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1 Introduction

Thisguide describes asolution for using one or more TX 3 Emergency Phones
connectedto aSIPPBX appliance.

The advantagesto this solution are:

. Low cost. Other solutionsinvolverenting aphonelinefor each Emergency
Phone, or using IP-enabled phones, which involvesinstalling and
maintai ning routers and switches throughout the building. Thissolution
usesinexpensive RJ11 cablesto connect the Emergency Phonesto a
central server.

. Scalable. The gateway can handle 16, 24, 32, or 48 analog devices
depending on model, so more Emergency Phonescan easily beadded once
the systemisset up.

. High reliability in emergency situations. With traditional phonelines, if
thelineisinuseother callsresult in busy signals. With thisapplication, up
to 60 calls can be placed in the queue.

Terms

Agent: A phonethat answerscallsinacall queue.

Analog Telephone Adapter (ATA): Thisdeviceconvertscallsfrom oneanaog
phone (like the Emergency Phone) into aform that can be transmitted onan 1P
network.

Answering | P phone (Grandstream | P Multimedia Phone): Thisdeviceis
located at the concierge or intheguard room, and it answersthe emergency calls.

Call queue: The SIP server can be configured with acall queue, which puts
additional callson hold until they are answered.

FXSport: A port onthe ATA or gateway that connectsto an analog phone.

Local AreaNetwork (LAN): AnIP network that al the devices are connected
to.

Local PC: A computer or laptop used to configure the devices.

Grandstream GXW42xx Analog Vol P Gateway (the gateway): Thisdevice
converts callsfrom multiple anal og phones (like the Emergency Phones) into a
form that can be transmitted on an | P network. The gateway performsthe same
function asthe ATA, but it hasmore FXS portsthan an ATA.

TX3 Emergency Phone Application Guide Version 1
Copyright 2015
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Grandstream UCM 6100 | P BPX Appliance (the SIP server): Thisdevice
runsa Sl P server which managesthe calls.

Registered: All devicesthat use SIP must be registered with the SIP server.

Ring group: The SIP server can be configured with aring group, which allows
al answering | P phonesto ring simultaneously when acall isincoming.

SIP (Session I nitiation Protocoal): A protocol for controlling phone or video
messaging on an | P network.

SIP extension (SIP I D). Every device communicating on the IP network hasa
unique SIP extension (also called SIP D). Other entitiesalso have SIP
extensions, such as queues and ring groups. Y ou assigh SIP IDswhen you
configurethe system.

SIP passwor d: Most SIP extensions must have apassword.

Related Documents

LT-6113 Emergency Phone Installation and Operation Manual

Considerations

Thisguideexplainshow to set up aring group and ahold queueto handle callson
two or moreanswering | P phones. Thering group allowsall answering | P phones
to ring simultaneously whenacall isincoming. Inorder to ensurethat nocallsare
lost, additional callsare put in the hold queue.

The equipment that you are using determines:

. the number of callsthat can be answered at onetime

. the number of Emergency Phonesthat you can connect
. the number of callsthat can be put into the call queue

. and the maximum length of the RJ11 cables.

Number of calls that can be answered at one time

Themodel of the answering IP phone determines the number of callsthat can be
answered at onetime.

Table 1: Number of simultaneous calls handled by Grandstream IP
phones
M odel Number of calls
GXV 3275 6
TX3 Emergency Phone Application Guide 5(29)
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Introduction

Table 1:

Number of simultaneous calls handled by Grandstream IP

phones (continued)

M odel

Number of calls

GXP2200

GXP2160

GXP2140

GXP2130

GXV2124

GXP2120

GXP2110

GXP2100

GXP1450

GXP140x

GXP1105

GXP1100

NN NN A SO~ WO O

Number of Emergency Phones

If you have asmall number of Emergency Phones, you can use Grandstream
Analog Telephone Adapters(ATAS) to connect the Emergency Phonestothe SIP

server. An ATA hasfrom 1to 4 FXS ports depending on the model.

If you have alarge number of Emergency Phones, you can use a Grandstream
GXW42xx analog Vol P Gateway to connect the Emergency Phonesto the SIP
server. A gateway hasfrom 16 to 48 FXS ports depending on the model.

Table 2: Number of FXS ports on Analog Telephone Adapters and
Grandstream GXW42xx analog VolP Gateways

M odel Number of FXS ports

HT-701 1

HT-702 2

HT-704 4

GXW4216 16

GXW4224 24

GXW4232 32

TX3 Emergency Phone Application Guide
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Table 2: Number of FXS ports on Analog Telephone Adapters and
Grandstream GXW42xx analog VolP Gateways (continued)

M odel Number of FXS ports
GXW4248 48
1.1.3 Number of calls in the queue

Themodel of Grandstream UCM 6100 IP BPX Appliance determineshow many
callscan be placed in the hold queue at onetime.

Table 3: Number of concurrent calls on Grandstream UCM6100 IP PBX

Model Elgjln;ber of concurrent
UCM6102 30
UCM6108 60
UCM6116 60
114 Maximum RJ11 cable length
Themodel of ATA or gateway determinesthe maximum length of the RJ11
cables.
Table 4: RJ11 cable lengths
M odel RJ11 cable length
HT-701 5 REN, up to 3280.84 ft (1 km) on 24 AWG lines
HT-702/HT-704 | 3 REN, up to 3280.84 ft (1 km) on 24 AWG lines
GXW42xx 2 REN, up to 1500 ft (0.457 km) on 24 AWG lines
Version 1 TX3 Emergency Phone Application Guide 7 (29)
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2 Using the Grandstream Gateway,
ATAs, and SIP Server

2.1 Overview

This chapter describes an application for two or more Emergency Phones
connected to the SIP server through agateway or ATAS.

2.2 Cable Requirements
Note: To makewiring easier, label all RJ11 cables at both ends.
Table 5: Cable requirements
Device Cabletype

Emergency Phone 18 AWG 2-conductor cable for the power supply
(see LT-6113 Emergency Phone Manual)

HT-701 RJ11: 5 REN, up to 3280.84 ft (1 km) on
24 AWG lines

HT-702/HT-704 RJ11: 3 REN, up to 3280.84 ft (1 km) on
24 AWG lines

UCM6100 Category 5

GXW42xx Category 5
RJ11: 2 REN, up to 1500 ft (0.457 km) on
24 AWG lines

Answering |P phone | Category 5

2.3 Before you Begin
. If youareusing ATAS, go to 2.4 Connect the Emergency Phoneto the
ATA below.
. If you areusing agateway, goto 2.5 Connect the Emergency Phonestothe
Gateway on page 12.
8 (29) TX3 Emergency Phone Application Guide Version 1
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Using the Grandstream Gateway, ATAs, and SIP Server

Connect the Emergency Phone to the ATA

Programming the ATA to connect to the LAN

1

Connect aphonetothe ATA and dial *** to accessthe configuration
menu.

Press 01 to switch between DHCP mode and static | P mode.

Follow theinstructionsinthe ATA manual at
http://www.grandstream.com to configure the | P address.

Wiring the ATA

1 Connect an RJ11 tel ephone cable to the Phone port of the ATA.

2. Connect the green wire (pin 4) of the other end of the RJ11 cableto phone
line 1 (the T1terminal) on the telephone access card of the Emergency
Phone. SeeFigure 1.

3. Connect thered wire (pin 3) to phoneline 1 (the R1 terminal) onthe
telephone access card of the Emergency Phone. SeeFigure 1.

4, Usean Ethernet cableto connect thelnternet port of the ATA, thegateway,
the SIP server, and the | P phonesto the same LAN. See Figure 1.

TX3 Emergency Phone Application Guide 9 (29)
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5. Connect the ATA, server, and phonesto the power.

UCM6100 PBX Server

LAN port \

: L
I . b
Switch %
IP Phone == '~:

IP Phone

Local PC
INTERNET port
HT-70x ATA

| PHONE port
Legend E
1
Category 5 i
Twisted pair telco - - ———-—————-- 1

category1 to category 5 ;_L;
T(green)| |R(red)
@@@@@5
(002202

[z R2]73 m3]
LINES SITCH < TO B

Emergency Phone

Figure 1. Anexample network with 1 Emergency Phone and 1 ATA

2.4.3 Programming the ATA
This section describes how to set up the SIP extensionsfor the devicesthat are
connected tothe ATA.
1. From acomputer ontheLAN, open aweb browser and typethel P address
of the ATA.
10 (29) TX3 Emergency Phone Application Guide Version 1
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Using the Grandstream Gateway, ATAs, and SIP Server

The Grandstream Device Configuration window appears.

Grandstream Device Configuration

Figure 2.

2.
3.

Password |

Grandstream Device Configuration Login

Typeadmin inthe Password field, and then click L ogin.

Click the FXSPort tab (Figure 9).

Device Cs

Account Active:
Primary SIF Server:
Failover SIF Server:

SIP User ID:
Authenticate ID:

Authenticate Password:

Figure3. FXSPorttab

No @ Yes

10.10.8.179 . Sp mycompany com, or [P address)

(Optional, used when primary server po response)

Frefer Primary SIF Sarvers @ 190 Yes  (yes - will register to Primary Server f Fadover registration
y expires)
Ouibound Proxy: {£.g., proxy. myvprovider. com, or [P address, if any)
Allow DHCP Option 110(.....-:::.9:[; ~ .
SIP Transport: & UDP TP TLS (defaskis UDP)
NAT Traversal: & No Kocp-Alve STUN UPaP

wser part of an SIP address)
an be identical to or differenst from SIF User ID)

sely ot displayed for security protection)

Name: DOwnd (optional, e g, John Do)
DNS Mode: & ARecord SRV NAPTR/SRV
Tol URI: Dvsabled
SIP Registrasion: No @ Yes
Unragister On Reboo: & No Yes
Quigoing Call without Registration: No & Yes
Rogister Expivation: 60 (m mmutes. defadt | bow, max 45 days)
Reregistor bafore Expiration: 0 (i seconds. Defawh O second)
SIP Registration Fatlure Retry Wait Time: 20 (in seconds, Between 13600, defauk is 20)
Layer 3 Q- ] SIP DSCP (Dif-Sexv !Hhkl-: dgc-n;i. defaudt 24)
46 RTP DSCP (D&f-Serv value in decimal, defmd 46)
Local SIP pore: 5060 (defmat is 5060 for UDP and TCP; 5061 for TLS)
Local RIF pori: 5004 {even manber between 1024-65535, default S004)
LUze Random SIP Porr: @ No Yes
LUse Random RIF Port: % No Yes
Rafer-To Use Targer Contact: @ No Yes
Transfer on Conference Hangup: & No Yes
Disable Ballcora Style 3-Way Conferance: & No Yes (Using star code *23 for 3-way conference)
Remove OBF from Boute Header:  ® Na Ve

Typethe P address of the SIP server inthe Primary SI P Server field.

Providethefollowing information:

SIP User ID: The SIPID of the Emergency Phone connected to thisFXS
port.

Version 1
LT-2087

TX3 Emergency Phone Application Guide
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. Authenticate | D The SIP Authentication 1D of the Emergency Phone
connected to thisFX S port.

. Authenticate Passwor d: The SIP Password of the Emergency Phone
connected to thisFX S port.

Note: Write down the SIP extension and SI P password for each deviceon
thetablein chapter 3 on page 28. Y ou will need thisinformation
later.

6. Click the Statustab and ensure that the word Register ed appears under
Registration in the Port Status section.

Grandstream Device Configuration

BASIC SETTINGS ADVANCED SETTINGS
MAC Address: WAN-- 00:0B:82:69:C6:67 (Device MAC)
IP Address: 10.10.8.99
Product Model: HT701
Hardware Version: V3.0B Part Number -- 9610001930B

Program-- 1.0.6.1 Bootloader - 1.0.08 Core--1061 Base--106.1
CPE --

System Up Time: 10:42:41 up 1:43
PPPoE Link Up: Disabled
NAT: Unknown NAT

;

Software Version:

Port Status: port [Hook Registration |DND | Forward | Busy Forward | Delayed Forward

Figure 4.  Statustab

7. Follow theinstructionsin LT-6113 Emergency Phone Installation and
Operation Manual to program the Emergency Phoneto dial SIPIDs.

8. Goto 2.6 Configurethe SIP Server on page 17.

2.5 Connect the Emergency Phones to the Gateway

251 Wiring the gateway

1 Connect the green wire (pin 4) of an RJ11 telephone cableto the T1
terminal of Phone Line 1 on the tel ephone access card of the Emergency
Phone. SeeL T-6113 Emergency Phonel nstallation and Operation Manual
for thelocation of PhoneLine 1.

2. Connect thered wire (pin 3) to the R1 terminal of Phone Line 1 onthe
telephone access card of the Emergency Phone.

3. Connect the other end of the RJ11 telephone cable to an FXS port on the
gateway.

12 (29) TX3 Emergency Phone Application Guide Version 1
LT-2087 Copyright 2015
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Each telco connector on the gateway has 26 FXS ports. See Figure 5 for
detailson how to connect an RJ11 cableto the port.

solid  red )
Gateway telco RJ-11to

connector ¢ ¢
£ 7

striped green

Emergency Phone

Figure5. Wiring the Emergency Phone to the gateway

Seethe gateway’ smanual at http://www.grandstream.com for additional
details.

4, Connect the gateway, the SIP server, and the IP phonesonthesame LAN.
SeeFigure6.

5. Connect the gateway, server, and phonesto the power.

UCM6200 PBX Server

LAN port \

Switch

IP Phone

IP Phone
ETHERNET port Local PC
GWX42xx Gateway Legend
Category 5
FXS1 FXS2 FXS3 Twisted pair telco ---------------

! category1 to category 5

___________________________________________

|

|

|

|

|

|

|

|

|

|

|
——
1
|

1 1
I R (red) T (green); 1R (red)
20222

%@@@@@

IZ‘!

I

Emergency Phone Emergency Phone Emergency Phone

T (green)

Figure6. An example network showing 3 Emergency Phones
connected to the gateway on ports FXS1, FXS2, and FXS3

Version 1 TX3 Emergency Phone Application Guide 13 (29)
LT-2087 Copyright 2015
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Programming the Gateway

This section describes how to set up the SIP extensionsfor the devicesthat are
connected to the gateway .

Consult the manual for the Grandstream GXW4248 gateway at
http://www.grandstream.com for more details.

1.  Configurethegateway’ s|Pinformation to connect to your LAN. Consult
your network administrator for more information.

2. Fromacomputer onthe LAN, openaweb browser and typethe | Paddress
of the gateway.

The gateway |ogin page appears.

Language Eglish v

Figure 7. Gateway login page

3. Typethe password in the Passwor d field, and then click L ogin. The
default passwordisadmin.

TX3 Emergency Phone Application Guide Version 1
Copyright 2015
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4, Click Prafiles, click Profile 1, and then click General Settings.

Profiles FXS Ports

Profile 1 Ml General Settings

Profile 2 ¥ Metwork Settings
Profile 3 } SIP Settings 3
Profile 4

P Fax Settings
Audio Settings
Call Settings
Call Features Settings
Ring Tones

Figure 8. Gateway Profiles menu

The General Settings page appears.

Grandstream GXW4248

Call Features Settings

Save and Apply

Ring Tones

%fﬂﬂ&&ﬂi Status Maintenance Advanced Settings Prof
Eroliich General Settings
Profile 1 =
General Settings Profile Active ) No @ vas
Moo o | SIP Server | 192.168.2.101
SIP Settings CH |
Failover SIP Server
Fax Seftings |
R e | Prefer Primary SIP Server @ No ) Yes
Call Settings | Outbound Proxy

Figure9. General Settings page

5. Typethe IP address of the SIP server inthe SI P Server field.

6.  Click Saveand Apply. BEELEEL IR LY

Version 1 TX3 Emergency Phone Application Guide 15 (29)
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7.

Click FXSPorts, then Port Settings, andthen click therangeof FXSports
that you want to set up.

Port Settings P F¥S 1-16
Advanced Port Settings » | Fug 17-32
FXO Mapping P FXS 3348

Figure 10. FXS port menu

FXS 17-32

The Port Settings page appears.

Port Settings
FXS1-16 Port SIP User ID Authenticate ID  Password Name Profile Enable FXS (TR-069)
FXS 17-32 | FXS 1 2000 2000 Emergency Phoné | Profile 1[=] ©)No® Yes
TEEED | Fxa 2 2001 2001 Emergency Phoné | Profile (=] © No® Yes
FX8 3 2002 2002 Emergency Phone | Profile 1[=] ©No® Yes
rere I FXS 4 2003 2003 Emergency Phone | Profile 1[z] ©No® Yes

Figure 11. Port Settings

8. Providethefollowing information for each FXS port that an Emergency
Phoneis connected to.

. SIP User I D: The SIP extension of the Emergency Phone.

. Authenticatel D: Thisisthe sameasthe SIPUser ID inthe previous step.

. Passwor d: The SIP Password of the Emergency Phone.

. Name: A descriptive namefor the Emergency Phone. Thisnamewill

appear on the display of the answering phone.

Note: Writedown the SIP extension and SI P password for each deviceon
thetablein chapter 3 on page 28. Y ou will need thisinformation
later.

9.  Click Saveand Apply. BEEEEIL R

10. Goto 2.6 Configurethe SIP Server below.

16 (29) TX3 Emergency Phone Application Guide Version 1
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2.6 Configure the SIP Server

This section describes how to create the SIP extensions on the SIP server. You
must create a SIP extension for every device on the network.

Consult the manual for the Grandstream S|P server at
http://www.grandstream.com for more details.

1 Configurethe SIP server’sIPinformation to connect to your LAN. The
default | P addressis192.168.2.1. Consult your network administrator for
moreinformation.

2. Fromacomputer ontheLAN, open aweb browser and typethe | P address
of the SIP server.

The UCM 6102 login page appears.

e Fhisten

UCM6102

IPPBX Appliance

Password

English

andstream Networks, Inc. 20714, All Rights Reserved

Figure 12. UCM login page

3. Typetheusernameand password. The default username and password are
both admin.

Version 1 TX3 Emergency Phone Application Guide 17 (29)
LT-2087 Copyright 2015
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4. Click the PBX tab, and then click Extensions.

«

e_Janslream Status  PBJ Seftings  Maintenance

e

Aute Refresh  +

Status CalleriD Name Technology 1P and Port
1000 Abha SIP =

® 1003 o SIP 192.168.2107 .51
1009 ATA SIP =

@ 2002 = SIP 192.168.2107:51

® 2003 =t SIP 192.168.2.107:51

® 2004 o SIP 192.168.2107:51

® 2005 s SIP 192.168.2.160:5!

[ ] 2006 = SIP 192.168.2107:51

Copyright ® Grandstream Networks, Inc. 2014. All Rights Reserved

Figure 13. Extensions page

5. Click CreateNew User, and then select Create New SI P Extension.

Create New User
Create New SIP Extension

Create New |1AX Extension
Create New FXS Extension

Figure 14. Create New SIP Extension

The Create New SI P Extension window appears (Figure 15).

Typethe SIP extension and SIP password in thefields. Y ou defined the
SIP extensions and passwordsin section 2.5.2 Programming the Gateway
on page 14.

6. IntheRing Timeout field, typethe number of secondsafter whichthecall
will gotovoicemail (if voicemail isconfigured) or hang up. Themaximum
is600 seconds (10 minutes).

18 (29) TX3 Emergency Phone Application Guide Version 1
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Note: Some phones have ring timeout settingsaswell. The actual ring
timeout iswhichever timeis shorter. For example, if the phone’s
ring timeout is 15 seconds, and the extension’ sring timeout is 600
seconds, the call will go to voicemail or hang up after 15 seconds.
General s
I(D Extension 1002 I @ CallerlD Number
@ Permission Internal - I(i) SIP/IAX Password pQgkLZ I
( Enable Voicemail v @ voicemail Password 572078
(@ call Forward Unconditional () CFU Time Condition Al Time v
(@ Call Forward Mo Answer () CFNTime Condition Al Time v
(@ call Forward Busy () CFB Time Condition Al Time v
I (D Ring Timeout I (0 Auto Record
@ skip Voicemail Password
Verification (i) Support Hot-Desking Mode
() Disable This Extension () Music On Hold default v
User Settings
@ FirstName @ LastMame
(@ Email Address @ Language Default v
SIP Settings w
Figure 15. Create New SIP Extension
7. Click Save, and then click Apply Changes at the top of the window.
Apply Changes
8. Repeat steps5to 7 for each device (Emergency Phone, | P phone, or analog
phone) that is connected to the | P network.
Note: Ensurethat the SIP 1D, SIP Authentication 1D, and SIP Password

are the same asthose entered in the gateway settings (see section
2.5.2 Programming the Gateway on page 14).

Confirm that the devices are registered on the SIP server

1 Loginto the SIP server.

2. Click the PBX tab, and then click Extensions.
A green dot appears beside every extension that isregistered. If they are
not registered, see 2.11 Troubleshooting on page 27.

TX3 Emergency Phone Application Guide 19 (29)
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2.6.2 Confirm that the devices are registered on the gateway

1 Click the Statustab and then click Port Status.
2. Ensurethat theword Register ed appearsunder SI P Registration for each

device. If it does not, repeat the previous stepsto ensure that the SIP
extensions and S|P passwords are accurate.

Port Status
System Info

{
:

Port Hook SIP Registration DND
Port Status F¥X5 1 On Hook Registered Mo
F¥s 2 On Hook Registered Mo
F¥X5 3 On Hook Registered Mo
FXS 4 On Hook Registered Mo
FXS & On Hook Registered MNo

Figure 16. Port status

Goto 2.7 Configure the Answering | P Phone below.

2.7 Configure the Answering IP Phone

This section describes how to set up the Grandstream GXV 3275 P Multimedia
Phone that will answer the callsfrom the Emergency Phone.

Consult the manual for the Grandstream | P phone at
http://www.grandstream.com for more details.

1 Configure the phone' s 1P information to connect to your LAN. Consult
your network administrator for more information.

2. From acomputer ontheLAN, open aweb browser and typethe P address
of the phone.

20 (29) TX3 Emergency Phone Application Guide Version 1
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The multimedia | P phonelogin window appears.

GXV3275

Enterprise Multimedia Phone for Android

Usename |
Pessword |
Language

Figure 17. GXV3275login window

3. Typethe username and password, and then click L ogin. The default
username and password are both admin.

4, Click the Account tab.

The Account 1 page appears.

y Status B Account | Advanced Settings Maintenance
@ General Settings Account 1 | Account2 | Account3 | Account4 | Account5 | Account6
@ Network Settings
E SIP Settings Account Active - ¥ Yes
@ Codec Settings Account Name : phone 1
ﬂ Call Setti SIP Server : 192.168.2.1
SIP User 1D : 2005
SIP Authentication 1D : 2005
SIP Authentication Password :

Voice Mail UserlD -
Name :

Tel URI: Disable [+

Save Cancel

Figure 18. GVX3275 Account page

5. Providethefollowing information:

Version 1 TX3 Emergency Phone Application Guide 21 (29)
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. Account Active: Select Yes.
. Account Name: A descriptive namefor the phone.
. SIP Server: ThelP address of the SIP server.

. SIP User I D: The SIP extension of this|P phone. Y ou defined the SIP
extension in section 2.6 Configure the SIP Server on page 17.

. SIP Authentication | D: Thesameasthe SIPUser ID.

. SIP Authentication Password: The SIP password of the phone. Y ou
defined the SIP password in section 2.6 Configure the SIP Server on page
17.

Note: Ensurethat the SIPUser ID, SIP Authentication 1D, and SIP

Authentication Password are the same asthose entered in the SIP
server settings (see section 2.6 Configure the SIP Server on page
17).

6. Click Save.
7. Click Call Settingsontheright.

8. Scroll down to Ring Timeout (s) and type the number of seconds after
which the phonewill disconnect if the call isnot answered. For the
GXV 3275 the maximum is 300 seconds (5 minutes).

Remote Video Request Prompt aa

Dial Plan Prefix

DialPlan ot | Wt | et | ocut )
Refer-To Use Target Contact ™ Yes
Auto Answer Mo il
Send Anonymous ™ Yes
Anonymous Call Rejection ™ vYes
Call Log Log All A
Special Feature Standard A
Feature Key Synchronization Disable aa
Enable Call Features ™ Yes
No Key Entry Timeout (s) 4
[ Ring Timeout (5) 300 |
Transfer on 3 way conference I Yes
Hangup
Use # as Dial Key ¥ Yes
DND Call Feature On
DND Call Feature Off
Figure 19. Ring Timeout
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9. Click Save.

10. Goto 2.8 Set up aCall Queue below.

2.8 Set up a Call Queue

This section describes how to create acall queue, which will beusedin
conjunction with aring group (in section 2.9).

When aphone callsacall queue, itisput on hold until a person answersit.
The Grandstream GXV 3275 IP Multimedia Phone handles 6 calls at atime.
Other I P phones handle adifferent number of calls. Seethe manual for the
particular IP phoneto find the number of callsthat it handles.

When aphoneis handling its maximum number of calls (whether they are

connected or on hold), any additional callsget abusy signal or voicemail. A call
gueue solvesthis problem by putting additional callsinto the queue.

Answering phonesthat are part of aqueue are called agents.

1 Loginto the SIP server.

2 Click the PBX tab.

3 Click Call Featuresontheright, and then click Call Queue.
4, Click Create New Queue.
5

Click the pencil icon beside the new queue.
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The Edit Queue window appears.

Edit Queue: 6500

. ~ ~
© Edensien 7 e @ Heme 6

@ strategy Q | Linear 2 @ Music On Hold default v
(@ Leave When Empty Strict = (D Dialin Empty Queue Mo v
Permission Internal v (@ Dynamic Lagin
Password

Queue Options

(@ Ring Timeout 10 (@ Wrapup Time 0
(D MaxQueue Length 11 D (D ReportHeld Time
@ wait Time (@ Auto Record

(@ Enable Destination

@ Default Destination

@ Agents -
Available Extensions/Extension Groups Static Agents
8 1000 ~ 2005
Anana : n 2nnn =) hud

Figure 20. Edit Queue

6. Type adescriptive namefor the queuein the Namefield. The nameis
required.

7.  Typeanextensioninthe Extension field.

Note: Write down the queue extension in the table on page 28.

8. Under Available Extensions, select the extensionsthat represent the IP
phonesthat are answering the calls, and then click theright arrow to move
the extensionsto the Static Agentsbox. (%)

9. For Strategy, select Linear. Each extension will ring in the order
specified in the Static Agentsbox.

10. IntheRing Timeout field, typethe number of secondsthat one agent will
ring before the call goesto the next agent.

11. IntheMax QueueL ength box, type the number of callsthat can be
queued at once. Type 0 to make this number unlimited.

12.  Click Save, and then click Apply Changesat the top of the window.

13. Go1t02.9 Set up aRing Group below.
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2.9 Set up aRing Group

A ring groupisagroup of phonesthat sharethejob of answeringcalls. If you have
2 or more phones answering calls, you can add them to aring group so that
incoming callsring on both of them.

For example, you can create aring group with the extension 6400, and add
extensions 3000 and 2005 as members of thisring group. Extensions 3000 and
2005 represent the | P phonesthat are answering calls. When an Emergency

phonedials 6400, extensions 3000 and 2005 both ring simultaneously.

1

2
3
4.
5

Logintothe SIP server.

Click thePBX tab.

Click Create New Ring Group.

Click the pencil icon beside the new ring group.

The Edit Ring Group window appears.

Click Call Featuresontheright, and then click Ring Groups.

Edit Ring Group: 6400

6 Ring Group Marme ring
7 Extension G400
Available Extensions/Extension Groups _W 8
1000 ~ 2005
1001 G | 2000 @
1003 - @ ®
1008 @ @
2002
2003 v ® ©
Ring Group Options
I Ring Strategy Ring simultaneously | v I 9
Permission Internal A
@ custom Prompt hone v  Prompt
@ Ring Timeaout on Each 0
lMembhber (s) 10
@ Auto Record
Enable Destination o ‘I ‘I
(@ Default Destination Cueues *  Admin - 12
Figure21. Edit Ring Group
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6.  Typeadescriptive nameinthe Ring Group Namefield.

7. Typean extensionin the Extension field. Thisisthe extension that the
Emergency Phones should dial.

Note: Write down the ring group extension in the table on page 28.

8. All the extensionsarelisted under Available Extensions. Select the
extension that represent the | P phone that isanswering the calls, and then
click theright arrow to movethe extension to the Ring Group Members
box. (&

9. Beside Ring Strategy select Ring Simultaneously inthe menu. Whenan
Emergency Phone callsthering group, al ring group memberswill ring
simultaneoudly.

10. IntheRing Timeout on Each Member (s) field, type the number of
secondsthat the phoneswill ring. After thistime, the call will be
disconnected. Type 0 to let the phonesring indefinitely.

Note: Some phones have ring timeout settingsaswell. The phone’' sring
timeout overridesthering timeout of the ring group. For example,
the GXV 3275 can be set to amaximum ring timeout of 300 seconds
(5minutes). Evenif theringtimeout inthering groupissetto 0, the
GXV 3275 will stop ringing after 5 minutes.

11. Sdlect the checkbox beside Enable Destination.

12. BesideDefault Destination, select Queuesand thenameof thequeueyou
createdinsection 2.8 Set up aCall Queue on page 23. Whenthering group
members are handling their maximum number of calls, additional calls
will goto the queue.

13.  Click Save, and then click Apply Changesat the top of the window.

2.10 Test the System

1 Configurethe Emergency Phonesto dial thering group extension. SeeL T-
6113 Emergency Phone Installation and Operation Manual.

2. Dial thering group extension on the Emergency Phones and confirm that
the calls are displayed on both answering | P phones.

3. Onthe answering IP phones, answer each call and confirm that you can
communicate with each Emergency Phone.

4. Place each call on hold.
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5. If the answering phones are handling their maximum number of calls,
confirmthat any additional callsare on hold in the queue.

2.11 Troubleshooting

How do | confirm that adeviceisregistered?
1 Loginto the SIP server.

2. Click the PBX tab, and then click Extensions.

A green dot appears beside every extension that isregistered.

ucmdsl,re@m Status ’BX  Settings  Maintenance

PEX >> BasiciCall Routes >> Extensions G
Basic/Call Routes I‘

Auto Refresh v

Status Technology 1P and Port
sIP

1003 G SIP 192.168.2.107:51

1009 ATA SIP -
[ ] 2002 - SIP 192.168.2.107:31
@ 2003 5 siP 192 168.2.107:5
2004 e SIP 192.168.2.107:51
2005 = SIP 192168 2.160:51

192.168.2.107:31

Copyright © Grandstream Networks, Inc. 2014. All Rights Reserved
| get themessage“ devicenot registered”.

If the SIP server showsthat the deviceisregistered but you get the message
“devicenot registered” whenyou call it:

1. Click thetrash icon beside the extension to del ete the extension.

2. Createthe extension again.

3. If that does not solve the problem, reboot all the devices.
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3 Device List

Usethistableto keep alist of devices, their SIP extensions and SIP passwords.

SIP server |P Address;
Gateway |P Address:

Ring Group extension:

Queueextension:
Name SIP Extension Port SIP Password IP Address
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Name SIP Extension Port SIP Password IP Address
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