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Abstract

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) trunking between the Gamma Telecoms’ IP DirectConnect and Avaya IP Office. The
Gamma [P DirectConnect provides PSTN access via a SIP trunk connected to the Gamma
Voice Over Internet Protocol (VolIP) network as an alternative to legacy analog or digital
trunks. This approach generally results in lower cost for the enterprise. Gamma Telecom 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 the Gamma Telecom IP DirectConnect SIP Trunking service and Avaya
IP Office. IP DirectConnect service provides PSTN access via a SIP trunk connected to the
Gamma Telecom Voice Over Internet Protocol (VoIP) network as an alternative to legacy analog
or digital trunks. This approach generally results in lower cost for the enterprise.

2. General Test Approach and Test Results

The general test approach was to configure a simulated enterprise site using IP Office to connect
to the Gamma Telecom DirectConnect SIP Trunking service. The configuration (shown in
Figure 1) was used to exercise the features and functionality listed in Section 2.1.

2.1. Interoperability Compliance Testing

A simulated enterprise site with Avaya IP Office was connected to the Gamma Telecoms
DirectConnect 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 analog telephones at the enterprise. 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 analog telephones at the enterprise. 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.

Various call types including: local, long distance, international and directory assistance
(118118)

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

T.38 fax

2.2. Test Results

Gamma Telecom SIP Direct Trunking service successfully passed interoperability testing. It
should be noted that the following was not tested:
e Toll free inbound and outbound calls were not tested.
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2.3. Support

For technical support on Gamma Telecom products please contact the Gamma Telecom support
team at:

www.gammatelecom.com

Tel: +44 333 2403000

3. Reference Configuration

Figure 1 illustrates the test configuration. The test configuration shows an enterprise site
connected to the Gamma Telecom IP DirectConnect service. Located at the enterprise site is an
Avaya IP Office 500. Endpoints include an Avaya 9600 Series IP Telephones (with H.323
firmware), an Avaya 5600 Series IP Telephone (with H.323 firmware), an Avaya 5420 Digital
Telephone, an Avaya 98390 Analog Telephone and fax machine. The site also has a Windows
XP PC running Avaya IP Office Manager to configure the 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 replaced with private
addresses and all phone numbers have been replaced with arbitrary numbers that bear no
relevance to the test configuration.

lAvaya Labs simulating an
Enterprise Customer Site

Analog Avaya 9600 Avaya 5600 Avaya Avaya
or ?_'“";35 Series IP Office IP Office
DCP Phones -3 H.323 Phone Manager Manager
Phones Phone
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A RTP Packets [ ": /\
@ / Public \ Service Provider

Internet f IP Network

SIP Transport using
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A
Gamma Telecom
Direct Connect SIP Proxy:
123.245.123.117

SIP Proxy SIP-to-PSTN
Server Gateway

PSTN
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http://www.gammatelecom.com/

Figure 1: Gamma Telecom Sample Configuration

IP Office was configured to connect to a static IP address at the service provider instead of
performing a SIP registration to Gamma Telecom. Gamma Telecom did not challenge messages
sent from IP Office and vice versa. For the purposes of the compliance test, users dialed a short
code of 9 + N digits to send digits across the SIP trunk to Gamma Telecom. The short code of 9
is stripped off by IP Office but the remaining N digits were sent unaltered to Gamma Telecom.

In an actual customer configuration, the enterprise site may also include additional network
components between the Service Provider and 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 IP Office must be allowed to pass through these devices. Gamma Telecom
sends SIP signaling 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
Gamma Telecom 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 IP Office 500 V2 6.1(5)
Avaya IP Office Manager 8.1(5)
Avaya IP Office Phone Manager 4.2(37)
Avaya 9630 Phone (H.323) 3.11
Avaya 5621 Phone (H.323) 2.9.1
Avaya 5420 Digital Phone NA
Avaya 98390 Analog Phone NA

5. Configure Avaya IP Office

This section describes the IP Office configuration to support connectivity to the Gamma
Telecom IP DirectConnect SIP Trunking service. IP Office is configured through the IP Office
Manager PC application. From a PC running the IP Office Manager application, select
Start->Programs->IP Office>Manager to launch the application. Navigate to File=>Open
Configuration, select the proper 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 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 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 2

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 ch

[ IP Offices =

K BOOTR (M)
i Operater (3)
=)= TPhelan_Branchl
[=) %27 System (1)
#23 TPhelan_Branch1l
T4 Line (12)
[=)-<= Control Unit (S5)
<+ 1 IP 500 V2
<2 2 DIGSTAGIATM4
<2 3 WCM3Z[BRI4
2 4 DIGSTAS
“2r 5 PHONES/PRID U
A&y Extension (34)
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ﬂ HunkGroup (&)
@ Short Code (66)
@ Service (0)
ol RAS (1)
@ Incoming Call Route (2)
Eﬁ WanPort (0)
a4 Directory (0)
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EB [P Route (2)
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=

SIP Trunk Channels ef - X vl
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License key unMbE&:x9d K GE 17 3uEpof 7 JrpF4smme

License Type | SIP Trunk Channels

License Status | Valid

Instances 255

Expiry Date Mewer

5.2. LAN2 Settings

In the sample configuration, the LAN2 port was used to connect the IP Office to the external
intranet. To access the LAN2 settings, first navigate to System = TPhelan_Branch1 in the

Navigation Pane where

TPhelan_Branchl is the name of the IP Office. Navigate to the LAN2 -

LAN Settings tab in the Details Pane. The IP Address and IP Mask fields are set from values

shown in Figure 1. All

IP Offices Ei TPhelan_Branch1* g~ | X | v | < |

#- R BOOTP (3) ~
#-¢# Operator (3) ]
- Phelan_Branchi
|-y Syskem (1)
%y TPhelan_Branchil
=-F7 Line (12)
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12

s

14

& 5
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w, 18
-2 Contral Unit {5)
-4y Extension (34)
@ User {34)
@ HuntGroup {6}

VBN Sk mede fETY

other parameters should be set according to customer requirements.

System | LaM1 | LAMZ | DS ‘oicemail | Telephony | Directory Services | System Events | SMTP || SMDR | Twinning | ¥CM || CCR
LAMN Settings | yoIP || Network Topology | SIP Registrar

IP Address 11 10 10 160

IF Mask. | 235 £33 253 o]

Primary Trans. IP Address | o a 1] i)
Firewall Profile :_<None> -
RIF Mode | Mone b

Enable NAT
Mumber OF DHCP TP Addresses 200 &
DHCP Mode

) Server ) Client () Dialin (®) 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 signaling and media.
The DSCP field is the value used for media and the SIG DSCP is the value used for signaling.
The specific values used for the compliance test are shown in the example below. All other
parameters should be set according to customer requirements.

IP Offices TPhelan_Branch1*
#- R BOOTR (3) 0 | System | Lan | Lanz DMS || Woicemail | Telsphorry | Directory Services | System Events | SMTP
G- 8F Opatatariss il i) ER -t | ettt | B el e S e R | S i e (e |
= % TPhelan_Branchi | LAt e trics Hothork Tonclooy » I Reghan]
[=)- 55y Swskemn (1)
P L_'*" TPhelan_Branchl H323 Gatekeeper Enable
=T Line (12}
71 I SIF Trunks Enable I
TE: 2 SIP Registrar Enable
13
74
i & RTP Port Mumber Range
_ H323 Auto-create Extn r —
ol Port Range (Minimum) 49152 :
w7 e
G [] H3z3 Auta-create User Port Range (Maxirum) %53245 x |
13 : =
o 14 Enable RTCP Monitoring
"y, 17 2n Port 5005
g, 13 LiffSery Settings
-2 Contral Unit (5) N e P
-4 Extension (34) 8 5| DSCP(Hex) FC 5| DSCP Mask(Hex) [38 v' SIG DSCP (Hex)
g User (39) 46 %] opsce 2 3| oscemesk [ 2] siepsce
[+ 5 HuntGroup () ! ;
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On the Network Topology tab in the Details Pane, configure the following parameters:

e Seclect the Firewall/NAT Type from the pull-down menu that matches the network
configuration. No firewall or network address translation (NAT) device was used in the
compliance test as shown in Figure 1, so the parameter was set to Open Internet.

e Set Binding Refresh Time (seconds) to 300. This value is used as one input to determine
the frequency at which Avaya IP Office will send SIP OPTIONS messages to the service

provider.

e Set Public IP Address to the IP address of LAN2.
e Set Public Port to 5060.
e All other parameters should be set according to customer requirements.

IP Offices
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Operator (3)
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(=% System {13
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=4 Line {12}
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5

B

w7

5
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14
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[#-+2 Control Unik {5
-4y Extension (34}
B-f User (34)
[ ﬁ HuntGraup (63

ﬁ TPhelan_Branch1”

System || LAM1 | LANZ
LAN Settings | woIP | Mebwork Topology | SIP Registrar

Network Topology Discovery

STUM Server IP Address o a a 0 STUM Part f34?8 7
ITrewaII,anT Type |Open Internet w |

Einding Refresh Time I |

(seconds) 2o = |

Fublic IP Address | 111 10 10 160 |

Public Port jsoe0] % | Run STUK Cancel

D Run STUM on startup

| X v l=<|

DNS ‘Woicemail | Telephony | Directory Services | System Events | SMTP | SMDR || Twinning | WCM | CCR

@ short Code (67) oK ] [ cace ] [ pele
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5.3. System Telephony Settings

Navigate to the Telephony-> Telephony Tab on the Details Pane. Set the Automatic Codec
Preference to the default codec to be used for intra-enterprise traffic. 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.
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Dial Delay Time (secs) 4 3 .! [] pss status
Dial Delay Count :6 3' Auto Hold
Default Mo Answer Time (secs) '15 & : Dial By Mame
Hold Timeout {secs) 1ZU 3 Shiow Account Code
Park Timeout {secs) 300 : 3_ ID Inhibit OFF-Switch Forward) Transfer I
Ring Delay (secs) 5 ~ [ [[] Restrict Metwork Inkerconnect
Call Priority Promotion Time (secs) isabled 3 [[] Drop External Only Impromptu Corference
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Automatic Codec Preference

Help

I

] [ Cancel

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, 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, 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).

IP Offices Ei TPhelan_Branch1* e -] %] v <]
- & EOOT'E (323) A | system | Lot | Lanz | DMs | voicemail | Telephory | Directory Services | System Events | smTR | smor | Twinning |yom | ccr
7 Operator I I I I 3 | I |
2 TPhelan_BEranchi I Send origingl calling party infarmation For Mabile Twinning I
(=) -#=p System (1) Calling party information for |
#23 TPhelan_Branchl Mobile Twinning
= Line (12)
1
I?: 5 O ] [ Cancel ] [ Help
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5.5. Administer SIP Line

A SIP line is needed to establish the SIP connection between IP Office and the Gamma Telecom
DirectConnect SIP Trunking service. To create a SIP line, begin by navigating to Line in the
Navigation Pane. Right-click and select New—>SIP Line. On the SIP Line tab in the Details
Pane, configure the parameters below to connect to the SIP Trunking service.

e Set the ITSP Domain Name to the domain name provided by Gamma Telecom (In this
case an [P address was used).

e Set Send Caller ID to None. This parameter determines how the calling party number is
sent in the SIP messaging for twinning if the box labeled Send original calling party
information for Mobile Twinning is unchecked in Section 5.4. This parameter was set
to None and the box in Section 5.4 was checked.

e Ensure the In Service box is checked.

e Default values may be used for all other parameters.

IP Offices Ei SIP Line - Line 18* ef - X | vl<]|
=& BOOTP (3) #I|| 5IP Line | Transpart || SIP LRI YaIP . | T3 Fax| SIP Credentials
Operator (3) it e o i R P o e g
TPhelan_Branchl Line Mumber
= System (1)
“25 TPhelan_Branchi ITSP Domain Mame I In Service I
1 Line (12) Use Tel URI [
Tt - -
¥z Prefix I ] Check 003
i." 4 Mational Prefix |a | Call Routing Method |Request URI |
3 ,—I 5 g Originator number for 1
6 Sountrychae 3| forwarded and bwinning calls
a7 International Prefix :UD
™ 5 - =
13 Send Caller 1D | Nane i
e 14 REFER Support
, 17 - o
T Incaoming §Agtq M|
I Control Unk: (5) Qukgoing :-Auto -v_é
Ay Extension (34) L .
+ : User (34)
[ i@ HuntGroup (6)
(-8 Short Code (67)
: g ::rs\"ifc;(o) oK ] [ Cancel ] [ Help
&
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Select the Transport Tab and set the following:
e Set ITSP IP Address to the IP address of the Gamma Telecom DirectConnect SIP proxy.
e Set Layer 4 Protocol to UDP.
e Uncheck Calls Route via Registrar.
e Set Send Port and Listen Port to 5060.

IP Offices E SIP Line - Line 18* gk~ X | v |<]=

- R BOOTP (3) #|lsp Line: Transport iSIP URI|YoIP | T35 Fax| SIP Credentials|

-7 Operator (3)
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‘453 TPhelan_Branchl Metwiork Configuration
=4 Line (12 T
T_ '_1:-[ 1( ) Laver 4 Protocol |LDP v| Send Port (5060
1 | Cnine S | |

- ? 2 Use Metwork Topalagy Info | Hone v |ustenpor (5060 -

e d 3 e U S
{

g

. ]

] |Ca||s Route via Registrar |:| |
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e F
L]
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s 14
g 17
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[#-+=» Control Unit (5}
[ Extension (34)
H@ User (34)
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[ @M Short Code (57)
B service (0) [
o BAS 1Y

oF ][ Cancel J[ Help

After the SIP line parameters are defined, each SIP URI that 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.

L]
el

SIP Line -Line 18* B - X | v | < |

18IP Linei:Transport!:m

| Channel | Groups Via  Local URI | Contact  Display Mame  PAL  Credential | Max Calls Add...
Remove
Editsi;
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For the compliance test, a single SIP URI entry was created that matched any number assigned to
an [P Office user. The entry was created with the parameters shown below.

e Set Local URI, Contact, Display Name and PAI to Internal Data. This setting allows
calls on this line whose SIP URI matches the number set in the SIP tab of any User as
shown in Section 5.7.

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 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.

IP Offices Ei SIP Line - Line 18" g - X vl=<]
@R B00TP(3) # | |SIP Line | Transport| SIP URI yolP | T38 Fax| SIP Credentials
[#-44 Operator (3) [ 3 g
TPhelan_Branchl Channel | Groups Wia | Local URI = Contact | Display Mame = PAI | Credential  Max Calls Add...
(=553 System (1)
53 TPhelan_Branchi Edit Channel
BT Line (12) Via <Naone:
o < |
e Local URI Lse Internal Datal v |
113 ? |
14 Conkack Use Internal Data w
{ 1 |
S Display Mame |Use Inkernal Data w |
B : |
-7 PAL Use Internal Data -
5
13 Reqgistration 0: <Mone= b
14 . T
Incoming Grouy 18
w, 17 Dl :
Ny, 13 Qukgoing Group 15
[#-== Contral Unit {5) 2
- Extension (34) Max Calls per Channel |10 =)
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[+ @ Short Code (67) -~
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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 Configure the Compression Mode with the Advanced button to specify the preferred
order of the offered codecs. Select the codecs and their order based on the needs of the
customer. Click the box next to the codec with the highest preference first, followed by
the second preference. For the compliance test, G.711 ALAW 64K was selected first
followed by G.729(a) 8K CS-ACELP.

e Set the DTMF Support field to RFC2833. This directs IP Office to send DTMF tones
using RTP events messages as defined in RFC2833.

e Uncheck the VoIP Silence Suppression box.

e Check the Fax Transport Support box to allow T.38 fax operation.

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.
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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 0 from the T38 Fax Version drop down menu, all other field may retain
their default values. Click the OK button to complete the SIP line configuration.

IP Offices
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[=-#=p TPhelan_Branchl
2y System (1)

=% Line {12}
11
#7 2
113
17+
5
6
7
5
13
14
o, 17
", 18
<2 Contral Unit (5)
Ay Extension (34)
a User {34)
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Note: It is advisable at this stage to save the configuration as described in Section 5.10 to make
the Line Group ID available in Section 5.6.
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5.6. 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.

e In the Code ficld, enter the dial string which will trigger this short code, followed by a
semi-colon. In this case, 9N;. This short code will be invoked when the user dials 9
followed by any number.

e Set Feature to Dial. This is the action that the short code will perform.

e Set Telephone Number to N”@123.245.123.117”. This field is used to construct the
Request URI and To headers in the outgoing SIP INVITE message. The value N
represents the number dialed by the user.

e Set the Line Group Id to the outgoing line group number defined on the SIP URI tab on
the SIP Line in Section 5.5. This short code will use this line group when placing the
outbound call.

Click the OK button.

g - X | wvl=<|
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5.7. User

Configure the SIP parameters for each User that will be placing and receiving calls via the SIP
line defined in Section 5.5. To configure these settings, first navigate to User in the Navigation
Pane. Select the SIP tab in the Details Pane. The values entered for the SIP Name and Contact
fields are used as the user part of the SIP URI in the From and Contact headers for outgoing SIP
trunk calls and allow matching of the SIP URI for incoming calls without having to enter this
number as an explicit SIP URI for the SIP line (Section 5.5). As such, these fields should be set

to one of the DID numbers assigned to the enterprise from Gamma Telecom.

In the example below, the DID number 01555880762 is used. The SIP Display Name (Alias)
parameter can optionally be configured with a descriptive name. Click the OK button.

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

properly.

Fle Edt Miew Tools Help

TPhelan_Eranchil ¥ User

89005 Extnda005

IP Offices

-~

89102 Extnga102 A

d | AEEE]) v

ExtnB9102: 89102"

Menu Programming | Mobility | Phone Manager Options | Hunt Group Membership | Announcements | SIP | Persanal Directary 4 F

8006 Extnag006 r - : . =

9007 Extn32007 SIP Mame 01555550762 |

59010 Extn32010

59011 Extn39011 SIP Display Mame {Alias) _Gamma 3

S0l Eatndie Contact +1555880762

59013 Extn39013 .

59014 Extn39014

89015 Extnd9015 B s

89016 Extn33016

89017 Extn39017

59015 Extn39015

59100 Extn32100

59101 Extn89101

89102 Extng2102

89024 Occ Clean

59023 Occ Dirky

59025 Oce Inspeck

89021 Wacant Clean

§9022 VacantInspected

89020 Yoicemail 2

89300 YoiceMail SIP w

59301 Yoicemail SIP1 T

59302 Voicemai! SIPz oK ] [ Cancel ] [ Help
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5.8. Incoming Call Routing
An incoming call route maps an inbound DID 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. 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 defined in Section 5.5.
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.

o
IP Offices 1= 18 01555880762
& R BOOTP(3) | Standard |\-'oi|:e Recording | Destinations
g7 Operator (3) :
-+ TPhelan_Branchi Bearer Capability |P.ny Yoice v
ﬁ-'h_J 5.3.-'stem () Line Group Id |18 w |
T Line {120 |
FE-< Conbral Unit (5] Incoming Mumber 01555880762 !
(-4 Extension (34)
=3 i User (34} Incoming Sub Address | |
-3 HunbGroup (6) ) T
] I CLI
- 8K Short Code (67) e, L |
B Service (D) Locale | et :
el RAS (1) .
= e Incoring Call Reuke (7) Priority | 1-Low b
- o | |
@ 18 01555530760
@ 18 01555880761 Hold Music Source |System Source w i
@ 13 01555880762 g
B @ 18 01555880763

On the Destinations tab, select the destination extension from the pull-down menu of the
Destination field. Click the OK button (not shown). In this example, incoming calls to
01555880762 on line 18 are routed to extension 8§89102.

= 18 01555880762 B X|wv|<]|>

| standard | ¥oics Recording | Destinations !

| TimeProfile Destination Fallback Extension

4 | Def ault Yalus

59102 Exkngai0z
29300 VoiceMail SIP
004 Extna0o0g
89301 Voicemail SIP1
89302 Yoicemail SIP2
89303 Yoicemail SIP3
£9200 DDI 59200
59201 DDI 89201 Bt
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5.9. SIP Options

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 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 a value less than 42 secs. The OPTIONS
message period will be equal to the Binding Refresh Time.

e To establish a period greater than 42 seconds, a SIP_ OPTIONS PERIOD parameter
must be defined. The Binding Refresh Time must be set to a value greater than 42 secs.
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.

-4 Extension [34) A
=§ User(34) 1l _
1 P
fim Mallser | Source Mumber |
frg RemoteManager
rer G004 ExtnS004 Remove
G000 Extngo000
B9001 Extn8a001 Edt..
G002 Extngo002
G9003 Exkngo003
G9004 Extngo004
G005 Extngo005
89006 Extn59006
G007 Extngo007
89010 Extn59010

59011 Extn3a011
59012 Extn39012 2 |

| Source Mumbers | Telephony || Forwarding | Dial In || Yoice Recording | Button Programming | Menu Programming | Mobilty | Phone Manager C 4 *

b

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 Mumnber

| Source Mumber ;SIP_OPTIONS_PERIOD=2 |
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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 2 minutes. Avaya IP Office chooses the OPTIONS period
as the smaller of these two values (2 minutes). Click the OK button (not shown).

[+ 4 Extension (34) L elephony | Forwarding | Dial In | ¥oice Recording | Button Programming | Menu Programring || Makility
B User (34) 5 ekl alatinbo it |atintnll| Biswrtimalial | Rinastedii e fmidbdhes R hobitasdo AELE st 1§
g MoUser Source Number
4 |
RemateManager SIP_OPTIONS_PERICD=2

i 5004 ExEriBn0d
59000 Extna9000
59001 Extn33001
89002 Extnaa002
59003 Extna9003
59004 Extnao004
89005 Extna9005
59006 EXtna9006
89007 Extnaa0a7
89010 Extnaa010

4§ 89011 Extngaot 1 |

5.10. 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. Gamma Telecom DirectConnect Service Configuration

Gamma Telecom is responsible for the configuration of the DirectConnect SIP Trunking service.
The customer will need to provide the public IP address used to reach the IP Office at the
enterprise. Gamma Telecom 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

¢ DID numbers

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

enterprise network through any security devices.

7. Verification Steps

This section includes steps that can be used to verify that the configuration has been done
correctly.
e Verify that the local extensions on IP Office can call and talk to each other.
e Verify that the IP Office Server can ping the Gamma Telecom Session Border Controller.
e Verify that the local extensions on IP Office and the telephones attached to the PSTN can
call each other.
e Verify that it is possible to send FAX messages between the locally attached FAX device
and the FAX unit attached to the PSTN.

8. Conclusion

The Gamma Telecom DirectConnect SIP Trunking service passed compliance testing. These
Application Notes describe the procedures required to configure the connectivity between Avaya
IP Office and the Gamma Telecom DirectConnect SIP Trunking service as shown in Figure 1.

The reference configuration shown in these Application Notes is representative of a basic
enterprise customer configuration and demonstrates Avaya IP Office can be configured to
interoperate successfully with the Gamma Telecom IP DirectConnect Service. This solution
provides Avaya IP Office users the ability to access the Public Switched Telephone Network
(PSTN) via a SIP trunk using the Gamma Telecom IP Direct Connect Service.
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9. Additional References

[1] IP Office 6.1 Documentation CD, December 2010.

[2] IP Office Installation, Document number15-601042, December 2010.

[3] IP Office Manager, Document number15-601011, December 2010.

[4] System Status Application, Document number15-601758, February 2010.

Product documentation for Avaya products may be found at http://support.avaya.com.
Product documentation for the Gamma Telecom DirectConnect service is available from Gamma

Telecom.
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Notes is subject to change without notice. The configurations, technical data, and
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dependable, but are presented without express or implied warranty. Users are responsible for
their application of any products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya
DevConnect Program at devconnect@avaya.com.
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