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1 Introduction

PC Best Networks provides Windows VoIP development Kits to business customers. PC
Best IP-PBX is a proprietary, Windows-based PBX system developed as a response to
the growing needs of businesses who want to deploy voice-over-the-internet through a
simple, easy to manage platform. There is no difference in the use of PC Best IP-PBX
whether you are a one-person business or a company with tens or hundreds of

staff. Powerful, flexible, light and user-friendly, PC Best IP-PBX can be set up and run
within 30 minutes on any of your working computer, with great features like, Auto
Attendant, ACD(Automatic Call Distribution), MOH(Message On Hold), Ring Group,
Call Parking, Pickup Group, Conference, Auto-Dialer, Database Reports, and Plug-in.

Traditional analogue PBX (private branch exchange) solutions have always been out of
reach of most small and medium size businesses. Within the last 5 years, the arrival of
VolP phone systems as well as open-source solutions, such as Asterisk, which run on
Linux, have become increasingly popular. Today, powerful IP-PBX system can be
deployed at a much lower cost than what available 3 or 5 years ago.

Unlike Linux-based programs which may intimidate those who do not have the required
expertise or resource to manage, PC Best IP-PBX is a user-friendly, Windows-based
system and is based on SIP standard that can be set up with little effort by anyone who
can configure simple mail programs like Outlook.

PC Best IP-PBX system lets even the smallest businesses quickly employ its rich
features and revolutionize day-to-day business’s communications. Here are the
fundamental business objectives from which PC Best IP-PBX was built:

Increase Productivity

By removing the needs for an operator to accept incoming calls, you and/or your front
office staff would be able to continue with other workloads. PC Best IP-PBX’s digital
receptionist and extension management features can be set up to answer and transfer the
call as how you want.

Save time

PC Best IP-PBX’s auto attendant and MOH (Message On Hold) features allow you to
provide information about your business that may be relevant to callers’ reason for
calling you while they are on hold, thus save your time and save your customer’s time.
Reduce a considerable amount on time spent on the phone with these great features.
Save Cost
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PC Best IP-PBX has been built to simply provide just what you want in a PBX system.
We keep the development cost low and pass these savings on to you in the form of low
initial investment, rather than building a complex system at higher cost with features that
you may not need.

Enhance business image

Gone are the days when PBX systems were only suitable for big companies. No matter
how small your company may be, your business deserves an image which big companies
expose them. By using PC Best IP-PBX system, you give your customers a feeling that
they are dealing with a well-established organization, thus enhance their confidence.

Improved Customer Services

You and/or your staff will never miss a call, no matter where you are in the world.
Whether you’re interstate or overseas, PC Best IP-PBX can be set up to connect the call
to you on fixed line or mobile phone at a cost that is 5 to 10 times lower than call
diversion provided by regular telephone networks. Imagine how frustrating your
customer might be for not being able to get hold of you. You may be using telephone
answering service but other than taking messages for you, these services are limited in
what they can do for your business and your customers.

PC Best IP-PBX FEATURES

- Call Logging

- Call Reporting

- Blind Call Transfer

- Attended Call Transfer

- Call Forward on Busy

- Call Forward on No Answer

- Call Routing (DID)

- Conference Calling

- ACD (Hunt Group)

- Auto Attendant / Digital Receptionist
- Voice Mail

- Music On Hold

- Call Parking

- Call Pick Up

- Call Queue

- Call Recording

- Support Plug-in (Customized IVR Menu)

Unified Communications and Mobility
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Receive Voice Mail via Email
Public SIP ID for Extensions
Advanced forwarding rules

Supported Codec (Voice Compression)

G711 (alaw and u law)
G726-32

GSM

Speex

iLBC

G729

System configuration and call management can be changed instantly and inexpensively
via software, not by plugging in circuit cards and pulling cables.

REQUIREMENT:

- Broadband connection

- VoIP service account

- FXO Adapter (optional)

- Minimum Pentium 111 with 512MB RAM, Windows XP or Vista

Our contact information for support:

Email: support@pcbest.net

Toll Free(USA & Canada): 1-888-733-6620
Local and International: 1-613-800-2202
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2 Installing PBX

Please install x86 version of Visual C++ Redistributable for Visual Studio 2015 first
on your machine, in order to run the PBX.

1. Download PC Best PBX v3 from this page: http://www.pcbest.net/sip_pbx.php
2. Unzip the zip file into a folder. You will see one file PCBest-SIPPBX-v3.70-

Setup.exe:
8 ESD-USE (E) - Shortcut 2021-09-12 1:03 PM Shortcut 1KB
d-(-:' PCBest-5IPPBX-v3.70-5etup.exe 2021-12-26 9:03 PM Application 16,445 KB
) setup.exe 12:25 PM Application T2KB

| Type: Application
3. Runit.

ﬂé Setup - PCBest 5IP PBX v3 version 3.70 —

Select Destination Location
Where should PCBest SIF PBX v3 be installed?

o3,

‘ E Setup will install PCBest SIP PEX v3 into the following folder.

To continue, dick Next. If you would like to select a different folder, dick Browse.

%86 \PCBest SIP PBX w3 Browse...

At least 42.0 ME of free disk space is required.

Choose where you want to install the program, and who can access it.

4. Click next.


https://www.microsoft.com/en-US/download/details.aspx?id=48145
http://www.pcbest.net/sip_pbx.php
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i'é Setup - PCBest SIP PBX v3 version 3.70 - d

Select Start Menu Folder
Where should Setup place the program's shortouts?

o—
00—  Setup will create the program's shortcuts in the following Start Menu folder,

To continue, dick Next. If you would like to select a different folder, dick Browse.

*CBest SIP PBX w3 Browse...

5. Then confirm the installation.
-(3 Setup - PCBest 5IP PBX v3 version 3.70

Ready to Install
Setup is now ready to begin installing PCBest SIP PEX v3 on your computer,

Clidk Install to continue with the installation, or dick Back if you want to review or change any settings.

Destination location:
C:'Program Files (x86)\PCBest SIP PBX v3

Start Menu folder:
PCBest SIF PBX w3

Back Install Cancel
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It is done.
ﬂé Setup - PCBest 5IP PBX v3 version 3.70 —

Completing the PCBest SIP PBX v3 Setup
Wizard

Setup has finished installing PCBest SIP PBX v3 on your computer., The
application may be launched by selecting the installed shortcuts.

Click Finish to exit Setup.

Open Windows services:

Services

File  Action ‘iew Help
[l B @E »

% Services (Local) Services (Local}

SIP PBX v3 Mame Descripkion Skatus Startup Type Log On As A
%Remote Packet Cap... allowstoc,.. Manual Local Svstem
Start the service %uRemats Procedure ... Providesth... Started  Aukamatic Metwiork 5.
%Remote Procedure ... Manages k... Marual Mebwork 5.,
%Remote Registry Enablesre...  Started Aukomatic Local Service
%Removable Storage Manual Local System
%Routing and Remot... Offers rout... Disabled Local System
%Secondary Logon Enables st...  Started Aukomatic Local Svstem
%Securitv Accounts ... Stores sec...  Starked Autarnakic Local Swstem
%Securitv Center Maonitars ... Started Autarnakic Local Svstem
%Server Supports Fil...  Started Aukomatic Local System
%Shell Hardware Det... Providesn...  Started Aukomatic Local System
Manual n
%Smart Card Manages a, .. Manual Local Service
%SQL Server (SQLEX,,, Provides st.., Started Aukomatic Metwork 5.,
%SQL Server Active ... Enablesint... Disablzd Metwork 5.,
%SQL Server Browser  Provides 5. Started Aukomatic Metwork 5.,
%SQL Server WS35 Wri... Provides th... Started Aukomatic Local System %

\ Extended A Standard

The SIP PBX v3 service should be in the Windows service list.
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6. Setup Database.

Since version 3.7, PCBest SIP PBX can run with no MS SQL Server. It will setup
a local embedded database to run with. For some customers they have thin clients,
it reduced the load and work more efficiently. SKip this part if you don’t want to
set up MS SQL Server, and goto 8 directly.

Microsoft SQL Server 2005 Express Edition Service Pack 4:
http://www.microsoft.com/en-ca/download/details.aspx?id=184

Please download SQLEXPR_TOOLKIT.EXE(224.6MB) or
MBSQLEXPR_ADV.EXE(254.6 MB).

Microsoft® SQL Server® 2008 Express with Tools:
http://www.microsoft.com/en-ca/download/details.aspx?id=22973

Microsoft SQL Server 2008 R2 RTM - Express with Management Tools:
http://www.microsoft.com/en-ca/download/details.aspx?id=23650

Microsoft® SQL Server® 2012 Express:
http://www.microsoft.com/en-ca/download/details.aspx?1d=29062

32bit OS download one of the following:
ENU\x86\SQLEXPRADV_x86_ENU.exe 1.3 GB Download
ENU\x86\SQLEXPRWT _x86_ENU.exe 706.1 MB Download

64bit OS download one of the following:
ENU\X64\SQLEXPRADV_x64 ENU.exe 1.3 GB Download
ENU\X64\SQLEXPRWT _x64 ENU.exe 669.9 MB

Assume we use SQL Server 2012 Express here. It is free to download from website.
We download SQL Server 2012 with tool, which has management studio.

Right click on SQLEXPRWT _x86 ENU.exe for 32bit Windows or
SQLEXPRWT _ x64 ENU.exe for 64bit Windows, and "Run as administrator":


http://www.microsoft.com/en-ca/download/details.aspx?id=184
http://www.microsoft.com/en-ca/download/details.aspx?id=22973
http://www.microsoft.com/en-ca/download/details.aspx?id=23650
http://www.microsoft.com/en-ca/download/details.aspx?id=29062
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Open
g | '&,‘ Run as administrator
E Troubleshoot compatibility
|| gtsimplephone
|4 jre-Tull-windows-isal ©= 2can forviruses
|©4] Microsoft Visual Studi) B Add to archive...
(2] SQLEXPR_x86_ENU B Addto "SQLEXPRWT x86_ENU-2012.rar"
(2] SQLEXPR_x86_ENU-sp B Compress and email...
=] SQLEXPRWT 86_ENU =2 Compress to "SQLEXPRWT x86_EMU-2012.rar" and email
=7 SQLEXPRWT_@6_ENU =  Extract files.
CE| 50LManagernentStud B Bdract Here
— B Furact to SOIFXPRWT 86 FRLI-201 2

Choose new SQL server stand-alone installation:
| 43 SQL Senver Installation Cente

Planning Lﬁ Mew SQL Server stand-alone installation or add features to an existing installation

Launch a wizard to install SQL Server 2012 in a nen-clustered environment or to add

Installation
gatures to an existing SQL Server 2012 instance.

Maintenance

- ﬁ Upgrade from SQL Server 2005, SQL Server 2008 or SQL Server 2008 R2
ools
Launch a wizard to upgrade SQL Server 2005, SQL Server 2008 or SQL Server 2008 R2 to
Resources SQL Server 2012.
Options
; Microsoft*
2 SQLServer2012

Of course, if you already have 2005, 2008, or 2008R2, you can upgrade it to 2012.
Click next:

10
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.
FE SQL Server 2012 Setup S " —— —

Setup Support Rules

Setup Support Rules identify problems that might cccur when you install SQL Server Setup support files. Failures must be
corrected before Setup can continue,

Setup Support Rules Operation completed. Passed: 7. Failed 0. Warning 0. Skipped 0.

icense Terms =

Feature Selection

Installation Rules Show details » >

Instance Configuration View detailed report

Disk Space Requirements
Server Configuration

Database Engine Configuration
Error Reporting

Installation Cenfiguration Rules
Installation Progress

Complete

< Back Mext > ] l Cancel ] l Help

Accept license terms, and clieck Next:

11
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' — -
5 SQL Server 2012 Setup [E=REER =

License Terms

To install SQL Server 2012, you must accept the Microsoft Software License Terms.

Setup Support Rules -
MICROSOFT SOFTWARE LICENSE TERMS =

License Terms |i|

Feature Selection MICROSOFT SQL SERVER 2012 EXPRESS

Installatien Rul

netatatien u_ = ) These license terms are an agreement between Microsoft Corporation (or based on where you

Instance Configuration live, one of its affiliates) and you. Please read them. They apply to the software named above,

Disk Space Requirements which includes the media on which you received it, if any. The terms also apply to any Microsoft

Server Configuration +  updates,

Database Engine Configuration

Error Reporting *  supplements,

Installation Configuration Rules s Internet-based services, and

Installation Progress

Complete s sunnort services i
- =
Copy  Print

‘ [¥] I accept the license terms. ’

Send feature usage data to Microsoft. Feature usage data includes information about your hardware
configuration and how you use SQL Server and its components.

See the Microscft SQL Server 2012 Privacy Statement for mere informaticn.

< Back Next > T ” Help

12



PC Best Networks SIP PBX Reference

-
%5 SQL Server 2012 Setup

o |

Feature Selection

Select the Express features to install.

Setup Support Rules

License Terms

Feature Selection

Installation Rules

Instance Configuration

Disk Space Requirements
Server Configuration

Database Engine Configuration
Error Reporting

Installation Configuration Rules
Installation Progress

Complete

Features:

Instance Features
Database Engine Services
SQL Server Replication
Shared Features
Management Tools - Basic
5QL Client Connectivity SDK
LocalDB
Redistributable Features

Feature description:

The cenfiguration and cperation of each
instance feature of a SQL Server instance is
isolated from other SQL Server instances.
SQL Server instances can operate side-by-
side @n the same computer,

Prerequisites for selected features:

Already installed:

. Microsoft JNET Framewark 4.0
Windows PowerShell 2.0

i Microsoft JNET Framework 3.5
To be installed from media:

... Microsoft Visual Studio 2010 Shell

’ Select Al ] [ UnselectAIIl

Shared feature directory:

C\Program Files\Microsoft SQL Server\

< Back

Next > Cancel l l Help

13
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[+ — hl
5 SQL Server 2012 Setup ESEER

Instance Configuration

Specify the name and instance ID for the instance of SQL Server. Instance ID becomes part of the installation path.

Setup Support Rules () Default instance
Bceteaisme @ Mamed instance: SQLEXPRESS
Feature Selection
Installation Rules
Instance Configuration Instance ID: SQLEXPRESS
Disk Space Requirements
. . Instance roct directory:  C:\Program Files\Microsoft SQL Server\, D
Server Configuration 4

Database Engine Configuration

Eror Reporting SQL Server directory:  G\Program Files\Microsoft SQL Server\MSSQLLL.SQLEXPRESS
Installation Configuration Rules

Installation Progress Installed instances:

Complete Instance Name Instance ID Features Edition Version

conte (o> Y o |[ e

14
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. — — ¥ =N g‘
15 SQL Server 2012 Setup " =

Server Configuration

Specify the service accounts and collation configuration.

Setup Support Rules Service Accounts | Collation

License Terms

. Microsoft recommends that you use a separate account for each SQL Server service.
Feature Selection y pal sQ

Installation Rules Service Account Name Password Startup Type
Instance Configuration 5QL Server Database Engine MNT Service\MS5QL55QL... Automatic -
Disk Space Requirements SQL Server Browser NT AUTHORITV\LOCAL ... Disabled hd
Server Configuration

Database Engine Configuration
Error Reporting

Installation Configuration Rules
Installation Progress

Complete

15
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Choose Mixed Mode, and set password for account sa. NOTE: please write down
our password in paper for later use.

—
5 SQL Server 2012 Setup [E=NEE

Database Engine Configuration

Specify Database Engine authentication security mode, administrators and data directories.

Setup Support Rules Server Configuration | Data Directeries | User Instances | FILESTREAM

License Terms

Feature Selection Specify the authentication mode and administrators for the Database Engine.

Installation Rules Authentication Mcode

lslaneiibphighaln ) Windows authentication mode

Disk Space Requirements R o ) o
@ Mixed Mode (SQL Server authentication and Windows authentication)

Server Configuration
Database Engine Configuration Specify the password for the SQL Server system administrator Eaccount.

Error Reporting Enter password: senssese

Installation Configuration Rules

1 AR TTLTTY)
Installation Progress Confirm password: |

Complete Specify SQL Server administrators

Yonge-PCW7\Yonge (Yonge) SQL Server administrators

have unrestricted access
to the Database Engine.

Add Current User l l Add... l l Remove l

[ < Back ” Next > H Gt H Help

16
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-

T SQL Server 2012 Setup

— = ~

Error Reporting

Help Microseft improve SQL Server features and services,

Setup Support Rules

License Terms

Feature Selection

Installation Rules

Instance Configuration

Disk Space Requirements
Server Configuration

Database Engine Configuration
Error Reporting

Installation Cenfiguration Rules
Installation Progress

Complete

Specify the information that you weould like to automatically send to Microsoft to improve future releases
of SQL Server, These settings are epticnal. Microsoft treats this information as confidential. Microsoft
may provide updates through Microsoft Update to modify feature usage data, These updates might be
downloaded and installed on your machine autematically, depending on your Automatic Update
settings.

See the Microseft SQL Server 2012 Privacy Statement for more informaticn.

Read more about Microsoft Update and Automatic Update.

Send Windows and SQL Server Error Reports to Microsoft or your corporate report server. This setting
only applies to services that run without user interaction.

]

< Back Next > D e H Help

17
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[ — '
5 SQL Server 2012 Setup [E=SREERT

Installation Progress

Setup Support Rules

License Terms L ]
Feature Selection Install_WSShell_Cpu32_Action : ProcessComponents, Updating component registration
Installation Rules

Instance Configuration

Disk Space Requirements
Server Configuration

Database Engine Configuration
Error Reporting

Installation Configuration Rules
Installation Progress
Complete

Next > Cancel l l Help

18
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-
5 SQL Server 2012 Setup

e, - S —

Complete

Your SQL Server 2012 installation completed successfully with product updates.

Setup Support Rules

License Terms

Feature Selection

Installation Rules

Instance Cenfiguration

Disk Space Requirements
Server Configuration

Database Engine Configuration
Error Reporting

Installation Configuration Rules
Installation Progress
Complete

Infermation about the Setup operation or possible next steps:

Feature Status
& Management Tools - Basic Succeeded
@ Database Engine Services Succeeded
@ SQL Server Replication Succeeded
@ SQL Browser Succeeded
@ SQL Writer Succeeded
Details:

Viewing Product Documentation for SQL Server

Only the components that you use to view and manage the documentation for SQL Server have
been installed. By default, the Help Viewer component uses the online library. After installing
SAL Server, you can use the Help Library Manager component to download documentation to
'your local computer. For more information, see Use Microsoft Books Online for SQAL Server
<http://go.microsoft.com/fwlink/?LinklD=224683>.

Summary leg file has been saved to the following location:

Ch\Program Files\Microsoft S0 Servert] 104Setup Bootstraphlogh20130422 1721 284 Summary Yonge-
PCOWT 20130422 172120 bt

mp

Close

|

Help

19
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Run "SQL Server Management Studio™:

Adobe Open

S '@:‘ Run as administrator

Troubleshoot compatibility

q ¥. Scanforviruses

Gl:ll:lgha GPEH file location
Add to archive...
Add to "Ssms.rar”

B
B
=2 Compress and email...
B2

Chrome

- Compress to "Ssms.rar” and email
[d Pin to Taskbar

Kacnerelnr

Pin to Start Menu
| Kaspersky Internet Security 2013

| Maintenance Restore previous versions
. Microsoft Silverlight Send to 5
| Microsoft Silverlight 3 5DK
. Microsoft Silverlight 4 SDE Cut
| Microsoft Sikverlight 5 5DK Copy
. Microsoft 5QL Server 2008
K Microsoft SOL Server 2012 Delete

a Download Microsoft SQL Server Co @-" Rename
J, Import and Export Data |[32-b|1.::| Properties
“n S0L Server Management Studio

. Configuration Tools
. Integration Services

20
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You can use "Windows Authentication” here, and click Next, or use SQL
Authentication, then give username sa, password whatever you set when installing
SQL server.

ﬁ ?(ﬁ' Server 2012

Database Engine
Server name: OMNGE-PCWWSQLEXPRESS

Authentication: [Wﬂdﬂ'ﬁls Authentication

l=er name fonge-PCW M Yonge

] [ Options >

Right click on "Database", then choose "New Database":
Eg Microsoft SQL Server Mal

File Edit View Debug Tools Window Help
P e T | NewQuey [y oy 0 B | 4
Object Explorer * X

Connect~ & 3 m [ g] ﬁ

= LB YOMNGE-PCWMSQLEXPRESS (5QL Serve
=] Databases|
[ Security Mew Database...
[ Server Ok
[ Replicatic
3 Managen Restore Database...

Restore Files and Filegroups...

Attach...

Deploy Data-tier Application...

Import Data-tier Application...

Start Powershell

Reports

Refresh

21
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Give name "sippbxv3", and click "OK":

. =8 Serpt v [ Hel

12 General ;S = Lj ?

f Options

# Filegroups Database name: sipphocv

Owner: <default>

Database files:

Logical Mame File Type  Flegroup Inttial Size (MB)  Autogrowth / Maxsize
sipphov3 Rows ... PRIMARY 3 By 1 MB, Unlimited

sippboov3_log Log Mot Applicable 1 By 10 percent, Unlimited

Connection

Server:
YONGE-PCW T SQLEXFRESS

Connection:
Yonge-PCW ™\ Yonge

&7 View connection properties

Progress
Ready

Then database is created, and you can close SQL Server Management Studio.

7. After the database is created, change the configuration file sippbxv3.xml for DB
connection. The file can be found in PBX installation folder. Use Notepad or any
text editor to open it. Under Windows7 or 2008, in order to change this file, you

may need to run Notepad as Administrator first, then open sippbxv3.xml in order
to save.

22
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In the file, please set AuthType to 0, give UserName sa, and password. The password is
whatever you set when installation SQL server.

ﬁ sippbxv3 - Notepad

T —

File Edit Format View Help

Please set the <database> section for DB connection.

Registry:
From windows Registry. (Not implemented)

XML 2

From this xML file. (Not implemented)
-
<Cfgsource=Database</cfgSources>
<Database>
<eEnabled=true</enabled>
<!

-
<DEType=0</DBEType>

<l--

-
<DBServer ></‘DBSEI"VEI">

<DEName=s1ppbxv3</DEName>

<l--
0 = sqL Aauthentication, 1 = windows Authentication
-—>

<AuthType=0</AuthType>

<l--
if AuthType is sQL Authentication, then please
for connecting sqQL server.

-
<UserName=sa</UserName>
<Password=xxxxxx</Password>
</Database>
</System>

DEType: 0 = M5 5QL 2005 Express, 1 = M5 sQL 2005, 2 = M5 sqif

pDeserver: blank = local, otherwise give the server name or 1

Authentication Mode
() Windows authentication mode

@ Mixed Mode [SQL Server authentication and Windows authentication)

Specify the password for the SQL Server system administrator (sa) account.

Enter password: sesssene

Confirm password: """ﬂ|

Specify SQL Server administrators

Yonge-PCW7\Yonge (Yonge) 5

ve the UserName and Password

You can set DBType to -1 to indicate PBX use a local embedded SQL.ite DB. Ignore
other parameters if you set DBType to -1, but please leave Enabled to true.

8. Start SIP PBX v3 service

From Control Panel -> Administrator Tool -> Open Windows Services, then find SIP
PBX v3 service, then click start(the triangle button):

23
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File  Action ‘iew Help

= B @mE
% Services (Local)

Services (Local)

SIP PBX v3 Marne Descripkion Skatus Startup Tvpe Log On As A
%Remote Packet Cap... allowstoc,.. Manual Local Svstem
Start the service SRemots Procedure .., Providesth., Started  Automatic Metwiork 5.,
%Remote Procedure ... Managest... Manual Metwork 5.,
%Remote Registry Enablesre...  Started Aukomatic Local Service
%Removable Starage Manual Local System
%Routing and Remot... Offers rout... Disabled Local System
%Secondary Logon Enables st...  Started Aukomatic Local Svstem
%Securitv Accounts ... Stores sec,,,  Started Autarmatic Local Svstem
%Securitv Center Maonitars ... Started Autarnakic Local Svstem
%Server Supports fil...  Started Aukomatic Local Svstem
%Shell Hardware Det... Providesn...  Started Aukomatic Local System
Manual n [
%Smart Card Manages a... Marual Local Service
%SQL Server (SQLEX,,, Provides st.., Started Aukomatic Metwork 5.,
%SQL Server Active ... Enablesint... Disabled Metwork 5.,
%SQL Server Browser  Provides 5. Started Aukomatic Metwork 5.,
%SQL Server WS35 Wri... Provides th... Started Aukomatic Local System W

\ Extended A Standard

If you get popup, and cannot start the service:

. Services (Local)

SIP PEX v3 Name Description Status
. i Secure Socket Tunneling Protecol Service Provides support for the Secure Socket Tunneling...

Start the service S Security Accounts Manager The startup of this service signals other servicest..,  Started
S Security Center The WSCSVC (Windows Security Center) service ... Started
L Server Supports file, print, and named-pipe sharing over... Started
s Shell Hardware Detection Provides notifications for AutoPlay hardware eve...  Started
£, SIP PBX v3
i Skype Updater Enables the detection, download and installation ...
Sr Smart Card Manages access to smart cards read by this com..

S Smart Card Remﬂdu—mm% i
L5 SNMP Trap Services — . — g -
s Software Prote

3PP Notificatiq The SIP PBX v3 senvice on Local Computer started and then stopped

’ x e v3 service on Local Computer started and then stopped.
4 SQL Server (5Qf _I; Some services stop automatically if they are not in use by other services
S SQL Server Acti or programs,

5 SQL Server Brov
5 5QL Server V55
5 S5DP Discovery
S Superfetch

S Symantec pcﬁm

Please check:
a. Event Viewer:
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-
§2] Event Viewer —

File Action View Help
e 2@

g Event Viewer (Local) Administrative Events MNumber of events: 4,925
a [ Custom Views
Administrative Events

“¥  Number of events: 4,925

3 —b Windows Logs

Level Date and Time Source EventID

| »

PRI Applications and Services Lo| ||

23/04,/2013 9:54:37 PM SIP PBX v3

< o !
’ a Hlsc: Event @ Error 23/04/2013 9:42:06 PM SIP PBX 13 0
ardware Events —
Q Internet Explorer 'gi‘ Error 23/04,/2013 9:41:03 PM SIP PBX v3 o |2
Q Key Management Service ol 1, b
=] Media Center Event 0, SIP PEX v3 "

i+ ] Microsoft

[&] Microsoft Office Diagnos|| | General | Details

[&] Microsoft Office Sessions

Q Windows PowerShell @ Friendly View () XML View
d Subscriptions L
+ System T
- EventData H

Service cannot be started. System.Exception: LoadConﬁgQ cannot

access DB! at SIPPBXv3.SIPPBXMain.LoadConfig() in

A . . .
C\temp\projects\GTSIPPBXv3\SIPPBXv3\SIPPBXv3\SIPPBXMain.cs:line
1115 at SIPPBXv3 SIPPBXMain StartServer() in -

b. PBXv3-log,txt under log folder of PBX installation folder:
. audio v Mame :
o leg
. moh
. plugin
. record

|| PBXv3-log.bdt

. report
L sdk
. temp
i vmb

L oweb

" PBXv3-log.txt - Notepad ' ‘ L |

File Edit Format View Help

23,/04,/2013 9:37:25 PM: LoadConfig() cannot access DB!.
23,/04/2013 9:40:38 PM: LoadConfig() cannot access DB!.
23/04/2013 9:41:03 pPM: LoadConfig() cannot access DB!.
23/04,/2013 9:42:06 PM: LoadConfig() cannot access DB!.
23/04/2013 9:54:16 PM: LoadConfig() cannot access DB!.
23/04/2013 9:54:37 PM: LoadConfig() cannot access DB'.
23,/04/2013 9:59:47 PM: LoadConfig() cannot access DB!.

9. Run PBX v3 admin tool. NOTE: if you are using Vista or Windows 7, you
need to ""Run as administrator' because admin tool needs administrator
right to start or stop PBX v3 service.
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- PCBest SIP PBX v3
New

- PCBest SIP PBX
- New

o Setup Guide
- pgModeler
| Photos

B Postgresal 95

P‘ PowerPoint

@
O

PY publisher

Pl

S
Q Settings

6 Skype for Business

£

G

P snip & sketch

£ [fype here to search

10. If you see this screen, it means it is working. Click the start button to start the
service if the service was not started.

i'é PC Best Metworks SIP PBX v3.70 (Admin Teol) — O >

File  Options Manage Server Operations  Auto Dialer  Search  Help

@-PBX

[2021-12-26 Z23:23:07] DBVersion:3.7 AppVersion:3.7
[2021-12-26 23:23.07] SIP PBX v3 Service is NOT running! Please click Start PEX menu.
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11. Windows Firewall

You will need to configure the Windows firewall properly in order to let SIP PBX v3
handle network traffic.

All Apps Documents Web More ¥

Top apps

= P @

File Explorer Google Chrome Microsoft Edge Photos

Quick searches

&

Windows Defender Firewall ‘& Weather
- Command Prompt Top news

00 Services @ Today in history

%33 Add or remove programs

Vaccine update

, Track COVID-19 vaccine progress
% Get local, national, and global updates, plus news and more Go to tracker

Click “Advanced settings”
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ﬂ Windows Defender Firewall

T @ » ControlPanel > All Control Panel ltems » Windows Defender Firewall

Control Panel Home Help protect your PC with Windows Defender Firewall

Windows Defender Firewall can help prevent hackers or malicious software from gaining access to your PC

Allow an app or feature through the Internet or a network.
through Windows Defender
Firewall .
l g Private networks Not connected !
& Change notification settings
) Turn Windows Defender l 9 Guest or public networks Connected '.:__.
Firewall on or off
&) Restore defaults Metworks in public places such as airports or coffee shops
Windows Defender Firewall state: On
Troubleshoot my network . . . )
Incoming connections: Block all connections to apps that are not on the list
of allowed apps
Active public networks: ™ MyMedia
Motification state: Motify me when Windows Defender Firewall blocks a
new app

Click “Inbound Rules”, then “New Rule...”.

@ Windows Defender Firewall with Advanced Security - m] X
File Action View Help
| 3 ]
Inbound Rules Actions
MName Group - Profile Enabled Acti » =
A
®a Connection Security Rules csharpsipphone.exe Public Yes Allo ‘ Mew Rule...
. Monitoring csharpsipphone.exe Public Yes Allo T Filter by Profile b
Drophox All VYes Allo
gtsimplephone.exe Public Yes Allo T Filter by State ’
gtsimplephone exe Public Yes Alle 7 Filter by Group »
Microsoft Lync Public Yes Allo View »
Micresoft Lync Public Yes Allo
i [l Refresh
0 Microsoft Lync UcMapi Public Yes Allo
0 Microsoft Lync UcMapi Public Yes Allo = Export List..
% Microsoft Office Outlook Public Yes Allo Help
PCBest 5IP PBX All Yes Allo
VR2 WinApp Public  Yes Allo
VR2 WinApp Public  Yes Al
@{Microsoft AAD.BrokerPlugin_1000.190... @{Microsoft. AAD.BrokerPlu... Domai.. Yes Alle

Choose “program”, then “next”.
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E Mew Inbound Rule Wizard

Rule Type
Select the type of firewall rule to create.

Steps:

& Rule Type What type of ule would you like to create?

& Program

@ Action ®) Program

@ Profile Rule that controls connections for a program.
@ Name O Port

Rule that controls connections for a TCP or UDP port.

() Predefined:
@Firewal AP1.dll -80200

Rule that controls connections for a Windows experience.

() Custom
Cusgtom rule.

< Back Next = Cancel
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ﬂ' Mew Inbound Rule Wizard >

Program
Specify the full program path and executable name of the program that this rule matches.

Steps:
@ Rule Type Does this nule apply to all programs or a specific program?
& Program
@ Action (O All programs
) Rule applies to all connections on the computer that match other rule properties.
@ Profile
@ Name
(® This program path:
| ProgramFiles . 86)\PCBest SIP PBX v3\SIPPBXSvc exe [ Browse..
Example: c\pathprogram exe

‘% ProgramFiles % \browser\browser exe

< Back Mext = Cancel
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@& New Inbound Rule Wizard >

Action

Specify the action to be taken when a connection matches the conditions specified in the rule.

Steps:
Rule Type What action should be taken when a connection matches the specified conditions?
Program
_ (@) Allow the connection
Action This includes connections that are protected with IPsec as well as those are not.
Profile
N (") Allow the connection if it is secure
Name

This includes only connections that have been authenticated by using IPsec. Connections
will be secured using the settings in |Psec properties and rules in the Cannection Security
Rule node.

") Block the connection

< Back Cancel

3 PBX Quick Setup Guide

In order to save your time and guide you through the most common scenarios you need to
use PCBest SIP PBX for your office environment, this is a quick reference to setup your
PBX for Auto Attendant, ACD(Automatical Call Distribution), Outbound Calls, Dial
Extension, Virtual Extension, Ring group or Call Parking and etc.

3.1 Common Settings

Before you start, you need to setup the following common settings for all tests.
SIP Accounts(External Lines)

SIP Accounts are the credit info that you can use it to dial out external lines, or receive
calls from out lines. For example, you can get a SIP account from ITSP(Internet
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Telephony Service Provider), then you can make calls to regular phone numbers, or
receives calls to your DID.

Assume you have a SIP account:
User Name: 4321
Domain: sipsrv.com

See the pictures to set it up:
=
a-e PCBest Metworks SIP PEX v3.10 (Admin Tool)

File | Options | Manage Server Operations
[ | SIP Accounts(External Lines) |~
= PE3 Extensions

Hunt Groups(ACD)
Parking 5lots

Ring Groups
IVE Menus
Conference Rooms

Dial Plans

i .
gl SIP Accounts(Extermal Lines) E@ﬂ

S|P Accourt is the registration information for another SIP system. Typically it can be an
extension of another PEX, or an account from ITSP{Intemet Telephony Service Provider).

Tested ITSPs

SIP Accourt List

Digplay Mame |ser Mame Domain Prongy

I{r'jﬁdd .' |_BE::I'rt ‘ ‘ﬁDele‘te‘ oK
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-
o Add SIP Account

ESNEEE™5C)

Basic | DIDs

Display Mame:

User Name:
SIP Domain:

SIP Proooy:
Authorzation:

Password:

Expire Duration:

Register with SIP prosy server to receive incoming calls

MyExtenline1
432
sipsrv.com

sipsrv.com

431

Sample: Bob Wall, Mike Keeler
Sample: 7184773245, 1001, or Mike
Sample: pchest net, voip.com

Sample: pchest net, usually same as domain

Sample: 7845, usually same as UserMame

———

3600

Your secret code

In seconds, default iz 3600 = 1 hour

<+ oK

.
Extensions

Extensions are internal phones to handle the calls. Usually extension name are three or
four digits length, Like 101, 2010. One extension can also be considered as one SIP
account for IP phone, or an outline for another PBX. Assume we setup three extensions

here.

a-e PCBest Networks SIP PEX +v3.10 (Admin Tool)

File

Options | Manage

Senser

Operations

SIP Accounts(Bxternal Lines)

- PBY Extensions

Hunt Groups{ACD)
Parking Slots

Ring Groups

IVR Menus
Conference Rooms

hal Plans
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-
ot Extensions E@g

Extension MName Email

o Add HEBE::IH ‘ ‘ED&IH&‘ fmc

- Al
g5 Add an extension E@g

Basic | Advanced | Voice Mail Box | Call Fumlardingl

Extension: 101 {Sample: 101, 1001. Must be unigue to the whole PBX,
This is also the user name for S5IP exdension)

User Name: Mike (Sample: Bob wall, Mike Smith)

Fassword: - {The password for SIP extension registration)

Email: Mike @mycompary.com|

Extension Type: Momal -

Virtual Bxtension Outbound Address or Mumber:

{Use outbound dialplan rule to set outbound number, or use SIP address format like:
123 @sipprovider.com)

IP Bxtension Authrization Type: Prongy -
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After you have setup three extensions 101, 102, and 103, you need to have 3 ipphones or
computers to register on PBX to work as extensions. You can use any SIP hardware
phones or softphones, like PCBest SIP ActiveX phone here:
http://www.pcbest.net/activex.php

=8 PCBest Networks SIP PBX v3.11 WE@Q J& Webphane - Wind... | 1= WSS

File ~ Options Manage Server Operations  Auto Dialer Help QQ = |ﬁ. e |n|
puf . v [

x Norton- @- -

- Exten Name Status Contact IdleFrom 3
2l Edensi & @ -
TAELT ' 101 Mike < |Up(de) |192.168.101.43 | 2010-03:20 1130 | 5
101 -
102 102 Offline 20100320 11:
103 A i = & sted Sites »
104 = 103 Alen ) 20100320 11: i Favorites | 55 @ Suggested Sites
Accourts 104 Super Offiine 20100320 11: {€ Webphone e
4321 - -
izl Plans it
- Inbound1 =
‘- Inbound2
- ACD Agents
L1001
..... 1002
= Hunt Groups({ACD)
..... ACDH
- Parking Slots «|| ™ . w1 M @@
Dimn (Zevs i ,.—.. P -
[2010-03-20 11:26:02] 5IP PBX v3 Service is NOT running! Please click Start PBX menu. ‘-J “—) “'—) @@
[2010-03-20 11:27:02] Plugin(Init Plugin Demo) Trace: SIP Accounts: 1 Dialplans: 2 Edensions: 4 ) ) )
[2010-03-20 11:30:46] Plugin(Init Plugin Demo) Trace: SIP Accounts: 1 Dialplans: 2 Edensions: 4
[2010-03-20 11:32:18] Bdension 101 just registered! lts contact info: <sip:101@192.168.101.43.7720> } } }
Soo 1"
2
g

3.2 Auto Attendant

In order to implement Auto-Attendant, we need to set an IVR Menu first to play prompts.
a-e PCBest Networks SIP PBX +v3.10 (Admin Tool)

File | Options | Manage Server  Operations

SIP Accounts(External Lines)

- PE3 Bxtensicns

Hunt Groups{ACD)

Parking Slots

Ring Groups

IVR Menus |
Conference Rooms

Dial Plans

35


http://www.pcbest.net/activex.php

PC Best Networks SIP PBX Reference

r il
a0 IVR Menu List S

A VR menu is a basic IVR component to provide options for client to choose. By connecting VR menu
together, you can implement your complex VR menus.
Mame Sound File DOTMF Accept
4| m | 3
0 Add ‘@Ed'rt ‘ ‘Enelae‘ fm(
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al Edit IVR Menu E=aRcy <

VR Menu Name: [VR1 Please give an unigue name, like "IVR1", "MainMenu".

Prompt:  c\vmmenu way Browse...

Sample sound: Welcome to ABC company. i you know the extension, please dial it now. Otherwise, press 1 for sales.
press 2 for customer support . press 3 for biling depatment . Stay on the line for operator. Sound file must be 8k 8bit mono
mulaw or alaw wave file, or 8k 16bit mono PCM wav file.

Miliseconds to wait for DTMF keys: 15000 Milliseconds.
Menu Options
DTMF Then play:(if blank, jump to action directhy) Action: Destinations
1 - Browse. .. * 1 A
MNAA - Browse To anothermenu
NAA - To anothermenu -
MAA - To anothermenu -
MAA - Browse To anothermenu -
NAA - To ancthermenu -
MNAA - Browse... To anothermenu
[] Accept Extensions. Note: if you enable this option, your customer may need to wait Miliseconds

on the menu, because of the fact: if you have extensions begining with 1, like 101,102, Also you set above DTMF
menu to accpet 1to forward calls to ACD group. When users stay on this meanu, and input 1, pbx needs to
determine if users want to reach ACD group or want to reach an extemsion. So pbx will wait above amount of
milliseconds to see if users have maore inputs. To avoid delay user experience, you can set your extensions
begining with & or 7 for example(leave 8 or Sfor outbound rule).

Then we need to setup an inbound dialplan to connect incoming calls into this IVR menu.

a-e PCBest Metworks SIP PBX v3.10 (Admin Tool)

File | Options | Manage Server  Operations

SIP Accounts(Bxternal Lines)

- PE Extensions 3an I
= Hunt Groups(ACD)
Parking Slots 2
Ring Groups E
IVR Menus £
= 3

Conference Rooms

hal Plans
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- . (= | O |

o=l Dial Plans

Plan Name Call Direction Called 1D Templete

o Add H|_[]Edit Hﬁnelae] "{?un Hﬂbnm H{m{ ‘

Add a dialplan Inboundl.
okl Dian Plan E@g

Basic |T|me Schedule I Extensions or Agents|
Plan Name: Inbound Ary name you like to give for this plan
Call Direction: @ Inbound ) Qutbound Which call direction the plan is for
Caller Mumber: - Blank if no limit on caller
Called Mumber: 4321 - Uge *for any number, and 7 for any one digit.
Flan Templete: Auto Attendant(VE Menu) - IVR1 -
Pre-strip: Cutbound called number pre-strip text
For example: prestrp text for called number 57 is 5.
Pre-append: Pre-sppend string after pre-strip.
Use SIP Account: Which SIP account you want to use for oubound call

Then when you dial the DID that SIP account 4321 is linked, it will use Dialplan
“Inbound1” to handle the call, and call goes to IVR menu “IVR1”.
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3.3 ACD(Automatical Call Distribution)

ACD is widely used for call centers. Calls will be automatically queued in ACD
group(also called huntgroup), and PBX will try to reach an extension or an agent to
answer the call on first in first out order. In order to implement ACD, we need to create
an ACD group first.

a-é PCBest Networks SIP PBX v3.10 (Admin Tool)

File | Options | Manage  Server  Operations

SIP Accounts{BExternal Lines)

=0 P Extensions
| Hunt Groups(ACD)
Parking Slots

Ring Groups
VR Menus
Conference Rooms

hal Plans

-
gt ACD Hunmt Groups = | B i

Automatical Call Distribution Hunt Group is a group of extensions that can answer calls.
Incoming calls will be automatically distibuted to extensions by order.  This feature is excellent
for call center application.

W Set Agents

Mame Type Agents

G |0 | FTe
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Then add one ACD huntgroup:

-
ol Add Hunt Group E@g

Basic |.P|gants | Mvance|

Mame: ACD1 Ary name you like to give to this ACD hunt group. Must
be unique.
Type: Linear - With a linear hurt group, calls are always delivered to

the lowest-numbered available line.

In @ circular hurt group, the calls are distibuted
"round-obin®.

In most4dle hurting, calls are always delivered to
whichever line has been idle the longest.

Music when watting

Play music when waiting. Music folder:  C:temp*projects"GTSIPFEX

:I'hen in agents tab, you need to add right extensions to left side:

52 Add Hunt Group L= [ B

Agents | Advance

Please select agents that can accept calls in this ACD group.

Agert Type: @ BExtension  (f choose extension, calls will be delivered to extensions)
() Agent (Calls will be deliver to the extension which agent has logged in on)

Agents: Available Bdensions or Agents:
101 1m
102 102
103

ai==

o

Then click OK.
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Again, we need to setup an inbound dialplan to connect inbound calls to this ACD
huntgroup. Assume we add an inbound dialplan Inbound2 to handle this situation.

o5 Dian Plan I-_l_léj':' =)

Basic | Time Schedule | Extensions or Agents |

Plan Mame: InboundZ2 Ay name you like to give for this plan
Call Direction: @) Inbound ) Outbound Which call direction the plan is for
Caller Mumber: - Blank if na limit on caller
Called Mumber: 4321 - Use = for any number, and ? for any one digit.
i Plan Templete: - ACDA -
Pre-strip: Outbound called number pre-strip text _
For example: prestrip text for called number 5 is 5.
Pre-append: Pre-append string after pre-strip.
Use SIP Accourt: Which 5IP account you want to use for oubound call

Then any calls goes to 4321 SIP account will be forwarded to ACD1.

3.4 Outbound Calls

Add a dialplan. Give an plan name like OutPlanl. Set it to outbound type.
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r

a-l Dian Plan =R X

-

Basic | Time Scheduls | Extensions orogerrtsl

Plan Mame: OutPlani Any name you like to give for this plan

Call Direction: ) Inbound @ Cutbound Which call direction the plan is for

Caller Number: - Blank if no limit on caller

Called Mumber: - Use *for any number, and 7 for any one digit.

Plan Templete: |Auto Attendant{IVR Menu)

Pre-strip: g Qutbound called number pre-strip text

For example: prestrip text for called number 5 is 5.
Pre-append: Pre-append string after pre-strip.
Use SIP Account: | TEFAIEEA] * | Which SIP account you want to use for oubound call

| N—

Set called number as 9*, and set the SIP account you want to use for dialing out.

Set pre-strip as 9.

It means that any calls go into PBX, which called id starts with 9, the PBX will regard it
as an outbound call. PBX will take 9 in the front of called number, and use SIP account
4321 we created to dial out.

On the sip phone client 101, please dial 9x(x is real phone number you want to reach
outside), then PBX should be able to route the call to outside.

3.5 Dial Extension

Extension to extension calls:

You don’t need to create any dialplan for extension to extension calls. Assume you have
101 and 102 softphone setup and registered on the PBX. On the softphone 101, you dial
102, then
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& Webphone - Wind... E@u

£ PCBest Networks SIP PBX v3.11 (Admin Tool) [=8] = |
File  Options Manage Server Operations Auto Dialer Help
Peom |
- PBX Exen Name Status Contact IdleFrom
- Extensi
- Bensons 3 Mke |\ Up(Offered) | 192.168.101.43 | 2010-03:20 11:55:25
102 Bob \‘ Up(Ringing) | 192.168.101.43 | 2010-03-20 11:55:24
103 Allen i | Offline 2010-03-20 11:30:43
- SIP Accounts 104 Super || |Offine 20100320 11:30:43
[#- Dial Plans r — S
[ ACD Agents W VB.NET Simple SIP Phone(With SPr..| = | & | 5 |
[#- Hunt Groups({ACD)
- Parking Slots 102
- Ring Groups
- IVR Menus SIP: "101"<sip:101@192.168.101.43
- Monitor Groups -
- Conference Rooms New Cal
[#- Channels
4
[2010-03-20 11:26:02] SIP PBX v3 Service is N Hungup
[2010-03-20 11:27:02] Plugin{Init Plugin Dema) 7|
[2010-03-20 11:30:46] Plugin{Init Plugin Dema) T|
[2010-03-20 11:32:18] Edension 107 just registel
[2010-03-20 11:54:22] Bxension 102 just registel
[2010-03-20 11:55:25] DoCallForwarding ForExten b
ot
\ Dymamical " -
GTSIPRegistrar : - : P ’
GTSIPSDK Mute Speaker in a live call
| audio(8KBBithMulaw) Mute Microphone m
© bin Show Camera Window b1
J doc

QQ |ﬂ http:/fwww.p. v| 2] |
x Norton- @- ©-
< @&

77 Favorites | 9 (@ Suggested Sites

_[ e Webphone l_

-

Dial to extension from other options(ACD, IVR menu, ...)
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g8l Edit IVR Menu L= | B |

VR Menu Name: [VR1 Please give an unigue name, lilke "VRE1", "MainMenu™.
Prompt: Browse...

Sample sound: Welcome to ABC company. i you know the extension, please dial it now. Otherwise, press 1 for sales.
press 2 for customer support. press 3 for biling depatment. Stay on the line for operator. Sound file must be 8k Bbit mono
mulaw or alaw wave file, or 8l 16bit mono PCM wav file.

Milliseconds to wait for DTMF keys: 15000 Milliseconds.
Menu Options
DTMF Then play:{f blank, jump to action directhy)
1 - Dial extension
M8 - Browse... To another menu
MR - To anothermenu VR -
MR - To anothermenu - [VR1 -
NAA - Browse... To anothermenu = [VR1 -
NAA - Toanothermenu = VR -
NAA - Browse... Toanothermenu - [VR1 -
[] Accept Edensions. Maote: if you enable this option, your customer may need to wait Miliseconds

on the menu, because of the fact: if you have extensions begining with 1, like 101,102. Also you set above DTMF
menu to accpet 1 to forward calls to ACD group. When users stay on this meanu, and input 1, pbx needs to
determine if users want to reach ACD group or want to reach an extemsion. So phec will wait above amount of
milliseconds to see if users have more inputs. To avoid delay user experience, you can set your extensions
begining with & or 7 for example(Leave 8 or 5 for outbound rule).

3.6 Virtual Extension

Virtual extension is a kind of extension which pointed to an outside phone number.
Let us create an extension which has virtual extension type.
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-

ol Edit Extension = | B |-

Basic | Advanced | Vioice Mail Box | Call Forwarding

Extension: 104 (Sample: 101, 1001. Must be unique ta the whale PEX,
This is also the user name for SIP extension)

User Name: Super (Sample: Bob wall, Mike Smith)

Password: "' (The password for SIP extension registration)

Email:

Bxdension Type: Virtual -

35 or Mumber: 91234567

(Use outbound dialplan rule to set outbound number, or use SIP address format like:
123 @sipprovider.com)

IP Extension Authrization Type: Proey

lUpdate Bdension ‘ ‘ g Cancel

We set 91234567 here, which means using outbound plan 9*. When calls go to this
extension, PBX will try to reach outside number 1234567.

3.7 Ring group

Ring group is a group of extensions or agents that can be ringed(called) by order or same
time. Ring group doesn’t work like ACD. ACD holds calls until extensions or agents are
available to answer the call. Ring group doesn’t really hold the calls for long time. It will
try to ring the destinations, and the first destination which answered call will be
connected to the caller.

Set up a ring group first. Assume its name is rgl.
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"'G PCBest Networks SIP PBX v3.12 (Admin Tool)

[+- PE?

File | Options | Manage  Server

Operations

SIP Accounts(External Lines)
Extensions

Hunt Groups{ACD)

Parking Slots

85 Ring Groups
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Ring Groups |I
IVR Menus
Conference Rooms
Dial Plans
T
— E—

Ring group is a group which has multiple destinations to be ringed. You can choose to ring the destinations by order or at
same time. Also a destination can be an extension, or outbound call number, or a SIP address.

Mame

Ring Type

Destinations

I{rljﬁdd H[DEdn ‘ ‘ED&IH&‘
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a5 Edit Ring Group l = | =] |_i2-]
Basic
Mame: gl Flease give amy name to this ring group
Type: @ Ring all destinations at one time (7) Ring destinations by order
Destinations
m
102 [ Add |
103

] e

=2 Delete

i

Music when waiting

[ Play music when waiting. Music folder:

Woice Mail Box

[] Enable

|

Three extensions 101, 102, 103 are added into ring group rgl. Then we can setdup an
inbound dialplan, to forward calls to this ring group. When a call comes in and reach this
ring group, pbx will ring extensions 101, 102, 103 at same time.

3.8 Call Parking

Call Parking is used to park a call. You must define a call parking slot first to allow the
call to park, then later the call can be picked up by another extension or agent.
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+= PCBest Networks SIP PBX v3.12 (Admin

File | Options | Manage  Server Opet ations

= FB

SIP Accounts{External Lines)
Extensions

Hunt Groups{aCD)

1

Parking Slaks

Ring Groups
IVR. Menus
Conference Rooms

Dial Plans

B el les] @ e slh ]

PC Best Networks SIP PBX Reference

tEl Parking Slots

BN=1(ES

Marne

Murmber

0,0 Add H L@ E dit ‘ ‘ &= Delete
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Edit Parking Slot g@@

Farking zlat iz uzed to park a call, which can be picked up later by dialing the parking slot's
nurmber.

After an agent answersed a call, hedshe can input the parking slot's number to park this call.
Once the call iz parked successfully, the agent's call will be automatically dizconnected, and
another agent can dial the parking zlot's number to pick up that call.

Basic | Advance

Parking Slat Mame: | PE1 Any name. Sample: Slot 1
Mumber: *B1 Sample: "E1, #10....
buzic On Hold

[] Plaw music when cal parked

buzic files from: Browsze...

After defined a Parking Slot “PK1”, you can try an incoming call which is transferred
into an extension or agent. When extension pressed *61, the call should be parked.
Another extension should be able to pick up this call by dialing *61 into PBX.

3.9 Magic Transferring Code (ONLY V3)

Magic Transferring Code is used by extensions to transfer current calls to another
extension. There are two kinds of transferring:

1. Blind Transfer

2. Attended Transfer
You don’t need to define anything. Magic transferring code default works. Blind transfer
code is defined as *#, and Attended transfer code is defined as **.
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+= PCBest Networks SIP PBX v3.12 (Admin Tool)

File  ©Options  Manage | Server | Operations  Auto Dialer
i J | Special Mumbers |.
= PEx Nebworks
=8 [ =tehziohs System Options
101
102 Folders
103 Proey Sikes
SI.F' Accounts Load Balance
Dial Plans
ACD Agents Database Connection
Th ek M e i s FA T

PBX Special Mumbers g@@
Eazic | b agic: Transfer Code |

M agic transfer code iz a code that extension can use it to transfer call to other
extenzions, agent: or dialplanz.

For example, if blind transfer code iz defined az "8, then in a call, the
extenzion 101 can always prezs *B102 to ransfer the call to 102,

Or extenzion 101 can press “H1 2345674 ta transfer the call to dialplan which
has called nurmber set to 1234567,

[MOTE: in order tao tranzfer the call to anaother dialplan, the extenszion side
needs ko put a # key at the end aof dialplan number]

Blind Transfer Code;

“H |

Attended Transfer Code:

T |

3.10 FXO/FXS or Digital Gateway

PCBest SIP PBX works with most standard FXO/FXS or Digital Gateways. You can
configure gateway works as a peer of PCBest SIP PBX.

Assume gateway works at 192.168.1.10, and PCBest SIP PBX runs at 192.168.1.20.
On the gateway, you need to forward the incoming calls into IP address 192.168.1.20,
and on the PCBest SIP PBX, you need to set up a fake SIP account that points to
gateway’s [P address:
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Add SIP Account E@

Basic | DDz

Dizplay M arne: |TDGW Sample: Bob "Wall. Mike Keeler

™
dzer Mame: 100 )\ | Sample: 7184773245, 1007, or Mike
M ‘\
SIP Domain: |192.1 B2.1 ‘fﬁk | Sample: pcbest.net, voip.com
N,
SIP Prosy: |192.1 63.1.10 \ | Sample; pchest net, uzually zame az domain

Authonzation: Sample: 7345, uzually zame az zerM ame

Pazzword: r'our zecret code

Expire Duration: goondz, default iz 3800 =1 howr

Ay as W doesn't check your

[] Registr with SIP prosy server ta receive incoming calls  uthentication

uncheck thiz option because t iz a fake account

By doing this, you setup a peer which is connected to your gateway. Next step, you need
to setup an outbound dialplan to use this sip account to forward extension calls into
gateway.
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Dian Plan E]E]

B asic | Time Schedule | Extenzions or Agents

Plan Mame: |TDGWDiaIpIar‘ | Any name you like to give for thiz plan

Call Direction: ) Inbound &) Outbound ‘which call direction the plan iz for

Caller Humber: | v | Elank if no limit on caller

Called Nurnber: |EIx - | IJze * for ary number, and ? for any one digit.

Flan Templete:

Pre-strip: |5 | Outbound called number pre-strip test

Faor example: prestrip text for called number 97 iz 9.
Pre-append: | | Pre-append string after pre-strip.
Lze SIF Account: |TDGW 100 v | Which SIP account you want to uze for oubound call

T

3.11 Conference Room

You can define a conference room, then forward multiple calls into one conference room,

so multiple ends can have a conference call.
+= PCBest Networks SIP PBX v3.12 (Admin

File | Options | Manage  Server  Operations
SIP Accounts(Exkernal Lines) L
m Exbensions
= Hurt Groups(ACD)
Parking Slaks
Ring Groups
= IVR Menus
=) Conference Rooms
Dial Plans
4
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Conference Rooms g@

Mame

G | Lo

Edit Conference Room E@

Conference Room Mame

| Conf] |

Muzt be unique. Sample; Conf 1, Tech Conf Boom,...

E

Then you can define a dialplan to forward incoming calls into this conference room.

3.12 Inbound 2 Outbound

Sometimes you need to convert an inbound call to outbound call directly.

Because only extensions can call outbound dialplan, so you can achieve this by two ways:
1. Create a virtual extension. In the virtual extension destination address, you can input *,
means directly inbound call(dialplan)'s called id to find out proper dialplan. You can give
*@outbound-dialplan-name to specify using which dialplan. You can also give sip
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address like <sip:*@sipaccount-domian> to route call out by specific sip account. More,
giving a sip ip address like <sip:*@ip-address> should work too.

ot Add an extension Elﬂlﬂ—hj

Basic |Mvanced | Voice Mail Boox | Call Furwarding|

Bxtension: 1002 (Sample: 101, 10071. Must be unigue to the whele PEX,
This iz also the user name for SIP extension)

User Name: Bob (Sample: Bob wall, Mike Smith)

Password: (The passward for SIP extension registration)

Email:

Bdension Type:  Virtual -

Virtual BEdension Outbound Address or Mumber: *@0utPlan|

(Use outbound dialplan rule to set outbound number, sample likke 9123456, f you have defined
autbound dialplan for 5. Oruse SIP address format like: 123@&sipprovider.com, or
“[@sipprovider.com. ~ means forward the original called id. You can also use
*@outbound-dialplan-name, which means forwarded original called id to an outbound dialplan)

1 IP Extension Authrzation Type: P roogy

Add BExtension ‘ ‘ g Cancel

2. Use call forward inbound dialplan

Create an inbound dialplan, set call template to call forward, then choose an outbound
dialplan for call forwarding.

Note, for this call forwarding inbound dialplan, please adjust its order in the dialplan
list, and make it up and be front of outbound dialplan.
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F

-
a-l Dian Plan Elﬂlﬂ

Basic | Time Schedule | Extensions or Agents |

Plan Mame: Any name you like to give for this plan
Call Direction: @) Inbound &) Outbound Which call direction the plan is for
Caller Mumber: - Blank if no limit on caller
Called Number; | 1 - Uze = for any number, and 7 for any one digit. :
Plan Templete: Call Farward - OutPlan -
Pre-strip: Qutbound caled ngmber pre-strip text _
For example: prestrip text for called number 57 is 9.
Pre-append: Pre-append string after pre-strip.
Use SIP Account: Which 5IP account you want to use for cubound call

|

3.13 Setup a music server

Create an inbound dialplan, and choose call plan template to "Music Server", then give
the name of music file folder.
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P

ol Dian Plan Elﬂlﬂ_hj
Basic | Time Schedule | Extensions or Agents |
Plan Mame: Ary name you like to give for this plan
Call Direction: @ Inbound ) Cutbound Which call direction the plan is for
Caller Number: - Blank if no limit on caller
Called Mumber: 8765 - Use * for any number, and 7 for any one digit.
Plan Templete: | (WRERESEERTE »  C’temp'projects\GTSIPPEXw I
Pre-strip: Outbound called number pre-strip text
For escample: prestrip tesd for called number 5 iz 9.
Pre-append: Pre-append string after pre-strip.
Use SIF Account: Which 5IP account you want to use for oubound call I

— = T - - m—— — = 1

3.14 Echo Test for IP extension

Create an inbound dialplan, and choose call plan template to "Echo Test".
IP extensions can call this inbound dialplan to see if voice can be returned back in time.
Sometimes we use this feature to detect network problem like one-way audio.
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r

a-l Dian Plan [ ==l éjq
Basic | Time Schedule | Bdensions or Agents |
Plan Mame: Ay name you like to give for this plan
Call Direction: @ Inbound ) Outbound Which call direction the plan is for
Caller Number: - Blank if no limit on caller
Called Number: 8765 - Use * for amy number, and 7 for any one digit. Y
Plan Templete:  [EealMEEEd - C:tempprojects G TSIPPBXv3hh
Pre-strip: Outbound called nl._lml:uer pre-strip tesd _
For example: prestrip text for called number 5%is 9.
Fre-append: Pre-append string after pre-strip. i
Use SIF Account: Which SIP account you want to use for oubound call

4 PBX Advanced Call Center Features

PCBest SIP PBX can be used as a call center environment. As described in 3.3,
Automatic Call Distribution group can allow you to set up a group of agents to answer
incoming calls.

4.1 Setting up ACD agents

What is an agent? An agent is NOT an extension.

An extension is a physical phone, but an agent is a real person to work on an extension.
So there may be more than one agent working on the same extension. Usually in a call
centre environment, an agent will start to work by login at one of the extension. PBX
defines special phone numbers for agents to login and logout at extensions.
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*-: PCBest Networks SIP PBX v3.12 (Admin Tool)
File  ©Options  Manage | Serwer | Operations  Auto Dialer

| Special Murmbers |

Mebworks

Extensions System Options
w SIP & e rmnabs

PBX Special MNumbers

Basic | Magic Transfer Code

Special ACD numbers for extenzions to call; #3000 |
ACD Agent log in number: 1 |
( ACD Agent log out number; e |
Fickup Group Short Code; |1¢ |
Yoice Mail Box Murmber: 11 |

Jor

Agents can call above special login and logout numbers from any extension to indicate
they are at that extension or not.

Steps to setup agents:
+= PCBest Networks SIP PBX v3.12 (Admin

File | Options | Manage Server Operations

SIP Accounts(External Lines) L
= Extensions
| Hunt Groups{aCD) |
i
Parking Slats
= Rina Grouos
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ACD Hunt Groups Z E|[Z|

Automatical Call Distribution Hunt Group iz a group of extenzions that can answer calls.

|nzoming callz will be automatically distributed to extensions by order. Thiz feature iz excellent
for call center application.

@ seragent

- et Agents
M ame Type Agents

3 | =
& 0w | L

«= ACD Agents E@

ACD agents are the people who can answer Hunt Group's callz from any extensions. An agent must first log
ih on an extension to answer callz. After the work iz done, an agent must log out before leaving.

The phone numbers for logging in and out can be get in Special Mumbers option. Uzually agentz will give
their code and pazsword for logaging in and out, *You can set the promptz here:;

| @I Prampts

Code Statuz LoginT ime
anin O fflire M

£ Add H |_ﬁ Edt ‘ ‘ &= Delete ‘ g‘ oK.
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4.2 Enabling Call Recording

Also PCBest SIP PBX allows you to record every calls by enabling recording feature for
extensions or agents.

Enable extension call recording:
Edit Extension E@

Basic | Advanced |"-"|:ui|:e bail Box | Call Fonwarding

[ 1 Forwarding original called id to this extension

When formarding callz to this extenzion, also keep onginal called id in 51F messzage. By
enabling thiz option, the SIP extensions can get the onginal called id and do some DB
gearching work for the call, but zome SIP phones will reject the calls if the called 1d iz nat
the zame asz the SIF account et in configuration.

nal:ule Call Recording >

tethod o answer ACD calls

(%) Onceregistered () Once connected with pbe special number|*3000]

Reszt Intervallln Seonds): ICI Idzed for ACD Group when diztibuting calls to this
extenzion. Thig will give the extension some

gecondz interval for nest call.

‘ |Ipdate Estenzion ‘ ‘ g Caricel ‘

Enable agent call recording:
Edit Agent E@

Agent information

M arne: Optianal. Any name. For example, Agent], Bob, Grace
Code: amo Digitz anly. Must be unique. Far example, 72000, 2100, 401
Paszward: III Fazeward for logaing in and out. Digits only.

al:-le Call HECD@
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4.3 Supervisor Call Monitoring

In a typical call centre environment, supervisor needs to monitor agent’s call in real time.
Sometimes supervisor even can give assistance to agent about how to answer the client’s
call, or even join into the conversation. In order to achieve the call monitoring, you need
to setup a call monitoring group. You can regard a call monitoring group as a conference
room, so supervisor, agent and client can all join into.

Steps to setup a call monitor group:
+ PCBest Networks SIP PBX v3.12 {Admin Tool)

Manage | Server Oper ations auke

File  Options

Manibar Groups |

[=)- Extenzions
101
102

Call Detail Record (CDR)
Flugins

Pickup Groups

M2

Monitor Groups

- BX

A manitar group works like a conference room.  The supervisor can monitar extenzions and even Barge-ln to
the call.
M arne Murnber
-
£ Add | Edit &= Delete Ok,
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Edit Monitor Group g@@

Basic |F'assw-:uru:| K.evs to operate || Extensions

M ame: |h-1|:|nit|:|rl3r|:|up‘| | Arw name for thiz group. Must be unigue in whale zpstem.

Murnber:

510 | Special nurmber for supervizar bo call. IF it iz blank, pou can =il
route call to ranitar group in dialplan.

Once you defined a monitor group, please call monitor group number *910 from an
supervisor type extension, you will be able to follow the IVR menu to monitor any other
extensions.

4.4  Pickup Group

Pickup Group defines a group of agents or extensions, in which, one can pick up
another's call(in ringing status) by just entering pickup short code.

If one agent wants to pick up the ringing call in another group, he or she has to enter
pickup short code + agent code or extension code.

Defaultly the pickup short code is #. It can be set in the menu Server/Special Numbers.

+= PCBest Networks SIP PBX v3.12 (Admin Tool)

File  Options | Manage Server  Operations  Auko
dl J Manitor Groups L
= PEx Zall Detail Recard (COR)
[=I- Extenzions Plugins
::312 Pickup Groups
13
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Pickup Groups

- BX
Pickup Group defines a group of agents or extenzions, in which, one can pick up another's

calllin ringing status) by just entering pickup short code.

If ore agent wantz to pick up the ringing call in anather group, he ar she haz to enter pickup
zhort code + agent code or extenzion code.

Defaultly the pickup short code iz #. |t can be zet in the menu Server/Special Mumbers.

Mame Type Memberz

| .S

‘E:::Ilﬁ.dd HL@Edit ‘ |ﬁDeIete‘ E

Edit Pickup Group

Fickup Graup

M ame: |F'i|:kupl3r|:|up'l | Ay name, like groupl

Type: |E:-:tensin:|n vl

101
102
103

Lo

Pickup Group Short Code is defined in special number:
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PBX Special Numbers

Basic | Magic Transfer Code

Special ACD numbers for extenzions to call; *S000
ACD Agent log in number: 1
ACD Agent log out nurnber; re

#
Woice Mail Box Mumber: "1

5 PBX Auto Dialer Feature (Pro Only)

PCBest SIP PBX can do automatic outbound calls, and forward connected calls to an
inbound dialplan. Auto Dialer Tasks are outbound jobs from database. You can use it to
make outbound calls, then do special routes for connected calls. Typical auto dialer tasks
can be:

Auto Survey Calls: You can specify an auto dialer task which presents an IVR menu for
the connected calls. Once the customer chose an option, then forward the call to another
menu, and so on. The customer choices will be record into database like this:
IVRMenul,1;IVRMenu2,2;...

Call Me Back: Your customer can give a phone number to call back on your website.
The phone number will be stored into PBX's auto dialer call jobs table. The pbx will call
the number, and once the call is connected, then forward the call to an extension(or
agent).

CRM, Message Broadcasting, and other applications: Broadcast your messages to a
large of phone numbers to increase your sale.

How does it work?
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In order to make this feature works, V2 needs setup a Database Connection. V3

doesn’t need, because V3 always works with database.
+-: PCBest Networks SIP PBX v2.48
File  ©ptions  Manage | Server | Operations  Auko Dialer

dd Special Murnbers L

Metworks

Syskem Options
Falders
Proxy Sites

Load Balance

Daktabase Connection

I
Database Connection E[E
SOL Server
DB Type: |SEJL Server Expreszs 2005,/2003 w |
DB Server: | |

Blank if db zerver iz local, othenmize give the machine name.

DB Mame: |gtsippb:-:v2 |

D atabaze name. Please create a database first time. 1 iz
"gtzipphsy2" deafulthy.

Authentication Tope: E; (L Authentication L |

Uzer Mame: |sa |

Drefaulthy it iz "za*

Faszword: | |

C 5Test Caonnection ‘ ‘ q_,,:( ak. | ‘8 Cancel ‘

Once the PBX connected with the database, it will create some tables that it needs.
Please look at two tables auto_dialer_jobs, and auto_dialer_done.
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" Microsoft SQL Server Management Studio Express

File Edit Miew Query Designer  Tools  Window  Commounity Help

Snewouery | [ 5 A @ B 5 B RS
=] i o Hl | changeType~ | ¢ s | L= | ¥ ] o
Object Explorer Table - dbo.auto_dialer_done -~ Table
_yj _@ﬂ A T (] Type
A E AL

dbo.cdr_acd
= dbao.cdr_agent

[+

PBX will try to check auto_dialer_jobs every 2 seconds, to pull out outbound records,
then dial the numbers out, then write the result back into auto_dialer_done table.

Steps to setup auto dialer tasks:

+= PCBest Networks SIP PBX v3.12 (Admin Tool)

File  Options Manage  Server  Operations | Auto Dialer | Help
L il J | Outbound Tasks |F
‘ = PEX Add Test Calls
Estensions [
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Auto Dialer Tasks E]@E]

Auto Dialer Tagks are outbound jobs from database. ou can use it to make outbound callz, then do special routes for
connected callz. Tepical auto dialer tazks can be;

Auto Survey Calls: ou can specify an auto dialer tazk which prezents an YE menu for the connected callz. Once
the customer choze an option, then fonsard the call to another menu, and go on. The customer choices will be
record into databaze like thiz WVRMenul 1 VRMenu2 2.

Call me back: 'our customer can give a phone number to call back on vour website, The phone number will be
stored into pbi's auto dialer call jobs table. The phy will call the number, and once the call iz connected, then
fonsard the call to an extensionfor agent).

CRb, Meszage Broadzasting, and other applications: Broadcast your meszages to a large of phone numbers to
increaze your sale.

Mame Status Type Code SIP Account [rial Plan

|:|'::: Add H |_I__| E dit ‘ ‘ &= Delete ‘ oK.
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Edit Outbound Auto Dialer Task M=1E3

An outbound tazk iz a group of calls which has the zame call action(dialplan].

Y'ou can define as many az outbound tagks you want, but each tazk must have different type code.

E ach tazk will pull outbound call jobe, which has the zame type code, from auto_dialer_jobs table, and
process jobs on idle channels. Once the call iz done, it will be zaved back into auto_dialer_done table.

T azk Infa

M ame: |Task1 Arw name. For example, Tazk1, Surveyl

Enable thiz tazk, so pby will pick up jobs from databaze.

Type Code: & small integer code to distinguizh taks in call jobs table(1-32767).

Thiz walue matchs to field 'Type' of auto_dialer_jobs table, and iz
uzed to diztinguizh outbound tasks.

SIP Account: |.ﬁ.|:|:|:|unt1 A | SIP account used to call out

Dial Plar: |TD|‘-"H'| w | Inbound dial plan to be uzed when call iz connected,

Stop Ring After: geconds
bdaw zim calls for this tazk: 1 meanz no limit.

Above sample defines auto dialer “Task1”, which has type code 1, and use SIP account
“accountl” to dial out. After the call is connected, it will use dialplan ToIVR1 to handle
the call.

In order to test this task, we can use “add test calls” menu:

Ne: - PCBest Networks SIP PBX v3.12 (Admin Tool)

Cptior:  File  Options  Manage SErver Operations Auto Dialer

Help
Cutbound Tasks
Add Test Calls |
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Add Test Calls E@

How mary calls to add: | |
Call Type Code: K |
Caller: | |
Callee: | |
Call Start Time: | Sunday . Apil 042010 v |

Give the type code 1, and caller and callee numbers, then click OK. PBX should be able
to pick up the call job, and dial out to the number.

6 PBX Other Configurations

6.1 CDR

+ PCBest Networks SIP PBX v3.12 (Admin, Tool
File  Options | Manage | Serwer  Operations — Au

Monitor Groups

] | Call Detail Record (CDR) |
Estenzions R
SIF Accou .
Dial Plans Pickup Groups

You can write CDR into database: (Note V2 must setup a database connection first)
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Call Detail Record{CDR) E @

FBx COR

Enable [] “write to test file Wafrite to database
ACD CDR

E nable [] write ta text file Wwirite to databaze
Extenzion COA

Enable [] *wfrite to test file Wiite to database

Agent Login and Logout B ecord
Enable [] “write to test fil Wirite to database

/o

6.2 Networks

+= PCBest Networks SIP PBX v3.12 (Admin Tool)
File  Options  Manage | Setver | Operations  Auko Dialer

Special Mumbers
i Metworks |
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SIP Networks Tab:

Nebwork E@@

SIF Metworks | Audio Codecs | Email SMTP Server | Manager Port

SIP IP Addiess: - Leave i_t blank if PBE= works on

all pozzible IPs
SIF Port; a0&0 Drefaul: BOBO
RTF Port From: {13200 Default; 19200
| nternal: 3322

STUM zerver iz uzed ta dizcover PEx':

STUM Server: ghun.pcbest. net public 1P
DTMF Method: Autallnband Audio ar RFC 2833] W
Public IP Address: If wour machine iz DMZ. or has fised public

IP address you want to use it in S|P

'au ozt restart thiz PEE to make the chanae effectivel

SIP IP Address: The local IP address that PBX should work on. Usually it is blank, so
PBX can work on all possible NIC interfaces or IPs. If you do have multiple IP addresses,
and want the PBX only work on one of them, please use drop box to select.

SIP Port: The port number that PBX works on for SIP protocol. Default it is 5060, but
you can change it something else. For example, some countries block 5060 to disable
VolIP calls. You can use other port number to get around.

RTP Port From: The starting RTP port number. Sometimes you may need to open your
firewall for RTP(audio) transmit. Keep in mind, PBX will use a range of RTP port for
communication. Basically one channel will use 4 ports(although it only use actually one,
but we separate them with enough space), so one 8 channels PBX will need ports open
from 19200 to 19232 (19200 + 4*8).

Internal: PBX uses this internal port for internal messages and events communication. It
is not changeable.

STUN Server: PBX uses STUN server to discover the actual public IP address of
network, to go through possible NAT issue. Please contact your SIP service provider for
STUN server setting.

DTMF Method: Usually it is auto, so PBX will automatically figure out the DTMF
method. Unless you know the details about this setting, you can change it.
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Public IP Address(V3 Only): In some case, for example, DMZ, you know your PBX are
working on specific public IP address, so you can specify this field so PBX won’t use
internal IP address or ignore STUN server to get public IP.

Audio Codec Tab:

Network [ZI@EI

SIP Metworks | Audio Codecs | Email SMTP Server | Manager Part

083 | Sample: 083 means using G711u, G711a and GSM

0=G71Tuan] 8= G 1[alaw] 3I=0G5M 102 = Speex
104 =iLBC[30ms] 103 =LEBC[20 mg] 98 =G726-32
18 = G329 need special licenze]

"ol st reskart thiz PEX to make the change effectivel

You can specify the PBX which audio codec in SIP SDP negotiation. When negotiating
the audio codec, PBX will try to use the audio codec that is in the front of the list.
In above sample, the audio codec is 0,8,3. It means that g711 mulaw first, then g711 alaw,

then GSM.
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Email SMTP Server:

Network |Z E| [z|

SIP Metworks | &udio Codecs | Emaill SMTF Server | b anager Port

FB# will uze this email account to send voice mail to individual's email address.

Server | | Sample: mail. abz.com 123,67 9.67
Pot: Default: 25

Email: | | Sample; aboiEgmail com
Paszword: | |

[] Enable 55L

ol muzt restart thiz PEX to make the change effectivel

Server: Email server address. It can be an IP address or domain name.
Port: Email server port number.

Email: Email address that is used by PBX to send out email.
Password: Password for above email address.

Enable SSL.: if it uses SSL.
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Network |Z| |E| [z|

SIP Metworks | &udio Codecs | Email SMTP Server | Manager Port

TCP Por;, | 9232

'ou mugt regtart thiz PEX to make the change effectivel

Manager port is used to for manager client to connect. PBX has a sample in SDK named
“ManagerClient”, which shows how to develop .NET application to receive events from
PBX, or control PBX. Please refer to 7.2 about details.

6.3  System Options

+=* PCBest Networks SIP PBX v3.12 (Admin Tool)

File ~ Options  Manage | Server | Operations  Aukto Dialer
Special Numbers L
Metwarks
Extenzions | System Options |
SIF Accounts
R Folders

74



General Tab:
PBX System Options

PC Best Networks SIP PBX Reference

Estenzionz

General | Dutbound | MOH

M aintenance

Audio Codec Uszed For Outline:

Audio Codec Uzed For Extenzions:

0=GA1[ulaw] 8= G711[alaw]

104 = LBC[30 ms] 103 = iLEC[20 ms]

18 = G329 need special licenze]

]
[ ]

3=0G5M

Blarlk for auto chooze.
Sample: 0, or 8, or 18
102 = Speex

98 = G726-32

[f you changed the ikemz marked with *, oy need to restart the PBE.

A typical example is that sometimes, you want low bandwidth audio codec using on the
public network, but high quality audio codec on intranet.

Above dialog give you an option to specify the outline codec and internal codec.

For example, you can specify:
Outline: 18
Extensions: 0

It means PBX will do audio codec converting from g711 to g729 when extension calls
out. In another word, PBX will use g711 to handle extension calls, and use g729 for

outline.
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Outbound Tab:

PBX System Options g@

Generall Outbound |MEIH Extenzions | Maintenance

The Percentage of Outbound Channels: 4

If vou changed the items marked with ™, you need to restart the PEX.

Percentage of outbound channels is for outbound calls. PBX default uses half channels
for outbound, and keep half channels for inbound calls.

MOH Tab:

PBX System Options

General Dutl:u:uunu:ll MOH | Estenzions | Maintenance

[ 1 Randomly play music files in MOH folder

If you changed the items marked with **, you need to restart the PB.
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Extensions Tab:

PBX System Options : E| [z|

| General | Outbound | MOH | Extensions | Maintenance |

Maw SIP Estenzion Register Expire Secondsz: | 3600 [EB0-3600] =u=

Allows extenzions ta try inbound dialplan

If yous changed the ikems marked with =, you need bo restart the PEE.

Maintenance:

PBX System Options E@

| General || Qutbound || MOH || E:-:tensiu:un$| Maintenance |

Festart evemn day at; I:I Sample: 0300, or 21:10, or blank meansz dizabled

If you changed the items marked with . you need to restart the PBX.
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6.4 Folders and Logs

*-: PCBest Networks SIP PBX v3.12 (Admin Tool)

File  ©Options  Manage | Server | Operations  Auto Dialer |
Special Murmbers
o Metbworks
Extensions Swskem Options
SIP Accounts | Fold |
Dial Plans e
- ACD Agents Prooy Sites

Server Folders E[E

Folder of MOH[Muzic On Hold]

|::;'-.,r,.3r.-. kST SIPPE Y34 natallsmaohy | Browse .

Al wavw filez in thiz folder must be ane of the following three formats:;
PCH 8E 1Ebit mono ulaw SE Sbit mono Alave 8K Bbit mono

Folder of Log File

Log file name iz gtpbxlog.t«t, please specify where pou want the log file to be saved:

| C:MemphsdkhiG T SIPPERy 3 nstallogh [ Browse.. |

Log Level

{(*) Dizable ) Emor 3 Alert i) Debug ) Full

Folder of Repart Files
|C:temphadkGTSIPPEXy3Mnstallreport' [ Browse... |

Folder of Recarding Files
|C:MemphsdkiG T 5IPPBRy 3N nstallvecord [ Browse.. |

Folder of Woice kail Box

|C:Mtemphadk G T SIPPEXY 3 nstallwnbh [ Browse.. |

'ou need to restart this P to make the change effectivel

Enable Log: Please set log level to Full, and after restarting PBX, you should be able to
find log files in log folder.
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7 PBX Developments (Pro Only)

7.1 Plugin
7.2 Manager Client Application (V3 only)

7.3 Database Development (V3)

8 Session Border Controller (SBC)

Sometimes you have need to transfer calls between LAN and WAN. PCBest SIP PBX
has flexible features to allow you do so.

First you will need to listen on all NICs for SIP address, by setting it to blank:
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=

- R
o=l Metwork - - —— - — Elﬂlg

SIP Networks | Audio/Video Codecs | Email SMTP Server | RTP | SIP Account | Cther |

S|P P Address: | - | Leaveit blan R works on all possible

|Ps
Default: 5060

SIP Protocal: UDP [ TCP

SIP Port:

RTF Port From: 13200 Default: 19200
RTP Port Space: 4 The port space between each channel. Default 4
Intemal: 8522

STUM serveris used to discover PBXs
STUM Server: public 1P
DTMF Method: Autof{linband Audio or RFC 2833) -
Public IP &ddress: If your machine is DMZ, or has fied public

|P address you wart to use it in SIP

‘You must restart this PEX to make the change effective!

P

— y

- i -

Then we can set up the individual cases.

8.2 WAN to LAN

8.3 LAN to WAN
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9 PBX Database Structure

9.2 cfg_sipaccounts

ID: the index of this record in DB table

DisplayName: Display Name of the SIP account. It is different than UserName.
DisplayName usually can be set to anything for your preference, like your own name.

UserName: the account name that SIP provider gives

DomainServer: the domain name that SIP provider gives, usually it is SIP provider’s
website name, or IP address

ProxyServer: in the most of case, leave it blank or the same as DomainServer if SIP
provider didn’t give.

AuthName: it is the same as UserName usually, unless SIP provider has a different one.
Password: the password of this sip account

ExpireSec: how many seconds to register on the server. After that period, PBX will re-
register the account and keep it alive for the SIP provider.

RegWithProxyServer: If register with SIP provider to receive inbound calls. 1: register,
0: not register

DIDS: The DID number of this SIP account.
Disabled: 1 = disabled, 0 = not disabled

ModTag: If modified by GUI program and not updated to PBX service. 1 = Modified, 0
= not modified

AcceptOtherID: When calling out, if this SIP account accepts other ID

UseLocallPInFrom: If it can use local IP address in From(for outbound calls) rather
than DomainName

MappedExten: mapped extension id
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AppendExtenID: if append the extension id to from
SIPProtocol: 0 = RTP, 1 = TCP, 2=SIPS(SIP on TLS)
SIPTrunk: ifitis a SIP trunk. 1 = yes, 0 = no

UseSRTP: if use SRTP. 1 =use, 0 =no

Each field in cfg_sipaccounts mapping to GUI:

Basic |DIDs |Peer2Peer | RTP |
SIPTrunk
[] ttisa SIP trunk
DisplayMame
Digplay Mame:

UserMame
Izer Mame:

Sample: Bob Wall, Compary1, Trunk1

Sample: 7184773245, 1007, or Mike

DomainServer
SIP Domain:

ProxyServer
SIP Proogy:

SIPProtocol

Sample: pchest net, voip.com

Sample: pchest net, usually same as domain

|
|
|
|
SIP Pratocal: ® upp O TCP ) SIPS(TLS)

)&rt%thgﬁm? | | Sample: 7845, usually same as UserMame
Password
Password: | | Your secret code
ExpireSec
Expire Duration: |36DD | In seconds, default is 3600 = 1 hour
RegWithProxyServer

[+ Register with SIP proxy server to receive incoming calls

o ok ¥ cancel
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| Basic | DIDs | Peer2Peer | RTP |

DIDS
0 Add
== Remove
AcceptOtherD
H IUze above first DID or arginal caller id for outbound call{Usually check this boo onby if your
this 5P account accepts from id rather than usemame)
AppendExtenID)
[] Append extension's id to above first DID as caller id when extension calls out

o ok ¥ Cancel

Peer2Peer |RTP

In order to make IP PBX workc with SIP gateway by peerto peer, you need to setup a

SIP account with nat registering on it. Some gateways dont allow their own ip

addresses in S|P FROM header, so this option allows you to use local ip address in SIP

FROM. Enable this option if IPPBX cannot make calls to gateway.
UseLocallPInFrom

[] Use Local IP Address In SIP From Header

Sometimes, you need your gateway warking in a dynamical |P environment, ar out of NAT.
Gateway can be set working as an extension of IPPEX, and registering on IPPEX.
You can map an extension’s contact address as this SIF account’s prosgy address, and
outgoing calls using this sip accourt will be forwarded to the extension’s ip.
Check the following option to enable this feature:

MappedExten
[] Mapto Extension: 1001
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o Add SIP Account = = -

|Basiu: IDIDS IF‘eerZF‘eer| RTP |
UseE TP
[] Use SRTP for calling out from this SIP account

oK g Cancel

9.3 cfg_extensions

UserName: Extension number, like 101, 1201. It must be unique to the whole PBX. This
is also the ser name for SIP phone extension.

RealName: Like Bob wall, Mike Smith. Used to mark extension’s name.
Password: The password for SIP extension registration.

Email: Extension’s email address

AltPhoneNumber: outbount caller id

RegSDKTime: Internal use only, record extension register time in Unix format
RegisterTime: Internal use only, record extension register time

RegisterExpire: Internal use only, record extension register expire seconds
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ContactAddr: Internal use only, record registered extension contact address
RegFromID: Internal use only, record registered extension from ID

RegTolD: Internal use only, record registered extension to ID

UAName: Internal use only, record registered extension user agent name
NATType: Internal use only, record registered extension NAT type
MsgWaitingCount: Internal use only, record registered extension waiting VM count
MsgTotalCount: Internal use only, record registered extension total count of messages
MsgAccount: Internal use only, record registered extension message account
VoiceMsg: Internal use only, record registered extension voice message
PriorityLevel: extension type, 1 = normal, 8 = supervisor, 16 = virtual
VirtualExtenDestAddr: Virtual extension outbound address or number

ACDCallMethod: Method to answer ACD calls. 0 = Once registered. 1 = Once
Connected with PBX special number(*9000).

RingTimeoutSec: How many seconds to forward calls after ringing. 0 = no ringing
timeout

CallForwardingPlan: if it is ", it means it is this extension's voice mail box
RecordCall: 1 = Enable call recording, 0 = not recording

AcceptOtherID: if the extension accepts other called id rather than extension’s username
RestSeconds: Reset interval in seconds for ACD group call distribution

VMBORn: 1 = enable VVoice Mail Box, 0 = disabled

VMBPrompt: VMB prompt audio path

VMBEmail: Email address to receive the voice mail

VMBMaxLength: Maximum length of each voice mail in seconds.

VMBPassword: Voice Mail password, only digit, maximum 4 digits.
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ModTag: If this line has been modified.
AuthType: 0 = Proxy, 1 = WWW, 2 = NONE

OnlyAgentLogin: ACD agent must login to use this extension. Usually only check in a
call center.

MappedContactAddr: Internal use only, record registered mapped network address
RegSrclP: Internal use only, record registered extension source IP

RegSrcPort: Internal use only, record registered extension source Port
MultipleCall: Allow this extension to accept multiple calls simultaneously.
MaxRegExpSec: Maximum SIP Registration Expiration in seconds

UseSRTP: Extension is enabled to use SRTP. 0 = no, 1 = yes, for every call
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Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound | SIP | RTP_ |

UserName
Extension: | |
FealMName

User Name: | | (Sample: Bob wall, Mike Smith)

Password
Password: | | {The password for SIP extension registration)
Email
Email: | |
PriorityLevel
Bxdension Type: |Nomal ] |
VirtualExtenDest2rddy

Virntual Bdension Outbound Address or Number: |
(Use outbound dialplan rule to set outbound number, sample like 5123456, f you have defined
outbound dialplan for 5. Or use SIP address format like: 123@sipprovider.com, or
“[@sipprovider.com. ~ means forward the orginal called id. You can also use
“[@outbound-dialplan-name, which means forwarded orginal called id to an outbound dialplan)
AuthType
IP BExtension Authrization Type: Prosgy W |

(Sample: 101, 1001. Must be unigue to the whole PBX,
This i also the user name for SIP extension)

/' Add Exension ¥ cancel

Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound | SIP | RTP |

AcceptOtherIDd

[] Forwarding original called id to this extension
When forwarding calls to this extension, also keep orginal called id in 51P message. By
enabling this option, the 5IP extensions can get the orginal called id and do some DB
searching work for the call, but some S1P phones will reject the calls i the called id is not the
same as the 5P account set in configuration.
For virtual extension, by checking this aption, the call call reach original called id by using sip
accourt it is set.

[] Enable Call Recording EecordCall

Method to answer ACD calls — ACDCaliMMethod
® Onceregistered () Once connected with pbx special number(~3000)

FestSeconds
Rest Interval(ln Seonds): ICI Used for ACD Group when distibuting calls to this
eatension. This will give the extension some
OnlyAgentl ogin seconds interval for next call.

[] ACD agent must login to use this extension. Usually only check this option it is call center.

IultipleCall
[] Milow this extension to accept muttiple calls simuttaneoushy.

/' Add Exension ¥ cancel
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| Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound | SIP | RTP |

VMEOn
[+] Enable Voice Mail Box Set Voice Mail Box

VMEPrompt
Woice Prompt: | !

Please give an audio file for voice mail box prompt. You can record
it by Windows recorder. The wav file format must be 8K 16kt PCM
mano, or 3K 3bit mulaw/alaw. k will use default audio i it is blank.

You can set a plugin name to route the call for your own defined
voice mail box instead of giving a voice file name.
VMBEmail

Email: |

The email address that voice mail audio file will be sent.
VIBMaxl ength
Mz Duration:  |[600

Max length of each voice mail in seconds. Default value is 600
seconds, which is 10 minutes.

VhEPassword
Password: Digits onby. Madmum 4 digits.

o oK ¥ Cancel
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| Basic | Advanced | Voice Mail Box | Call Forwarding | Quthound | SIP | RTP |
RingTimeoutSec
Forward calls after E seconds ringing. 0 = no ringing timeout.

Forward calls to: - CallFerwardingPlan

(® This extension’s voice mail box

() To dialplan: | W

[] Mways forward calls according to above setting.

| Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound |SIP - | RTP |

AltPhoneMNumber
Outbound Caller 1D: | |

Set an unigue caller id for outbound calls from this extension. Note: the outbound dialplan’s sip
account must enable "Use above first DID or original ....".

in cfg_attr table, the attr fne is 1002, item id is the extension usermame, value is pin code

A code extension has to dial first inta PEX, then call out.
The code length can be 3-6 digits. Like £31, 2468.
Bxtension user will need to call pin code first to hear a dial
tone, then dial the outbound dialplan number with & sign at
the end.

Pin/Account Code:
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| Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound | SIP |RTP |

MaxRe Sec

Maximum SIP Registration Expiration in Seconds: D 0 = not set, otherwise 60-3600
Mote: Some S|P phones may not take the value from the server and still use its original expire
seconds to reseqister. f you are seeing this extesion has become offline since this change, then
please set it back to 0.

[ Basic | Advanced | Voice Mail Box | Call Forwarding | Outbound | SIP | RTP |

UszeSETP
[] BExtension iz enabled to use SRTP
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9.4 cfg_dialplans

table to record dialplan settings.

DialPlanName: Dialplan Name

CallDirection: Dialplan call direction, for inbound or outbound

Caller: The caller id to match this plan

Called: The called id to match this plan

CallPlan: Plan Template

DestAddress: Plan template name or destination

OutboundPreStrip: Outbound called number prestrip before dialing out
OutboundPrepend: Outbound called number prepend before dialing out

OutboundSIPAcct: SIP account index. The first SIP account index is recorded in first 8
bits, the second is recorded in 0xff00, and the third is at 0xff0000.

OutboundCallerID: not used

ExtenPriorityLevel: not used

TimeLimited: 1 = enabled time schedule, 0 = disable time schedule
TimeStartHour: time schedule start hour

TimeStartMinute: time schedule start minute

TimeEndHour: time schedule end hour

TimeEndMinute: time schedule end minute

TimeDay: time schedule day of week

ExtenMembers: selected extensions or agents which can use this dialplan

ModTag: If this dialplan has been changed by GUI and not refreshed into PBX
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DialPlanindex: internal use, for index of a dialplan

Basic |Tme5d'nedde | Extensions or Agents |
ame
Plan Mame: | | Ary name you like to give for this plan
CallDirection
Call Direction:  ® Inbound () Cutbound Which call direction the plan is for
C%ﬁjéfhumber: | v | Blanke f no limit on caller. Use *for any number, and
?for any one digit. You can use @ for calls on
Called specific |P/domain in SIP format. For example:
Called Number: | v | *@1592.168.0.2
CallPlan DestAddress
Plan Templete: |Auto Attendant(IVR Menu) vl | w
Fﬁ);_g::_ig?nd.l‘re ETEP | Outbound called number pre-strip texd
For example: prestrip text for called number 5°is 5.
Dutbou:(édl‘re end
Pre-append: | Pre-append string after pre-strip.
CutboundSIP Acct
Use SIP Account: | v | Which 51P account you want to use for oubound call
{OutboundSIPAcct & Uil ==
Alter SIP Account: v | Second SIF account in case the first one is offline
o Fish ¥ Cancel

- Time Schedule | Bxtensions or Agents

E Enable TimeLimited
TimeStartHour: TimeStarthinute TimeEndHour TimeEndMinute
Time: From | | To: | | Ex: 5:00 and 17:00, 19:30 and 6:30

[] Monday [] Tuesday [ | Wednesday [ ] Thursday [ ] Friday [ ] Saturday [ ] Sunday
TimeDay
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e Dian Plan == -

| Basic I Time Schedule | Extensions or Agents |

All Bxtensions or Agents Selected Bxdensions or Agents Set Extensions or Agents
ExtenMembers

Finish g Cancel

9.5 cfg_huntgroups

table to record all hunt groups (ACD groups)

Name: The name of hunt group

Type: The type of hunt group, Linear/Circular/Most Idle/Most Skill
PlayMOH: If play music on hold when waiting

MOHD:ir: The directory saving MOH music files

DialplanDTMF: The DTMF which caller can press to go a dialplan

DialplanName: the dialplan name above DTMF routes the call to
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WaitTimeout: Caller wait timeout in seconds

WaitTimeoutTo: The call is routed to VMB or Dialplan
VMBDTMF: The DTMF to leave a voice message

VMBON: Voice Mailbox is on

VMBPrompt: Voice Mailbox Prompt

VMBEmail: Voice Mailbox Email

VMBMaxLength: The maximum length of a voice mail, in seconds
VMBPassword: Voice mailbox password

AgentType: 0 =Extension, 1 = Agent login, 2 = ACD login
Agents: Agent list

ModTag: If the record has been changed by GUI, and not refreshed/taken effect into
PBX service

MaxNumOfCalls: The max number of calls in queue

CallForwardingType: If reaching maximum number of calls, forwarding type, 0 = to
another ACD group, 1 = to dialplan

CallForwardingPlan: If to dialplan, the name of it

PromptQueuePosition: If prompt the position in queue when waiting
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Ary name you lilke to give to this ACD hunt group. Must
be unique.

With a linear hurt group, calls are always delivered to
the lowest-numbered available line.

In & circular hunt group, the calls are distibuted
"round-robin”.

In most-idle hunting, calls are always delivered to
whichever line has been idle the longest.

In mast-skill hunting, calls always go to the agents
wha have bigger number of skill level.

Music when watting D
PlayMOH MO
[] Play music when waiting. Music folder: | | Browse...

Prompt{ueuePosition
] F'rompq gueue position when waiting

ok

| Basic | Agerts | Advance |

Pleaze select agents that can accept calls in this ACD group.
AgentType

Agert Type: ® Bxtension  (F choose extension, calls will be delivered to extensions)
() AMgent (Calls will be deliver to the extension which agent has logged in on)
') Agent  (Callz will be deliver to the agent who has signed in explicithy for
the ACD group name, by caling ACD login special number)
Agents: Agents Available BEdensions or Agents:

1001
1002

= [
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o Add Hunt Group = |2 -

Advance
VOl Bex o BDTME
[] Enable DTMF: Settings
%gﬂl&{a&ialplan DialplanName

DTME: [ To Dialplan: | vl

Waiting Timeout or Mo Agents Ava“ahle‘t‘-'ait'l_'imeout

i calls waiting in the ACD queue for |I]I | (0 means never timeout)

seconds orthere are no agents logged in, then route the callto:  WaitTimeoutTo
_ CallForwarding Type .
® Voice Mai Box Defined Waove () Dialplan Defined Above

Choice for queue full
Maxdmum Mumber of Calls in Queue®

 reach maximum number of calls in quie:

0 means no limit
— CallF orwardingPla
® To another ACD group:

) To Dialplan: | W

oK g Cancel

9.6 cfg_parkingslots

Name: The name of the parking slot

DTMFStr: The DTMF or number to park the caller’s call to this parking slot.
PlayMOH: If play music on hold when waiting

MOHDir: The directory that has the music on hold audio files
DialplanDTMF: The DTMF to redirect the call to a dialplan

DialplanName: The name of the dialplan

WaitTimeout: The maximum wait time for a caller in parking slot
WaitTimeoutTo: 0 = Voice Mailbox, 1 = Dialplan defined above

VMBDTMF: The DTMF to leave a message
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VMBON: 1 = Voice Mailbox is enabled, 0 =no VMB
VMBPrompt: Voice Mailbox Prompt

VMBEmail: Voice Mailbox email

VMBMaxLength: The maximum length of Voice Mailbox
VMBPassword: The password of VVoice Mailbox

ModTag: 1 = changed by GUI, not taken effect by PBX service

a2 Edit Parking Slot == -

Parking slot is used to park a call, which can be picked up later by dialing the parking slot’s
rumber.

After an agent answersed a cal, he/she can input the parking slot’s number to park this call.
Once the call is parked successfully, the agent’s call will be automatically disconnected, and
another agent can dial the parking slot’s number to pick up that call.

Basic | Advance

MName

Parking Slot Mame: | | Any name. Sample: Slot 1
DTMFStr

Mumber: ! | | Sample: &1, #10,...
Music On Hold

] Plag.l:-‘lllﬁaa'}:ﬁf?vﬁen call parked

Music files from: MOHDr Browse...

0K g Cancel
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a2 Edit Parking Slot - |[of x|

Parking slot is used to park a call, which can be picked up later by dialing the parking slot’s
number.

After an agent answersed a call, he/she can input the parking slot’s number to park this call.
Once the call is parked successfully, the agent’s call will be automatically disconnected, and
another agent can dial the parking slot’s number to pick up that call.

Basic | Advance

Voice Mail Box 7 mmon VMEBDTMF
[] Enable Voice Mail Box DTMF: Woice Mail Box Settings

Hﬁﬁﬁﬁpﬁ&ﬁﬂf?lp'a” DiaplaniName
pTMr: [ ] To Dialplan: | v]

Waiting Timeout WaitTimeout

I the call waits in this Park Slot for ICI (0 means never timeout)

seconds, then route the callto:  WaitTimeoutTo

® Voice Mail Box Defined Above () Diaplan Defined Above

J oK g Cancel

9.7 cfg_ringgroups

Name: The name of this ring group
Type: 0 =ring all destionations at same time, 1 = ring destinations by order
PlayMOH: If play music on hold when waiting

MOMHDir: The directory that has the music on hold audio files
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VMBORnN: 1 = Voice Mailbox is enabled, 0 =no VMB
VMBPrompt: Voice Mailbox Prompt

VMBEmail: Voice Mailbox email

VMBMaxLength: The maximum length of VVoice Mailbox
VMBPassword: The password of VVoice Mailbox
AnswerCallFirst: 1 = answer the call first, then ring destionations

ModTag: 1 = changed by GUI, not taken effect by PBX service

a2l Edit Ring Group -0 x|

Basic  MName

Mame: | | Please give any name to this ing group
Type: I}-@ﬁ' Ring all destinations at one time () Ring destinations by order
Destinations zaved in cfg_dests

== Delete

Musichen ing MOHDir

[ | Play music when waiting. Music folder:

Voice Mail[:l;!m;
V1 =
[ ] Enable

Answer call first, then ring destinations. AnswerCallFirst

oK g Cancel
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9.8 cfg_paginggroups

Name: The name of Paging Group
DID: The unique number in the system to reach this paging group, ie 120
UseGroupName: Not used

ModTag: 1 = changed by GUI, not taken effect by PBX service

Basic Name

MName: || | Flease give a unique name to this paging group
DID
Mumber: | | |Unique number in system ta reach this paging group. ie 120

Destingtions  Defined in cfg_dests
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9.9 cfg_monitorgroups

Name: The name of monitor group

Number: Special number for supervisor to call. If it is a blank, you can still route the call
to monitor group by dialplan.

PasswordPrompt: The prompt audio file of password
Password: The password of this monitor group
KeyBargeln: When monitoring, press this key to speak

KeyBargeOut: When monitoring, press this key to jump out of conversation, and choose
another extension to continue

KeyWhisper: When monitoring, press this key to whisper to agent
ExtenPrompt: Prompt for inputting extension

ExtenAll: if monitor all extensions

Extensions: List of extensions

ModTag: 1 = changed by GUI, not taken effect by PBX service
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Basic |Fassword I Keystooperatel E:ta'm|
Name
Mame: I:l Ary name for this group. Must be unigue in whole system.

MNumber: b Special number for supervisor to call. f it is blank, you can still

route call to monitor group in dialplan.

Basic | Password | Keys to operate | Extensions |

Password prompt is the sound to ask caller to input the password. Sample sound would be like
"Please input password”.

Password Prompt

Password Prompt: |C:"~5|F‘F‘EXV3\audio\P|ease-erﬂa’-password.wa\r | | Browse...
Passwaord
Password: | Leaving it blank will ignor the password checking.
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o Edit Monitor Group -8 -
Keys to perate | Extensions

KeyWhisper
Key to start whispering to agent: When monitoring, press this key to whisperto agent.

KeyBargeln

Key to en%ble talking(Barge-In): l:l When monitoring, press this key to speak.
KeyvBargeOut

Key to jump out of conversation: IEI When monitoring, press this key to jump out of

conversation, and choose another extension to
continue.

9.10 cfg_agents

Name: The name of the agent

Code: The agent code, digits only, must be unique. For example, 72000, 2100, 401
Password: The password for agent to login

RecordCall: 1 = record this agent’s call, 0 = not record

AtExten: Internal data, to record the extension number that the agent is logging in on
LogInTime: Internal data, to record login time

LogOutTime: Internal data, to record logout time

ModTag: 1 = changed by GUI, not taken effect by PBX service

SkillLevel: 0-100, the bigger skill number, the higher priority to get the calls from ACD
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Paused: not used or applied
o

Agent information
Name

Code
Codew [ ]

Password
Password:

[ ]
SkilllLeve
S
RecordCall
[ ] Enable Call Recording

PC Best Networks SIP PBX Reference

Edit Agent = |ol x|

Cptional. Ay name. For example, Agent1, Bob, Grace
Digits onby. Must be unique. For esxample, 72000, 2100, 401

Password for logging in and out. Digits only.

0'- 100. The bigger skill number, the higher priarty agent
has to get calls from ACD.

oK

g Cancel

9.11 cfg_ivrsubitems

DTMFStr: the DTMF string to active submenu

IVVRMenuAction: the action of submenu

IVRMenuSoundFile: the sound prompt file of submenu

IVRMenuTransferTo: the transfer destination according to the action

BelongTo: parent menu’s name, in the cfg_ivrs.

9.12 cfg_ivrs
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MenuName: The name of IVR menu

Action: not used

MenuSound: the prompt of this ivr menu

TransferTo: not used

MenuDTMFWaitMS: how many milliseconds to wait
DTMFAcceptExtenWaitMS: waiting milliseconds
DTMFAcceptExten: if accept extension number in this IVR menu

ModTag: 1 = changed by GUI, not taken effect by PBX service
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o Edit IVR Menu = = -

cfg_ivrs.Menuflame

VR Menu Mame: | Please give an unigue name, like "IVR1", "MainMenu".
C:E_i""”" MenuSound
Prompt: | | | Browse. .. |

Sample sound: Welcome to ABC company.  you know the extension, please dial it now. Otherwise, press 1 for sales.
press 2 for customer support. press 3 for biling department. Stay on the line for operator. Sound file must be 8k 8bit mono
mulaw or alaw wave file, or 8k 16bit mono PCM wav file.

virs .M DTMFWaitMs
Miliseconds to wait for DTMF keys: _ cfﬂ'lﬁsgcn;as = ial

Menu Options

c:g-grﬂﬁsuhiterrs E‘F’”F‘%Eé“rﬁ biank, jump to action directly) fﬁ?’%nu.&.ctiun ;?ﬁfﬁf‘eﬂiﬁ’ﬁansseﬂu
|N,-’.ﬁ. v| |IVR'-’enu5|:|undFile || Browse .. | |Tnannthermenu v| PCBestAA v|
|N,-"A v| | || Browse... | |T|::u another menu v| |F‘CEestM v|
|N,-"A v| | || Browse. . | |T|::u another menu v| |F‘CEestM v|
|N,-’.Pu. v| | || Browse . | |Tn another menu v| |F‘CBestF|.ﬁ. v|
|N,-"A v| | || Browse... | |T|::u another menu v| |F‘CEestM v|
|Nf.ﬁ. v| | || Browse .. | |TD another menu v| |F‘CEestP4.ﬁ. v|
|N,-’.Pu. v| | || Browse . | |Tn another menu v| |F‘CBestF|.ﬁ. v|
] CACECE!;‘tUEﬂEf?F:II—GHFSH ﬁgtip} Er::ut Er?able this option, your custnmer ma'_.r né’er::lstoDJErFHcceptEXten“m-Fs;cnnds

on the menu, because of the fact: f you have extensions begining with 1, like 101,102, Also you set above DTMF
menu to accpet 1 to forward calls to ACD group. When users stay on this meanu, and input 1, pbx needs to
determine if users want to reach ACD group or want to reach an extemsion. So pbe will wait above amount of
milliseconds to see if users have more inputs. To avoid delay user experience, you can set your extensions
begining with & ar 7 for example(Leave & or 5 for outbound rule).

3_/ oK g Cancel

9.13 cfg_autodialertasks

Name: the name of this auto dialer tasks

Enabled: 1 =enabled, 0 = disabled

106



PC Best Networks SIP PBX Reference

TypeCode: job type code, between 1-32767. This value matches the field ‘Type’ of
auto_dialer_jobs table. Give a unique value for each task.

SIPAcct: The sip account to be used for outbound call

DialPlan: The dialplan to run after the call is connected
RingTimeout: in seconds for ringing

MaxSimCalls: How many calls simultaneously for this task
ModTag: 1 = changed by GUI, not taken effect by PBX service
EnableDetect: Enable human voice and answering machine detection

DiscAfterDetect: Disconnect call after detection

a2l Edit Outbound Auto Dialer Task |;|£-

An outbound task iz a group of calls which has the same call actionidialplan).

You can define as many as outbound tasks you want, but each task must have different type code.
Each task will pull outbound call jobs, which has the same type code, from auto_dialer_jobs table, and
process jobs on ide channels. Once the call is done, it will be saved back into auto_dialer_done table.

Basic | Advanced

Name
Name: | | Ary name. For example, Task1, Surveyl

nabled
Enable this task, so phbo will pick up jobs from database.

-|I,!,p§ %ﬁg? ICI A small integer code to distinguish taks in call jobs table{1-32767).
’ This value matchs to field Type” of auto_disler_jobs table, and is

used to distinguish outbound tasks. Please give a unigue value

each task.
SIPAcct
SIP Accourt: |'|2D14.?_srt|:| W | SIP accourt used to call out
DialPlan
Dial Plan: |ED|‘|D’EES’E W | Inbound dial plan to be used when call is connected.

RingTimeout

Stop Ring After: D seconds
MaxSimCalls
Mac sim calls for this task: ICI 0 means no limit.

ok g Cancel
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ol Edit Outbound Auto Dialer Task |=[a x|

An outbound task is a group of calls which has the same call actionidialplan).

You can define as many as outhound tasks you want, but each task must have different type code.
Each task will pull outbound call jobs, which has the same type code, from auto_dialer_jobs table, and
process jobs onidle channels. Once the call is done, it will be saved back into auto_dialer_done table.

Advanced

EnableDetect
[] Enable human voice and answering machine detection.

Detection result will be saved into Detect Result column of auto_dialer_done table.
0 = Answering Machine

1 = Human voice

2=Fax

-1 = gilence (no voice at all)

-2 = detected voice, but unknown .

-3 = unknown

DizcAfterDetect

[] Disconnect call after detection is done. Don't run the dialplan of this task.

Othenwisedf uncheck), it will run the dialplan set in the Basic tab.
Sometimes you want to do different things according to detection result.
You can achieve this by writing your own plugin and set it in the dialplan.

' oK 8 Cancel

9.14 cfg_pickupgroups

Name: the name of this pickup group
MemberType: 0 = extension, 1 = agent
Members: a list of extensions or agents

ModTag: 1 = changed by GUI, not taken effect by PBX service
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a2 Edit Pickup Group - o x ]

Piclkup Group

Name

MName: | | Any name, lilke group 1

MemberType

Type: |Extensinn v|

Members

1001

o0z |

[] 1003

9.15 cfg_conferencerooms

Name: The name of this conference room

ModTag: 1 = changed by GUI, not taken effect by PBX service. 0 = already read into
PBX service

MaxCallNum: Max number of users allowed in this conference room
JoinPrompt: The prompt when user join into the conference
LeavePrompt: The prompt when user leave the conference
MOMHDir: The directory for Music on hold sound files

DiscCall: Disconnect the last user when others have left

HostPW: Conference host’s password

HostPrompt: Conference host’s prompt

RecordCall: 1 = record conference call, 0 = not record

EveryonePW: if everyone needs a password, 1 = yes, 0 = no
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Basic | Advanced

Corference Room Name: Name
| | Must be unigue. Sample: Conf 1, Tech Conf Room,...

Mz number of usersiconcument calls) allowed in this conference room:
MaxCallNum
D 0'means no limit. Maxdmum 16.

User join4n prompt:  JoinPrompt
C\SIPPBXv3\audio'\cort-join.wav

User leaving prompt: |eavePrompt
|C:"\S |IPPBX¥v3audiotcorfleave wav

When there is only one user in conference room, play music in folder:

[CASIPPBXv3\moh  MOHDir

o oK

Advanced

DizcCall
[+] Disconnect last users call when others have left.

HoHst F‘gsﬁsl.:mrd Protection
F,DS - I:l 4 digits. Like 1234, or 3876. Leave it blank for no
asswaord: password protection.
HostPrompt
Prompt:  |C:\SIPPBXv3\audio\conf-host wav || Browse..
EveryonePW
[] Attendances need password to access conference room

RecordCall
[] Record Conference Conversation
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9.16 cfg_calllimit

DialPlan: Can be dialplan name, or extension name, or sip account name.
Seconds: How many seconds to allow

RoundupSeconds: Roundup seconds

ol Call Time Limit Rule |;|£-

Edit Rule
Dialpl:u“

Mame:

v]

MName can be dialplan name, extension name, sip account name. You
can pull down the combo box to select already existing dialplans,
extensions, or sip accounts.

It also accepts 7 and *. 7 means any one character, and ~ means any
characters.

For example, if you want to only give all 3 digits extension starting with
2 a mount of outbound call time, you can set name as 277, if you want
limit all callers starting with 3, you can set 37

Seconds EoundupSecond
Seconds: ICI Roundup Seconds:
Some system roundup usage as minutes, so

here you set 60. Some system round up to &
seconds.

oK g Cancel
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