 was not certified to use REFER with Verizon IP Trunk Service. Therefore,
this section elaborates on the use of REFER, which may now be configured to be used. The
following scenarios will result in IP Office sending REFER to the Verizon network. Each
scenario was tested successfully.

e PSTN user makes call to Verizon IP Trunk DID and IP Office user answers. IP Office
user performs an attended transfer of the inbound call to a PSTN destination using the
Verizon IP Trunk service. In this context, an attended transfer implies that the
destination of the outbound call answers before the IP Office user completes the transfer.
In terms of SIP signaling, this means that IP Office sends the REFER after the 200 OK is
received from Verizon.

e [P Office user makes an outbound call to the PSTN via the Verizon IP Trunk service.
The IP Office user then performs an attended transfer of the call to another PSTN
destination using the Verizon IP Trunk service. In this context, an attended transfer
implies that the destination of the outbound call answers before the IP Office user
completes the transfer. In terms of SIP signaling, this means that IP Office sends the
REFER after the 200 OK is received from Verizon.

e PSTN user makes call to Verizon IP Trunk DID and an IP Office digital or H.323
telephone user answers. The IP Office user performs an unattended transfer of the
inbound call to a PSTN destination using the Verizon IP Trunk service. In this context,
an unattended transfer implies that the destination of the outbound call does not answer
before the IP Office user completes the transfer. In terms of SIP signaling, this means
that IP Office sends the REFER after a message such as 183 Session Progress is received
from Verizon but before a 200 OK is received from Verizon.

e An [P Office digital or H.323 telephone user makes an outbound call to the PSTN via the
Verizon IP Trunk service. The IP Office user performs an unattended transfer of the call
to another PSTN destination using the Verizon IP Trunk service. In this context, an
unattended transfer implies that the destination of the outbound call does not answer
before the IP Office user completes the transfer. In terms of SIP signaling, this means
that IP Office sends the REFER after a message such as 183 Session Progress is received
from Verizon but before a 200 OK is received from Verizon.
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8.3.1. Wireshark Trace lllustration for REFER-Transfer

This section illustrates the SIP signaling for an inbound Verizon IP Trunk call that is transferred
back to the PSTN by an IP Office user. IP Office will use SIP REFER.

The following screen shows the portion of the trace up to the point where the IP Office user
answers the inbound call. Frame 5 is selected and expanded to show the contents of the INVITE
message from Verizon. In frame 8, I[P Office answers the call with a 200 OK.

Filter: | sip &8¢ ip.addr == 172.30.209.21 | = | Expression.. Clear Apply
MNe. . Time Source Destination Protocol Info
5 4.378172 5. 5| E B L1.1.2: 5e5570n description
6 4.383762 1.1.1.2 172.30.209.21 sIP Status: 100 Trying
7 4.399999 1.1.1.2 172.30.209.21 sIP Status: 180 Ringing
8 4.018998 1.1.1.2 172.30.209.21 sSIP/SDP Status: 200 ok, with session description
15 5.187682 172.30.209.21 1.1.1.2 SIP Request: ACK sip:732945p231@1.1.1.2:5060;transp0rt=udp
= o€ O AL TOM FT OLOCUO

# Request-Line: INVITE sip:7329450231@1.1.1.2:5060 SIP/2.0
= Message Header
@ via: SIP/2.0/UDP 172.30.209.21:5071;branch=z9hG4bk45ftejl03gtgbugfjlul.1
E From: "AVAYA ALPHA"<s51p:9088485704@65.211.120,226; user=phone>; tag=1449953991-1291127879280-
# To: "Lincroft Lab LINCROFT LAB"<sip:7329450231@adevc. avaya.globalipcom. com=
call-ID: BW093759280301110-935807537@65.211.120.226
# Cseq: 245103417 INVITE
@ Contact: <sip:9088485704@172.30.209.21:5071; transport=udp>
Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER,NOTIFY
Accept: multipart/mixed,application/media_control+xml,application/sdp
supported:
Max-Forwards: &9
content-Type: application/sdp
Content-Length: 208
= Message Body
£ Session Description Protocol
session Description Protocol version (v): 0
owner /Creator, Session Id (o): Broadworks 42605053 1 IN IP4 172.30.209.132
session Name (s): -
Connection Information (c): IN IP4 172.30.209.132
Time Description, active time (t): 0 0
Media Description, name and address (m): audio 10250 RTP/AVP 18 0 8 101
Media attribute (a): rtpmap:101 telephone-event/8000
Media attribute (a): fmrp:101 0-15
Media Attribute (a): ptime:20
Media Attribute (a): fmtp:18 annexb=no

=
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After answering the inbound call, the IP Office digital telephone user presses the transfer button,
and dials the number 9-1-732-687-0755 which is routed by IP Office to the Verizon IP Trunk
service. In this “attended transfer” example, the IP Office user performing the transfer waits for
the outbound call to be answered before pressing the transfer button a second time to complete
the transfer.

Scrolling down in the same trace in the screen below, frame 1805 is selected to show the
contents of an outbound INVITE sent by IP Office to the Verizon IP Trunk service. In frame
3327, Verizon sends the 200 OK when the called party answers the call.

Filter: |sip && ip.addr == 172.30.209.21 ~ | Expression.. Clear Apply

MNe. . Time Source Destination Protocel Info

1805 22.779040 .30.209.21 5IF/SDF Request: INVITE sip:17326870755@pce lband001. avayalincroft.globalipcom. com,
1818 22.895856 172.30.209.21 1.1.1.2 SIP Status: 100 Trying

1994 24.533600 172.30.209.21 1.1.1.2 SIP/SDP Status: 183 Session Progress, with session description

3327 31.132818 172.30.209.21 1.1.1.2 SIP/SDP Status: 200 OK, with session description

3329 31.137673 1.1.1.2 172.30.209. 21 sIP Request: ACK sip:17326870755@172.30.209.21:5071; transport=udp

1= 8551000 LIILidLion PFroLocod
RequesT-Line: INVITE s5ip:17326870755@pcelban0001. avayalincroft.globalipcom. com SIP/2.0
=l Message Header
via: SIP/2.0/UDP 1.1.1.2:5060;rport;branch=z9hc4bkes5ba745192bc01d409f9c1d733318760
From: "Joey-Dig5410" <sip:7329450231@1.1.1.2>;Tag=38487ff86fTadfeb
To: =sip:17326870755@pcelban0001. avayalincroft. globalipcom. com=
call-ID: 9e647a848a3929dbc5506d241e5282a03@1.1.1.2
Cseq: 1136372479 INVITE
contact: "Joey-Dig5410" <sip:7329450231@1.1.1.2:5060; Transport=udp>
Max-Forwards: 70
Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, NOTIFY, INFO, UPDATE
Content-Type: application/sdp
Supported: timer
Content-Length: 240
= Message Body
= Session Description Protocol
Session Description Protocol version (v): O
Owner /Creator, Sessijon Id (o): UserA 607296314 4055416929 IN IP4 1.1.1.2
Session Name (s): Session SDP
Connection Information (c): IN IP4 1.1.1.2
Time Description, active time (t): 0 0
Media Description, name and address (m): audio 49154 RTP/AVP 18 0 101
Media Attribute (a): rtpmap:18 G729/8000
Media attribute (a): fmtp:18 annexb=no
Media Attribute (a): rtpmap:0 PCMU/8000
Media Attribute (a): rtpmap:101 telephone-event/8000
Media Attribute (a): fmtp:101 0-15

EEEREEEE
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In this example, after the called party answers, the IP Office digital telephone user presses the
transfer button a second time to complete the transfer. Scrolling down in the same trace in the
screen below, frame 6262 is selected to show the contents of a REFER message sent by IP Office
to the Verizon IP Trunk service. The REFER contains the Call-ID of the outbound call from IP
Office to Verizon, and the Refer-To header “Replaces” contains the Call-ID, to-tag, and from-
tag, associated with the original inbound call from Verizon. In frame 6283, Verizon sends a 202

Accepted for the REFER.

Filter: | sip 88 ip.addr == 172.30.209.21 | = | Expression... Clear Apply

MNe.. Time Source Destination Protocol Info

6262 45.558560 1.1.1.2 172.30.209.21 sIp Request: REFER 51p:17326870755@172. 20.200. 21 :5071; transport=udp
6283 45.677297 172.30.209.21 1.1.1.2 SIP Status: 202 Accepted

6285 45.683267 172.30.209.21 1.1.1.2 SIP Request: BYE sip:7329450231@1.1.1.2:5060; transport=udp

6287 45.686118 1.1.1.2 172.30.209.21 sIP Status: 200 ok

6288 45.688720 172.30.209.21 1.1.1.2 5TP Request: BYE sip:7329450231@1.1.1.2:5060;tran5p0rt=udp

Internet Protocol, Src: 1.1.1.2 (1.1.1.2), Dst: 172.30.209.21 (172.30.209.21)
User Datagram Protocol, Src Port: sip (5060), Dst Port: powerschool (5071)
E Session Initiation Protocol
Request-Line: REFER sip:17326870755@172.30.209.21:5071; transport=udp SIP/2.0
H Message Header
@ via: SIP/2.0/UDP 1.1.1.2:5060;rport;branch=z9hG4bKk6411c9e935671b5153f844e459d9c95d
[ From: "Joey-Dig5410" <s5ip:7329450231@1.1.1.2>;tag=38487ff86ffadfeb
[ To: <s5ip:17326870755@pceTban0001. avayalincroft. globalipcom. com=; tag=261679990-1291127899438
€all-ID: 9e647a848a929dbc5506d241e5282a03@1.1.1.2
C5eq: 1136372480 REFER
[ Contact: "Joey-Dig5410" <s5ip:7329450231@1.1.1.2:5060; transport=udp>
Max-Forwards: 70
Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, NOTIFY, INFO, UPDATE
Supported: timer
Content-Length: 0
rRefer-To: <sip:9088485704@172. 30.209. 217Replaces=BW093759280301110-935807537%4065. 211.120. 226%3Bt0-1tag%301449953991-1291127879280-%36from-tag?

In frame 6285 expanded below, Verizon sends a BYE for the Call-ID associated with the
outbound call to the transferred-to party. In frame 6287, IP Office sends 200 OK to the BYE.

Mo, . Time Source Destination Protocol Info
6262 45.558569 1.1.1.2 172.30.209.21 sIP Request: REFER sip:17326870755@172.30,209.21:5071; transport=udp
6283 45.677297 172.30.209.21 1.1.1.2 SIP Status: 202 Accepted
683267 172.30.209.21 Request: BYE sip:7329450231@1.1.1.2:5060; transport=udp
6287 45.686118 1.1.1.2 172.30.209.21 sSIP status: 200 ok
6288 45.688720 172.30.209.21 -3l & SIP Request: BYE sip:7329450231@1.1.1.2:5060; transport=udp

[+ Frame 6285 (472 bytes on wire, 472 bytes captured)
# Ethernet II, Src: Netscree_91:64:e5 (00:10:db:91:64:e5), Dst: Avayatcs_02:6F:2d (00:e0:07:02:6f:2d)
# Internet Protocol, Src: 172.30.209.21 (172.30.209.21), Dst: 1.1.1.2 (1.1.1.2)
[+ User Datagram Protocol, Src Port: powerschool (5071), Dst Port: sip (5060)
= Session Initiation Protocol
[ Request-Line: BYE sip:7329450231@1.1.1.2:5060; transport=udp 5IP/2.0
E Message Header
E via: SIP/2.0/UDP 172.30.209.21:5071;branch=z9hG4bK7pgqti2018eh6tsfelqlsde07viil.1
E From: <sip:17326870755@pnelban0001. avayalincroft. globalipcom. com=; tag=261679990-1291127899438
F To: "Joey-Dig5410" <sip:7329450231@adevc. avaya.globalipcom. com=;tag=38487ff86ffadfeb
Call-ID: 9e647a848a929dbc5506d241e5282a03@1.1.1.2
CSeq: 245112682 BYE

In frame 6288 expanded below, Verizon sends a BYE for the Call-ID associated with the original
inbound call from Verizon to IP Office. The two IP Office trunks are cleared, and the PSTN
caller (908-848-5704) is speaking with the transferred-to destination (732-687-0755).

Mo, . Time Source Destination Protocol Info

6262 45.558569 1.1.1.2 172.30.209.21 SIP Reguest: REFER 5ip:17326870755@172.30.209.21:5071; transport=udp
6283 45.677297 172.30.209.21 1.1.1.2 SIP status: 202 Accepted

6285 45.683267 172.30.209.21 alealcal, & SIP Reguest: BYE sip:7329450231@1.1.1.2:5060; transport=udp

6287 45.686118 1.1.1.2 172.30.209.21 SIP Status: 200 ok

6288 45. 688720 . 30. . .1.1.2 Reguest: BYE sp:7329450231@-1.1.1.2:5060;transport=udp

E Session Initiation Protocol

Request-Line: BYE sip:7329450231@1.1.1.2:5060; transport=udp SIP/2.0

= Message Header
via: SIP/2.0/uUDP 172.30.209.21:5071;branch=z%hG4bkhdo8qg300c8hvtkup?ricdeotnft0.1
F From: "AVAYA ALPHA" <sip:9088485704@65.211.120.226; user=phone>;tag=1449953991-1291127879280-
To: "Lincroft Lab LINCROFT LAB" <sip:7329450231@adevc. avaya.globalipcom. com>; tag=7c4aa5141b088fbb

Call-ID: BwW093759280301110-935807537@65.211.120.226

Cseq: 245103418 BYE
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8.4. DNS SRV Testing

IP Office Release 6.0 did not support DNS SRV and DNS SRV was not used with Verizon IP
Trunk Service. Therefore, this section elaborates on the use of DNS SRV, which may now be
configured to be used. The IP Office capability to determine the Verizon SIP signaling address
and port using DNS procedures was tested using the production Verizon PIP circuit. Rather
than statically configure IP Office with the Verizon IP Address and SIP signaling port, as was
the case shown in reference [JRR-IPORG6], IP Office determined the Verizon IP Address and
signaling port dynamically using DNS. On the production circuit used for testing, Verizon
responded with one “answer”. See Section 2.2 for additional information.

8.4.1. Wireshark Trace lllustration for DNS SRV

This section illustrates the DNS signaling used when the SIP Line in IP Office is configured to
use DNS SRV. Please reference Section 5.4 of these Application Notes for the relevant
configuration. In the filtered Wireshark trace shown below, IP Office (1.1.1.2) sends a DNS
SRV query to the Verizon DNS server (172.302.209.4) configured in IP Office for the SIP Line.
Frame 35 is highlighted and expanded. Note that the query contains

“ sip._udp.pcelban0001.avayalincroft.globalipcom.com” because the IP Office SIP Line has
been configured with “pcelban0001.avayalincroft.globalipcom.com” as the Verizon domain,
using UDP for transport.

Filter: | dns ~ Expression.. Clear Apply
MNo.. Time Source Destination Protocol Info
35 70.903548 caloale 172.30.209.4 DNS Standard query SRV _s1p._udp.pcelban000l. avayalincroft. globalipcom. com
36 71.064942 172.30.209.4 1.1.1.2 DNS Standard query response SRV 100 50 5071 pc-n000l-elba.avayalincroft.globalipcom. com
37 71.065841 1.1.1.2 172.30.209.4 DNS standard query A pc-n0001-elba.avayalincroft.globalipcom. com
38 71.223877 172.30.209.4 1.1.1.2 DNS Standard query response A 172.30.209.21

Internet Protocol, Src: 1.1.1.2 (1.1.1.2), Dst: 172.30.209.4 (172.30.209.4)
User Datagram Protocol, src Port: domain (53), Dst Port: domain (53)
Response In: 36
Transaction ID: 0x3580
Flags: 0x0100 (standard guery)
Questions: 1
Answer RRs: 0
Authority RRs: 0
Additional RrRs: 0O
= Queries
B _sip._udp.pcelban0001. avayalincroft.globalipcom. com: type SRV, class IN
Name: _sip._udp.pcelban00ol, avayalincroft. globalipcom. com
Type: SRV (Service location)
Class: IN (0x0001)
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The Verizon DNS response in frame 36 is highlighted and expanded in the following screen.
Note that the “Answer” contains Target “pc-n0001-elba.avayalincroft.globalipcom.com” and
port 5071.

Mo. . Time Source Destination Protocol Infe
35 70.903548 1.1.1.2 172.30.209.4 DNS standard gquery SRV _sip._udp.pcelban0001. avayalincroft. globalipcom. com
c i T DNS 5 = alipcom. com
37 71.065841 1.1.1.2 172.30.209.4 DNS standard gquery A pc-n000l-elba.avayalincroft.globalipcom.com

38 71.223877 172.30.209.4 1.1.1.2 DNS Standard query response A 172.30.209.21

[ User Datagram Protocol, Src Port: domain (53), Dst Port: domain (53)
- Domain Name System (response)
RequesT In: 35
[Time: 0.161394000 seconds]
Transaction ID: 0x3580
& Flags: 0x8180 (Standard query response, No error)
qQuestions: 1
Answer RRs: 1
Authority RRs: O
Additional RRs: O
El Queries
= _sip._udp.pcelban000l. avayalincroft. globalipcom. com: type sRv, class IN
Name: _sip._udp.pcelban0001, avayalincroft.globalipcom. com
Type: SRV (Service location)
Cclass: IN (0x0001)
El Answers
= _sip._udp.pcelban000l. avayalincroft. globalipcom. com: type sRv, class IN, priority 100, weight 50, port 5071, target pc-n000l-elba.:
Name: _sip._udp.pcelban0001l. avayalincroft.globalipcom. com
Type: SRV (Service location)
Class: IN (0x0001)
Time to Tive: 6 hours
pata length: 22
Priority: 100
weight: 50
Port: 5071
Target: pc-n000l-elba.avayalincroft.globalipcom. com

Frame 37 is expanded below to illustrate the IP Office DNS A-query to determine the IP Address
associated with the name “pc-n0001-elba.avayalincroft.globalipcom.com” (i.e., the “Target”
returned by Verizon as shown in the prior screen).

Neo. . Time Source Destination Protocel Info
35 70.903548 1.1.1.2 172.30.209.4 DNS standard query SRV _sip._udp.pcelban0001. avayalincroft.globalipcom. com
36 71.064942 172.30.209.4 1.1.1.2 DNS standard query response SRV 100 50 5071 pc-n0001-elba.avayalincroft.globalipcom.com
1.1.1.2 . Standard query A pc-n0001-elba.avayalincrott.globalipcom. com
38 71.223877 172.30.209.4 1.1.1.2 DNS Standard guery response A 172.30.209.21

User Datagram Protocol, Src Port: domain (53), Dst Port: domain (53)
Domain Name System (query)
Response In: 38
Transaction ID: 0x3581
= Flags: 0x0100 (Standard guery)
Questions: 1
Answer RRs: 0
Authority RRs: O
additional RRs: 0
= Queries
= pc-n0001-elba.avayalincroft.globalipcom.com: type A, class IN
Name: pc-n0001-elba.avayalincroft.globalipcom. com
Type: A (Host address)
Class: IN (0x0001)

o®

JRR; Reviewed: Solution & Interoperability Test Lab Application Notes 71 of 76
SPOC 10/7/2011 ©2011 Avaya Inc. All Rights Reserved. VZBIPT-IPO7FT



Frame 38 is expanded below to illustrate the Verizon “answer” to the IP Office DNS A-query.
Note that the IP address returned is 172.30.209.21. IP Office has now determined the IP Address
(172.30.209.21) and SIP signaling port (5071) used by Verizon IP Trunk service on the
production circuit, without any static provisioning of this information within IP Office.

MNo.. Time Source Destination Protocel Info
35 70.903548 1.1.1.2 172.30.209.4 DNS standard query SRV _sip._udp.pcelban0001, avayalincroft.globalipcom. com
36 71.064942 172.30.209.4 1.1.1.2 DNS Standard query response SRV 100 50 5071 pc-n0001-elba.avayalincroft.globalipcom. com
37 71.065841 1.1.1.2 172.30.209.4 DNS standard query A pc-n0001-elba.avayalincroft.globalipcom. com

38 71.223877 172.30.209.4 cilcil Standard query response A 172.30.209.21

E Domain Name System (response)
Request In: 37
[Time: 0.158036000 seconds]
Transaction ID: 0x3581
# Flags: Ox8180 (5Standard query response, No error)
questions: 1
Answer RRs: 1
Authority RRs: O
Additional RRs: 0
= Queries
2 pc-n0001-elba. avayalincroft.globalipcom. com: type A, class IN
Name: pc-n000l-elba.avayalincroft.globalipcom. com
Type: A (Host address)
Class: IN (0x0001)
= Answers
2 pc-n0001-elba. avayalincroft.globalipcom. com: type A, class IN, addr 172.30.209.21
Name: pc-n000l-elba.avayalincroft.globalipcom. com
Type: A (Host address)
Class: IN (0x0001)
Time to Tive: 6 hours
Data length: 4
Addr: 172.30.209.21

In the following screen from a different trace left running for more than six hours and filtered to
show only dns, frame 155 is highlighted and expanded below to show that the “Time to live”
parameter returned by Verizon in the DNS SRV answer is 6 hours. Note that frame 21977,
where [P Office sends another DNS SRV query, occurs roughly six hours after frame 155. That
is, rounding the times shown in the trace below to seconds, time 21734 minus time 126 equals
21608 seconds. 21608 divided by 3600 seconds per hour = 6.00 hours.

FMen|dns | ¥  Expression... Clear Apply
Mo, - Tirme: Source Destination Protocol | Info
154 125.825269 1.1.1.2 172.30,209.4  DNS Standard guery SRV _sip._udp.pcelban000l. avayalincroft. gl
55 125.953658 1] 0.209.4 1.1.1.2 ] standard query response SRV 100 530 5071 pc-n0001-elha. ava
156 125.954728 1.1.1.2 172.30,20%9.4  DNS standard query A po-n000l-elba. avayalincroft. globalipcom.

157 126.073423 172.30.209.4 1.1.1.2 DS Standard guery response A 172.30.209.21
21977 21734.165924 1.1.1.2 172.30.209.4  DNS Standard guery SRV _sip._udp.pcelban000l. avayalincroft. gl
21978 21734.29642 172.30.209.4 1.1.1.z2 DM standard guery response SRV 100 50 5071 po-n000l-elha. ava
215979 21734.297451.1.1.2 172.30.20%.4  DNS Standard guery A pc-nd00l-elba. avayalincroft.globalipcom.
21980 21734.4242¢ 172.30.209.4 1.1.1.2 DhS Standard guery response A 172.30.209.21

= _sip._udp. pcelhanoodl, avayalincroft. globalipcom. com: type SRV, class IN, priority 100, weight 50, port 5071, t
Mame: _sip._udp.pcelbanoool. avayalincroft. globalipcom. com
Type: SRV (Service location)
Class: IN (Ox000L)
Time to Tiwve: & hours

Data Tength: 22

Priority: 100

wedight: 50

Port: 5071

Target: pc-nd00l-elha. avayalincroft. globalipcom. com
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9. Conclusion

IP Office is a highly modular IP telephone system designed to meet the needs of home offices,
standalone businesses, and networked branch and head offices for small and medium enterprises.
These Application Notes demonstrated how IP Office Release 7.0 can be successfully combined
with a Verizon Business IP Trunk SIP trunk service connection to create an end-to-end SIP
Telephony business solution. By following the example configurations provided in this
document, customers using Avaya IP Office can connect to the PSTN via a Verizon Business IP
Trunk SIP Trunk service connection, thus eliminating the costs of analog or digital trunk
connections previously required to access the PSTN. 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.

10. Additional References

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

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

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

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

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

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

[TPO-11001200] IP Office Release 7.0 1100/1200 Series Phone Installation, March 2011

Additional IP Office documentation can be found at:
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 6.0.
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http://support.avaya.com/
http://support.avaya.com/japple/css/japple?temp.documentID=306444&temp.productID=129487&temp.releaseID=306419&temp.bucketID=159898&PAGE=Document
http://support.avaya.com/css/P8/documents/100129376
http://support.avaya.com/japple/css/japple?temp.documentID=306456&temp.productID=129487&temp.releaseID=306419&temp.bucketID=159898&PAGE=Document
http://support.avaya.com/css/P8/documents/100129398
http://support.avaya.com/css/P8/documents/100073300
http://support.avaya.com/css/P8/documents/100129332
http://support.avaya.com/css/P8/documents/100073350
http://marketingtools.avaya.com/knowledgebase/

[JRR-IPOR6] Application Notes for Configuring SIP Trunk using Verizon Business [P Trunk
SIP Trunk Service Offer and Avaya IP Office Release 6, Issue 1.0
https://support.avaya.com/css/P8/documents/100082703

The following Application Notes provide the configuration that will enable IP Office Release 6.1
to perform like IP Office Release 6.0. That is, in reference [JRR-IPOR61], the newly
configurable SIP features of IP Office Release 6.1, such as SIP REFER and DNS SRV, are
disabled. The Application Notes referenced below were written to support Verizon certification
of IP Office Release 6.1 based on formal compliance testing of IP Office Release 6.0.

[JRR-IPOR61] Application Notes for Configuring SIP Trunk using Verizon Business IP Trunk
SIP Trunk Service Offer and Avaya IP Office Release 6.1, Issue 1.0

[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

10.1. Verizon Business

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

e [VZ-Test-Plan] Test Suite for Retail VoIP Interoperability IP Trunking, Version 2.1, 01-18-
2011

e [VZ-Spec] Retail VoIP Network Interface Specification (for non-registering devices), Date
of Issue 12-10-2010

11. Appendix — Example SIP Trunk Template

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

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

<Template xmlns="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>
<Version>20110325</Version>
<SystemLocale>enu</SystemLocale>
<DescriptiveName>Verizon-IP-Trunk-with-Fax-G711</DescriptiveName>
<ITSPDomainName>adevc.avaya.globalipcom.com</ITSPDomainName>
<SendCallerID>CallerIDDIV</SendCallerID>
<ReferSupport>true</ReferSupport>
<ReferSupportIncoming>1</ReferSupportIncoming>
<ReferSupportOutgoing>1</ReferSupportOutgoing>
<RegistrationRequired>false</RegistrationRequired>
<UseTelURI>false</UseTelURI>
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<Check0O0OS>true</Check00S>
<CallRoutingMethod>1</CallRoutingMethod>
<OriginatorNumber />
<AssociationMethod>SourceIP</AssociationMethod>
<ITSPProxy>pcelban0001.avayalincroft.globalipcom.com</ITSPProxy>
<LayerFourProtocol>SipUDP</LayerFourProtocol>
<SendPort>5060</SendPort>
<ListenPort>5060</ListenPort>
<DNSServerOne>172.30.209.4</DNSServerOne>
<DNSServerTwo>0.0.0.0</DNSServerTwo>
<CallsRouteViaRegistrar>true</CallsRouteViaRegistrar>
<SeparateRegistrar />
<CompressionMode>G729A8K</CompressionMode>
<CallInitiationTimeout>6</CallInitiationTimeout>
<DTMFSupport>DTMF SUPPORT RFC2833</DTMFSupport>
<VoipSilenceSupression>false</VoipSilenceSupression>
<ReinviteSupported>true</ReinviteSupported>
<FaxTransportSupport>FOIP G711</FaxTransportSupport>
<UseOffererPrefferedCodec>false</UseOffererPrefferedCodec>
<CodecLockdown>false</CodecLockdown>
<T38FaxVersion>3</T38FaxVersion>
<Transport>UDPTL</Transport>
<LowSpeed>0</LowSpeed>
<HighSpeed>0</HighSpeed>
<TCFMethod>Trans TCF</TCFMethod>
<MaxBitRate>FaxRate 14400</MaxBitRate>
<EflagStartTimer>2600</EflagStartTimer>
<BflagStopTimer>2300</EflagStopTimer>
<UseDefaultValues>true</UseDefaultValues>
<ScanLineFixup>true</ScanLineFixup>
<TFOPEnhancement>true</TFOPEnhancement>
<DisableT30ECM>false</DisableT30ECM>
<DisableEflagsForFirstDIS>false</DisableEflagsForFirstDIS>
<DisableT30MRCompression>false</DisableT30MRCompression>
<NSFOverride>false</NSFOverride>

</Template>
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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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