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Avaya Solution & Interoperability Test Lab

Application Notes for Configuring Avaya IP Office 8.1 with
Vodafone UK SIP Trunk — Issue 1.0

Abstract

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) trunking between Vodafone UK SIP Trunk and Avaya IP Office.

The Vodafone UK SIP Trunk service provides PSTN access via a SIP trunk connected to the
Vodafone UK Voice Over Internet Protocol (VolP) network as an alternative to legacy
analogue or digital trunks. Vodafone UK are a member of the Avaya DevConnect Service
Provider program.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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1. Introduction

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) trunking between Vodafone UK SIP Trunk and Avaya IP Office. Vodafone UK SIP Trunk
provides PSTN access via a SIP trunk connected to the Vodafone network as an alternative to
legacy analogue or digital trunks. This approach generally results in lower cost for customers.

2. General Test Approach and Test Results

The general test approach was to configure a simulated enterprise site using Avaya IP Office to
connect to Vodafone SIP Trunk. This configuration (shown in Figure 1) was used to exercise the
features and functionality listed in Section 2.1.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent
to the interoperability of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
completeness of a DevConnect member’s solution.

2.1. Interoperability Compliance Testing
Avaya IP Office was connected to the Vodafone SIP Trunk. To verify SIP trunking
interoperability the following features and functionality were exercised during the
interoperability compliance test:
e Incoming PSTN calls to various phone types including H.323, digital and analogue
telephones at the enterprise.
e Allinbound PSTN calls were routed to the enterprise across the SIP trunk from VVodafone
e Outgoing PSTN calls from various phone types including H.323, digital, and analogue
telephones at the enterprise.
e All outbound PSTN calls were routed from the enterprise across the SIP trunk to
Vodafone
e Inbound and outbound PSTN calls to/from an IP Office Softphone client
Various call types including: local, international, toll free (outbound) and directory
assistance
Codecs G.729A and G.711A
Caller ID presentation and Caller ID restriction
DTMF transmission using RFC 2833
Voicemail navigation for inbound and outbound calls
User features such as hold and resume, transfer, and conference
Off-net call forwarding and twinning
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2.2. Test Results

Interoperability testing of the sample configuration was completed with successful results for the
Vodafone SIP Trunk with the following observations:

When an inbound call was not answered, the network played announcement “Sorry there
is no reply” after three minutes. The IP Office extension continued to ring however, until
IP Office sent “503 Service Unavailable” after a further two minutes.

When an outbound call was made to an invalid number, the network returned “403
Forbidden”. The more commonly used response to this call failure is “404 Not Found”
When there were no matching codecs in the SDP offer and answer of an outgoing call,
“503 Service Unavailable” was returned from the network. The more commonly used
response is “488 Not Acceptable Here”

On calls going out from an 1140E SIP phone, DTMF was slightly unreliable with the odd
digit missing or duplicated. Button presses had to be more precise than they had to be for
H.323 phones.

Inbound Toll Free access was not tested as numbers were not available for test
Emergency Services access was not tested as an Emergency Services test call was not
booked with the Operator

Outbound fax calls were successfully terminated to a fax machine at VVodafone premises.
Fax calls to a machine at Avaya Galway premises were unreliable.

Outbound G.729 fax calls did not fall back to G.711 and were unsuccessful.

2.3. Support

For technical support on VVodafone products please visit the website at
http://www.vodafone.co.uk/business/business-solutions/unified-communications/index.htm or

contact an authorized VVodafone representative.
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3. Reference Configuration

Figure 1 illustrates the test configuration. The test configuration shows an enterprise site
connected to Vodafone SIP Trunk. Located at the enterprise site is an Avaya IP Office 500 v2.
Endpoints include an Avaya 1600 Series IP Telephone (with H.323 firmware), an Avaya 9600
Series IP Telephone (with H.323 firmware), an Avaya 1140e SIP Telephone, an Avaya 2420
Digital Telephone, an Avaya Analogue Telephone and a fax machine. The site also has a
Windows 7 Laptop PC running Avaya IP Office Manager to configure the Avaya IP Office as
well as an IP Office Softphone client for mobility testing. For security purposes, any PSTN
routable phone numbers used in the compliance test are not shown in these Application Notes.
Instead the phone numbers have been obscured beyond the city code.
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Figure 1: Vodafone SIP Trunk to Avaya IP Office Topology
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4. Equipment and Software Validated

The following equipment and software were used for the sample configuration provided:

Equipment/Software

| Release/Version

Avaya

Avaya IP Office 500 V2

Avaya IP Office R8.1(73)

Avaya 1140e SIP Telephone 04.03.09.00
Avaya 1603 Phone (H.323) 1.3.3
Avaya 9620 Phone (H.323) 3.2.0
Avaya 2420 Digital Phone N/A
Avaya 98390 Analogue Phone N/A

Avaya Softphone

3.2.3.48 (67009)

Vodafone

ACME Packet Net-Net 9200 SBC

SD7.1.0 MR-6 Patch 3 (Build 671)

Gendband C20 Soft-Switch

CVM14 (MCP 14.0.16.3)

5. Configure Avaya IP Office

This section describes the Avaya IP Office configuration to support connectivity to the Vodafone
SIP Trunk. Avaya IP Office is configured through the Avaya IP Office Manager PC application.
From a PC running the Avaya IP Office Manager application, select Start = Programs - IP
Office = Manager to launch the application. Navigate to File > Open Configuration, select
the proper Avaya IP Office system from the pop-up window, and log in with the appropriate
credentials. A management window will appear similar to the one in the next section. All the
Avaya IP Office configurable components are shown in the left pane known as the Navigation
Pane. The pane on the right is the Details Pane. These panes will be referenced throughout the
Avaya IP Office configuration. All licensing and feature configuration that is not directly related
to the interface with the Service Provider (such as twinning) is assumed to already be in place.
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5.1. Verify System Capacity

Navigate to License in the Navigation Pane. In the Details Pane verify that the License Status
for SIP Trunk Channels is Valid and that the number of Instances is sufficient to support the
number of SIP trunk channels provisioned by VVodafone.

{{#l Avaya IP Office R9 Manager GSSCP_IP02 [8.1(73)] [Administrator{Administrator)]
File Edit View Tools Help

-dAEE A v -2

GSSCP_IPOZ v License * SIP Trunk Channels v

IP Offices = SIP Trunk Channels

& Mobile Worker ;I A I
& Mobility Features
N Office Worker License Key [ esastimbaimb MR s stk |
& one-X Portal for IP Offic
.. Phone Manager Pro License Type ISIP Trunk Channels
. Phone Manager Pro (per
. Phone Manager Pro IP A
& Power User

. Preferred Edition (Voicer
% Preferred Edition Additio Expiry Date INever
. Preferred/Advanced to b

License Status IVaIid

Instances |255

5.2. LAN2 Settings

In the sample configuration, the LANZ2 port was used to connect the Avaya IP Office to the
external internet. To access the LAN2 settings, first navigate to System - <IP Office Name> in
the Navigation Pane where <IP Office Name> is the name of the IP Office. This is
GSSCP_IPO2 in the GSSCP test environment. Navigate to the LAN2 - LAN Settings tab in
the Details Pane. The IP Address and IP Mask fields are the public interface of the IP Office,
Primary Trans. IP Address is the next hop, usually the default gateway address. All other
parameters should be set according to customer requirements. On completion, click the OK
button (not shown).

IP Offices B GSSCP_IP0O2
=R BOOOT: (223) Systeml LANL  LANZ IDNS l Voicemail | Telephony | Directary Services I System Events ] SMTP | SMOR ] Twinning ]
[#-¢7 Operator ;
B-5%9 GSSCP_IPO2 LAN Settings IVOIP l Network Topology |
[=]-#%p System (1)
o GSSCP_IPO2 1P Address [192 . 168 . 37 . 2
- Line (3) 1P Mask [255 255 255 . 0
[#-<=» Control Unit (4)
[+-4 Extension (31) Primary Trans. IP Address | 192 . 168 . 37 1
g User(32) ) ’
-4 Hunt Group (1) Firewall Profile | <tone> ~|
[+-@% Short Code (75) RIP Mode I Hora 3
@ Service (0)
o, RAS (1) I Enable NAT
- Incoming Call Route (5) .
@ WanPort (0) MNumber OF DHCP IP Addresses IZOD 3.
@ Directory (0) —DHCP Mode
£ Time Profile (0) - - = 3
S " Client ¢ Dialin % Disabled
- @) Firewall Profile (1) | bt ik S e Advanced
- [l 1P Route (3)
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On the VoIP tab in the Details Pane, check the SIP Trunks Enable box to enable the
configuration of SIP trunks. The IP Office Softphone and the Avaya 1140e both use SIP. If these
along with any other SIP endpoint are to be used, the SIP Registrar Enable box must also be
checked. Define the port to be used for the signalling transport, in the test environment UDP was
used and the port number was left at the default value of 5060.

Scroll down for further configuration. The RTP Port Number Range can be customized to a
specific range of receive ports for the RTP media. Based on this setting, Avaya IP Office
requests RTP media to be sent to a UDP port in the configurable range for calls using LANZ2.

Avaya IP Office can also be configured to mark the Differentiated Services Code Point (DSCP)
in the IP Header with specific values to support Quality of Services policies for both signalling
and media. DSCP for media can be set for both voice and video. The DSCP field is the value
used for voice and the SIG DSCP is the value used for signalling. For the compliance test, the
DSCP values were left at their default values which are shown in the example below.

IP Offices

[+

B:4

R BOOTP(2)

1t Operator (3)
= GSSCP_IPO2Z
[=)-*5%9 System (1)

)l GSSCP_IPO2
-7 Line (9)
[#-<2» Control Unit (4)

[+ Extension (31)

[+ ﬂ User (32)

[+-53@ Hunt Group (1)

[+-@% Short Code (75)
@ Service {0)

[+, RAS (1)

[+ e Incoming Call Route (5)
€2 wanPort (0)
@ Directory (0)

GSSCP_IP0O2"

Systeml Lant  LANZ IDNS I Yoicemail I Te]ephonyl Directory Services I System Eventsl SMTP | SMDR. I Twinningl VM ] CCR | Codecs ]

LAN Settings VoIP INetwork Topology I

¥ H323 Gatekeeper Enable

IV Auto-create Extn I Auto-create User

I H323 Remote Extn Enable

IV SIP Trunks Enable

¥ SIP Registrar Enable

IV auto-create ExtnjfUser

I 5IP Remote Extn Enable

Domain Name Iavaya.com

Both TCP & UDP 'l

Layer 4 Protacol

@‘ Time Profile (0) TCP Port 5060 =
&3} Firewall Profile (1)
-l 1P Route (3) UDP Port 5060 =
8 : Ez::zgt(ng e © Challenge Expiry Time (secs) 10 Eﬁ
@& Tunnel (0)
-3 User Rights (8) RTP
o] ' Auto Attendant (1) —Port humber Range -
& 5 :iz Elo)cation Request (0) Minimum 49152 Eﬁ Maximum 53246 3:
¥ Enable RTCP Manitaring on Port 5005
—Keepalives
Scope RTP ¥ | Periodic timeout Il
Initial keepalives Enabled ']
[ DiffSery Settings
’ B8 —| DSCP(Hex) IFC =] DSCP Mask (Hex) |33 =] s16DSCP (Hex)
! 46 E DSCP |63 5: DSCP Mask |34 5: SIG DSCP
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All other parameters should be set according to customer requirements. On completion, click the
OK button (not shown).

On the Network Topology tab in the Details Pane enter the information required if NAT is to be
used. During test, NAT was not required and there was no requirement for a STUN server. To
disable this facility, 0.0.0.0 is entered in the STUN Server IP Address and Public IP Address
fields. If NAT is to be used, this tab can also be used to set the Binding Refresh Time for the
periodic sending of OPTIONS

Ei GSSCP_IP02" e - v

System I Lan1  LANZ IDNS I Yoicemail | Telephonyl Directory Services | System Eventsl SMTP I SMDR. | Twinningl YCM I CCR I Codecs I
LAN Settingsl yoIP  Metwork Topology I

—Network Topology Discovery

STUN Server IP Address R STUNPart  [3478 =
Firewall{NAT Type IOpen Internet _v_l

Binding Refresh Time (seconds) 300

Public IP Address [0 .0 .0 .0 Run STUN | Carice] |

—Public Port -
UDP ID 3:

™ Run STUN on startup

5.3. System Telephony Settings

Navigate to the Telephony = Telephony tab on the Details Pane. Choose the Companding
Law typical for the enterprise location. For Europe, ALAW is used. Uncheck the Inhibit Off-
Switch Forward/Transfer box to allow call forwarding and call transfer to the PSTN via the
Service Provider across the SIP trunk. On completion, click the OK button (not shown).
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GSSCP_IPO2"

System | Lant | Lanz | ons | voicemail  Telephony |Directory Services | System Events | sMTP | SMDR | Twinning | vcm | ccR | Codecs |

Telephony ITones & Music I Call Log |

—#Analogue Extensions — Companding Law
—Switch ——— — Line
Default Qutside Call Sequence INormal _'J
H " U-Law Line
Default Inside Call Sequence IRing Type 1 L‘ € Ulaw SLaiit:
Default Ring Back Sequence Ring Type 2 v
< ] | CibL —I * A-law & a-LawLine
Restrict Analogue Extension Ringer Yoltage u

Dial Delay Time {secs) H I~ DSS Status

Dial Delay Count m V" auto Hold

Default Mo Answer Time (secs) IH ¥ | Disl By Tiame

Hold Timeout (secs) H V' Show Account Code

l_ e 3% -
Park Timeout (secs) 300 = Inhibit OFf-Switch Forward/Transfer
- I Restrict Network Interconnect
Ring Delay (secs) |5 3
i S - - I Drop External Only Impromptu Conference
Call Priority Promotion Time (secs) ID|sabled I’
™ visually Differentiate External Call
Default Currency IEUR :_I
I Unsupervised &nalog Trunk Disconnect Handling
Default Name Priority IFavor Trunk :j
IV High Quality Conferencing

5.4. System Twinning Settings

Navigate to the Twinning tab, check the box labeled Send original calling party information
for Mobile Twinning. With this setting, Avaya IP Office will send the original calling party
number to the twinned phone in the SIP From header (not the associated desk phone number) for
calls that originate from an internal extension. For inbound PSTN calls to a twinned enabled
phone, Avaya IP Office will continue to send the associated host phone number in the SIP From
header (used for the caller display). This setting only affects twinning and does not impact the
messaging of other redirected calls such as forwarded calls. If this box is checked, it will also
override any setting of the Send Caller ID parameter on the SIP line (Section 5.6). On
completion, click the OK button (not shown).

Ei GSSCP_IPO2*

System | LaN1 | Lahz | DNS | voicemail | Telephony | Directory Services | System Events | sMTp | sMDR  Twinning | vcm

IV Send original calling party information For Mobile Twinning

Calling party information For |
Mobile Twinning
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5.5. Codec Settings

Navigate to the Codecs tab on the Details Pane. Check the Available Codecs boxes as required.
Note that G.711 ULAW 64K and G.711 ALAW 64K are greyed out and always available. Once
available codecs are selected, they can be used or unused by using the horizontal arrows as
required. Note that in test, G.729(a) 8K CS-ACELP and G.711 ALAW 64K were used. The
order of priority can be changed using the vertical arrows. On completion, click the OK button
(not shown).

Ej GSSCP_IPO2* [

System | Latit | Lahz | DNS | voicemail | Telephany | Directory Services | System Events | sMTP | MR | Twinning | vem | ccr Codecs |

- —Default Codec Selection
—Unused ———— —Selected

G.711 ULAW 64K G.711 ULAW 64K G.729(a) 8K CS-ACELP
G.711 ALAW 64k G.722 64K G.711 ALAW 64K
G.722 64K G.723.1 6K3 MP-MLQ
G.729(a) 8K CS-ACELP
G.723.1 6K3 MP-MLQ

—Available Codecs

F EREE

5.6. Administer SIP Line

A SIP line is needed to establish the SIP connection between Avaya IP Office and the VVodafone
SIP Trunk. The recommended method for configuring a SIP Line is to use the template
associated with these Application Notes. The template is an .xml file that can be used by IP
Office Manager to create a SIP Line. Follow the steps in Section 5.6.1 to create the SIP Line
from the template.

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

e |P addresses

e SIP Credentials (if applicable)

e SIP URI entries

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

Therefore, it is important that the SIP Line configuration be reviewed and updated if necessary
after the SIP Line is created via the template. The resulting SIP Line data can be verified against
the manual configuration shown in Section 5.6.2.

Also, the following SIP Line settings are not supported on Basic Edition:
e SIP Line — Originator number for forwarded and twinning calls
e Transport — Second Explicit DNS Server
e SIP Credentials — Registration Required
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Alternatively, a SIP Line can be created manually. To do so, right-click Line in the Navigation
Pane and select New->»SIP Line (not shown). Then, follow the steps outlined in Section 5.6.2.

5.6.1. SIP Line From Template

Copy the template file to the computer where IP Office Manager is installed. Rename the
template file to IE_Vodafone_UK_SIPTrunk.xml. The file name is important in locating the
proper template file.

Verify that template options are enabled in IP Office Manager. Navigate to File > Preferences.
In the IP Office Manager Preferences window that appears, select the Visual Preferences tab.
Verify that the box is checked next to Enable Template Options. Click OK.

[l 1P Office Manager Preferences i 21|

Preferences I Directories | Discovery Visual Preferences |Secuvity ] Yalidation ]

Icon Size lSmall ¥

I Multiine Tabs
V' Enable Template Options

i) OK | Cancel | Help |

Import the template into IP Office Manager. Select Tools = Import Templates in Manager.
This action will copy the template file into the IP Office template directory and make the
template available in the IP Office Manager pull-down menus. The default template location is
C:\Program Files\Avaya\lIP Office\Manager\Templates.

il Avaya IP Office R9 Manager GSSCP_IPO2 [8.1(73)] [Adminis!
File  Edit View | Tools | Help

%~ g Extension Renumber...

. G3SCP_IPO2 Line Renumber. .. b

Connect To...
IP Offii ;
SCN Service User Management

#-& BOOTP (2)
[#-¢7 Operator (3)
2 ’: G55CPIPO2 MSM Configuration
[=]-#%p System (1) |
w2y GSSCP Print Button Labels -

Busy on Held Yalidation

-9 Line (9) | Import Templates in Manager
[#--<=» Control Unit T 11
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In the pop-up window (not shown) that appears, select the directory where the template file was
copied. After the import is complete, a final import status pop-up window (not shown) will
appear stating success or failure. Click OK (not shown) to continue. If preferred, this step may
be skipped if the template file is copied directly to the IP Office template directory.

To create the SIP Trunk from the template, right-click on Line in the Navigation Pane, then
navigate to New = New SIP Trunk From Template.

IP Offices SIP Line -Line 18

R Boote (2) SIP Line | ransport | stp UR| vor | 738 Fax| stp Credentials|
[#-¢7 Operator (3)
[=-%% GSSCP_IPO2 Line Number IIB 33
Bl Sy
-1| ] New » | H323 Line
=1 g ¥ o IP DECT Line
o‘ 53 Copy Crl+C SIP Line
(i Paste ChrlY SIP DECT Line
;" 7<  Delete Ctrl+Del New SIP Trunk From Template
[ e
£ o validate for|
] Conneckt Ta... Chr
- Connect To Chrl+T Na
New from Template (Binary)
By :_l Ca
<2 Col Export as Template (Binary)
& Extension (32] [ Association Method [By Source TP address L] Se

In the subsequent Template Type Selection pop-up window, select Ireland from the Country
pull-down menu and select Vodafone_UK from the Service Provider pull-down menu as shown
below. These values correspond to parts of the file name (IE_Vodafone_ UK_SIPTrunk.xml)
created earlier. Click Create new SIP Trunk to finish creating the trunk.

REIEY

Locale | Urited Kingdam (UK Engiish) ~]
Country 2
Service Provider IVodafone_UK ZI ™ Display Al

Create new SIP Trunk | Cancel

Once the SIP Line is created, verify the configuration of the SIP Line with the configuration
shown in Section 5.6.2.
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5.6.2. Manual SIP Line Configuration
On the SIP Line tab in the Details Pane, configure the parameters below to connect to the
Vodafone SIP Trunk.
e Set ITSP Domain Name field to the domain name used by VVodafone. In test no domain
name was provided.
e Set Send Caller ID to None as it is only required if the box labeled Send original
calling party information for Mobile Twinning is unchecked in Section 5.4.
e Ensure the In Service box is checked.
e Default values may be used for all other parameters.

On completion, click the OK button (not shown).

IP Offices E SIP Line -Line 18 & -

@R BOOTP (2) SIP Line |Transport| stP URT| vore | 738 Fax| TP Credentials|
[#)-¢# Operator (3)
=2y GSSCP_IPO2 Line Mumber 18 3:
[+ System (1)
-7 Line (9) ITSP Domain Name: I | In Service v I
o 1
iz Use Tel URI |
; is Prefix | Check 005 |
16
17 National Prefix I Call Routing Method IRequest URI _'_]
18 i
t Originator number for
* 9 Country Code I forwarded and twinning calls I
@ 10
- International Prefix I MName Priority ISystem Default Zl

<z Control Unit (4)
4 Extension (31)
B-§  User(32) Association Method IBy Source IP address LI Send From In Clear u
] ﬁ Hunt Group (1)

Send Caller ID INone LI ' Caller 1D from From header [V

User-Agent and Server I
Headers

8% Short Code (75)
B Service (0)
- RAS (1) ~IV REFER Support
- Incoming Call Route (5) oo Inuto L]
€@ wanPort (0)
o Directory (0) Qutgoing IAuto :]

'l‘ Time Profile {0)
& @ Firewall Profile (1)
[l IP Route (3) UPDATE Supported IAuto L]
& Account Code (0)

Select the Transport tab and set the following:
e Set ITSP Proxy Address to the IP address of the Vodafone SIP proxy.
e Set Use Network Topology Info to None if NAT is not to be used and the Network
Topology settings defined in Section 5.2 are not required. This was the case during test.
e Set Layer 4 Protocol to UDP.
e Set Send Port and Listen Port to 5060.
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On completion, click the OK button (not shown).

= SIP Line - Line 18

1P Line Transport |sIp URT|voIP | 738 Fax| S1P Credentials|

ITSP Proxy Address [212.165.24.8

— Network Configuration
Layer 4 Protocol |uop ~|  sendPort |sos0 — |
Use Metwork Topology Info INone L‘ Listen Port 15060 _—;:I

ExplictDNSServer(s) [0 - 0 . 0 .0 [0 .0 .0 .0

Calls Route via Registrar [V

Separate Reqgistrar I

After the SIP line parameters are defined, the SIP URIs that Avaya IP Office will accept on this
line must be created. To create a SIP URI entry, first select the SIP URI tab. Click the Add
button and the New Channel area will appear at the bottom of the pane.

= SIP Line - Line 18

SIP Line] Transport SIP URI lVoIP |T38 Fax] SIP Credentialsl
Channel l Groups I Via | Local URT I Contact l Display Name I PAI I Cre add...
Remaove
Editi.,
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For the compliance test, a single SIP URI entry was created that matched any number assigned to
an Avaya IP Office user. The entry was created with the parameters shown below.

e Set Local URI, Contact, Display Name and PAI to Use Internal Data. This will use
the DDI number applied to the specific extension in the User settings described in
Section 5.8

e For Registration, only 0: <None> is available as no SIP Credentials are defined.

e Associate this line with an incoming line group by entering a line group number in the
Incoming Group field. This line group number will be used in defining incoming call
routes for this line. Similarly, associate the line to an outgoing line group using the
Outgoing Group field. The outgoing line group number is used in defining short codes
for routing outbound traffic to this line. For the compliance test, a new incoming and
outgoing group 18 was defined that was associated to a single line (line 18).

e Set Max Calls per Channel to the number of simultaneous SIP calls that are allowed
using this SIP URI pattern.

On completion, click the OK button.

B SIP Line - Line 18

S1P Line| Transport SIP URT [volp | 738 Fax| SIP Credentials|

Channel I Groups I Via l Local URI ] Contact l Display Name ] PAL | Cre aidd,, |

Remove

—Edit Channel
Via I<None> LI
Local URI ~| LCE'I
Contact [Use Internal Data ~|
Display Name lUse Internal Data El
PAI IUse Internal Data lj
Reqgistration ID: <None> _'_]
Incoming Group |—18—
Qutgoing Group ,18—
Max Calls per Channel m
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Select the VVolIP tab to set the Voice over Internet Protocol parameters of the SIP line. Set the
parameters as shown below:

e Select Custom in the Codec Selection drop down menu to specify the preferred codecs

e Highlight codecs in the Unused box that are to be used on this line and click on the right
arrows to move them to the Selected box

e Highlight codecs in the Selected box that are not to be used and click on the left arrows
to move them to the Unused box

e Highlight codecs in the Selected box and use the up and down arrows to change the
priority order of the offered codecs, for testing with VVodafone this was G.729(a) 8K CS-
ACELP and G.711 ALAW 64K in priority order from the highest to the lowest.

e Select T38 Fallback in the Fax Transport Support drop down menu to allow both T.38
and G.711 fax operation

e Select RFC2833 in the DTMF Support drop down menu. This directs Avaya IP Office
to send DTMF tones using RTP events messages as defined in RFC2833

e Uncheck the VoIP Silence Suppression box

e Check the Re-invite Supported box, to allow for codec re-negotiation in cases where the
target of the incoming call or transfer does not support the codec originally negotiated.

e Check the PRACK/100rel Supported box to allow for reliable responses to provisional
call set-up messages such as 183 Session progress and 180 Ringing.

e Default values may be used for all other parameters.

e On completion, click the OK button (not shown).

SIP Line -Line 18

SIP Line| Transport|SIP LRI YoIP |36 Fax|stp Credentials|

™ ¥olIP Silence Suppression

IV Re-invite Supported

Codec Selection Custom v
I :| ™ Use OFferer's Preferred Codec
—Unused ——— —Selected r
G.711 ULAW 64K G.729(a) BK C5-ACELP Codec Lockdown

(G.722 64K
G.723.1 6K3 MP-MLQ

G.711 ALAW 64K ¥ PRACK/100rel Supported

FEREE

Fax Transport Support |T38 Fallback __'_j
Call Initiation Timeout {s) |4 3:
DTMF Support |RFC2833 |

Note: Vodafone UK did not support T.38 fax at the time of testing. Setting Fax Transport
Support to T.38 Fallback allowed IP Office to fallback to G.711 when the re-INVITE for T.38
received a “488 Not Acceptable Here” response from the network.
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It is advisable to save the configuration as described in Section 5.11 to make the Line Group ID
defined in Section 5.6 available.

5.7. Short Codes
Define a short code to route outbound traffic to the SIP line. To create a short code, right-click
Short Code in the Navigation Pane and select New. On the Short Code tab in the Details Pane,
configure the parameters as shown in the example below.
e Inthe Code field, enter the dial string which will trigger this short code, followed by a
semi-colon
e The example shows 9N; which will be invoked when the user dials 9 followed by a
public number.
e Set Feature to Dial. This is the action that the short code will perform.
e Set Telephone Number to N which inserts the public number into the Request URI and
To headers in the outgoing SIP INVITE message
e Setthe Line Group Id to the outgoing line group number defined on the SIP URI tab on
the SIP Line in Section 5.6
e On completion, click the OK button (not shown).

IP Offices B 9N;: Dial

& BOOTP (2) al| short Code |
[#-¢# Operator (3)
E-%% GSSCP_IPO2 Code fory;
[#]-%5%9 System {1} -
B Line (9) Feature IDlaI :j
<< Control Unit (4) Telephone Number IN
[+--4 Extension (31)
F-§  User (32) Line Group ID |18 L]
[-4pf Hunt Group (1)
-8 Short Code (75) Locale | d|
8 *00 Force Account Code |
#x *01
X *02
X *03

Configure the SIP parameters for each user that will be placing and receiving calls via the SIP
line defined in Section 5.6. To configure these settings, first navigate to User in the Navigation
Pane. Select the User tab if any changes are required.

The example over the page shows the configuration required for a SIP endpoint that can be used
for a SIP phone or Softphone. Two types of Softphone were successfully tested; these were IP
Office Softphone and Avaya Flare Experience for Windows. To configure a SIP User that can
accommodate the different types of phone, it has to be given a profile that supports them. In test,
Power User was selected.

BG; Reviewed: Solution & Interoperability Test Lab Application Notes 17 of 25
SPOC 3/7/2014 ©2014 Avaya Inc. All Rights Reserved. VFUK_IPO8-1



Change the Name of the User if required, this will be used for login to the IP Office Softphone
e Select Power User from the Profile drop down menu
e Check the Enable Softphone box
e Check the Enable Flare box

IP Offices B Flare89070: 89070
& K BOOTP (2) 21| User | Voicemail | DND [ Short Codes ] Source Numbers I Telephony ] Forwarding I Dial In I Voice Recording ] Button Programming ‘
¢ Operator (3)
[=)-*2y GSSCP_IPO2 Name |F|ar889070
[+ System (1)
B-F7 Line (9) Password I****
{3« Control Unit (4) Confirm Password l****
[+ Extension (31)
E-§ User(32) Full Name [Flaressnzo
g Mouser
§rg RemoteManager Extension |890?0
& ©9000 Extn89000 =
89001 Extnas001 Bt ke |
89002 Extn39002 lacale | =]
59003 Extn39003
89004 Extn39004 Priority |5 Z‘
§9005 Extn89005 R
89006 ExtnB9006 System Phone Rights lNone _:J
89007 Extn89007 Profile IPower User _'_l l
89011 Extn39011
89012 Extn39012 I Receptionist
89013 Extn39013 IV Enable Softphane
59014 Extn39014
89015 ExtnB9015 V' Enable one-X Portal Services
89016 Extng9016 V' Enable one-X TeleCommuter
89017 Extn39017
BSSiaEs aie IV Enable Remote Worker
89020 Extng9020 V' Enable Flare Flare Mode |Standalone =l
89021 Extn89021
§9022 Extn89022 I™ Enable aIP Client
§9023 Extn39023 . s 7
|
89024 Exin89024 Send Mobility Email
89025 Extn39025 ™ ExDirectory
59026 Extn39026
89027 Extng9027 Device Type IUnknown SIP device
§9028 Extn89028
89102 Extng9102 User Rights
89070 Flare89070 -
539100 Mailbox User Rights view IUser data ZI

SIP endpoints require setting of the SIP Registrar Enable as described in Section 5.2. Call
forwarding and transfer make use of the SIP REFER message. To handle SIP REFER on IP
Office, the Call waiting function is used. To turn on Call Waiting, navigate to Telephony->Call
Settings. Check the Call Waiting On box.

=] Flare89070: 89070 \

User I Yoicemail I DND I Short Codes I Source Numbers  Telephony |Forwarding I Dial In I Voice Recording I Button Programming

Call Settings ISupervisor Settings I Multi-line Options ] CallLog ]

Outside Call Sequence IDefauIt Ring j V' Call Waiting On

Inside Call Sequence |Default Ring ¥ answer Call Waiting On Hold
Ringback Sequence | Default Ring >l I BusyOnHeld
No Answer Time (secs) | system Default (15) = I” Offhook Station
Wrap-up Time {secs) |2 :]
Transfer Return Time {secs) IOff 5
Call Cost Mark-Up f100
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Next Select the SIP (not shown) tab in the Details Pane. To reach the SIP tab click the right
arrow on the right hand side of the Details Pane until it becomes visible. The values entered for
the SIP Name and Contact fields are used as the user part of the SIP URI in the From header for
outgoing SIP trunk calls. These allow matching of the SIP URI for incoming calls without
having to enter this number as an explicit SIP URI for the SIP line (Section 5.6). As such, these
fields should be set to one of the DDI numbers assigned to the enterprise from Vodafone.

In the example below, one of the DDI numbers in the test range is used, though some of the
digits have been obscured. On completion, click the OK button (not shown).

E Flare89070: 89070

utton Programming | Menu Programming | Mobility one Manager Options | Hunt Group Membership | Announcements
Button P i M P i Mobility | Ph M Opti Hunt G Membership | & ks SIP

SIP Name |14916nnnn9

SIP Display Name (Alias) IFlare 89070

Contact [14916nnnng

| | Anonymous

Note: The Anonymous box can be checked if The Calling Line Identity is to be Restricted
(CLIR).

5.9. Incoming Call Routing

An incoming call route maps an inbound DDI number on a specific line to an internal extension.
To create an incoming call route, right-click Incoming Call Routes in the Navigation Pane and
select New.
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On the Standard tab of the Details Pane, enter the parameters as shown below:
e Set the Bearer Capacity to Any Voice
e Setthe Line Group Id to the incoming line group of the SIP line defined in Section 5.6
e Set the Incoming Number to the incoming number that this route should match on.
Matching is right to left
e Default values can be used for all other fields

IP Offices = 18 14916nnnn9

R BOOTP(2) Standard |V0ice Recording | Destinations I
¢~ Operator (3)
[=]-%2y GSSCP_IPO2

[=-*59 System (1) Bearer Capability |Any Yoice L]
30 GS5CP_IPO2Z
557 Line (9) Line Group ID |13 L]
(- Control Unit (4) Incoming Number [t4916nnnng
[+ 4 Extension (32)
# & User (33) Incoming Sub Address |
[+ Hunt Group (1)
- % Short Code (75) Incoming CLI |
@B service (0) Locale | _.J
o RAS (1)
=@ Incoming Call Route (5) Priority |1 - Low Ll
€9 15 14916nnnn5
43 18 14916nnnn6 Tag |
e 18 1021 G} Hold Music Source |System Source :J

€ 15 14916nnnn8

R ] 1¢ 14916nnnng

Note: A number of digits of the DDI have been obscured. Number format is national with no
leading zero.

On the Destinations tab, select the destination extension from the pull-down menu of the
Destination field. On completion, click the OK button (not shown). In this example, incoming
calls to the test DDI number on line 18 are routed to extension 89022.

18 14916nnnnb j 261 el B2l N

Standard] Yoice Recording  Destinations |

TimeProfile \ Destination \ Fallback Extension
»  |Default value | 89022 Extn89022 | |

5.10. SIP Options

Avaya IP Office can be configured to send SIP OPTIONS messages periodically to determine if
the SIP connection is active. The rate at which the messages are sent is determined by the lower
value of the Binding Refresh Time (in seconds) set on the Network Topology tab in Section
5.2 and the SIP_OPTIONS_PERIOD parameter (in minutes) that can be set on the Source
Number tab of the NoUser user. During test, the Network Topology information was not used
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as there was no requirement for NAT and a STUN server. Also, OPTIONS was not required as it
is sent from the Vodafone UK network.

If required, configure the SIP_OPTIONS_PERIOD parameter as follows:
e Navigate to User = NoUser in the Navigation Pane.
e Select the Source Numbers tab in the Details Pane.
e Click the Add button

S K ZOOTF; (223) 21 User | Voicemaill DND | Short Codes  Source Numbers ITeIephony | Forwardingl Dial lnI Yoice Recordingl Button Programming | IMenu Programming ] Mobilits 4 | ¥
) '.’/' perator
=% GSSCP_IPO2Z Source Mumber l | Add...

[+ System (1)

-1 Line (9)

<= Control Unit (4)

[+ Extension (31)

=-§ User(32)

frg Nolser

At the bottom of the subsequent Details Pane, the Source Number field will appear. Enter
SIP_OPTIONS_PERIOD=X, where X is the desired value in minutes. Click OK.

—MNew Source Number

OK
Source Number SIP_OPTIONS_PERIOD=2 —I
Cancel |

The SIP_OPTIONS_PERIOD parameter will appear in the list of Source Numbers as shown
below. For the compliance test, an OPTIONS period of 2 minutes was used.

NoUser:

User I Yoicemail l DND I Short Codes  Source Mumbers ITeIephonyI Forwarding I

Source Number ]
SIP_OPTIONS_PERIOD=2

5.11. Save Configuration

Navigate to File = Save Configuration in the menu bar at the top of the screen to save the
configuration performed in the preceding sections.
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6. Vodafone SIP Trunk Configuration
Vodafone is responsible for the configuration of the SIP Trunk. The customer will need to
provide the public IP address used to reach the Avaya IP Office at the enterprise. Vodafone will
provide the customer the necessary information to configure the SIP connection to the SIP
Trunking service including:

e |P address of VVodafone SIP proxy

e Network SIP Domain

e Supported codecs

e DDI numbers

e All IP addresses and port numbers used for signalling or media that will need access to

the enterprise network through any security devices.
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7. Verification Steps

This section includes steps that can be used to verify that the configuration has been done
correctly.

7.1. SIP Trunk status

The status of the SIP trunk can be verified by opening the System Status application. A Windows
7 Laptop PC was used for testing and the application was opened by pressing the Start button
and selecting All Programs—-> IP Office = System Status.

@) InfraRecorder C
Set Program Access and Defaults o
[T WinPcap 4
w wWindows Catalog Ml wireshark
) Google Chrome »
% Windows Update I@ PUTTY >
& 1P Office 4 A\ 1P Office Knowledge Base
Eﬂ Programs ) Gadwin Systems » [} Monitor
4 Documents > [oL System Status
bt L ‘L) Uninstall IP OFfice Admin Suite
o E/ Settings » " Manager

Log in to IP Office System Status at the prompt using the Control Unit IP Address for the IP
Office. The User Name and Password are the same as those used for IP Office Manager.

o
AVAYA IP Office System Status

Help Exit About

Online [Gffiine;

Logon

Control Unit IP Address: BUBGERTIN]

Services Base TCP Port: FLELES

User Name: ECUEREES UL

Password:

. Auto reconnect
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From the left hand menu expand Trunks and choose the SIP trunk (18 in this instance). The
status window will show the status as being idle and time in state if the Trunk is operational. IP
address has been changed.

#j Avaya IP Office System Status - GSSCP_IPO2 (10.10.9.100) - IP500 ¥2 8.1 (73) » - Iﬂlll

AVAYA IP Office System Status

Help Snapshot LogOff Exit About

System
& Alarms (9) Status | |tilization Summary Alarms
Extensions (19) SIP Trunk Summary
Trunks (9)
Line: 1 Peer Domain Name: sipiff212.165.24.8
Line: 2 Resolved Address: 212.165.24.8
t!nes;s = Line Number: 18
ine:
Lires Number of Administered Channels: 10
ine: 10
> m Number of Channels in Use: 0
Active Calls Administered Compression: G711 A
Resources Silence Suppression: Off
Voicemail SIP Trunk Channel Licenses: Unlimited
IP Hetworking 0%
SIP Trunk Channel Licenses in Use: 0

SIP Device Features:

Chan... U...Call Curr... Timein Remote Co... Conn... Caller Other Party Direc... Round Recei... Recei... Tran
Ref State Media ... ID or... on Call THp ...

Ide |2da... |
Ide |2da...
Ide |2da...
Ide |2da...
Ide |2da...
Ide |2da...
Ide |2da...

Ide |2da... LI

TAlA |5 A

20|~ BN =

Trace Trace all Pause | Ping | Call Details Print... Save As...

4:10:13PM | Online

8. Conclusion

The Vodafone SIP Trunk passed compliance testing. Interoperability testing of the sample
configuration was completed with successful results for the Vodafone SIP Trunk. Refer to
Section 2.2 for test observations.

9. Additional References

Product documentation for Avaya products may be found at http://support.avaya.com.

[1] IP Office 8.1 KnowledgeBase Technical Documentation CD, 17" December 2012.

[2] IP Office 8.1 Installing IP500/IP500 V2, Document number15-601042, 22™ August 2013.
[3] IP Office R8.1 FP1 Manager 10.1, Document number15-601011, 30" August 2013.

[4] IP Office 8.1 Using System Status, Document number15-601758, 24" May 2013

[5] IP Office Softphone Installation, Document number 100164693, 12" June 2012

[6] IP Office SIP Extension Installation, 3 October 2011
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