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Abstract

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) trunking between Vodafone NL SIP Trunking Service and Avaya IP Office. Vodafone
NL SIP Trunking Service provides PSTN access via a SIP trunk connected to the Vodafone
NL Voice Over Internet Protocol (VolP) network as an alternative to legacy Analogue or
Digital trunks. Vodafone NL is 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 NL SIP Trunking Service and Avaya IP Office. Vodafone NL
SIP Trunking Service provides PSTN access via a SIP trunk connected to the Vodafone NL
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 the Vodafone NL SIP Trunking Service. 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 NL SIP Trunking Service. 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
e Phone types included H.323, Digital, and Analogue telephones at the enterprise.
e All inbound PSTN calls were routed to the enterprise across the SIP trunk from the
Service Provider
e Outgoing PSTN calls from various phone types
e Phone types included H.323, Digital, and Analogue telephones at the enterprise.
e All outbound PSTN calls were routed from the enterprise across the SIP trunk to the
Service Provider
e Inbound and outbound PSTN calls to/from Phone Manager Lite clients
e Various call types including: local, long distance, international, toll free (outbound) and
directory assistance (1802)
e Codecs G.711A and G.711Mu
e Caller ID presentation and Caller ID restriction
e DTMF transmission using RFC 2833
e Voicemail navigation for inbound and outbound calls
e User features such as hold and resume, transfer and conference
e Off-net call forwarding and twinning
e T.38 fax
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2.2. Test Results

Interoperability testing of the sample configuration was completed with successful results for the
Vodafone NL SIP Trunking Service with the following observations:
e No inbound toll free numbers were tested, however routing of inbound DDI numbers and
the relevant number translation was successfully tested
e Asan Emergency Services test was not booked, no call was made to the Operator
e Transmission of incoming multi-page T.38 Fax was unreliable during test and failed
often before all pages were received

2.3. Support

For technical support on Vodafone Netherlands SIP trunking services, contact Vodafone
Netherlands support at http://www.vodafone.nl/zakelijk/totaal oplossingen/vast en_mobiel/.
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3. Reference Configuration

Figure 1 illustrates the test configuration. The test configuration shows an enterprise site
connected to the Vodafone NL SIP Trunking Service. Located at the enterprise site is an Avaya
IP Office 500 V2. Endpoints include two Avaya 1600 Series IP Telephones (with H.323
firmware), an Avaya 2420 Digital Telephone, an Avaya Analogue Telephone and a fax machine.
The site also has a Windows XP PC running Avaya IP Office Manager to configure the Avaya IP
Office. For security purposes, any public IP addresses or PSTN routable phone numbers used in
the compliance test are not shown in these Application Notes. Instead, public IP addresses have
been obscured and all phone numbers have been obscured beyond the city code.
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Figure 1: Vodafone NL SIP Trunking Service Solution to Avaya IP Office Topology
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Avaya IP Office was configured to connect to a static [P address at the Service Provider. For the
purpose of the compliance test, users dialed a short code of 9 + N digits to send digits across the
SIP trunk to Vodafone NL. The short code of 9 is stripped off by Avaya IP Office and the
remaining N digits are sent in E.164 format.

In an actual customer configuration, the enterprise site may also include additional network
components between the Service Provider and Avaya IP Office such as a Session Border
Controller or data firewall. A complete discussion of the configuration of these devices is beyond
the scope of these Application Notes. However, it should be noted that SIP and RTP traffic
between the Service Provider and Avaya IP Office must be allowed to pass through these
devices. Vodafone NL sends SIP signalling from one IP address. However, RTP traffic may
originate from a different IP address and ports which may vary from customer to customer.
Customers will need to work with Vodafone NL to determine the proper IP addresses and ports
that require access to their network.

4. Equipment and Software Validated

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

Equipment Software

Avaya [P Office 500 V2 R8.0(16)

Avaya 1603 Phone (H.323) 1.3

Avaya 1608 Phone (H.323) 1.3

Avaya 2420 Digital Phone N/A

Avaya 98390 Analogue Phone N/A

Vodafone NL equipment Software

Vodafone Office Voice 1.0

Vodafone OneVoice Corporate 1.0

ACME Net-Net 4500 Firmware SCX6.2.0 MR-6 Patch 2 (build 876)

5. Configure Avaya IP Office

This section describes the Avaya IP Office configuration to support connectivity to the Vodafone
NL SIP Trunking Service. 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 2 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 = SIP Trunk Channels in the Navigation Pane. In the Details Pane, verify
that the License Status is Valid and that the number of Instances is sufficient to support the
number of SIP trunk channels provisioned by Vodafone NL.

IP Offices

e Office Worker

. one-% Portal for IP Office

& Phone Manager Pro

8. Phone Manager Pro {per seat)
8. Phone Manager Pro IP Audio Er
B Power User

& Preferred Edition (YoiceMail Prc
W, Preferred Edition Additional Yoi
& Preferredifidvanced to Branch
8. Proactive Reporting

8 RAS LRO Support (Rapid Respeo
& Fecephionisk

B Feport Wiewer

LM SIF Trunk Channels
. Small Office Edition WCM (chanr

E SIP Trunk Channels
Licences
Licence Key | EEEE R RS |
Licence Type SIF‘-TrunTQ-CHms '
Licence Status  |¥alid o T
Instances E - ]
Expiry Date jNever

5.2. LAN2 Settings

In the sample configuration, the LAN2 port was used to connect Avaya [P Office to the external
internet. To access the LAN2 settings, first navigate to System = GSSCP_IPOS in the
Navigation Pane where GSSCP_IPOS is the name of the Avaya IP Office. Navigate to the LAN2
- LAN Settings tab in the Details Pane. The IP Address and IP Mask fields are the public
interface of Avaya 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

- K BOOTP (4)

&

{7 Operator (3)

¢ GS5CP_IPOS
(=557 Syskem (1)
Sy 355CP_IPOS
-7 Line (8)
== Cantral Unit (5)
(- Extension (39)
& ﬂ User (40}
= ﬁ HuntGroup (5}
[#-8% Short Code (72)
@ Service (0)
ol RAS (1)
B @ Incorning Call Rouke (15)
48 warPort (0)
s Directory (0)
f.“ Tirme: Profile (0)
& @ Firewall Profile (1)

= GSSCP_IPOB

| System | LAMNT el DNS Yoicernail | Telephony | Directory Services | System Events | SMTP | SMOR

| LAM Settings | ¥oIP | Metwork Topalogy | SIP Registrar

P Address [192 168 27 . 18 |

IF Mask [255 . 255 255 . 2an |

Primary Trans. IP Address

[192 . 168 . 27 . 17 |

Firewall Profile ! “Mone v
RIP Mode |N0ne v.'
(] Enable MaT

7|

Number Of DHCP IP Addresses (200 5|
DHCP Mode

0 server () Client (O Dialn (%) Disabled
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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 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 would request
RTP media be sent to a UDP port in the configurable range for calls using LAN2. 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.
The DSCP field is the value used for media and the SIG DSCP is the value used for signalling.
The specific values used for the compliance test are shown in the example below. All other
parameters should be set according to customer requirements. On completion, click the OK
button (not shown).

IP Offices = GSSCP_IPO8

& a BOOTP (4} System | LAM1 | LANZ | DNS | VYoicemail | Telephony | Directory Services || Swstemn Events | SMTP || SMDR
+-¢4 Operatar (3) i o | oo Il o || 3 Il 1l |
% G55CP_IPOS | LAn Settings | ¥oIP | Network Topology | SIP Registrar |

=557 System (1)

= EoahTREE H.323 Gatekesper Enable

T Line ()
== Contral Uit (5) [ ] SIP Trunks Enable
@ Extension (35) SIP Registrar Enable

}-i User (40}
-4 HuntGroup ()

[ % Short Code (72) 2 RTP Part Mumber Range

: i H.323 Auko-create Extn e

] @ Service (0) Port Range (Minimum) (49152 (2

:’-_f-' g RAS (11 : —

- Incoming Call Route (15) [ H.323 Auto-create User Port Range (Maximum) 64566 3|
8 warPort (0) ==
s Directory (0) [] H.323 Remate Extn Enable
£ Ti i

- Tfme Pl (D) | Enable RTCP Monitoring

2 % Firewall Prafile (1) On Port 5005

[+ IP Route (30 - -

G+ -@m Account Code (1) D|FFSe-rf"Sett|ngs e -

R Licence (79) B8 | %| DSCPHexy |FC & DSCPMaskiHex) (88 % | SIG DSCP (Hex)
& Tunnel (O} __ = "

@ §y User Rights (10) |6 %] pscp [3  %| DSCPMask B4 2| siGDsce

-t ARS (1
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On the Network Topology tab in the Details Pane, enter the Public IP Address for Avaya I[P
Office. The same Public IP Address is used in the STUN Server IP Address ficld, even if not
running STUN. It is important that the Binding Refresh Time is set to the correct value. Avaya
IP Office sends SIP OPTIONS messages periodically to determine if the SIP connection is
active. The rate at which the messages are sent is determined by the combination of the Binding
Refresh Time (in seconds) set on the Network Topology tab, see Section 5.9 for more details.
Below is a sample configuration. On completion, click the OK button (not shown).

- R BOOTP (4)
t-¢7 Operakar (3)
 ESSCP_IPOS
[z Systerm (1)
Hiag GSSCP_IPOS
B Line (8)
[#-+2» Control Unit {5)
[#-4 Extension (39)
& i User {40%
3l % HuntGroup {51
[+ @3 Short Code (72)
@ Service (0)
o RAS (1)
w e Incoming Call Route {153
Eﬂ WanPort (0}
o Directory ()
7 Time Profile (0)

IP Offices

| Swstem | LAN1 | LAMZ

Metwork Topology Discovery

LA Settings | voIr | Metwork Topology | SIP Registrar

Firewall/MAT Type
Binding Refresh Time

STUN Server IP Address | 88

47 1z 53 |

§.Open Internet

[aon &
{seconds) L W
Public IP Address g6 47 122 53
Public Port U = |

B GSSCP_IPO8

DhS ‘oicemail || Telephony | Directory Services || System Events | SMTP | SMDR | Twinning

STUNPort (378 %
Run STUM Cancel

|:| Run STUM 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).

IP Offices

B GSSCP_IPO8

& “ 200“2 ("33) | systern | LAy | Lanz | DS | voicemail | Telephony | Directory Services | Sstem Events | smTP | svoR | Twinning | vem | cor | Codecs
4% Operator L | Easalbetl | L= 0l / : Il Il Il Il Il Il I 1
& - Telephony | Tones & Music | Call Log
ez GSSCP_IPOR Analogue Extensions Companding Law
7 Li T ol Switch Line
 Line (8) 7 Default Outside Call Sequence | Marmal v
= Contral Unit (53 5 = )
Ay Extension (39) Default Inside Call Sequence |Ring Type 1 v O utaw U-Laws Line
" Lser (40) —
[ Default Ring Back Sequence | Ring Type 2 v
= a% H:ntGmLép &) : i G - ® a-law & a-LawLine
@ Short Code (72) Restrict Analogue Extension Ringer Yoltage [
: @ Service (0)
{* oll, RAS q) Dial Delay Time (secs) & £ [] D55 stakus
[+ e Incoming Call Route {15}
Eﬂ WanPort (03 Dial Delay Count o E | Auko Hold
o Directory (0) T —
: (I\ Time Profile {0) Default Mo Answer Time (secs) f15 =) Dial By Mame
E: @ Firewall Frofile (1) Hald Timeout {secs) il 2 Show Account Code
Bl IF Route (3) r—
(-8 Account Code (1) Park Timeout (secs) §300 ke | | [ 1rhibit ©Ff-Switch ForwardTransFer
[+ Licence (79} - = i
i Turnel () Ring Delay (secs) ] 3.. [ Restrict Metwork Interconnect
#-§ User Rights (10 Call Priority Promation Tme (secs) |Disabled = [] prop External Orly Impromptu Conference
- ARS (1) = =
# R4S Location Request (0) Default Currency | ep v: [[] wisually Differentiate External Call
Difault Mame Priority :Favour Trurk, ] T | [ Unsupervised Analag Trunk Disconnect Handling
High Quality Conferencing
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5.4. System Twinning Settings

Navigate to the Twinning tab, and 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 5.5). On
completion, click the OK button (not shown).

IP Offices GSSCP_|POB

@R BOOTP (4) Syster || LaM1 || Lanz | WS | voicemail | Telephony | Directory Services | System Events | sMTP || sMDR | Twinning
+1 ,,, Operator (3) 1l Al I Il 2 Il Il
| GRSCP_IPOS | Send original calling party information for Mobils Twinning
-'l-_" 557 Syskem (1) Calling party information for |
“ap G55CP_IPOS MMobile Twinning L
[T Line (8)

5.5. System Codec Settings

Navigate to the Codecs tab. The Available Codecs box indicates all audio codecs available on
the system. Highlight codecs in the Unused box that are to be used by the service and click on
the right arrows to move them to the Selected box. 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. Highlight codecs in
the Selected box and use the up and down arrows to change the priority. On completion, click
the OK button (not shown).

IP Offices E GSSCP_IPO8

R EOOTPt (“23) System | LaN1 | Lanz | DNS | vaicemail | Telephany | Directory Services | System Events | sMTP | SMDR || Twinming | oM | ccr | Codecs |
peratar I Il L I I L I Il Il Il I Il y i
) GSSCP_IPOS Avvailable Codecs Default Codec Selection

5y System (1) _Llnused Selacted

| GS5CP_IPOB |71 G711 e e [THT 1| == | | [e7iratawes

& Line (8) |[#] =711 ALAW B fal LAY ool

i = Control Uit (5 | .72z 84K ig';gg(‘?)&gﬁ;fﬁ%bj
(.4 Extension (39) |[¥] G.729(a) 8K C5-ACELP <z [t

G User (40 |[#] 57231 6K3 MP-MLG

[+ a HuntGroup (53
[+ @3 short Code (72)
@ Service (07 T
-y RAS (1) L L !
e Incoming Call Route (153

Note: During the test, all available codecs were selected to test the codec negotiation between
Avaya IP Office and the Vodafone NL network.
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5.6. Administer SIP Lines

SIP lines are needed to establish the SIP connections between Avaya IP Office and the Vodafone
NL SIP Trunking service. Two SIP lines are required, one is for the Vodafone Office Voice
(VoV) service, and the other is for the Corporate Net over I[P (CNoIP). To create a SIP line for
VoV, begin by navigating to Line in the Navigation Pane. Right-click and select New - SIP
Line (not shown). On the SIP Line tab in the Details Pane, configure the parameters below to
connect to the SIP Trunking service.
e ITSP Domain Name field should remain blank as Vodafone NL SIP Trunking have not
provided a Domain Name
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 1s checked
e Default values may be used for all other parameters

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

IP Offices B SIP Line - Line 20
@ R BOOTP(4) | SIP Line (Transport | SIP LRI \WoIP | T35 Fax |SIP Credentials
B Operstor (3) e il
GS5CP_IPOS Line Nurnbier 20 =
(=529 System (1) T 7
e GSSCP_IPOS ‘ ITSP Dormnain Marne | | In Service |
=T Line (3)
o Usz Tel LRI O
h Prefix | Checkoos
& 13 L ; . .
& 14 Mational Prefix 2 | Call Routing Method | Request LRI |
., 17 ettt ol I 1 Criginator nurnber For
‘wy, 18 ¥ L ] farwarded and twinning calls L
neernational Frerix ame Friorcy YSEEMm Leraul W |
™ 19 International Prefix (00 Mame Priorit System Default |
[#-2» Contral Unit (5) Send Caller ID Mone w
[+l Extension (39) T = —_
w @ User(40) b ey P10y Souice I address L
[#-5f HuntGroup (5) REFER. Suppart
[+ @ short Code (72) r - |
@ Service (0} Incoming Auko b
[l RAS (1) : IE |
Cutgain Auka w
[+ @ Incoming Call Route (15) et = —
Eﬂ WanPark ()
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Select the Transport tab and set the following:

e Set ITSP Proxy Address to the IP address of the VoV service on the Vodafone NL SIP

proxy
e Set Layer 4 Protocol to UDP

e Set Send Port and Listen Port to 5060

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

IP Offices

- R BOOTP (4
[#-¢#% Operator (3)
(=520 GESCP_IPOE
(=529 Syskem (1)
Leofiny GSSCP_IPOS
=15 Line (8)
L =]
=}
o 13
e 14
Ly 17
g 18
[
g, 20
[#-<2 Contraol Unit {53

|SIP Ling| Transport ESIF‘ LRI |¥oIP |38 Fax|SIP Credentials

B SIP Line - Line 20

ITSP Proxy Address | WHOHK. KK, 229

Mekwark Configur ation

Laver 4 Prokocol |UDP

Use Metwork Topology Info |LAN z v| isten Port |f

Explict DS Server(s) | 0 0 0

Calls Route via Registrar

Separate Registrar |

{#--4fy Extension {35

After the SIP line parameters are defined, each SIP URI 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 Transpurt! SIP LRI EVUIP T38 Fax | SIP Credentials

SIP Line -Line 20

g - X | vl<|

hannel | Groups

Wia | Local URI | Contact | Display Name = PAI - Credential — Max Calls

add.. |
Remawve

Edit...
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For the compliance test, a single SIP URI entry was created for the VoV SIP line that matched
any number assigned to an Avaya IP Office user. The entry was created with the parameters
shown below.
e Set Local URI to *, This setting allows all calls with numbers defined in Incoming Call
Routing as shown in Section 5.9
e For Registration, select 0: <None> from the pull-down menu since this configuration
does not use SIP registration
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 20 was defined that was associated to a single line (line 20)
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.

Edit Channel
Wia |192.168.27.18

Lacal LRI (B w

Contact [se Trternal Data
Display Mame |Use Internal Data

PAl [Use Inkernal Data w

Reqistration |0: <MNone> b
Incoming Group |20

Cukgoing Group |20

-

Max Calls per Channel |10 -

Repeat the process to define a SIP line for Corporate Net over IP (CNolP). Select the Transport
tab and set the following:
e Set ITSP Proxy Address to the IP address of the CNoIP service on the Vodafone NL
SIP proxy
e Set Layer 4 Protocol to UDP
e Set Send Port and Listen Port to 5060

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

Note: In the test, line 20 was used for VoV and line 19 was used for CNoIP.
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Select the VoIP 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 Vodafone NL this was G.711
ALAW 64K followed by G.729(a) 8K CS-ACELP
e Select T38 Fallback in the Fax Transport Support drop down menu to allow T.38 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 on
the trunk
e Default values may be used for all other parameters

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

IP Offices E SIP Line - Line 20

- K BOOTP (4) SIP Line | Transport [SIP URI| ¥oIP T35 Fax| SIP Credentials
G operattn 55 R e o e el crenential)]
—J-#3p GSSCP_IPOG Codec Selection | Custom = [ wolP silence Suppression
\_- oy System (1) i :
w5 GISCP_IPOS

Unused Selected Re-invite Supported

17 Line (8) [G.711 ULAw g4k == | [G711 ALAwW 4K

&k o5 |G 7231 6K3 MP-MLG |G.729(a) 8K CS-ACELP
6 [ codec Lockdown

[ use Gfferer's Preferred Codec

13
PRACK100rel Supported
il o T O ! PP

-y, 17
w13
wy, 19
g, 20 B
F-<2e Control Unit (5) L -
[y Extension (39)

-E:c’ i User (40} Fax Transport Support 5“T38 Fallback v
2] % HuntGroup (5 e i 4 ]
58X Short Code (72) Call Initiation Timeout {s) .: > :
B Service (0) | DTMF Suppart |RFC2833 v|
o Ractis
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Select the T.38 Fax tab to set the T.38 parameters for the line. Un-check the Use Default Values
box and select 1 from the T38 Fax Version drop down menu. Set the Max Bit Rate (bps) to
14400. All other field may retain their default values. On completion, click the OK button (not

shown).

®- & BOOTP (4)
[H-g# Operator (3}
[=-#=p GS5CP_IPOS

=59 System (1)

Sy GSSCP_IPOS
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- 14
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., 15
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<2 Control Unit {5)
Ay Extension {39)
& User (40}
ﬂ HuntG&roup (51
@2 short Code (72)
B Service ()
iy RAS (1)

m-

-

E

2

1B

E-

Hj s

[+

IP Offices

|SIP Ling| Transport | SIP URI| valP | T38 Fax |SIP Credentials|

B SIP Line - Line 20

—
| T35 Fax Wersion | ‘

Scan Line Fix-up

Transport
TFOP Enhancement
Redundancy
_ . [ pisable T30 ECM
Low Speed o = |
2 |—v:: [] pisable EFlags Far First DIS
i i ||

High Speed EU | D Disable T30 MR Compression

TCF Method [ MSF Override

Mazx Bit Rate (bps)

EFlag Start Timer {msecs)

EFlag Stop Timer {msecs)

Ti Metwork Timeout {secs) 2150

[ use Default values

Note: It is advisable at this stage to save the configuration as described in Section 5.11 to make
the Line Group ID available in Section 5.6.
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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 below.
¢ Inthe Code field, enter the dial string which will trigger this short code, followed by a
semi-colon
e The example shows 900N; which will be invoked when the user dials 9 followed by an
international number
e Set Feature to Dial. This is the action that the short code will perform.
e Set Telephone Number to +N which will insert the E.164 number prefixed with a + in
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

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

IP Offices B 90ON;: Dial

|- it - “Short Code |
B FTIFNE =
B ok Code |Z00m;
“ *BI*N* = e S
B a1 Feature | Dial bl
B¢ gz Telephone Mumber | +N .
PR *E3xx -
B¢ 454 Lire Group ID 20 |
@ *+a000* - -
X *O1M; Locale [ |
i L L

¢ oz, Force Account Code [
B *DsSsN

BG; Reviewed: Solution & Interoperability Test Lab Application Notes 15 of 25

SPOC 3/26/2012 ©2012 Avaya Inc. All Rights Reserved. IPO8_VFNL



Short codes are also used for routing of national fixed and mobile calls, as well as VPN calls for
CNolP. National fixed line calls use the SIP line established for the Vodafone Office Voice
(VoV) service. National mobile and VPN calls use the SIP line established for the Corporate Net
over [P (CNoIP). An example for VPN calls is shown below.
e The example of a VPN call shows 2N; which will be invoked when the user dials a four
digit VPN number
e Set Telephone Number to 2N which leaves the number unchanged
e Set the Line Group ID to the outgoing line group number for CNoIP defined on the SIP
URI tab on the SIP Line in Section 5.6
e Set other parameters as shown in the previous example

IP Offices B 2N;: Dial

LB T # || short Code |

BHTIE ' _

X B0 Code [21; |

E DRI -

BX a1 Feature !Dlal V_!

:: :82X>< Telephone Mumber §2N |

: ik

B 3y Line Group 1D |19 v|

ABx 000+ =

X a1l Locale | V!

Btz Force Account Code [

BX 035

An example for mobile calls is shown below.
e The example of a mobile call shows 906N; which will be invoked when the user dials 9
followed by a mobile number
e Sect Telephone Number to 06N which removes the digit 9
e Set the Line Group ID to the outgoing line group number for CNoIP defined on the SIP
URI tab on the SIP Line in Section 5.6
e Set other parameters as shown in the previous examples

IP Offices =] 906N;: Dial
o PO FEIN* # || Short Code |
o FE 1
[ e Code [s06r; |
PRI = —
e Feature | Dial |
- @ roooo* Telephone Mumber !UﬁN |
B a1
o FOZN; Line Garoup ID |19 v|
@ *D53N : =
P *SDN Locale | ~
B IKN Force Account Code [
P 13N
BG; Reviewed: Solution & Interoperability Test Lab Application Notes 16 of 25

SPOC 3/26/2012 ©2012 Avaya Inc. All Rights Reserved. IPO8_VFNL




5.8. User

Configure the SIP parameters for each User that will be placing and receiving calls via the SIP
lines 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. Changes are not normally required where
only the newly established SIP line is to be used for an existing User. In the example below, the
User is configured to use IP Office Softphone, which replaced Phone Manager at Avaya IP
Office R8.0.

e Change the Name of the User if required, this will be used for login to the Avaya IP

Office Softphone
e Seclect Teleworker User from the Profile drop down menu
e Check the Enable Softphone box

IP Offices E ExtnBS102: 89102

E 2 User (40 A0 | User | voicemail | DMD ShortCades | Source Numbers Telephony | Forwarding || Dial In || Yoice Recarding | Button Programming |
Srg Molser ; . e o — |
fm RemoteManager |Name [Extrizo102 |

59019 Analogue Fax = =
i 316 Extn316 Password [

e G004 Extnd00g
F000 Extn3000

Canfirm Password [

9001 Extnd9001 Full Name [Extnag10z

9002 Extnannz

9003 ExtnEo003 Extension |gs102

9004 Extnann+ i r =
9005 Extnaa0ns i L |
53006 Extn3300s Priority [5

89007 Extna007

59010 Extnga010 Systern Phone Rights |Mane

89011 Extn32011

8001 Extraonis Profile E_Teleworker Lser i
89013 Extn89013 |:| Recephionist
et
W
89015 Extnasn1s Eusbl=oattplions
29016 Extng9016 Enable one-x Portal Services

89017 Extn39017

Enable one-1 TeleCommuter
89015 Extng9015

§9020 ExtnS9020 Enable Remote Worker
9100 Extng9100 |:| Ex Directary
§9101 Extng9101
ad 12 Device |
- 59103 ExtnB9103 Type E faay el
i 201 Nd Fwbrn201nd
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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 the SIP tab appears. 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 NL.

In the test, the digits received in the SIP URI were in national format. The received digits were
provisioned for the User, these have been obscured in the screenshot below. The SIP Display
Name (Alias) parameter can optionally be configured with a descriptive name. On completion,
click the OK button (not shown).

Note: The Contact field must be in E.164 format for the caller ID on the called phone to display
properly.

IP Offices E Extn89102: 89102

= & ;Iser (4 | | Telephany | Farwarding | Cial In | Yoice Recording | Buttan Programming | Menu Programming | Mability | Phane Manager Options
Maliser ——— —

: RemoteManager SIP Marne nnnnnnnn
{ 89019 Analogue Fax i=
i‘n 316 Exbndls SIP Display Mame (&lias) | Annnnnnn
i" SONAEL B Conkack ._nnnnnnnn
§ 89000 Extnas000
§ 59001 Extnasonl
§ 59002 Extrgan0z B aioririons
§ 89003 Extnas00s
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5.9. Incoming Call Routing

An incoming call route maps an inbound DDI or VPN number on a specific line to an internal
extension. The line is dependent on whether the call is Vodafone Office Voice (VoV) or
Corporate Net Over IP (CNoIP). To create an incoming call route for VoV, right-click Incoming
Call Routes in the Navigation Pane and select New. On the Standard tab of the Details Pane,
enter the parameters as shown below:

e Set the Bearer Capacit

y to Any Voice

e Set the Line Group ID to the incoming line group of the SIP line for VoV 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

[#- =y System (1) -

IP Offices i=

Standard | voice Recording | Destinations

== Contral Unit {5}
[# A4y Extension (39)
# i User (40}

(4§ HunkGroup (5)

Bearer Capability ;.C\nv Waice
Line Group ID 120
Incoming Murnber fDSBnnnnnn

- 8X short Code (72)
B Service (1)
B ol RAS (1)
=] @ Incorming Call Rouke (15)

€ 20088 nnnhnn
€ 20088 nnnnnn
) 20 088nnnnnn
€D z0088nnnnnn
€ 18 325NNNNNN
€ 18 325nnnnnn

Incoming Sub Address

Incorming CLI

Laocale

Priarity _1 - Low

Tag i

Hald Music Source i_lSystem Saurce

20 0880039031

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 20 are routed to extension 89012.

Standard Destinations |
. TimeProfile Destination Fallback Extension
L3 Default Yalue 59012 Extn39012 R
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To create an incoming call route for CNolP, right-click Incoming Call Routes in the Navigation
Pane and select New. On the Standard tab of the Details Pane, enter the parameters as shown
below:
e Set the Bearer Capacity to Any Voice
e Set the Line Group ID to the incoming line group of the SIP line for CNoIP 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

B = car; 0000 SN o=
IP Offices =

B System (1) # ||| Standard | oice Recarding | Destinations |

[#-F5 Line (5) = —_

[ <2 Control Unit (S Bearer Capability | Arry ¥aice v

i M. F ehionaR) Line Group I0 19 |

£ : User (40} e L

@ i HurtGroup (5) Incoming Mumber 3031 |

[+ @ Short Code (72) =

B service () Incoming Sub Address

ol RAS (1) ;

: I CLI

= @ Incoming Call Route {15) HESmig - —
€ z00ssnnnnnn l6esla ' =
€ z00ssnnnnnn = ==
@ 20 02ENNNANN Priority [1-Low "
€ z008snnNnnn >
€ z008sNnnnnnn =
@ 1a32snnnnnn Hold Music Source ;System Source w |
€ 18 325nnnnnn =

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 VPN number on line 19 are routed to extension 89012.

Standard | Vaice Recarding | Destinations |

TimeProfile Destination Fallback Extension

» Default value | 89102 Extng?102 w |

Note: The above example shows how both VoV DDI numbers and CNoIP numbers can both be
routed to the same extension.
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5.10. SIP Options

Avaya [P Office sends SIP OPTIONS messages periodically to determine if the SIP connection
is active. The rate at which the messages are sent is determined by the combination 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. The OPTIONS period is determined in the following manner:
e Ifno SIP_OPTIONS_PERIOD parameter is defined and the Binding Refresh Time is
0, then the default value of 44 seconds is used
e To establish a period less than 42 seconds, do not define a SIP_OPTIONS_PERIOD
parameter and set the Binding Refresh Time to the value required
e To establish a period greater than 42 seconds, a SIP_OPTIONS_PERIOD parameter
must be set to the value required

Note: The OPTIONS message period will be the smaller of the Binding Refresh Time and the
SIP_OPTIONS PERIOD.

To configure the SIP_OPTIONS PERIOD parameter, navigate to User = NoUser in the
Navigation Pane. Select the Source Numbers tab in the Details Pane. Click the Add button.

IP Offices NoUser: g v|<]>

B g User(a0) AU | User | voicemail | DMD | ShortCodes | Source Mumbers | Telephory | Forwarding | Disl In | Voice Recording | Button Programming | Menu Programming | Mobility | Phone Manager Options | Hunt Group Membership | 4 »

g Molser
g RemoteManager Source Mumber

4 89013 Analogue Fax
& 316 Extriats

&~ 8004 Extnanne

§ 89000 Extnaa000 Edit...

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.

Edit Source Murnber
Ok
Source Mumber SIP_OPTIONS_PERIOD=S ]

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 desired. The Binding
Refresh Time was set to 300 seconds (5 minutes) in Section 5.2. The
SIP_OPTIONS_PERIOD was set to 5 minutes. Avaya IP Office chooses the OPTIONS period
as the smaller of these two values. In the test, both these values were the same. Click the OK

button (not shown).

IP Offices i= NoUser:

E§ User (40 0 | User || voicemail | DND | ShortCodes | Source Mumbers | Telephony | Forwarding | Dial In | Yoice Recording
frg Malser T o i i i X g B
{‘ RemokeManager | Source Mumber
§ 29019 Analogue Fax 5IP_OPTICNS_PERIOD=5

&+ 316 Extn3la
& 8004 Extriannd
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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.

6. Vodafone NL SIP Trunking Configuration

Vodafone NL is responsible for the configuration of the SIP Trunking service. The customer will
need to provide the public IP address used to reach the Avaya IP Office at the enterprise.
Vodafone NL will provide the customer the necessary information to configure the SIP
connection to the SIP Trunking service including:

e [P address of SIP Trunking SIP proxy

e Network SIP Domain

e Supported codecs

¢ 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.

BG; Reviewed: Solution & Interoperability Test Lab Application Notes 22 of 25
SPOC 3/26/2012 ©2012 Avaya Inc. All Rights Reserved. IPO8_VFNL



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. This is an
html application found in Program Files = Avaya - IP Office = System Status. Launch
index.html. From the left hand menu, expand Trunks and choose the SIP trunk (19 in this
instance). Select the Status tab to show the status. The Current State column shows the state of
each channel and the Time in State column shows the length of time that each channel has been
in that state. Status should be idle if the Trunk is operational. IP address has been changed.

AVAyA IP Office System Status

Help  Snapshot  LogOff  About

Alarms

SIP Trunk Summary

Line: 13 Peer Domain Mame: sipif{62.140,159.230
e Resolved Address: £2.140.159.230
I:% Line Mumber : 19
Mumber of Adminiskered Channels: 10
Mumber of Channels in Use: ]
Administered Compression: G711 A, GT294
Silence Suppression: Off
SIP Trunk Channel Licenses: Unlirnited . -
SIF Trunk Channel Licenses in Use: a

SIP Device Features:

Idle 2 days 06:2...
Idle 2 days 06:2..,
Idle 2 days 06:2..,
Idle 2 days 06:2..,

Idle 2 days 06:2..,
Idle 2 days 06:2..,
Idle 2 days 06:2..,
Idle 2 days 06:2..,
Idle 2 days 08:2...
Idle 2 days 08:2..,

o oo | ||| e e

—
o
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8. Conclusion

The Vodafone NL SIP Trunking service passed compliance testing. Interoperability testing of the
sample configuration was completed with successful results for the Vodafone NL SIP Trunking
Service. Transmission of incoming multi-page T.38 fax was found to be unreliable, though as
this is not the preferred method of fax transmission for Vodafone Netherlands, it was not deemed
to be critical for compliance testing. 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] Avaya IP Office Knowledgebase 8 Documentation CD, 12th Dec 2011.
[2] Avaya IP Office Installation Manual, Document number15-601042, 20th Dec 2011.
[3] Avaya IP Office Manager Manual, Document number15-601011, 26th Jan 2012.
[4] System Status Application, Document number15-601758, 12th Nov 2011.
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