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1.1

1.2

1.3

Introduction
About This Guide

This document is intended for administrators setting up evaluation and proof-of-
concept deployments of MOTOTRBO Dispatch over IP solutions. The document
describes the minimum steps to configure the telephony voice dispatch workplace.

About TRBOnet

TRBOnet is a suite of professional applications for MOTOTRBO digital two-way radio
networks. TRBOnet manages voice and data communication paths across network
endpoints. It provides a unified graphical dispatcher workbench interface for the
entire range of workforce fleet management tasks.

For more information about TRBOnet products, refer to our website.

Contacts
Region Phone Email & Support
EMEA 44 203 608 0598
¥ info@trbonet.com — general and

commercial inquiries

Americas +1872 222 8726 support@trbonet.com — technical
support
https://trbonet.com/kb/ — online

APAC +61 28 607 8325 knowledge base
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2 Overview

The Phone Interconnect feature is designed to extend the TRBOnet voice functions
to SIP and PSTN endpoints. From the dispatcher's perspective, the multi-line phone
connection becomes part of the voice dispatch workspace along with the radio PTT
boxes.

When the feature is activated, the phone subscribers registered on the built-in or
external SIP servers as well as PSTN users become first-class peers in TRBOnet: the
phone calls can be joined to a conference with the radio subscribers, the phone
endpoints can directly dial into and be reachable for the radios and the dispatcher,
the audio messages can be sent to phones (played back when the number answers),
etc.

TRBOnet includes an internal SIP telephony PBX server. You can also create SIP trunk
connections with external PBX servers or route calls to an external PBX server as if it
is just another SIP endpoint.

2 TRBOnet Phone Interconnect — User Guide
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3.1

Telephony Configuration
You will need to use the following three software tools to edit the configuration
settings for the telephony integration:

e TRBOnet Server

e TRBOnet Dispatch Console

e Motorola CPS to edit the codeplugs for the repeater and the radio stations

Follow the guidance below to configure the necessary telephony-related settings.

TRBOnet Server

¢ Navigate to Radio Systems > Repeater > Advanced settings and from the
Phone System list, select either '"Motorola Phone System' or 'TRBOnet Phone

System (TX Interrupt)'.

Configuration Advanced Settings Version: 5.4.0,2197
0 Network ~
& Redundancy Voice Call Hang Time (ms):
Database Group Cal: 3000 s
(@ Reports ) =
£} Service Management PR 000 =
)f Advanced Settings Emergency Call: 4000 :
----- A Geocoding Servers .
l Radlo Systems TX Preamble: 120 s
Services TX Timeout: 60 < | seconds
:3 PsC 1
% Advanced Settings Motorola Phone System -
Privacy
Slot #1
Slot #2
L7 Local Slots
2 crt
B PTT over Cellular
F: Remote Agents
| Friendly Servers
ﬂ Telephony
..... )’ Advanced Settings
{ M Tetarnal DRV Caruvar
< >
Set Defaults Apply OK Cancel

¢ In the Configuration pane, select Telephony
¢ Inthe Telephony pane, select Use Telephony.

Configuration Telephony Version: 5.4.0,2197
)’, Advanced Settings ~
i\ Geocoding Servers /! Use Telephony

l Radio Systems
SIP Server

1 W] Internal PBX Server

Slot #2
-.LC17 Local Slots
g cr1
B PTT over Cellular
3=l Remote Agents
[ Friendly Servers
ﬁ Telephony
)f Advanced Settings
'ﬂ Internal PBX Server
)’_ Advanced Settings
| Data Sources
4 Email
[ 5Ms

[ License

Add

Apply oK Cancel
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3.1.1 Telephony Advanced Settings

¢ In the Configuration pane, under Telephony, select Advanced Settings.

Configuration Advanced Settings Version: 5.4.0,2177
)’: Advanced Settings -

L.\ Geocoding Servers Max Ring Time: 30 > seconds
! Radio Systems Max Call Time: 10 : minutes

PSC 1 Public Address: 84.52.107.217

){ Advanced Settings Phone owner address: Take from database -
% Privacy Configure
Slot #1

L0 Local Slots

Lgf Pl
5§ PTT over Cellular

. Advanced Settings
TREOnet.Mobile gateway #1
5=l Remote Agents
il Friendly Servers
ﬂ' Telephony

R Internal PBX Server

+} Data Sources
Frasil

< >

Set Defaults Apply oK Cancel

¢ In the Advanced Settings pane, specify the following parameters:

Max Ring Time
Specify the maximum ringing time, in seconds.

Max Call Time
Specify the maximum call time, in minutes.

Public Address
This is the public IP address of your PC. To detect the public address, click
the ellipsis (...) button.

Public IP Address X

Detect public IP Address over STUN server

STUN Server: stun.ekiga.net -
Port: 3478 -

IP Address detected:  84.52.107.217

oK Cancel

e STUN Server
From the drop-down list, select the STUN Server.

e Detect
Click this button to detect your public IP address.

Phone owner address

From the drop-down list, select ‘Take from database'. This will enable
determining the street address of a caller.

Click the Configure link.

TRBOnet Phone Interconnect — User Guide
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Address format X

Address format:

, %HOUSE_NUMBER %, %STREET_MAME%| -
Availablefields:

SeHOUSE WUMBERS: SoFLAT NUMBERS%: 3oSTREET MAMES: 5COMMUNITY NAMESS
SGSTATE NAME% %%POSTCODEY 3%COUNTRY NAME%Y SeEXTRA INFO%

oK Cancel

e Add the required fields to the address information.
3.1.2 Internal PBX Server
¢ Make sure the Internal PBX Server option is selected in the Telephony pane.

¢ In the Configuration pane, select Internal PBX Server.

Caonfiguration Internal PEX Server Version: 5.4.0.2177
l Radlu Systems ~
} Services i/ Use Internal PBX Server
£ IPSC 1 =
Local IP: 127.0.0.1 v & Port: 5060

Advanced Settings

1 Privacy
T Slot #1
I Slot #2 SIPID: 1234

i..L17 Local Slots
g Pt
B PTT over Cellular
/ Advanced Settings
I TRBORet.Mobile gateway #1
33l Remote Agents

Dispatch Center

SIP user: 1234

3 Friendly Servers
T Telephony
}’ Advanced Settings
ey Internal PBX Server
)’, Advanced Settings
I Data Sources
4 Email
[ 5MS
[ PP v
<

Set Defaults Apply oK Cancel

¢ In the Internal PBX Server pane, specify the following parameters:

= Local IP
Enter the IP address of the PC with TRBOnet Server.
= Port

Enter the local UDP port number for the SIP service (5060, by default).
Dispatch Center

= SIPID
Enter the SIP ID that will be used by the Dispatch Center.

= SIP user
Enter the SIP user name that will be used by the Dispatch Center.

3.1.2.1 Advanced Settings

¢ In the Configuration pane, under Internal PBX Server, select
Advanced Settings.
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Configuration Advanced Settings Version: 5.4.0.2177
IR Radio Systems A

L} Services Packet time {ms): &0 :
IPsC 1
/ Advanced Settings

Codecs: SPEEX-WB,G711p,G711a,0PUS, OPUS-WE... ~

! Privacy Registration Interval {sec): 3600

r
-
Slot #1 CTMF Send Mode: RFC 2833 -
Slot %2 First VoIP port: Default s
i Local Slots
tﬁ CP1i Use VoIP ports: Al -
E§ PTT over Celular
. Advanced Settings

TREONet.Mobile gateway #1
[l Remote Agents
[l Friendly Servers
'ﬂ Telephony
[ - Advanced Settings
2 Internal PBX Server
} Data Sources
=4 Email

Set Defaults Apply oK Cancel

¢ In the Advanced Settings pane, specify the following Internal PBX Server-

related advanced settings:

= Packet time
Enter the packet length, in milliseconds.

= Codecs
In the drop-down list, select/unselect the codecs to be used for audio
compression.

= Registration Interval (sec)
Enter the time interval, in seconds, to check the SIP registration status of
subscribers.

= DTMF Send Mode
Enter mode for sending DTMF tones. The available modes are RFC 2833,
SIP INFO (DTMF relay), and SIP INFO (DTMF).

= First VolP port
Enter the number of the first VolP port for audio communications

= Use VolIP ports

From the drop-down list, select which VolIP ports will be used (all, even, or
odd).

6 TRBOnet Phone Interconnect — User Guide
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3.1.3

External PBX Server

You can enable multiple external PBX servers to use the SIP Interconnect feature.
This feature enables calls from the radio to the phone and vice versa. The dispatcher
can make a call from the Dispatch Console to a phone as well as redirect a phone
call to a subscriber radio.

¢ In the Telephony pane, click Add.
Or, in the Configuration pane, right-click Telephony and choose
Add PBX Server.

Caonfiguration External PEX Server

l Radiu Systems ~

Version: 5.4.0.2177

¥ Services

IPSC 1

)’ Advanced Settings
Privacy

Slot #1

Slot #2

Local Slots

i/ Use External PBX Server

Provider options

Address: yourprovider.com UDF -

Y

Port: 5080 o Test

Y

Local IP: 127.0.0.1 v @& Pork 5061

:B cP1
B PTT over Cellular
33l Remote Agents
[ Friendly Servers SIP ID: 57068
ﬂ Telephony
)!' Advanced Settings
ﬂ Internal PBX Server
5 )’ Advanced Settings
g External PBX Server
)’ Advanced Settings
@ Redundancy
I’ Data Sources
4 Email
5 5M3
=T v

Dispatch Center

SIP user: User 123

Password:

Set Defaults Apply oK Cancel

¢ In the External PBX Server pane, specify the following parameters:

Use External PBX Server
Select this option to enable an external PBX server.

Provider options

Address

Enter your SIP provider address, and select the protocol from the drop-
down list on the right of the address (for more details, contact your SIP
provider).

Port
Enter the port number of the SIP provider (5060, by default).

Click Test to check the connection to the provider.

Local IP
Enter the IP address of the PC with TRBOnet Server.

Port
Enter the local port number to make connections from.

Dispatcher Center

Note: This information is provided by the SIP provider.
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SIPID
Enter the SIP ID that will be associated with TRBOnet Server to make and
receive calls.

SIP user
Enter the SIP user name for the login.

Password
Enter the password for the login.

Test Call
Click this button to make a test call.

Note: To make a test call, make sure that the TRBOnet Server
service is not running.

3.1.3.1 Advanced Settings

¢ In the Configuration pane, under the corresponding External PBX Server,
select Advanced Settings.

Configuration
I Radio Systems -
LF Services
ol IPSC 1
)!' Advanced Settings
g Privacy
Slot #1
Slot #2
Local Slots

Advanced Settings Version: 5.4.0.2177

-

Packet time {ms): &0 pt

Codecs: SPEEX-WE,G711p,G711a,0PUS, OPUS-WE... -

Y

Registration Interval (sec): 3600 =

DTMF Send Mode: RFC 2833 -

Do not register users on a PBX server (SIP trunk)

Do not register internal users on a PBX server

28 cr1

B PTT over Cellular

| Remote Agents

5l Friendly Servers

'ﬂ Telephony

)’_ Advanced Settings

/IR Internal PEX Server
/ Advanced Settings

wternal PBX Server

%

i QQ Redundancy

J}* Data Sources

4 Email

[ 5Ms

Configure user's authorization

Default

4

First VoIP port:
Use VoIF ports: All -

Available SIP numbers: 5555-6666 -

Set Defaults Apply oK Cancel

In the Advanced Settings pane, specify the following External PBX Server-
related advanced settings:

Packet time
Enter the same value as specified in the phone system;

Codecs
In the drop-down list, select/unselect the codecs specified in the phone
system.

Registration Interval (sec)
Enter the time interval, in seconds, to check the SIP registration status of
subscribers.

Do not register users on a PBX server (SIP trunk)
Select this option so that radios will use the SIP trunk system to get
extensions.

TRBOnet Phone Interconnect — User Guide
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= Configure user’s authorization
Click this link to set up user authorization for the systems with enhanced
authorization parameters. It is recommended to be used when Radio ID is
equal to SIP ID. In case when Voice is transmitted via Radio Channel, Radio
ID is used. When voice is transmitted via GSM channel, SIP ID is used.

SIP Authorization users it

SIPID User Name
1 010101 ‘User ¥ 1

o fdd ¢ Delete

oK Cancel

e Click Add to add a new user authorization.
e SIPID
Enter the SIP ID for the new user.

e User Name
Enter the User Name for the new user;

e C(lick OK to save the new user authorization.

= First VolP port
Enter the number of the first VolP port for audio communications. The
default value is specified in Network Parameters.

= Use VolIP ports
From the drop-down list, select which VolIP ports will be used (all, even, or
odd).

= Auvailable SIP numbers
Enter the range of SIP phone numbers that will be available for outgoing
calls.

3.1.3.2 Redundancy
A Redundant PBX Server be used when a connection to the main PBX Server fails.

¢ In the Configuration pane, under the corresponding External PBX Server,
select Redundancy.
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Configuration Redundancy Version: 5.4.0.2177
BB Radio Systems A
{:} Services

o) IPSC 1
X Advanced Settings 1 D 123.321.102.201 5060 S061
Privacy
-0 Slot #1
[ Slot #2
i L3 Local Slots

ﬁ CcP1
E§ PTT over Cellular
E Remote Agents
E Friendly Servers
‘T Telephony
; X Advanced Settings
/T Internal PBY Server

Redundant PBX Servers:
PBX Server Address | PBX Server Port TREOnet Local Port

X Advanced Settings
a External PBX Server

i X Advanced Settings
} Data Sources
24 Email
B8 sMs Add Delete Test A Y
= v

Set Defaults Apply oK Cancel

Reregister users when changing PEX server

¢ In the Redundancy pane, click Add.

= PBX Server Address
Enter the IP address of the redundant server.

= Check the corresponding port numbers (PBX Server Port and TRBOnet
Local Port).

= Select the check box beside the server address.

= Register users when changing PBX server
Select this check box so that phone users will be registered when the PBX
server is switched to the redundant server.

3.2 TRBOnet Dispatch Console

e Click Administration (1), and then Telephony (2) to configure incoming and

10

outgoing SIP calls:

File View Map Tools Help
Ad ation

Telephony €]

1 Line free [«][@] I P ntercom [][«][2] S Edsroue 10 [2][«d[@]
P uical meEE) (CEEd mEE) (EEE [][<d[@]

Gz RO

A License
- Datebase

i} Radio Systems
%3 System Bridging

@ Tasks 2
54 Virtusl Modbus Devices ) .
5 1 Cameras Radio calls configuration
{5, Event/Alarm Management Alow subscribers to make outgoing cals: ves
(8] swift Event Profiles Allows to use DTMF: Yes
-y Telemetry Allow to use Text Messages: Yes, Prefix: 'sip:’
1 Radio Groups Telemetry Play the incoming cal tone on the radio: After the called party answers the cal
qhdme'”e'” = Initaize call to rao: Start transmission
L Radio Statuses Initize cal tmeout: Unlimited
1 Group Radio Statuses e Chech s before cal M
) s prote ecute Check Radio before cal o
[y epsProfile =1 v v
Y
() voice Dispatch o
Ig ‘Location Tracking
S 306 Ticketing Incoming calls configuration
Cal to Dispatch Center: Redrect to dispatchers
Route Management Call to external number: Decine calls
- Extension numbers (voice menu)
|2 RFID Tracker Start cal automaticaly: Yes
Maximum number length: Unlimited, Accept code:
[ ] Text Messages Humber Call Desaription
0 Call dispatcher (any avaiable)
Q Voice Recording. <Mumber> Call radio with Radio ID = <Number>
= Configure |—-——— 4
Event Viewer
*2] Radio Allocation
o -1
Administration -
127001 gy B | § Administrator | [ Licensed to: demo | @ Active~

TRBOnet Phone Interconnect — User Guide
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3.2.1 Radio Calls Configuration

e Click the Configure button (3) to set radio call configuration parameters:

Radio calls configuration X

[¥ Allow subscribers to make outgeing calls
¥ Allow to use DTMF
[¥ allow to use Text Messages

Prefix: sip:

Play the incoming call tone on the radio: |Af'ber the called party answ... ﬂ

Initialize call to radio: |Start transmission ﬂ
Initialize call imeout: ’M seconds

I Execute Check Radio before call

[¥ Send Text Message if cannot establish call

[¥ Play tone when PTT changed = I} T
DTMF Access code: ’07

DTMF Deaccess code: ’:7

Cancel

= Allow subscribers to make outgoing calls
Select this option to enable outgoing phone calls from the radio
subscribers.

= Allow to use DTMF
Select this option to allow radio subscribers to dial the phone number as a
sequence of DTMF tones.

= Allow to use Text Messages
Select this option to allow radio subscribers to initialize phone calls via
sending TMS messages with a specified prefix to the dispatcher.

e Prefix
Enter the standard prefix for a text message.

= Play the incoming call tone on the radio
Select the mode for playing the incoming call tone on the radio that
initiates a call.

o After the called party answers the call
When a radio initiates a phone call to a subscriber via DTMF tones or a
TMS message, the incoming call tone will be played on the radio after
the called party answers the call.

¢ Immediately
When a radio initiates a phone call to a subscriber via DTMF tones or a
TMS message, the incoming call tone will be played on the radio
immediately that is without waiting for the called party to answer the
call.

= Initialize call to radio
Select the option how to start a call on a radio.

e Start transmission
Select to start a call to a radio automatically.

¢ Send ring tone
Select to play a ring tone until the radio user presses the PTT.

11
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3.2.2

12

Initialize call timeout

Specify a timeout that defines how long to attempt to connect to the called
party.

Execute Check Radio before call

Select this option to execute a Check Radio command before placing a call.

Send text message if cannot establish call
Select this option to send a text message to the radio when the channel is
busy and a phone call cannot be established.

Play tone when PTT changed
Select this option so that the phone will sound a tone when the remote
radio's PTT is pressed or released.

DTMF Access Code
Set the value to that configured for the radios as Access Code in
MOTOTRBO CPS.

DTMF Deaccess Code
Set the value to that configured for the radios as Deaccess Code in
MOTOTRBO CPS.

Incoming Calls Configuration

Click the Configure button (4) to set incoming call configuration parameters:

Incoming calls configuration X

Call to Dispatch Center: |§Open VOoICE menu ﬂ
Call to external number: |Use rumber as Internal ﬂ
Extention numbers (voice menu)
I¥ start call automaticaly

Max. number length: Unlimited = Accept code: # -
Number Call Description

0 Call dispatcher (any available)

<MNumber > Call radio with Radio ID = <Mumber =

:—aﬂm _%@ %Deleb&

e Call to Dispatch Center
Select the mode for handling incoming calls made to the dispatcher.

Decline calls
All incoming phone calls will be declined.

Open voice menu
When an incoming call arrives, the subscriber will hear Voice menu
commands.

Redirect to dispatchers
All incoming voice calls will be redirected to all dispatchers of the Dispatch
center and any free dispatcher will answer the phone call.

TRBOnet Phone Interconnect — User Guide
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¢ Call to external number
Select the mode for handling incoming calls made from unregistered
subscribers.

= Decline Calls
Select this option to decline all phone calls from unregistered subscribers.

= Use number as Radio ID
Select this option so that the system will use unregistered numbers as a
Radio ID and start a Private Call.

= Use number as Internal
Select this option to allow the system to read unregistered numbers
according to Voice Menu rules.

Extension numbers (Voice menu)

e Start call automatically
Select this option to search for the number in the Extensions table
automatically. When this option is disabled, the subscriber must dial the
number according to the following example: 0(phone number)#. The
character # is used to search for the phone number in the table.

e Max. number length
Specify the maximum number of characters allowed in a phone number.

e Accept Code
Specify the character that will be used to finish dialing the number.

All available numbers are listed in the table below.
e Click the Add link to add a number to the table.

To add a static number

= Choose Static number.

Extension number X

(' Static number

" Dynamic number

Number: [123456

Call Type: |Ca|| Group

Channel: |Contro| Station #1

Group: |AII cal

tl;l;l;

* Number
Enter a phone number to add to the table (contact list).

= Call Type
Select the call type from the drop-down list.

e Call Dispatcher
Select this type to make a phone call to the dispatcher.

¢ Call Radio
Select this type to make a phone call to the selected radio.

13
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e Call Group
Select this type to make a phone call to the selected group.

Channel
Select the channel to make a group phone call through (available for Group
Calls only).

Dispatcher/Radio/Group
Select the dispatcher, radio, or group depending on what you have selected
in the Call Type box.

To add a dynamic number

Choose Dynamic number.

Extension number X

" Static number

{+ Dynamic number

Prefix: | 123

Call Type: |Ca|| Radio

|Autc- Detect

|Detected by Radio ID

LI;I;I;

Prefix
Specify a prefix to type in on the keyboard.

Call Type
Select the call type from the drop-down list.

¢ Call Radio
Select this type to make a phone call to a radio.

¢ Call Group
Select this type to make a phone call to a group.

e Call Phone
Select this type to make a phone call to a telephone.

Channel
Select the channel to make a group phone call through (available for Group
Calls only).

TRBOnet Phone Interconnect — User Guide
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3.2.3 Telephony Options

e On the main menu, click Tools > Options.

¢ In the Options dialog box, click the Telephony tab.

x

rdware  Advanced Audio Alarm  Telephony

10 El:

Action
b Play
b Play
b Play
Low: Default b Play

o

= Queue all incoming telephone calls
Select this option so that when the telephone line is busy, incoming calls
will be queued rather than rejected.

= Show this number of Recent Phone Calls
Enter the number of items to display in the list of recent calls. The list of
recent phone calls appears when you click the arrow on the right of the dial
string in the Telephony box.

Ringtone configuration

On the Incoming Call (Call Waiting) tab:

e Click a corresponding link in the Ringtone column, and from the pull-
down menu, select either Set Default, Set Custom, or Disable.
If you select Custom, in the dialog box that opens, browse for the audio
file on the local PC and click Open.

e Click a Play link in the Action column to play back the corresponding
ring tone.

On the Held Call tab:

¢ Remind after
Enter the timeout, in seconds, that will be used for playing the reminder
tone when a call is on Hold.

¢ Ringtone
Specify the reminder tone to be played when a call is on Hold.

15
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3.2.4 Adding SIP Extensions
e Click Administration (1), Telephony (2), Extensions (3), Add > SIP Phone (4)

File View Map Tools Help

Administration Telephony ﬂ
5 server ~ -
38 Lcerse &P 1: Line free [«][@] B P intercom [][«][@]
~@ Danibasa Configure Call i Redrrect Calls_| Aliases | Profies |
% zat S’;:’“_s Zh Add |- [ Edit | % Delet=4 = Grouping " Auto Filter (> Default Settings
&1 System Bridging
& Telephany — 2 ) SIP User Caption
&7 Tasks ¥ || © TRBOnet Wisbile Client 1234 Internal PBX Server
B Rado 125 125 125
(il Voice Dispatch B Radie 235 235 235
Location Tracking
4 3
Route Management
|:| Text Messages
[El Radio Allocation / 1
4]
fap—
| 4| «|Record 10F3 | |mm| ¢ |
127001 &3 | § Administator | [ Licensed to: demo Demo License | @ Active~

In the Phone User dialog box, specify the following parameters:

Phone User X
SIP ID: 240
SIP Name: wait
Caption: IWalt
Password: I---"

Password (repeat): I ssses

Cancel |
= SIPID
Enter the SIP ID that will be used by the phone user.
= SIP Name

Enter the SIP user name that will be used by the phone user.
= Caption
Enter the caption to be displayed for the phone user.
= Password
Enter the password for the phone user to be authenticated by the
telephone system.

= Password (repeat)
Enter the password again.

16 TRBOnet Phone Interconnect — User Guide
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3.25

Redirect Calls

If a dispatcher doesn’t take a phone call within the set period or they have changed
their status to unavailable, the call is automatically forwarded to a specified
dispatcher, radio, radio group, or phone account. This can be useful during night
shifts when no dispatcher is available.

e Click Administration (1), Telephony (2), Redirect Calls (3), Add (4)

File View Map Tools Help

Administration Telephony € |
% z‘::;::’;:z;:g - £ LiLine free [+][@] B[] intercom 0|« |=)

B Al G Bito) (VKN <o
L Tesks T D
b3 Modbus TCP Connectons 5

e z Configure Calls | Extension: jirect Calls [ Aliases | Profies
R pdd Eb edit Delete | = Groupipg 7 Aute Filter @ Default Settings
,9_55 Voice Dispatch
Prapacokmnf b irect Call N3 <
Location Tracking o | L
Call to:
ﬁ L] 4 Target: &3, Dispatcher 1 -
Route Management Timeout: e =] seconds
Redirect to:
Text Messages
= Type: [} Radia Group i
ﬁ Voice Recording Radio System: Slot 1 -
= Target: ) Firemen -
Event Viewer
Priority: Marmal -
|-§| Radio Allocation 1
/ oK Cancel
|
fupm— 4
4] 4| « |Record 0 ofo » [w[mi] <] )
oo BB B € Administrator |t 21 days before your Support expires | [=8 Licensed to: demo & Active-

In the Redirect Calls dialog box, specify the following parameters:
Call to

= Target
From the drop-down list, select the dispatcher or dispatcher group.

= Timeout
Specify the time period, in seconds, defining how long to wait until the
dispatcher answers a call.

Redirect to
= Type
From the drop-down list, select one of the following:

e Decline
The calls will be declined.

o Dispatcher
The calls will be redirected to a specified dispatcher or dispatcher group.

¢ Radio unit
The calls will be redirected to a specified radio.

¢ Radio Group
The calls will be redirected to a specified radio group.

¢ Phone account
The calls will be redirected to a phone account from the phone book.
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= Radio System
If a radio group is selected as the redirection destination, select the radio
system over which to make a call to the specified radio group.

= Target

From the drop-down list, select a particular dispatcher/dispatcher group,
radio, radio group, or phone account, depending on what you have
selected in the Type field.

= Priority

If a radio or radio group is selected as the redirection destination, select the
priority with which the call will be made over the radio system.

3.2.6 Aliases

In addition to SIP extensions, the SIP aliases can also be used in your Telephony
system.

e Click Administration (1), Telephony (2), Aliases (3), Add (4)
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File View Map

Tools Help

Administration Telephony 8]
E 5 £ 1: Line free
i ¥ 5les
L.} Radio Systems
e System Bridge P Group 20 mEE) (vEED V]
L TE\EDNOK 3 Group 22 [][«][@] B[ ]Private call [][«][@]
R mh»g«w v Configure Calls | Extensions | Re Al
T 5 Add b Edit | X Delete | = Grouping '/ Auto Default Settings
sFID » (s -
Phone Alias *
Location Tracking 2 3
SIPID: [2411
w Job Ticketing 4
SIP Name: [2411
fouteHonngement Cantion: [Eugene
[] Text Messages Cancel
(2 nerorts
Event Viewer
1
e
|44 4| Record 10F 1 b |1 [ 4] [
127001 83 B B | | Administrotor | [ Licensed to: demo Demo License | @ Active-~

In the 'Phone Alias' dialog box, specify the following parameters:

= SIPID

Enter the SIP ID that will be used by the phone user.

= SIP Name

Enter the SIP user name that will be used by the phone user.

= Caption

Enter the caption to be displayed for the phone user.
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3.2.7 Profiles

In order to restrict incoming and outgoing calls as well as set priority for calls, SIP
profiles can be used in your Telephony system.

e Click Administration (1), Telephony (2), Profiles (3), Add (4)

File View Map Tools Help
Telephony

73 1: Line free

2 |]S)

. vE

gl Radio Systems
i3 System Bridge

[@] N B intercom (][]
(I BEE
P cal [2][«][e]

[Jprivate call [2][«][e]
Calls liases

Maintenace [22][«]
Group 10 [2][+]
Group 11 [][]

X us ‘onnections on 3
A =) Edit
5 rofile
edora N
Name:
% Location Tracking 4

Description:

* 2] Radio Allocation 1

Droite

Restirct daling to Jeff

[¥ Apply to Incoming Calls
¥ Apply to Outgoing Calls

e //
lgd s ] reand 1072 [

o] o

ncel

o

127001 88 € B | & Adminitrator | [ Licensed to: demo Demo License

| @ active -

In the 'Profile' dialog box, specify the following parameters:

* Name
Enter a name for the profile.

= Description

Enter a description for the profile.

= Apply to Incoming Calls

Select this checkbox to apply the profile to incoming calls.

= Apply to Outgoing Calls

Select this checkbox to apply the profile to outgoing calls.

Click the Patterns tab.

Profile

| General | Patterns ‘ Inheritance

You can use wildcard chars in pattern:
= - any number of characters
? - one character

xxx-yyy - range of numbers from oo to yyy

*41127?

Call Priority: Normal

-

Cancel_|

= Specify the pattern that will be used to match the numbers in the dial string

or the incoming call numbers.
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= Call Priority
From the drop-down list, specify the priority for the calls corresponding to
the specified patterns.

e Click the Inheritance tab.

Profile %
General | Patterns | Inheritance
Call Priority Profile Name
W Emergency ~ Fedora
[ | Inherit Mals
Emergency
High
Normal
Low
sl

On this tab, you can select the profiles to include in the profile you are
adding/editing.
= Call Priority

From the drop-down list, select the priority for the inherited profile.

3.3 MOTOTRBO CPS

This section describes how to configure MOTOTRBO repeaters and radios using
MOTOTRBO CPS.

3.3.1 Repeater

Note: The Motorola's Digital Phone Patch license is not required for
repeaters.

If the NAI protocol is used in your radio system, then:

¢ In the left pane, select Channels > Zone > Channel. In the Channel pane,
select the Network Application Interface Phone check box.

=il DR 3000
B General Sefings Channel

% ceessaries Top Enhenced GPS  RX  IX
g Security
g Network

i Link Establishment

~

8 Talkgroups System Controller Mode [
B~ @8 Channels l—_
5 @ zonet IP Site Connect  |sjot1 &Stz
L@ Channelt Messaging Delay  Nomal +
RSS! Threshold (@8m) [gp =

IF Fiter Type [nige =

B5I Mode [ angiog -
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3.3.2 Subscriber Radio

3.3.2.1 Motorola Phone System

¢ Inthe left pane, select Signaling Systems > Phone. Right-click it, and choose
Add > System.

¢ In the left pane, under Phone, select the phone system that has been just

added.
.. 8 General Settings A
€ e Phone 100
.. AE Buttons Top DTME

- [ Text Messages

- @ Telematry Gatewsy 1D Imn 3:

E Menu
@ Securty Access Cooe I.D
'ﬁiﬁ' Network escoess Cod h

@111 Announcement
- [@8 Job Tickets DTMF

= ﬁ Signaling Systems

b ) User Defined & Ton Fretime (ms) Iﬂ
8 5 Tone
* Digital Emergency
Capacity Plus Emer Pause Duration (ms) m
E| &4 Phone
f ) \Phone 100
B Encoder
[ Decoder
(- Contacts
- RX Group Lists w
< >

¢ In the right pane, specify the following parameters:

= Gateway ID
Enter the same ID as TRBOnet Peer ID in the Repeater settings of TRBOnet

Server.
Repeater #1
System Name: Repeater #1
:
TREOnet Radio ID: 64250 s
TREOnet Local Port: 50000 s

Master Repeater Connection Info:

= Access Code and Deaccess Code
These codes must be the same on all the radios and reflect the
corresponding values set in the Dispatch Console.

= TX Tone Duration (ms)
Enter the duration of the DTMF tone digits, in milliseconds, for the phone
system. It is recommended to set this value to 120.

= TX Tone Interval (ms)
Enter the duration of the intervals between the DTMF tone digits in a
transmission sequence, in milliseconds, for the phone system. It is
recommended to set this value to 80.
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¢ In the left pane, select Channels > Zone (Channel Pool) > Channel.

General Seftings -

@ accessores Channel1
~HE Buttons T RX I
[E Text Messages
"
0 Telemetry Valce Announcement Fie [ans Bl
T Menu
¥ Security Dual Capacity Dirsct Mode [

g Network Timing Leader Preference [ Ejgibie. -

€} Announcement

E2] Job Tickets ScanRosm Lit ,h
o piosn B

® Decoder Color Code H

b @ st Reetrm s [

-

- B8 C+Test

- M Channel Pool ARS | On System Change -

P
§ 1) crmstR Enhanced GPS [
£ C+ Peer Data
4} 4% Cs Peer Data Window Size (3
o e —
-
e Scan Privacy Aliss | Privacy Key1 -
[}~ 8 Roam AEspEs [nome <]
s -
- (89 Capacty Pus . Nene v
< > < >

¢ In the Channel pane:

* Phone System
Select the phone system you have previously specified.

22 TRBOnet Phone Interconnect — User Guide



neocom
Telephony Configuration SOfFtware

3.3.2.2

TRBOnet Phone System

If your radio system uses TRBOnet Phone System, make sure that the following
parameters are appropriately configured in the radios that are used as control
stations and subscriber radios.

¢ Inthe left pane, select General Settings.

B DP4801 -
- General Settings
] Accessones Top CWID  Audio Profle  Microphone — Backlight  Battery Saver  Alers  Over-the-Air Programming — Persistent L RRP Reque
- HE Buttons
Lone Worker Powerlo  Passwordand Lock  Front Programming Password — Delete Al § Tone Radio D
- B Text Messages
~
@0 Telemstry Radio Name  [Ragio 235
E Menu
o Security Select...
S —
@)j) Anno nt Welcome Image Remave
[ Job Tickets
=
& Radio D |35
- Contacts ers
[ RX Group Lists
[ (8 Channels GHSE IGF’S‘IC“ZSS -l
b G=r
= Roam
[ Capacity Plus Site Search Timer (sec) (45
ARS Initizlization Delay (min) ID 3:
TX Preamble Duration (ms) Im 3:
TX Inhibit Quick Key Qverride [~
ORI NP IE—— e
General Settings [Expert view NUM
o .
e Make sure the Private Calls check box is selected.
¢ In the left pane, select Channels > Zone (Channel Pool) > Channel.
[E] DP4201
General Seftings IPSC1
€ Accessones Ton BX IX
@ Buttons -
e |
@ Telemetry
- T Menu Offset (MHz)
@ Security o
EEE Net:mk Frequency (MHz) |167 420000 000080 Frequency (MHz)  |146.420000
@) Anncuncement Copy
=2} Job Tickets RefFreguency |Defaut  ~ RefFreguency |Default
[} @8 Signaing Syst
o Enuud: e GrouplList [Lispr > ContectName [ can -
[ Decoder Emergency Alarm Indication [~ Emergency System [None =
w Contacts
- RX Group Lists Emergency Alarm Ack [T vox I
- @ Channels Emergency Call Indication [ Power Level [Lom -
E| & Zonet
2% IPSCH TOT(se) [0 =]
& IPSC2
o ® ICLWMM TOT Rekey Delsy (s20) [0 =
5 s v
- Roam
o . o e oD ¥
( mmmmra)lmrmg;me j
C |nca\|cmera>|memcm,ia j .

e Select both the Allow Interruption and TX Interruptible Frequencies check
boxes.

e From the Admit Criteria drop-down list, select 'Color Code Free'.

e From the In Call Criteria drop-down list, select 'Follow Admit Criteria' if the
radio will be used as a control station. For a subscriber radio, select
‘TX Interrupt'.
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