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Product model numbers

The information contained within this document refers to the following products:

Part Number Description

E-SIP3D-RUC12
E-SIP3D-RUC1241
E-SIP3D-RUC24
E-SIP3D-RUC2441
E-SIP3DZ-RUC12
E-SIP3DZ-RUC1241
E-SIP3DZ-RUC24
E-SIP3DZ-RUC2441
E-SIP3DY-RUC12
E-SIP3DY-RUC1241
E-SIP3DY-RUC24
E-SIP3DY-RUC2441
E-SIP3P-RUC24
E-SIP3P-RUC2441
E-SIP3PZ-RUC24
E-SIP3PZ-RUC2441
E-SIP3PY-RUC24

E-SIP3PY-RUC2441

Handset Gateway 12 port (digital only)

Handset Gateway 12 port (digital only)*

Handset Gateway 24 port (digital only)

Handset Gateway 24 port (digital only)*

Handset Gateway 12 port (digital) with FXO port
Handset Gateway 12 port (digital) with FXO port*
Handset Gateway 24 port (digital) with FXO port
Handset Gateway 24 port (digital) with FXO port*
Handset Gateway 12 port (digital) with 2 FXO ports
Handset Gateway 12 port (digital) with 2 FXO ports*
Handset Gateway 24 port (digital) with 2 FXO ports
Handset Gateway 24 port (digital) with 2 FXO ports*
Handset Gateway 24 port (Pphone/analog only)
Handset Gateway 24 port (Pphone/analog only)*
Handset Gateway 24 port (Pphone/analog) FXO port
Handset Gateway 24 port (Pphone/analog) FXO port*

Handset Gateway 24 port (Pphone/analog) 2 FXO
ports

Handset Gateway 24 port (Pphone/analog) 2 FXO

ports*

* European version
Safety Information

Important

This guide and warranty and liability details are published in the ‘downloads’ area at
www.citel.com/service_support. Any questions regarding the use of this guide may be
directed to support@citel.com.

Before you start to install the product, make sure you have read and complied with all
instructions, including the Safety Information in the ‘Installation and Configuration Guide'.

You must communicate the safety information to the users and administrators of the
telephone system in which a Citel SIP Handset Gateway is operating.

Only trained, qualified service personnel shall install or maintain this product.

Failure to follow all instructions may result in improper equipment operation or risk of
electrical shock.

Changes or modifications not expressly approved by Citel could void the user's authority
to operate the equipment.

Power Surges

A

Document Number: G-SIP3DS-RUC

Sudden surges in electrical current can damage sensitive equipment. To reduce the risk
of damage to your equipment, for example caused by lightening strikes, install a surge
protector between your equipment and both the AC power outlet and the telephone line.
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1 INTRODUCTION

Purpose of This Document

This document contains an overview of the steps required to configure the Citel Gateway
to implement conferencing and call-sharing options provided by softswitch manufacturers.

The softswitches included in this document are:
= Asterisk

= BroadSoft

= Sylantro

Support for additional softswitches is added on an ongoing basis. If your softswitch is not
listed above, please contact Citel to see if it is currently supported.

This document contains basic instructions, based on examples, for configuring the Citel
Gateway to work with the listed softswitches.

It is not intended to be a comprehensive guide to your softswitch. Please read the
documentation provided with your softswitch for full configuration instructions.

Who Should Read This Document?

This document should be read by those installing the Citel SIP Gateway and those
responsible for managing it.

Which Sections Should You Read?

The rest of this document is divided into chapters, one for each of the different types of
softswitch. You only need to read the chapter for the softswitch you are using.

Other Documentation
You should read the Citel SIP Gateway Installation and Configuration Guide, especially
chapter 3 (Installation) and chapter 4 (Initial Configuration).

You should locate the pages in the Phone User Guide containing the default button
mappings for the telephones in use at your location and update them to show which have
been allocated the functions described in this document.

Document Number: G-SIP3DS-RUC Version: ABT © Copyright 2007 Citel plc All Rights Reserved
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2 ASTERISK

Conference calls can be made using functionality provided by the Citel Gateway, without
the need for additional configuration. Making conference calls locally in this way also
reduces the network traffic. To make local conference calls, you need to leave the
Conference URI (see Figure 1 for the location of the Conference URI) blank and map a
button on the telephone to the conference feature.

Conference calls using the Asterisk softswitch can be made by joining a conference room,
which can be insecure as anyone with the correct codes can enter the conference, or by
using ‘ad-hoc’ conferencing, which limits the conference call to three people but which is
more secure.

If you are using an interface to your Asterisk softswitch, you may need to make the
changes to comply with the requirements of the interface. For example, you may need to
edit custom versions of the files, which are managed by the interface.

‘Ad-hoc’ Conferencing Method

This feature enables users to create conferences, using the designated Conference
buttons on their phones, which two other parties can join in.

Before editing any configuration file take a safe copy of it in case of any problems.
Document the changes you make. Remember that changes may affect the entire
telephone system.

Asterisk Configuration

1. Edit the extensions.conf file.

Add a rule in the extensions.conf file to send calls to the Asterisk MeetMe
Application. An example of the change needed is given below.

exten => conf,1,Meetme(${CALLERIDNUM}]dqg) exten => conf,2,Hangup

@ The first line matches all calls to conf and invokes the Asterisk MeetMe
Application. The options to this are the CallerID (conference number), and d and

q.

= By using the CallerID as the conference number, all phones get a unique
conference room to use for ad-hoc conferencing.

= The d option creates the conference dynamically if it does not already exist. This
eliminates the need to provide many conference rooms ahead of time.

s The q option suppresses audio prompts when people enter and leave the
conference.

2. Restart Asterisk.

Document Number: G-SIP3DS-RUC Version: ABT © Copyright 2007 Citel plc All Rights Reserved
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Citel Gateway Configuration

For each phone you want to be able to use on conference calls, set the Conference URI

to conf as part of the line configuration. See Figure 1.

citel-n..wpm.,mhncm

Port 1 Line 1 Configuration

Addressing
SIP Address-ol-Record (AQR)
Display-Hame

Registrar Server
Domain

Expiration (seconds)
3rd party Rogistrant
it e

Sarver Address
When sequeed)
Autherisation
Update Authonsation
Uorname

Feaim

Password

Retype Password

Proxy Server
Sarver Addross

Conferencing
Conference LRI

Call Park
Fark Cal LRI
Footriove Call LRI

Services

Bestage Wailing Indicator LR
Volga Masl Rotnival LIRI
Shared Lina URI

Autornatic Call Dusinbusson URI
Manitoring Line

SR —

ol

| TR
i ———

sip ofel com

[eza
 —
152 1685 236

E
i
H
i

Citel SIP Handset Gateway

Figure 1: Setting the conference URI

For each phone, set one of the keys to be the Conference button, as shown in Figure 2.

CitEIamwmmmn Compary

Port 1 Handset Configuration

Mame
Fort Name
Default Display

Enter dsfaut display
% T=timaidate, %F=por, , Bl

Fort 1

Citel SIP Handset Gateway

Py

Key Mappings 7205

ata= 5]

ey +indicator 3

Figure 2: Setting a key as the conference button
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Conference Room Method

All the callers dial a conference room number and then enter a PIN. The conference
room number and PIN must be set up by the Systems Administrator editing the relevant
configuration file.

Before editing any configuration file take a safe copy of it in case of any problems.
Document the changes you make. Remember that changes may affect the entire
telephone system.

Asterisk MeetMe Simple Conference Rooms

Conferencing is achieved by using the Asterisk MeetMe Application. This requires a timer
device such as a Zaptel.
1. Edit the meetme.conf file

The example below demonstrates how a conference room is configured using the
meetme.conf file, where 1234 is the conference room and 6789 is the PIN required
to access it.

[rooms]

; Usage i1s conf => confno[,pin]

conf => 12346789
2. Edit the extensions.conf file

The dial plan is configured in the extensions.conf file. It controls how all calls are
routed and handled and controls the behavior of all connections through the PBX.

An example of the changes needed is given below. 1234 is the conference room and
6789 is the PIN to enter the conference.

[default]

exten => 1234,1,Meetme,1234,6789 ; dial 1234, conf room 1234,
pin 6789

Document Number: G-SIP3DS-RUC Version: ABT © Copyright 2007 Citel plc All Rights Reserved
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3 BROADSOFT

Conference calls can be made using functionality provided by the Citel Gateway, without
the need for additional configuration. Making conference calls locally in this way also
reduces the network traffic. To make local conference calls, you need to leave the
Conference URI (see Figure 4 for the location of the Conference URI) blank and map a

button on the telephone to the conference feature.

Please see the documentation provided with your BroadSoft softswitch for full
configuration instructions. The information in this chapter is provided to assist you in
enabling three-way conference call facilities and shared call appearances when using the

BroadSoft softswitch.

Conferencing

The BroadSoft softswitch allows you to specify a User ID for each user/extension, which

is used when configuring the Citel Gateway.

Check your BroadSoft media server is running Release 11 (or later) and that its SIP

interface is enabled.

BroadSoft Configuration

In this example, extension 6001 has been allocated the User ID of test6001.

Syslem = [esteerviceproniger = DEsigroup

AL i

Callirg Flan Serice Provider; Test Serdoe Provdder

Iopions:
" Users Add
» Prafile
A & new wser b your group. Ohce created, the user 1D canno? be modified,
Eesourcas
ol
Serice Scripls _I

Welcome Default Administrator [Logoul

Group: ESigroup

*Useril; |sestE001

@l sip.citel.com j

'LasINnme:IEOU‘l— *Firsl Marn ,'I\:‘CIC—
Fhena Mumber: IW‘ Extension: W
* Calling Line 10 Last Narme: ISDEI.'I. * Calling Line 1D First Mame: |Test
* Indfial Passwaord: IF *Re-lypa Initial Pagsword W
Depatment: [Mone =)
*Time Zone: [{GMT+01-00) GB =l
Aliages: gip |t1l.'ll1 @|5|p :ltsl.-:ond
&ip | @|sip :i:al.comj

sipe|
Device Categon: © ADGateway

® P Phone O Shared U Mone

@| sip.atel.com _j

rBeatUp IP Fhione
~IF Fhone: | Mew P Fhone 'I

* Menw IP Phona Mame: |h=.le. om

*IP Phone Type: |Generic~S:F Fhone

*Line/Part: [E001]

SAC Addrass: |

rAddibonal Information
Tite: |

I

Figure 3: Allocating the User ID of extension 6001
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Citel Gateway Configuration

The extension must be allocated to a phone on the Citel Gateway. In the example in
Figure 4, the phone is connected to Port 1, Line 1.

The Conference URI is constructed as follows:

sip:conf=#@<BroadSoft Conference Server IP address>;x-route=direct
For example:

sip:conf=#@192.168.5.245;x-route=direct

Alternatively, you could use the fully qualified domain name of the machine instead of the
IP address.

-
c Ite l ® The VedP Migration Company Citel SIP Handset Gateway

Port 1 Line 1 Configuration

Home: Dack

Addressing

SIP Addrass-of Record {A0R) [sip:e001 @192.160 5,246
Display. Nama [Goo1

Registrar Server
Domain [192 1685 248
Expiration (seconds) IB00

2id penty Registrant I

e ]

Sarver Addrass I
(When required)

Authorization

Lipdate Authorisation o
Username

Realn

Password

Retypa Password

Proxy Server
Sorvar Address [18z 168 & 736

Conferencing
Conference U1 |sip:cari=#(@192.168.5. 245 route=direct

Call Park
Pari: Call LRI |
Reatrieva Call LRI |

Services

Message Waiting Indicator LRI |
Woice Mail Retroval LRI
Shared Line URI

Autormetic Call Distnbubion URI
Manitaring Line (=

Clear Form Reeet Form Suherit

Figure 4: Entering information as part of the line configuration

The line (in this example, Line 1) must also appear on at least two telephone handset
button mappings, as shown in Figure 5
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.
c Itel ® The ValP Migration Company

Citel 3IP Handset Gateway

Port 1 Handset Configuration

tame etk Copy Settmas.

Mame
Part Mame ot 1

Default Display
Erder default displey [Fereenzu
(36 7= biimer'cte, S0P poet, Yol ety SafafLi e [ optional pecasion], %00 doman, %% 9] = 2

Key Mappings /203

ey Indicator
Analog Pool

I an+Indicator 7
| Analog Fx0 1

I an+Indicator &
| Analog Fx0 2

cy+indicator 5
Confarence

Han+Indicator 3
Line-1: 6001

cy+indicator 2
Lire-1: G001

HendsionMuly =

fngn gonarmted ot 150440
© 2006 Clel Techrogies. All Righls Reservedd

Figure 5: Allocating the line to two button mappings

Shared Call Appearances
The BroadSoft softswitch uses shared call appearances (SCA) to allow more than one
phone to ring when a particular extension is called.

For example, you have three phones (phoneA, phoneB and phoneC) that are all in the
same SCA (Shared Call Appearances) group. A call is made to phoneC.

= All three phones ring.

=  When one of the phones answers the call, the other phones show the call in progress
for that line.

= If the call is put on hold, this will be shown on all three phones. The call can be picked
up by any phone in the group.

BroadSoft Configuration

1. Define the users for each phone in the group.
2. Goto Call Control — Shared Call Appearance for the phone you are configuring.

3. Create the call appearances you plan to use, by adding a new entry for each phone.
Use a unique line/port id for each new call appearance — for example, add a suffix or
prefix such as scal, sca2 and sca3.

Document Number: G-SIP3DS-RUC Version: ABT © Copyright 2007 Citel plc All Rights Reserved



12 and 24 Port SIP Handset Gateway: Softswitch Integration Guide

12

Shared Call Appearance Add

Allows administrators to allocate additional devices or lines to you.

SetUp IP Phone

*|P Phone Type: i.éenefi-cﬂs-\F'.i.jjh.one

Device Category: () |AD/Gateway @ IP Phone O Shared
*|P Phone: ?-I_\lewlP Phone v
* New IP Fhone Mame: |shared 7000
3

* Line/Port l?DDDsca?r

WMAG Address: |

@;.swp.citel.com V

The lines that you have configured for the other phones in the group are displayed.

BRGADSOFT

System = testserviceprovider = testgroup = Users : shared7000

Shared Call Appearance allows administrators to allocate additional devices or lines to you. These devices or lines also ring just like your
primary phone. Once you are on a call, however, only that device orline can be used You cannot add or remove these devices or lines. If you

Options:
e Shared Call Appearance
rafile
Incoming Calls
Outgaing Calls need assistance, contact your administrator.
B Call Control
Messaging [ ok J[ Ay J [ Ad J [ Coma
Utiliies Delete Device Type [&
Seniice Scripts |l Generic SIP Phone
|l Generic SIF Phone
Device Type [~ Starts With v
ok | [ Al | [ Al | [ Cancel

]

Help - Home

Welcome Default Administrator [Logou

Device Name Line/Port Edit
7000scal 7000scal Edit
7000scaz2 7000scaz2 Edit
[Page 10f1]
[ fing  fndal

Citel Gateway Configuration

1. For each phone, assign one of the available lines to one of the SIP AORs for the
Shared Call Appearance line/port that you specified in step 3 of the BroadSoft

configuration instructions.

Use a different line/port id for each phone. For example, scal on phoneA, sca2 on

phoneB, sca3 on phoneC.

In the Services section of the line configuration, type the Shared Line URI.

The Shared Line URI in this example is the BroadSoft Server IP address.

For example:
Sip:192.168.5.246

Document Number: G-SIP3DS-RUC

Version: ABT
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-
c Itel # The VolP Migration Comparny
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SIF Address-of Record [AOR)
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3. For each phone, ensure the Line you set up (in step 2) appears on at least one phone

button with an indicator.
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Conference calls can be made using functionality provided by the Citel Gateway, without
the need for additional configuration. Making conference calls locally in this way also
reduces the network traffic. To make local conference calls, you need to leave the
Conference URI (see Figure 7 for the location of the Conference URI) blank and map a

button on the telephone to the conference feature.

Please see the documentation provided with your Sylantro softswitch for full configuration
instructions. The information in this chapter is provided to assist you in enabling three-way
conference call facilities and bridges line appearances when using the Sylantro softswitch.

Conferencing

The Sylantro softswitch enables you to specify a SIP User ID for each telephone user,

which is used when configuring the Citel Gateway.

Sylantro Configuration

In this example, extension 7001 has been allocated the User ID of 2066927001.

Hame:"

Alternate Name:

Login Hame {UserlD):

Phomne:

Woik Extension:’
Work Fax:

Work Email:
Preferred Language:

Country Code:

Add as Company
Favornite/Speed Dial:

Set Time Zone:
Adminkstrative Group:
Call Group:

Valee Mail Humber:
SIP User ID:

Max Forked

Extansions:

General Company Info " pemonalinte |

*Rocpurod Dalds ane Show

[Test | {7001

I |
2085927007

If empty, default to [tenant main number]jwork
extension]

——
EFIJJ!

|

English hd

United States "i

Mone =/

fF'm:fﬁc Daylight Time (FET)
gl
[2085327001

2

Figure 6: Allocating a SIP User ID to extension 7001
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Citel Gateway Configuration

The SIP address needs to be entered in to the Citel line configuration page, as shown in
Figure 7.

The Conference URI is constructed as follows:

sip:conf=#@<BroadSoft Conference Server IP address>;x-route=direct
For example:

sip:conf=#@192.168.5.245;x-route=direct

Alternatively, you could use the fully qualified domain name of the machine instead of the
IP address.

-
c Itel # The VolP Migration Company Citel SIP Handset Gateway

Port 1 Line 1 Configuration

Home Baek
Addressing

SIP Address-of-Record (ADR) sip 2066927001 @192 168.5 236
Disphay-MNams nm

Registrar Server
Domain |19z 158523

3600
[sip citelcom
B
——————————
[
v Password |
Froxy Server
Server Address [
Conferencing
Conferance LIRI
Call Park
Park Call LIR| [
Relrieve Call IR
Services
Massage Wainng indicator LR
Vaice Mail Retrieval URI
d Line LRI
Call Distnbution URI
Monitonng Ling [

Clos Form Araod Fonm Sartnit

Figure 7: Information for conferencing entered into the Citel configuration page

The line (in this example, Line 1) must also appear on at least two telephone handset
button mappings, as shown in Figure 8.
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Citel SIP Handset Gateway
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ey
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[ Analog Poal |
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—
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[ Analog P40 2 =]
e —
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e
ey eindicator 4
Transfer hd
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'Lml:-I 6001 0'

ey Hindicator 2
Ling-1: G001

ey eindicator 1
HendstresMue

Figure 8: Allocating the line to two button mappings

Bridged Line Appearances

The Sylantro softswitch uses bridged line appearances (BLA) to enable more than one
phone to ring when an extension is called.

For example, you have three phones: PhoneA (extension 3000), PhoneB (extension
3001) and PhoneC (extension 3002). PhoneB and PhoneC both have a bridged line to

PhoneA.

When a call is made to PhoneA:

= All three phones ring.

=  When one of the phones answers the call, the other phones show the call in progress

for that line.

» |[f the call is put on hold, this will be shown on all three phones. The call can be picked
up by any phone in the group.

Sylantro Configuration

1. Use the Management Portal to enable SIP Forking in the Class of Service template
for the phone to be bridged.

a) Click on the name of the phone to which you are creating the bridge. This would
be PhoneA in our example.

Search Result

Name
Click ¥o edit.

Citel Barber
Citel Sill
Citel ©'Meill

Citel Pretious

Number/Ext. Actions

2066923001/2001

Portal Resst PW Mowe Ext

ZO0GE923000,/3000 Portal Resst PW Mowe Ext

2066923003/3002 Portal Reset PW Mowe Esxt

2066923002/3002 Portsl Resst PW Mowve Ext
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b) Click the Settings tab.
c) Select the SIP Forking option.
d) Save your changes.
2. Assign all the phones who are to have their extensions bridged to PhoneA.

a) Click on the name of the phone to which you are creating the bridge. This would
be PhoneA (extension 3000) in our example.

b) Click the Phone tab.
c) Click Bridged Line Authorization.

= S
General Company Info | Personal info Phone Settings
[Assigned]

Primary Phone Location MNickname Phone Type

Citel-Handset-Gateway (Meridian M2002)
ZipP06E923000@192 168.5.174:5115

d) Inthe Extension box, enter the extension number of the phone you want to
bridge to PhoneA.

Extension: ISDDI w iﬂ w w

Members

Name Phone Mumber/Ext ¥isual Alert Only

e) Click Assign.

f) Repeat these last two steps for each phone which is to be bridged. In our
example, this is PhoneB and PhoneC.

3. If you do not want to have all the phones ringing when PhoneA is dialed, set Visual
Alert only when setting the Bridged Line Authorization for PhoneA in the
Management Portal.

a) Click the name of the phone to which you are creating the bridge.
b) Click the Phone tab.
c) Click Bridged Line Authorization.

General Company Info | Personal Info Phone

[Assigned]

Primary Phone Location Nickname Phone Type

Citel-Handzet-Gateway (Meridian M2008)
Zip 2066923 000@192 168.5.174:5115

d) Select the Visual Alert Only box for each phone you are including in the bridged
group, but which you don’t want to hear ringing.
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Extension:
Members

WET TS

Citel Barber

Citel Pretious

Citel S'Meill

Phone Mumber,/Ext

Z066923001,/3001

20659230023002

2066923003/ 3003

Assi-gnl. Delete All J Sml. Closa'

¥izual Alert Only

Delete

Delate

Celate

e) Click on Save to store

the settings.

Alternatively you can select the Monitoring Line option in the Line Configuration screen
in the Citel Gateway, for each phone you are including in the bridged group, but which you

don’t want to hear ringing.

4.

Use the Management Portal to set up line authorization for the bridged line

(PhoneA). The other phones should not need this to be done as their line 1
authorization should already be set correctly.

a) Click on Reset PW for

Search Result

Name
Click to edit,

Citel Barber
Citel Gill

Citel &'Meill

Citel Pretious

Number/ Ext.

2066923001,/3001
2066923000,3000
Z066923003,3003

Z066923002,3002

the phone to be authorized.

Actions

Portal Reset Py Mowe Ext

Fortal Resst P'W Mowe Ext

FPortal Resset PW Mowe Ext

Portal Resset Pu Mowe Exdt

b) Select the button to reset the Login Password and enter the new password.

You may find it useful to use the phone’s number as the password.

c) Select the button to reset the SIP Password and enter the new password.

You may find it useful to use the phone’s number as the password.

d) Select Save to store the changes.

SM* Cancel )
Reset Password
Reset Login ¥ veg
—— O o [20BB523000
* ves
Reset SIP Password : IZDEEQZ3DDD
Mo
Email informationto ™ Tes
Employee? O Ho

Citel Gateway Configuration

For each phone (PhoneB and PhoneC in our example) that will be able to answer the
bridged extension, you must set one of its available lines to the SIP AOR of the bridged
extension. The example in Figure 9 shows that ext. 3001 has line 2 set to ext. 3000.
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.
c |te|  The VelP Migratian Company Citel SIP Handset Gateway
Port 1 Line 2 Configuration
i ek
Addressing
SP Address.of-Riecord (ACR) feip20B892 I000D1 52 168 5 236
Digplay-Nams {000 sharaet

Reglstrar Server
Dramain

Arabon (seconds)
arty Registrant
quned]

Sener Address
{Wrien reguined)

Authorisation
Updste Authorisation

Praxy Server
Senvar Address | R

Conferancing
Corferance URI

Call Park
Park Call IR [
Retnave Call LEA |

Services
Message Wating

Acator LRI |
Voica Mail Retreval LRI |

i —————————
Shared Lina LRI [

- r
Autornabe Call Destribution LRI |
Monitanng Ling r

Figure 9: Setting the line configuration for a phone bridging to another phone

1. For each of the phones in the bridging group:

a) Update the Registrar Server so the domain is your Sylantro Server domain. For
the phones to be bridged (PhoneB and PhoneC), enter the phone’s own line 1
SIP AOR in the 3rd party Registrant field.

b) Update the Authorization.
Set the Username to the phone’s line 1 username.
Enter the Realm.

Type the phone’s line 1 Password, which must be the same as the one used in the
Sylantro SIP password authorization for line 1.

c) Click on Submit to save the settings.
d) Click on Reset to apply the saved settings.

2. For each phone, go to Handset and ensure the Line you set up (in step 2) appears
on at least one phone button with an indicator.
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