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Abstract

These Application Notes describes the steps toigume Session Initiation Protocol (SIP)
Trunking between Accelerated Connections and AvByaffice Release 8.1.

The Accelerated Connections SIP Trunking Serviaavides PSTN access via a SIP trynk
between the enterprise and the Accelerated Commsctietwork as an alternative to leggcy
analog or digital trunks. This approach genenadbults in lower cost for the enterprise.

Accelerated Connections is a member of the AvayaddanectService Provider progran
Information in these Application Notes has beeramigtd through DevConnect compliarice
testing and additional technical discussions. imgstvas conducted via the DevConngct
Program at the Avaya Solution and Interoperabiliggt Lab.
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1. Introduction

These Application Notes describe the steps to gardi Session Initiation Protocol (SIP)
Trunking between Accelerated Connections and AvByaffice Release 8.1.

The Accelerated Connections SIP Trunking Servitereaced within these Application Notes is
positioned for customers that have an IP-PBX obdBed network equipment with SIP
functionality, but need a form of IP transport dochl services to complete their solution.

The Accelerated Connections SIP Trunking Servideemiable delivery of origination and
termination of local, long-distance and toll-freaftic across a single broadband connection. A
SIP signaling interface will be enabled to the Gostr Premises Equipment (CPE).

2. General Test Approach and Test Results

The general test approach was to connect a sindudatterprise site to the Accelerated
Connections SIP Trunking Service via the publieinet and exercise the features and
functionality listed inSection 2.1 The simulated enterprise site was comprisedvaiya IP
Office and various Avaya endpoints.

The Accelerated Connections SIP Trunking Servics@ea compliance testing with any
observations or limitations describedSaction 2.2

2.1. Interoperability Compliance Testing

To verify SIP trunking interoperability, the follomg features and functionality were covered
during the interoperability compliance test:

Sending SIP OPTIONS queries to the provider

Incoming PSTN calls to SIP and H.323 telephongleaenterprise. All inbound PSTN
calls were routed to the enterprise across thdar8HR from the service provider.
Outgoing PSTN calls from SIP and H.323 telephoneleaenterprise. All outgoing
PSTN calls were routed from the enterprise actos<SIP trunk to the service provider.
Inbound and outbound PSTN calls to/from soft ckenAvaya IP Office Video
Softphone and Avaya Flare® Experience for Windowsentested.

Various call types including: local, long distanoetbound toll-free, international and
local directory assistance.

Codec G.711MU and G.729A.

T.38 Fax

Caller ID presentation and Caller ID restriction

DTMF transmission using RFC 2833

Voicemail navigation using DTMF input for inbounddaoutbound calls.

User features such as hold and resume, transigicarierence.

Off-net call forwarding and twinning.
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Inbound toll-free calls and 911 emergency callssagoorted but were not tested as part of
the compliance test.

The following items are not supported:
Operator (dial 0) and operator-assisted (dial @ €ig)its) services
REFER method for call redirection

2.2. Test Results

Interoperability testing of the Accelerated Conitt SIP Trunking Service was completed
with successful results for all test cases withekeeption of the observations/limitations
described below.

Calling Party Number on inbound calls On inbound calls, sometimes the last digit of
the inbound calling party 11-digit number is trutechin the SIP From header. This leads
to an incorrect calling party number of 1 + 9 didieing displayed at the enterprise.
Upon investigation, Accelerated Connections deteechithat the incorrect number was
being received from the PSTN carrier. A ticket waised with the PSTN carrier.

Calling Party Number on outbound twinned calls Calls to IP Office extensions with
Twinning enabled, result in a new call being forkednother destination, (which is
typically on the PSTN), allowing both endpointgittg simultaneously. The calling
party number on the forked call should show thgioal caller to the IP Office extension
as the calling party. However, sometimes no caliagy number is displayed. Upon
investigation, it was determined that the corrediirng party number was passed from IP
Office to Accelerated Connections to the PSTN earriA ticket was raised with the
PSTN carrier.

SIP OPTIONS: During the compliance test, Accelerated Connestidid not send SIP
OPTIONS to the enterprise. Sending of OPTIONSoisrequired and is listed here
simply as an observation. OPTIONS were sent irogposite direction.

Codec not locked down on outbound callOn outbound calls, Accelerated
Connections responds to the INVITE request withtiplel codecs, instead of selecting
one from the INVITE SDP list. IP Office uses tlmstfcompatible codec in the list. This
behavior has no user impact. Calls were successful

Call Forwarding calling party number: Inbound PSTN calls to an IP Office extension,
which is call forwarded to another PSTN endpoirgpldys the incorrect calling party
number. The forwarding extension is displayed asctiling party instead of the original
PSTN caller. Thisis an IP Office issue whichasrected in release 8.1(69).

Blind transfer with Avaya 1100 IP Deskphones callig party number: An Avaya

1100 Series IP Deskphone (SIP) places an outbaaihtbdhe PSTN, then performs a
blind transfer of this call to another PSTN endpoilm this scenario, the wrong calling
party number is displayed on the second PSTN entlpdine display shows the number
dialed by the Avaya 1100 Series IP Deskphone feirihial outbound call including the
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short code (9) + 1 + 10 digits. The behavior ige®ted to be the same as with IP Office
H.323 endpoints which is to display the transfermarty number. This is an IP Office
issue that was fixed and tested in a developmégdse. The fix will be available in a
future IP Office generally available (GA) release.

T.38 Fax If IP Office is configured to use T.38/Fallbaak fax, outbound fax calls use
T.38 but on inbound calls IP Office never atteniptaegotiate use of T.38. Instead, IP
Office always uses G.711 fax. To ensure use d 1ag for both inbound and outbound

calls, IP Office must be set to use T.38 only. Tisignder investigation by the IP Office
development team.

2.3. Support

For technical support on the Accelerated Connestiif? Trunking Service, contact Accelerated
Connections using the Support linksvat/w.acceleratedconnections.comr by calling1-866-
814-1635

3. Reference Configuration

Figure 1illustrates the sample configuration used for tlew©@onnect compliance testing. The
sample configuration shows an enterprise site atiedeo the Accelerated Connections SIP
Trunking Service.

Located at the enterprise site is an Avaya IP ©fi60 V2 with various endpoints. The LAN
port of Avaya IP Office is connected to the entisgot AN while the WAN port is connected to
the public network. The site also has Avaya PreteEdition for voicemail and Avaya IP
Office Manager to configure the Avaya IP Office murg on a single Windows 2003 Server.

CTM; Reviewed: Solution & Interoperability Test Lab Application ks 4 of 31
SPOC 8/22/2013 ©2013 Avaya Inc. All Rights Reserved. AccSipTrkIPO81



Accelerated
Connections

ccelerate
Connections
SIP Trunking

PSTN

Service Telephane
+ >
|
| 192.168.62.92
|
SIP |
RTP |
|
I/ Internet
|
Enterprise Site :
|
'd | ™
Fax |
* 192.168.96.232
Avaya IP Office 500 V2 “
10.32.128.25
10.32.128.0/24
-_— Enterprise LAN ——
| I @
é é - !Dﬁ Series [P Avaya 1600 Series Avaya IP Office
vaya u IP Deskphone{s Video Softphone
Lo s b ol Deskphone(s) (H.323) : (SIP)
Manager Experience for (SIP)
Avaya IP Office Windows
Preferred Editian (SIP) ﬂ
Avaya 9600 Series
DIDs: 647 555-1234 IP Deskphane(s)
B4T 555-1235 {H.323)
647 555-1236
647 555-1237
647 555-1238
- Z

Figure 1: Avaya Interoperability Test Lab Configuration

For security purposes, any public IP addressesSdiNProutable phone numbers used in the
compliance test are not shown in these Applicalotes. Instead, public IP addresses have
been replaced with private addresses and all phom#bers have been replaced with numbers
that cannot be routed over the PSTN.

For the purposes of the compliance test, usersdieishort code of 9 + N digits to send digits
across the SIP trunk to Accelerated Connections.short code of 9 and any preceding 1 is
stripped off by Avaya IP Office and the remainir@ydigits were sent unaltered to Accelerated
Connections. For outbound calls, Avaya IP OffieatslO digits in all headers. For inbound
calls, the Accelerated Connections SIP TrunkingiSersent 10 digits in the Request URI and
the To field of inbound SIP INVITE messages.
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In an actual customer configuration, the entermisemay also include additional network
components between the service provider and thga\lR Office such as a session border

controller or data firewall. A complete discussmfrthe configuration of these devices is beyond

the scope of these Application Notes. Howeveshduld be noted that SIP and RTP traffic
between the service provider and the Avaya IP @©ffieist be allowed to pass through these

devices.

4. Equipment and Software Validated

The following equipment and software were usedHersample configuration provided:

Avaya Telephony Components

Equipment Software
Avaya IP Office 500 v2 8.1 (67)
Avaya IP Office Manager 10.1 (67)

Avaya IP Office Preferred Edition
(Voicemail)

8.1 (Build 8.1.9102.0)

Avaya 1140E IP Deskphone (SIP)

4.3 SP1 (04.03

12.00

Avaya 1608 IP Deskphone (H.323) running
Avaya one-X® Deskphone Value Edition

1.3SP2(1.3.2)

Avaya 9641G IP Deskphone (H.323) runnir
Avaya one-X® Deskphone Edition

g

6.2 SP2 (6.2209)

Avaya IP Office Video Softphone (SIP)

3.2.3.48 (69D

Avaya Flare® Experience for Windows

1.1.1.7

Accelerated Connections Components

Equipment

Software

Genband S3 Session Border Controller

7.1.13.0

5. Configure Avaya IP Office

Avaya IP Office is configured through the AvayaOiice Manager PC application. From the

Avaya IP Office Manager PC, sel&tart  Programs

IP Office

Manager to launch the

application. A screen that includes the followinghe center may be displayed:
WELCOME to IP Office Administration

What would you like to do ?

Create an Offline Configuration

Open Configuration from System

Fead a Configuration from File

CTM; Reviewed: Solution & Interoperability Test Lab Application ks
SPOC 8/22/2013 ©2013 Avaya Inc. All Rights Reserved.

6 of 31
AccSipTrkIPO81



SelectOpen Configuration from System If the above screen does not appear, the
configuration may be alternatively opened by natgpto File  Open Configuration at the

top of the Avaya IP Office Manager window. Seltet proper Avaya IP Office system from the
pop-up window and log in with the appropriate cragds. The appearance of the IP Office
Manager can be customized using Wew menu. In the screens presented in this document, th
View menu was configured to show the Navigation pantheneft side, omit the Group pane in
the center, and show the Details pane on the siglet Since the Group Pane has been omitted,
its content is shown as submenus in the Navigauaome. These panes (Navigation, Group and
Details) will be referenced throughout the Avayadffice configuration. All licensing and
feature configuration that is not directly relatedhe interface with the service provider (such as
twinning and IP Office Video Softphone supportagsumed to already be in place.

In the sample configuratiodtlantic City was used as the system name. All navigation
described in the following sections (elggense SIP Trunk Channels) appears as submenus
underneath the system nasiantic City in the Navigation Pane.

5.1. Licensing and Physical Hardware

The configuration and features described in thggaliéation Notes require the IP Office system
to be licensed appropriately. If a desired feaisimeot enabled or there is insufficient capacity,
contact an authorized Avaya sales representative.

To verify that there is a SIP Trunk Channels Lieewith sufficient capacity; clickicense
SIP Trunk Channelsin the Navigation pane. Confirm a valid licenséhwgufficientinstances
(trunk channels) in the Details pane.

IP Offices =) SIP Trunk Channels ek - |

=R BOOTP (4) #11| Licenses
H-4#% Operator (3)
==y Atlantic City License Key Tk iof St |3WeT
+-#5y Syskem (1)
+-F4 Line (12) License Type | SIP Trunk Channels
=+ Control Unit 3)
+ -4 Extension (25)
H-§ User (28)
+- i HunkGroup (1)
+- @ Short Code (61) Expiry Date Mewer
B Service (0)
ol RAS (1)
+ e Incoming Call Route (19
@ anPort {0)

License Status | Valid

Instances 255

s Directory {0}
£179 Time Profile (0
+ @ Firewall Profile {13
+- il IP Route (4)
@ Account Code (0)
=W License (77}
B 1600 Series Phones
& 3rd Party IP Endpoil
. Advanced Edition
W Advanced Small Cor
B ALDT: Woicemall
. Avaya IP endpoints
& Avaya IP endpoints
. Branch Edition
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To view the physical hardware comprising the IPi€@fsystem, expand the components under
the Control Unit in the Navigation pane. In the sample configoratthe second component
listed is a Combination Card. This module hasgitali stations ports, two analog extension
ports, 4 analog trunk ports and 10 VCM channele Y&M is a Voice Compression Module
supporting VoIP codecs. An IP Office hardware aunfation with a VCM component is
necessary to support SIP trunking.

To view the details of the component, select themanent in the Navigation pane. The
following screen shows the details of 1500 V2

IP Offices ) IP 500 V2 F | % |
R BOOTP () Unit
i Operator (3)
[=-==p Atantic City Device Murmber 1
" System (1) Unit Type 1P 500 Y2
T4 Line (14)
== Control Unit (3) Yersion 8.1 (67
- 1 IP 500 W2
“ 2 COMBOGZ10JATME || Serial Mumber OO 3
“uv 3 DIGSTAS/ATMS
Unit IP Add 10,32.128.25
Ay Extension (25) g s
§ User(27) Interconnect Number 1]
&g HuntEroup (1)
@ short Code (61) Module Mumber Control Unit
@ Service (0)
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5.2. System

Configure the necessary system settings.

5.2.1. System - LAN2 Tab

In the sample configuration, the WAN port was ugedonnect the Avaya IP Office to the
public network. The LANZ2 settings correspond te YWAN port on the Avaya IP Office 500.

To access the LANZ2 settings, first navigat&ystem

<Name> where NName> is the system

name assigned to the IP Office. In the case oEdmepliance test, the system nam@dtiantic

City. Next, navigate to theAN2

LAN Settingstab in the Details Pane. Set tReAddress

field to the IP address assigned to the Avaya HCOWAN port. Set théP Mask field to the
mask used on the public network. All other pararseshould be set according to customer

requirements.

IP Offices =

=& BOOTP (4)
[ g7 Operator (3}
== Atlantic City
[=)-*%p System (1)
“ap mblantic Ciky
#-F7 Line {14)
[#-#2 Control Unit {3)
-4 Extension (25)
[E5| ; User (273
(4§ HuntGroup (1)
-9 short Code (61)
B ervice (0)
oy RAS (1)
7] @ Incoming Call Route {28}
@ WanPork (1)
s Directory (1)
£ Time Profile (0)
(-8} Firewall Profile (1)
=-J§ll IP Route (4)

System | LAM1 | LANZ
L& Settings | yaIp

DHCP Maode

Number OF DHCP IP Addresses 200 |3

Atlantic City

DM3 Yoicernail | Telephony | Directory Services | System Events | SMTP | SMDR

Metwark Topology | SIP Reqistrar

IP Address 192 . 168 . 95 . 232
IP Mask 255 255 255 224
Primary Trans. IP Address a 0 0 0
Firewwall Profile <Mone >
RIF Mode Mo

] Enable MAT

=

() server () Client ) Dialn (%) Disabled

Advanced
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On theVolP tab in the Details Pane, check 8 Trunks Enable box to enable the
configuration of SIP trunks. THRTP Port Number Rangecan be customized to a specific
range of receive ports for the RTP media. Basethigrsetting, Avaya IP Office would request
RTP media be sent to a UDP port in the configuredohge for calls using LAN2. Avaya IP
Office can also be configured to mark the Differatetd Services Code Point (DSCP) in the IP
Header with specific values to support Quality ef\ices policies for both signaling and media.
TheDSCPfield is the value used for media and 8i6& DSCPis the value used for signaling.
The specific values used for the compliance tesshown in the example below and are also the
default values. For a customer installation, & tefault values are not sufficient, appropriate
values will be provided by Accelerated ConnectioAl.other parameters should be set
according to customer requirements.

E Atlantic City e R AR

Syskem | LaM1 | LANZ | DNS | Vaoicemail | Telephony | Directory Services | Swstem Events | SMTP | SMDR | Twinning | ¥CM | CCR | Ca

LaM Settings | YoIP | Network Topology || SIP Reqistrar

H.323 Gatekeeper Enable
SIP Trunks Enable
1P Registrar Enable

R.TF Port Mumber Range

[] H.323 Auto-create Extn
Port Range (Minimum) (#9152

4k (42

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

[] H.323 Remote Extn Enable

Enable RTCP Monitoring
on Part S005

DiffSery Settings

B8 % DSCP(Hex) FC 3| DSCPMaskiHex) 38 3| SIG DSCP (Hex)
46 % | DScP 63 3| DSCP Mask 3 3| slaDscP
DHCP Setkings
Primary Site Specific Option Mumber (S30M) 176 &
Secondary Sike Specific Option Murnber (550N 242 S

YWLAN Mok Present b

1100 Yaice YLAN Site Specific Option Mumber (S50N) 232 <)

1100 Yoice YLAN [Ds

RTP keepalives

Scope Disabled A
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On theNetwork Topology tab in the Details Pane, configure the followirsggmeters:

- Select tha=irewall/NAT Type from the pull-down menu that matches the network
configuration. No firewall or network address station (NAT) device was used in the
compliance test as shownhimgure 1, so the parameter was sefQpen Internet.
SetBinding Refresh Time (seconds)o 60. This value is used to determine the
frequency at which Avaya IP Office will send SIP TD®NS messages to the service

provider.

SetPublic IP Addressto the IP address of the Avaya IP Office WAN port.
Set thePublic Port to the port Avaya IP Office will listen on.
All other parameters should be set according ttooosr requirements.

= Atlantic City

Swstem | LAM1 | LAMZ  |DNS | Waicemail | Telephony | Directory Services | System Events | SMTP | SMDR. | T
Lal Settings | woIP | Mebwork Topalogy | SIP Registrar
Mebwork Topology Disconvery
STUM Server IP fddress 10 Ll 165 13 STUM Port 347E
Firewall/NAT Tvpe Cpen Inkernek W
Binding Refresh Time &0 =
(seconds) s
Public IP Address 192 168 9 232
Public Park S060 % Run STUM Cancel
[] run 5TUM on startup
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5.2.2. System - Telephony Tab

To access the System Telephony settings, navigdheTelephony Telephonytab in the
Details Pane. Uncheck thehibit Off-Switch Forward/Transfer box to allow call forwarding
and call transfer to the PSTN. If for securityseas incoming calls should not be allowed to
transfer back to the PSTN then leave this settivagked.

E Atlantic City 5 i Al Al

System || LANL | LAMNZ | DNS voicemail | Telephony Directary Services | System Events || SMTP | SMDR | Twinning || YCM CCR Codecs

Telephony | Tones & Music | Call Log

Analogue Extensions Carmpanding Law
Swikch Line
Default Qutside Call Sequence Taormal w
Default Inside Call Sequence Ring Type 1 v © U-Law © U-Law Line
Default Ring Back Seguence Ring Tvpe 2 w
O A-Law O A-Law Line

Restrict Analogue Extension Ringer Yolkage [

Dial Delay Time {secs) 4 & [] oss status
Dial Delay Count 0 3 Auka Hald
Default Mo Answer Time (secs) 125 3 Dial By Mame
Hold Timeout {secs) 0 % Shows Account Code
Park Timeout {secs) 300 3- [ 1nhibit CFf-Switch Forward TransFer
Ring Delay (secs) 5 & [] Restrict Metwork Interconnect
Call Pricrity Promation Time (secs) |Disabled = [] Drop External Cnly Imprompty Conference
Default Currency Lso K- [] wisually Differentiate External Call
Default Mame Priority Favor Trunk T [ unsupervised Analog Trunk Disconnect Handling
. High Quality Conferencing
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5.2.3. System - Twinning Tab

To view or change the System Twinning settingsjgete to thelTwinning tab in the Details
Pane as shown in the following screen. Blead original calling party information for

Mobile Twinning box is not checked in the sample configuration, #uedCalling party
information for Mobile Twinning is left blank. Click théDK button at the bottom of the page
(not shown).

Atlantic City

Swskem | LAML || LAMZ | DNS Yoicemail | Telephony | Directory Services || System Events | SMTP | SMDR | Twinning | wCM

[] send ariginal caling party information For Mobile Twinning

Zalling party information For
Mobile Twinning

5.3. IP Route

Navigate tdP Route  0.0.0.0in the left Navigation Pane if a default routesally exists.
Otherwise, to create the default route, right-cickP Route and selecNew. Create/verify a
default route with the following parameters:

SetlP AddressandIP Mask t0 0.0.0.0

SetGateway IP Addressto the IP Address of the default router to reachelerated
Connections.

SetDestinationto LAN2 from the drop-down list.

Click theOK button at the bottom of the page (not shown).

IP Offices B 0.0.0.0 e -E X v <]

R BOOTP (4) 1P Route
{# Operator (3}
[=)-5=p Atlantic City
=55 System (1] 1P Mask o0 .0 o
92y Atlantic City
17 Line (14) Gakeway IP Sddress 192 . 168 . 96 . 254
<tz Contral Unit {3)
Ay Extension (25)
i User (27) Metkric a
# HuntGroup (1)
93¢ short Code (61) [ Praxy &RP
@ Service (0}
Al RAS (1)
@ Incoming Call Route (28)
Ej) WanPork ()
g Directary (0)
t’,”‘- Tire Profile (0}
@- Firewall Profile (1)
=il 1P Route (4)
Flo.0.0.0
Bl 10.32.0.0

IP Address a 0 i} 0

Destination LANZ hd

4
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5.4. SIP Line

A SIP line is needed to establish the SIP connedigiween Avaya IP Office and the
Accelerated Connections SIP Trunking Service. rBate a SIP line, right-clickine in the
Navigation Pane and seldédew  SIP Line.

5.4.1. SIP Line — SIP Line Tab
On theSIP Line tab in the Details Pane, configure the parameteshown below.

SetITSP Domain Nameto the IP address of the Accelerated Connectidiipxy.
SetSend Caller ID to Diversion Header. With this setting and the related configuration
in Section 5.2.3IP Office will include the Diversion Header faalts that are directed
via Mobile Twinning out the SIP Line to Accelerat€édnnections. It will also include
the Diversion Header for calls that are call forsett out the SIP Line.
UncheckREFER Support.

Check thdn Service box. This makes the trunk available to incomind antgoing calls.
Check theCheck OOSbox. IP Office will use the SIP OPTIONS methodg#riodically
check the SIP Line. The time between SIP OPTION Isg IP Office will use the
Binding Refresh Timefor LAN2, as shown irSection 5.2.1

Default values may be used for all other parameters

IP Offices i= SIP Line - Line 21 k- X v <>

- R BOOTP (4) SIP Line: |Transport| SIP URI| VoIP | T35 Fax|SIF Credentials
+-¢# Operator (3)
=49 Aklantic City Line Murnber 21 &
+-55p Syskem (1)
el Line (14) ITSP Domain Mame | 192.168.62.92 In Service
+-<2r Contral Unit (3)
+- 48 Extension (25) Use Tel LRI O
*§ User (27) Prefix Check 003
+ # Hunbiaroup (13
+- @M% Short Code (61) Mational Prefix 0 Call Routing Methad Request URI w
@ Service (0} CouRtrcod Originator number For
H-agly RAS (1) DRI MO0 forwarded and twinning calls
* @ Incoming Call Route (28) International Prefix; (00 Mame Priority System Defaulk w

B8 wanPort (0}
s Directory (0) Caller 1D from From header  []
£ Time: Profile (0} Send From In Clear F]
+ @ Firewall Profile {13 User-figent and Server
+- il IF Route (43 Headers
B Account Code (0) Send Caller ID Diversion Header hd

+ - W License (77)
& Tunnel (0) Association Method | By Source IP address w

-y User Rights (3) ] REFER Support
+ K AR5 (2)

# RAS Location Request (0)
- E911 System (1)

UPDATE Supported | Mewver w
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5.4.2. SIP Line - Transport Tab

Select thélransport tab. Set the parameters as shown below.
SetITSP Proxy Addressto the IP address of the Accelerated ConnectidiRgpxy.
SetLayer 4 Protocol to UDP.
SetUse Network Topology Infoto the network port used by the SIP line to actess
far-end and configured iection 5.2.1
Set theSend Portto 5060
Default values may be used for all other parameters

E SIP Line - Line 21 ﬁvfﬂ|3{|¢|<|>]

SIF Line| Transport |SIP URI|WolP | T38 Fax||SIP Credentials

ITSP Proxy Address  |192.165.62.92

Metwork Configuration

Layer 4 Protocal LDP W Send Port  |S06G0 E
=g Metwork Topology Info  [LAM 2 w

Explicit DMS Server(s) 1] 1] 1] 1] 1] n n n

Zalls Route via Reqistrar

Separate Registrar
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5.4.3. SIP Line - SIP URI Tab

A SIP URI entry must be created to match each imegmumber that Avaya IP Office will
accept on this line. Select tB& URI tab, then click th&dd button and thé&lew Channel
area will appear at the bottom of the pane. Toauexisting entry, click an entry in the list at
the top, and click th&dit button. In the example screen below, a new astcyeated. The
entry was created with the parameters shown below:
- SetLocal URI, Contact, Display NameandPAI to Use Internal Data This setting
allows calls on this line whose SIP URI matchesrnthmmber set in th8IP tab of any
User as shown iBection 5.7
For Registration, selectd: <None>from the pull-down menu.
Associate this line with an incoming line groupdmtering a line group number in the
Incoming Group field. This line group number will be used inidgig incoming call
routes for this line irBection 5.8.2 Similarly, associate the line to an outgoinglin
group using th®utgoing Group field. The outgoing line group number is used in
defining ARS entries for routing outbound traffecthis line inSection 5.6 For the
compliance test, a new incoming and outgoing gr@lwas defined that only contained
this line (line 21).
SetMax Calls per Channelto the number of simultaneous SIP calls that kogvad
using this SIP URI pattern.

Click OK.
SIP Line || Transport| ZIP URD ol | 738 Fax| SIP Credentials
Chanrel  Groups Wia Local URI  Contact  Display Mame  PAI | Credential | Max Calls add. ..
Remave
Edit...
. e Channel -
Via 192.165,96,232
Local URI Ise Internal Data w
Contact Use Internal Data w
Display Mame Use Internal Data w
Pal Use Internal Data w
Registration 0: <Mone= hd
Incoming Group 21
Qutgoing Group 21
Max Calls per Channel 10 &
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Additional SIP URIs may be required to allow inbdwsalls to numbers not associated with a
user, such as a short code. These URIs are criedieel same manner as shown above with the
exception that the incoming DID number is enteriedatly in theLocal URI, Contact, Display
NameandPAlI fields.

5.4.4. SIP Line - VoIP Tab

Select thé/olP tab, to set the Voice over Internet Protocol patams of the SIP line. Set the
parameters as shown below.
For Codec SelectionselectSystem Defaultfrom the pull-down menu. A list of the
codecs in their current order of preference is showthe right in th&electedcolumn.
The compliance test used the default codec listude a custom list of codecs, select
Custom for Codec Selection Next, move unwanted codecs from 8wectedcolumn to
theUnusedcolumn. Lastly, move the codecs up or down thieihi theSelectedcolumn
to achieve the desired order of preference.
Uncheck the/olP Silence Suppressiofox.
Check theRe-invite Supportedbox.
Set theFax Transport Support to T.38.
Set theDTMF Support field to RFC2833 This directs Avaya IP Office to send DTMF
tones using RTP events messages as defined in BBC28
Default values may be used for all other parameters

Click theOK button at the bottom of the page (not shown).

B SIP Line - Line 21 ﬁ-:’]lkl«l«zh]

SIP Line| Transport | SIP URI) VoIP 138 Fax |SIF Credentials

|:| YoIP Silence Suppression

Codec Selection Systern Defaulk w
Re-invite Supparted
g G711 ULAW 64k '
G711 ALAYW 64 [ use offerer's Preferred Codec
G.729{a) 8K, C3-ACELP D adec Lockdown

G.723.1 6K3 MP-MLO

e [] Prack100rel Supported

==

Fax Transport Suppork T35 b
Call Inikiation Timeout (s} |4 £
DTMF Support RFC2833 v
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5.5. Short Codes

ARS is used to route outbound traffic to the Sk liA short code is used to route outbound
traffic to ARS. To create a short code, rightdklan Short Codein the Navigation Pane and
selectNew. On theShort Codetab in the Details Pane, configure the parameteshown
below.

In theCodefield, enter the dial string which will triggerighshort code, followed by a
semi-colon. In this cas8N;. This short code will be invoked when the usetsid

followed by any number.

SetFeatureto Dial. This is the action that the short code will pario

SetTelephone Numberto N. The valueN represents the number dialed by the user after
removing thed prefix. This value is passed to ARS.

Set theline Group Id to the ARS route to be used which is define8eaation 5.6

Click theOK button (not shown).

IP Offices B 9N;: Dial |
K EOOTR(4) Short Code
¢ Operator (3)
[=- %% Atlantic City Code an;
g Svstem (1) ;
F7 Line (14) Feature Dial w
< Control Unit (3 Telephone Mumber — |M
Ay Extension (25)
) a User (277 Line Group ID 51: 3P 5IP Route w
) ﬂ Hunt@roup {1}
L+ g Short Code (510 Locale b
@ Service (0) Force Account Code [
o, RAS (1)
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Optionally, add or edit a short code that can lBglus access the SIP Line anonymously. In the
screen shown below, the short cd@&N; is illustrated. This short code is similar to 8¢

short code except that thelephone Numberfield begins with the letté®v, which means
“withhold the outgoing calling line identification”In the case of the SIP Line to Accelerated
Connections documented in these Application Nate®n a user dials *67 plus the number, IP
Office will include the user’s telephone numbethe P-Asserted-ldentity (PAI) header and will
include the Privacy: Id headeAccelerated Connections will allow the call dughe presence

of a valid DID in the PAI header, but will prevgmesentation of the caller id to the called PSTN
destination.
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5.6. ARS

ARS is used to route outbound traffic to the Sire liTo define a new ARS route, right-click
ARS in the Navigation pane and sel&®w. In the Details pane that appears, a collectfon o
matching patterns (similar to short codes) canrtered to route calls as shown below.

For the compliance test, two entries were creaidue first entry matches on any 1 + 10 digit
number {XXXXXXXXXX ) and then sends only 9 digifd)(in the SIP INVITE message on the
line group defined irsection 5.4.3e.g., line group 21). The second entry matcimeany other
number N) and passes it unaltered to the line group.

To create an entry, click thedd button and enter the following in the pop-up windo

- In theCodefield, enter the pattern to match the number phss&RS from the short
code inSection 5.5followed by a semi-colon.
SetFeatureto Dial. This is the action that the short code will pario
SetTelephone Numberto N"@192.168.62.92” This field is used to construct the
Request URI and To headers in the outgoing SIP Ti#hessage. In the first entiy,
represents the remaining 9 digits after removimgpteceding 1. In the second entry, the
valueN represents the complete number passed to ARSIPTagdress 192.168.62.92 is
the IP address of the Accelerated Connections &iyp
Set theline Group Id to the outgoing line group number defined on$ie URI tab on
the SIP Line in Section 5.4.3 This short code will use this line group wheaqnhg the
outbound call.

Click theOK button (not shown).
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5.7. User

Configure the SIP parameters for each user thabeiplacing and receiving calls via the SIP
line defined inSection 5.4 To configure these settings, first navigat&Jggr Namein the
Navigation Pane whemdameis the name of the user to be modified. In thengxle below, the
name of the user Bxtn243. Select th&IP tab in the Details Pane. The values enterechfor t
SIP NameandContact fields are used as the user part of the SIP URtler-rom and Contact
headers for outgoing SIP trunk calls and allow tniaig of the SIP URI for incoming calls
without having to enter this number as an exp#tR URI for the SIP lineSection 5.4.3. The
example below shows the settings for Usgin243. TheSIP NameandContact are set to one
of the DID numbers assigned to the enterprise #facelerated Connections. TB&P Display
Name (Alias)parameter can optionally be configured with a dpge name. If all calls
involving this user and a SIP Line should be comsd private, then thdnonymousbox may
be checked to withhold the user’s information frthra network.

Click theOK button (not shown).

CTM; Reviewed: Solution & Interoperability Test Lab Application ks 21 0of 31
SPOC 8/22/2013 ©2013 Avaya Inc. All Rights Reserved. AccSipTrkIPO81



5.8. Incoming Call Route

An incoming call route maps an inbound DID numbeiacspecific line to an internal extension.
This procedure should be repeated for each DID rupiovided by the service provider. To
create an incoming call route, right-clitkcoming Call Routesin the Navigation Pane and
selectNew.

5.8.1. Incoming Call Route — Standard Tab

On theStandard tab of the Details Pane, enter the parametersagrsbelow.
Set theBearer Capacity to Any Voice.
Set theLine Group Id to the incoming line group of the SIP line definedection
5.4.3
Set thencoming Number to the incoming number on which this route shauktch.
Default values can be used for all other fields.

5.8.2. Incoming Call Route — Destinations Tab

On theDestinationstab, select the destination extension from thégmivn menu of the
Destination field. Click theOK button (not shown). In this example, incomindctd
6475551236 on line 21 are routed to extension 243.

Incoming Call Routes for other direct mappings ¢éDMumbers to IP Office users listed in
Figure 1 are omitted here, but can be configured in theest@shion.
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5.9. Save Configuration

Navigate toFile  Save Configurationin the menu bar at the top of the screen to dawe t
configuration performed in the preceding sections.

The following will appear, with eithévlerge or Immediate selected, based on the nature of the
configuration changes made since the last savée tHat clickingOK may cause a service
disruption. ClickOK to proceed.
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6. Accelerated Connections SIP Trunking Configurati on

Accelerated Connections is responsible for theigardition of the Accelerated Connections SIP
Trunking Service. The customer will need to previle IP address used to reach the Avaya IP
Office at the enterprise. In the case of the coamgie test , this is the IP Office LAN2 address.
Accelerated Connections will provide the custorherrnecessary information to configure the
Avaya IP Office SIP connection to Accelerated Caniloas including:
- IP address of the Accelerated Connections SIP proxy

Supported codecs

DID numbers

All IP addresses and port numbers used for siggaimmedia that will need access to the

enterprise network through any security devices

7. Verification Steps

This section provides verification steps that maybkrformed in the field to verify that the
solution is configured properly.

7.1. System Status

The System Status application is used to monitdrteoubleshoot IP Office. Use the System
Status application to verify the state of the SiUPk. System Status can be accessed 8Start
Programs IP Office  System Status

The following screen shows an exampbtggon screen. Enter the IP Office IP address in the
Control Unit IP Address field, and enter an appropridtlser NameandPassword Click
Logon.
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Select the SIP line und@&runks from the left pane. On tH&tatustab in the right pane, verify
the Current State isldle for each channel.

Select thAlarms tab and verify that no alarms are active on theIBie.
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7.2. Monitor

The Monitor application can also be used to moratad troubleshoot IP Office. Monitor can be
accessed frorBtart  Programs IP Office  Monitor. The application allows the
monitored information to be customized. To cust@ngelecFilters  Trace Options

The following screen shows tI&P tab, allowing configuration of SIP monitoring. tims
example, th&IP RxandSIP Tx boxes are checked.

8. Conclusion

These Application Notes describe the configuratiepessary to connect Avaya IP Office 8.1 to
the Accelerated Connections SIP Trunking Servitiee Accelerated Connections SIP Trunking
Service is a SIP-based Voice over IP solution t@ta@mers ranging from small businesses to
large enterprises. It provides a flexible, costisg alternative to traditional hardwired

telephony trunks. The Accelerated Connections S$UPKing Service passed compliance testing.
Please refer t8ection 2.2for any exceptions.
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9. Additional References

This section references documentation relevaritded Application Notes. In general, Avaya
product documentation is availablehdip://support.avaya.com

[1] IP Office 8.1 IP500/1P500 V2 Installatipocument Number 15-601042, Issue 27m, July 2,
2013.

[2] IP Office Release 8.1Manager 100ocument Number 15-601011, Issue 29u, April 3,320

[3] IP Office System Status Applicatji@ocument Number 15-601758, Issue 07a, November
26, 2012.

[4] IP Office Release 8.1 Administering Voicemail Hbocument Number 15-601063, Issue 8Db,
December 11,2012.

[5] IP Office System MonitpDocument Number 15-601019, Issue 03c, March 1320

Additional IP Office documentation can be found at:
http://marketingtools.avaya.com/knowledgebase/
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10. Appendix A: SIP Line Template

Avaya IP Office supports a SIP Line Template (inl xonmat) that can be created from an
existing configuration and imported into a new atisttion to simplify configuration procedures
as well as to reduce potential configuration etrors

Note that not all of the configuration informatiguarticularly items relevant to a specific
installation environment, is included in the SIPéiTemplate. Therefore, it is critical that the
SIP Line configuration be verified/updated afteemplate has been imported and additional
configuration be supplemented usfdgction 5.4in these Application Notes as a reference.

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

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

<Template xmIns="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>
<Version>20130710</Version>
<SystemlLocale>enu</SystemLocale>
<DescriptiveName>Accelerated Connections</Descrip tiveName>
<ITSPDomainName>192.168.62.92</ITSPDomainName>
<SendCallerID>CallerIDDIV</SendCallerID>
<ReferSupport>false</ReferSupport>
<ReferSupportincoming>2</ReferSupportincoming>
<ReferSupportOutgoing>2</ReferSupportOutgoing>
<RegistrationRequired>false</RegistrationRequired >
<UseTelURI>false</UseTelURI>
<CheckOOS>true</CheckO0OS>
<CallRoutingMethod>1</CallRoutingMethod>
<OriginatorNumber />
<AssociationMethod>SourcelP</AssociationMethod>
<LineNamePriority>SystemDefault</LineNamePriority >
<UpdateSupport>UpdateNever</UpdateSupport>
<UserAgentServerHeader />
<CallerIDfromFromheader>false</CallerIDfromFromhe ader>
<PerformUserLevelPrivacy>false</PerformUserLevelP rivacy>
<ITSPProxy>192.168.62.92</ITSPProxy>
<LayerFourProtocol>SipUDP</LayerFourProtocol>
<SendPort>5060</SendPort>
<ListenPort>5060</ListenPort>
<DNSServerOne>0.0.0.0</DNSServerOne>
<DNSServerTwo>0.0.0.0</DNSServerTwo>
<CallsRouteViaRegistrar>true</CallsRouteViaRegist rar>
<SeparateRegistrar />
<CompressionMode>AUTOSELECT</CompressionMode>
<UseAdvVoiceCodecPrefs>false</UseAdvVoiceCodecPre fs>
<CallInitiationTimeout>4</CalllnitiationTimeout>
<DTMFSupport>DTMF_SUPPORT_RFC2833</DTMFSupport>

<VoipSilenceSupression>false</VoipSilenceSupressi on>
<ReinviteSupported>true</ReinviteSupported>
<FaxTransportSupport>FOIP_T38</FaxTransportSuppor t>
<UseOffererPrefferedCodec>false</UseOffererPreffe redCodec>
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<CodecLockdown>false</CodecLockdown>
<Rel100Supported>false</Rel100Supported>
<T38FaxVersion>3</T38FaxVersion>
<Transport>UDPTL</Transport>
<LowSpeed>0</LowSpeed>
<HighSpeed>0</HighSpeed>
<TCFMethod>Trans_TCF</TCFMethod>
<MaxBitRate>FaxRate 14400</MaxBitRate>
<EflagStartTimer>2600</EflagStartTimer>
<EflagStopTimer>2300</EflagStopTimer>
<UseDefaultValues>true</UseDefaultValues>
<ScanLineFixup>true</ScanLineFixup>
<TFOPEnhancement>true</TFOPEnhancement>
<DisableT30ECM>false</DisableT30ECM>
<DisableEflagsForFirstDIS>false</DisableEflagsFor FirstDIS>
<DisableT30MRCompression>false</DisableT30MRCompr ession>
<NSFOverride>false</NSFOverride>

</Template>

To import the above template into a new installatio

1. On the PC where IP Office Manager was installegy@and paste the above template
into a text document namé&tsS AcceleratedConnections_SIPTrunk.xml Move the
xml file to the IP Office Manager template diregt¢C:\Program Files\Avaya\lP
Office\Manager\Templates). It may be necessarydate this directory.

2. Import the template into an IP Office installatioy creating a new SIP Line as shown in
the screenshot below. In the Navigation Pane enet, right-click onLine then
navigate taNew New SIP Trunk From Template
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3. Verify thatUnited Statesis automatically populated f@ountry and
AcceleratedConnectiongs automatically populated f&ervice Providerin the
resulting Template Type Selection screen as shalowb ClickCreate new SIP
Trunk to finish the importing process.
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