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1 Introduction

PC Best Networks provides NO.1 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
VoIP 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 Il with 512MB RAM, Windows XP or Vista

Our contact information for support:

Email: support@pchbest.net

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

Size  Type Date Modified
7,459 KB Windows Installer P... 40802010 11:56 &M
421 KB Application 462010 11:56 AM

3. Run setup.exe. Under Window?7 or 2008, please right click setup.exe, and run as
administrator.

i SIP PBX v3

Welcome to the SIP PBX v3 Setup Wizard

The ingtaller will guide pau thrauagh the steps required toinstall PCBest Mebworks SIP PEX «3 an
Waur computer.

WARMIMG: This computer program i protected by copyright law and international treaties.
Ilnauthorized duplication or distibution of thiz program, or any portion of it, may rezult in zevere civil
ar criminal penalties, and will be prozecuted to the magimunm extent pozzible under the law.

Cancel

Click next.
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i SIP PBX v3

Select Installation Folder

The ingtaller will install SIP PE w3 ta the following folder.

Toinztall in thiz folder, click "Mext”. Taoinstall ko a different folder, enter it below ar click "Browse"'.

Enlder:
C:AProgram Filesh\PCE ezt MetworkshS1P PEX » 34 Browse. ..

Dizk Cost...

Install SIF PEE «3 for pourzelf, or for anpone who uzes thiz computer:

" Everyone

f* Just me

Cancel < Back

Choose where you want to install the program, and who can access it.
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i@ SIP PBX v3

Confirm Installation

The installer iz ready to install SIP PEX 3 on vour computer.

Click, "Mext'" to start the installation.

Cancel < Back Heut »

Then confirm the installation.
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i SIP PBX v3

Installation Complete

SIF PB* +3 has been successfully installed.

Click "Cloze" o exit.

Pleaze uze Windows Update ta check far any critical updates to the WET Framewark.

It is done.

Some customers reported they encountered error 2869, and installation cannot be
completed. For this error, it is because of the errors in your Windows registry.
There are several ways to solve it(choose one of them):

a. The 2869 error is a common error regarding MSI files when they are executed in
Windows due to the user access control. A workaround for this error is as follows:

1. Run a command line as an administrator. This can be done by clicking on the start
menu and typing CMD . When the option appears, right click and select Run as
Administrator.

2. Run “msiexec /i PBXv3Setup.msi” in the command line, in the directory of two
installation files:

Mame Size  Twpe Drate Modified
ISPy 3Setup. msi | 7,459KB  Windows Installer P..,  4/6/2010 11:56 AM
:.L'_‘}setup.exe 421 KB  Application 416/2010 11:56 AM

b. Under Windows 7, 2008, or Vista, please right click setup.exe, and run as
administrator.
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*% Services
File  Action ‘iew Help

mERR RE >

% Services (Local) %, Sorvices (Local] I

SIP PBX v3 Marne Descripkion Skatus Startup Tvpe Log On As £
%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
2 NS1P PEY v3 Manual cte
%Smart Card Manages a... Marual
%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

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

For V2, you don’t have to setup database in order to run.
V2 is NOT a service application, so you won’t see it in Service list like above picture.

4. Setup Database.

From 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 to 5 about how to setup
without MS SQL Server.

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?id=29062

32bit OS download one of the following:

10
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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:
ENUW64\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":

Open
g g Run as administrator
E Troubleshoot compatibility

|| gtsimplephone

|4 jre-Tull-windows-i58 LI
|©4] Microsoft Visual Studi) B Add to archive...

| SQLEXPR_x86_EMNU B Addto "SQLEXPRWT x86_ENU-2012.rar"

B SQLEXPR_xB6_EMU-sp. =2 Compress and email...

57 SQLEXPRWT 86_ENU =2 Compress to "SQLEXPRWT x86_EMU-2012.rar" and email
17| SQLEXPRWT_@6_ENU = Extract files.

Extract H
5 S0LManagementStud ract mere
— B Futract to SO FXPRWT «8/ FRLI-201 7%

Choose new SQL server stand-alone installation:

11
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("%5 sQL Server Installation Cente

Planning % New SQL Server stand-alone installation or add features to an existing installation

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

Installation
features 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:

12
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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:

13
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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

14
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-
%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

15




PC Best Networks SIP PBX Reference

[+ — 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

16
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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

17
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Choose Mixed Mode, and set password for account sa. NOTE: please write down
your 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

18
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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
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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

20
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p
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

21
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Run "SQL Server Management Studio™:

Adobe Open
s A '@' Run as administrator

Troubleshoot compatibility

Scan for viruses

by

oS 4

I:l:ll:lgha GpEﬂ file location
Add to archive...
Add to "Ssms.rar”

Compress and email...

Chrome

(i iy G i

Compress to "Ssms.rar” and email
& Pin to Taskbar

Kacnerclr

Pin to Start Menu
| Kaspersky Internet Security 2013

| Maintenance Restore previous versions
| Microsoft Silverlight Send to .
| Microsoft Silverlight 3 5DK
. Microsoft Silverlight 4 SDE Cut
| Microsoft Silverlight 5 SDKE Copy
; Microsoft SQL Server 2008
| Microsoft SQL Server 2012 czoz

a Download Microsoft SQL Server Co @ Rename
J, Import and Export Data (32-bit) Properties
= S0L Server Management Studio

| Configuration Tools
. Integration Services

22
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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":

o Micosof QL Senver Managemert Studio (dnEHaton il

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

23
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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.

5. 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.

24
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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.

6. 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):

25
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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!.

7. 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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I WinkFcap Fpplication to change the cf)
i Wireshark.

@ Lexmark 7600 Series 4

all Programs B

Manager Client Sample

[@ Microsaft A5P.MWET 2.0 8J4Y Extensions  # SIP PE: Adrmin Tool

f;ﬂ PCEest Metw SIP PEX v3 Reference

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

PC Best Metworks SIP =

File ~ Options Manage Server Operations  Auto Dialer Search  Help

- PBX

(Sart P51

[2013-04-22T22:35:37] DEVersion:3.56 AppVersion:3.56
[2013-04-23T22:35%:37] S5IP PBX w3 Service ig NOT running! Please click Start PEX menu.
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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
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-é PCBest Metworks SIP PBEX v3.10 (Admin Tool)

File | Options | Manage  Server  Operations

"9 | SIP Accounts(External Lines)
3- PE: Extensions
Hunt Groups(ACD)
Parking Slots

Ring Groups
VR Menus
Conference Rooms

Dial Plans

29



PC Best Networks SIP PBX Reference

- A
a5l SIP Accounts{External Lines) @M
SIP Account is the registration information for another SIF system. Typically it can be an
eatension of another PBX, or an account from ITSP{Intemet Telephory Service Provider).
Tested ITSPs
SIP Account List
Display Name |User Mame Domain P ooy
ED:IMd [ﬂaﬂn “ﬁ[ﬁl&lae‘ oK

-

o Add SIP Account

Basic | DIDs

Display Mame: MyExtenline1

User Name: 4321
SIP Domain: sipery.com
SIP Proogy: sipsrv.com

Authorzation: 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 serMame

———

Password:

Expire Duration: 3600

Reqgister with SIP prowy server to receive incoming calls

Your secret code

In seconds, default is 3600 = 1 hour

<+ oK
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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 Metworks SIP PEX v3.10 (Admin Tool)

File | Options | Manage Server  Operations

SIP Accounts(Bxternal Lines)

- PBY Extensions
Hunt Groups{(ACD)
Parking Slots

Ring Groups
VR Menus
Conference Rooms

hal Plans

-
g5 Extensions lilﬂlﬂ

Extension MName Email

O Add HLQEdn ‘ ‘ﬁDele‘te‘ o ox
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P h

o) Add an extension = | B |-

Basic | Advanced | Vioice Mail Box | Call Fur'.\lardingl

Estension: 101 {Sample: 101, 1007 Must be unigue to the whole PEX,
This is also the user name for S5IP exdension)

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

Passward: - {The password for SIP extension registration)

Email: Mike @mycompary.com|

Extension Type: Momal -

Virtual Bxtension Outbound Address or Mumber:

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

IF Extension Authrization Type: Proxy -

‘ f Add BEdension ‘ ‘ g Cancel

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
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File  Opt
i

ions  Manage  Server

Operations
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Help

=& PCBest Networks SIP PBX v3.m_blﬂ|g

Auto Dialer

& Webphone - Wind... @EE

= PEX

= Dial P
fln

=R Extensions

- Parking Slots

D i

lans
bound1 m

Exten

Name

Status Contact

IdleFrom

= Norton-

Mike

- | Uplidle) 192.168.101.43

2010-03-20 11:

Offline

20100320 11:

« &~

Q O = |g, http:/fwww.p. * | 2] |
@ 6

B -

2010-03-20 11:

Super

Offline 1‘\

2010-03-20 11:

oy

- Fl I

I

7 Favorites | 95 (€ Suggested Sites

| @ Webphone

far

[2010-03-20 11:26:02] 5IP PBX v3 Service is NOT running! Please click Start PBX menu.
[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

3.2 Auto Attendant

01 02| @@@
D
S oS

ool )"
e

g

-

In order to implement Auto-Attendant, we need to set an IVR Menu first to play prompts.

J-Q PCEest Networks SIP PEX v3.10 (Admin Tool)

File

Options | Manage

Senser

Operations

5IF Accounts(Bxternal Lines)

[+- PE>

Extensions

Hunt Groups{(ACD)

Parking Slots
Ring Groups

IVE Menus

Conference Rooms

Dial Plans
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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 Inbound1.

i
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 I.':' (=] éj

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.

'\5_41" Set Agents

Mame Type Agents

G |0 | Zo
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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

Then 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 Inbound?2 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 E |

ol Dian Plan = | B |-

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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£ 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
o
b Dy Iy Recording T
GTSIPRegistrar : - P ’
GTSIPSDK Mute Speaker in a live call
| audio(8KBBithMulaw) Mute Microphone m
© bin Show Camera Window b1
J doc

& Webphone - Wind... E@u

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

PC Best Networks SIP PBX Reference

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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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 ]
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tEl Parking Slots

BN=1(ES

Marne

Murmber

0,0 Add H Lﬁ E di ‘ ‘ & 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 IP 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.

52



PC Best Networks SIP PBX Reference

F

-
a-l Dian Plan E@ﬂ

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 Number: *  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. a
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. ||
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 '._ E'E'
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.

l“u"' Setd,
£ gents
L
M ame Type Agents
< >
o
00 Add | Edi == Delste f oK

«= 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[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?

62



PC Best Networks SIP PBX Reference

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

Server | Operations  Auko Dialer
dd Special Murnbers L

Metworks

File  Options  Manage

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

Dvewouery [y 5 A @ B ERES
= = s = | Change Type~ | ¥ e [2 | ¥ ﬂ.i
e — Table - dbo.auta_dialer_done ./ Table
TR D Type
NS ALLL AL

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:
Network AEE

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.

71



PC Best Networks SIP PBX Reference

Manager Port (V3 Only):

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
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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

Plugin allows you extend PBX’s feature. Plugins are external dlls that exist in "plugin™
sub folder, and are loaded when PBX starts. There are three C# plugin samples in pbx
plugin sub folder, for three types of PBX plugins, "IVRMenu", "Init" and "Routine™.

"IVRMenu" plugin is used to extend PBX's IVR feature. It allows you customize your
own IVR menu, or do your special routes before it reaches extensions.

"Init" plugin is executed when pbx starts and stops. For example, you can use your own
data from DB to set PBX parameters.

"Routine” plugin runs every one second, to let you do your own job for special purpose.
For example, restarting PBX regularly, or adding more extensions.

There are also five call states plugin, when the call state changed.
"Callldle"

"CallOffered"

"CallRinging"

"CallDialing"

"CallConnected"

In the PBX plugin sub folder, you can find samples of plugin.
4@ plugin

ConfAssist

CSCallldle

MyPEXPluginl

MyPBXPluginnit

MyPBXPluginRoutine

VEPluginlVRMenu

faaaee

MyPBXPluginl is a sample for IVRMenu type plugin. C# code.
MyPBXPIluginlInit is a sample for Init type plugin. C# code.
MyPBXPluginRoutine is a sample for Routine type plugin. C# code.
VBPIluginlVRMenu is a sample for IVRMenu type plugin in vb.net code.
CScCallldle is a sample for call idle type plugin. C# code.

ConfAssist is a sample for IVRMenu type plugin which call advanced conference
functions. C# code.
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How to setup a plugin project?
1. New a vb.net or C# project: (Choose Class Library)

PC Best Networks SIP PBX Reference

-
New Project .

— - = o e— B mma—
Project types: Templates:
B--Yisual C++ Visual Studio installed templates

""" ATL (FWindows Application i Class Library
""" CLR @Windows Control Library c‘s Console Application
""" General ¥ Crystal Reports Application (8 Device Application
""" QAFC s 59 Excel Workbook {Aoutlook Add-in
""" T"‘s:’t IR (2% ASP.NET Web Application 8, ASP.NET Web Service Application
..... e

Nl i Win32 My Templates

[=J- Other Languages
-. Visual Basic

- Visual C#

-- Visual J#

(- Other Project Types
[#)- Test Projects

ISearch Online Templates...

A project for creating a C# class library (.dll)
i

5

Name: ConfAssist

Location: CASIPPBXv3\Install\plugin

Solution: [Create new Solution
Solution Name;

l ConfAssist ‘

v Browse...

["] Create directory for solution

I OK Cancel

J |

[ Solution 'ConfAssist' (1 project)

= (G ConfAssist
G- [ Properties

E] & Refersences
-3S

Add Reference...

Add Web Reference...

#)] Classl.cs

-3 S*
-3 System.Xml

&3 Solution Explorer l@ Class View | Resource View

If you are using SIP PBX v2, please choose GTSIPPBX.exe in pbx installation

folder.
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If you are using SIP PBX v3, please choose SIPPBXv3.dll.

| & b
W5 Add Reference g
| NET | COM | Projects | Browse |Recent|
Look in: 7;7_ Install QO @
Name . Date modified 2
% SIPPBXGULvshost.exe 20/10/2013 10:02 ...
% SIPPBXSvc.exe 23/04/2013 9:53 PM
] SIPPBXSvc.vshost.exe 07/05/20139:11 PM
¢ SIPPBXv3.dlIl 22/10/2013 10:03 ...
% sox.exe 10/04/20106:01 PM ||
& yeti.mmedia.dll 14/03/20131:47PM
F1 soeti man Al 1AM2/30121.47 DM
< | ] | »
File name: "GTAPIASM dI" "SIPPBXv3.dl" v
Files of type: [Component Files {".dll;" tlb;" olb;”.ocx;” exe;” manifest) v]
[ OK ] [ Cancel ]

Alsoi yc;lj need add GTAPIASM.dII as reference.
Note: DO NOT forget to add reference “System.Windows.Forms”.

3. Write a class which implements interface 1sTPPBxP1uginClient
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# ConfAssist - Microsoft Visual Studio . 0. T
File Edit View Refactor Project Build Debug Data Tools Test Window Community Help

S RAERAN " - § JGL%IB"J--“I “L | b Debug + Any CPU - @ dtn
Bk FF=20P3 8380 R

 ClassLs | Stat Page

‘ﬁ ConfAssist.Classl v

Eusing System;
L using System.Collections.Generic;

using System.Text;

using SIPPBXVSi

[ namespace ConfAssist

{

= public class Classl : ISIPPBXPluginClient
{

[xoq|ool ,}gljajmdxa lanasg '%z

|-using SIPPBXv3:

E namespace ConfAssist

{
= public class Classl : ISIPPBXPluginClient
{
public const string RESULT DISCONNECTED = "Disconnected";
public const string RESULT ERROR = "Error";
private string m_strName;
private string m strIype;
private ISIPPBXPluginHost m Host;
= public Classi ()
o -
{
m_strName = Qg e
m _strType = "IVRMenu";
- }
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public void Start()
{
//get the caller and callee number
string caller addr
string callee_addr

Host.Channel.caller num;
Host.Channel.callee_num;
string caller num GTAPIASM.GTAFIEnv.GetSIPAddressiInfo(l, caller_ addr):;
GTAPIASM.GTAPIEnv.GetSIPAddressiInfo(l, callee_addr):

string callee_num

//if it is a job of auto diale
-

=
//use the following code to acces

if (Host.PBX Channel.call job != null
switch (Host.PBX Channel.call job.DetectResult)
case 0: // = Answering Machine
break

Please refer to C# or VB.NET plugin sample code for this part.

Let us open MyPBXPluginl.

For V3, it looks like this:
_: Solution MyPEXPluginl’ {1 project)
= [z MyPBXPlugin1
=1~ | _F Properties
#] AssemblyInfo.cs
= | References
A GTAPIASM

SIPPER3

A Svskem
A Syskem,Data
J Syskem, windows, Forms
A Syskerm, wml
#] Classl.cs

Please change the references about GTAPIASM, and SIPPBXv3 if they are not available
and pointing to right dlls.
SIPPBXv3 is SIPPBXv3.dll.

If you are using V2, it should looks like this:

81



PC Best Networks SIP PBX Reference

_: Solution ™MyPEXPluginl’ {1 project)
= (5] MyPBXPlugin1
=l | Properties
#] AssemblyInfo.cs
SRS el erences
A GTAPIASM
A GQTSIPPEX
+ Syskem
A System,Data
A3 Syskem,Windows, Forms
A2 Syskem. wml
#] Classl.cs

GTSIPPBX refers to V2’s GTSIPPBX.exe.

Please open classl.cs for less than 200 lines sample, which teaches you how to write the
plugin IVR sample.

Plugin Built-in Methods and Functions

Host.DisplayMenu
Display a menu, and accept DTMF inputs.

Format: string DisplayMenu (string audio_ fn, int maxDigits, string termStr,
int timeOut) ;

audio_fn: Audio file name in full path.

maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.DisplayMenuEx
Display a multiple-audio menu, and accept DTMF inputs.

Format: string DisplayMenu (List<string> audio files, int maxDigits,
string termStr, int timeOut);

audio files: Audio files in full path to be played.

maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.PlayAudio
Play an audio file.

Format: string PlayAudio (string audio_fn, int maxDigits, string termStr,
int timeOut) ;
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audio fn: Audio file name in full path.

maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.PlayAudioEx
Play an audio file.

Format: string PlayAudioEx (List<string> audio files, int maxDigits,
string termStr, int timeOut);

audio files: Audio files in full path to be played.

maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.RecordAudio
Record an audio file.

Format: string RecordAudio (string audio fn, int maxDigits, string termStr,
int timeOut);

audio fn: Audio file name in full path.

maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.DetectDTMF
Detect DTMF keys.

Format: string DetectDTMF (int maxDigits, string termStr, int timeOut);
maxDigits: The maximum digits to accept for the menu.

termStr: The string contains the digit which terminate the DTMF inputs.
In most of cases, it is "#".

timeOut: how long to wait. In milliseconds.

Return: DTMF string

Host.HangUp
Disconnect call.

Format: int HangUp () ;

Return: none
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Host. WriteLog
Write a log information in the PBX GUI output and log.

Format: writeLog (string logInfo) ;
logInfo: the log text.

Return: none

Host. ToExtension
Transfer this call to extension.

Format: bool ToExtension (string exten no);
exten no: the extension number

Return: bool, if succeed.

Host. TolVRMenu
Send this call to IVR menu.

Format: bool ToIVRMenu (string menu_name) ;
menu name: the IVR menu name defined in PBX.

Return: bool, if succeed.

Host. ToMonitorGroup
Send this call to monitor group.

Format: bool ToMonitorGroup (string mg_name) ;
mg name: the monitor group name defined in PBX.

Return: bool, if succeed.

Host. ToHuntGroup
Send this call to ACD group.

Format: bool ToHuntGroup (string acd name, bool set front);

acd name: the hunt group name defined in PBX.

set front: if set the call to the front of group so it can be answered
immediately.

Return: bool, if succeed.

Host. ToRingGroup
Send this call to ring group.

Format: bool ToRingGroup (string rg name) ;
rg name: the ring group name defined in PBX.
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Return: bool, if succeed.

Host. ToVoiceMailBox
Send this call to voice mail box.

Format: bool TovoiceMailBox (string exten no);
exten no: the extension number of which voice mail box being used.

Return: bool, if succeed.

Host. ToConferenceRoom
Send this call to a conference room.

Format: boo1 ToConferenceRoom(string conf name);
conf name: conference room name defined in PBX.

Return: bool, if succeed.

Host. ToPlugin
Send this call to another plugin.

Format: bool ToPlugin (string plugin name) ;
plugin name: another plugin's name.

Return: bool, if succeed.

Host. ToNumber
Forward this call to another phone number.

Format: bool ToNumber (string number, SIPAccount sip acct);
number: the number to forward.
sip acct: sip account to use for this call

Return: bool, if succeed.

Sample:
/lto another outside number
/[Host. ToNumber("<sip:123@192.168.1.100>", null);
/[Host. ToNumber("<sip:6781992@callcentric.com>", null);
/lor
/[SIPAccount acctl,
/lacctl.DisplayName = "any";
/lacctl.UserName = "1234";
[lacctl.DomainServer = "sip.callwithus.com";
[lacctl.ProxyServer = "sip.callwithus.com™;
/lacctl.AuthName = "1234";
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/lacctl.Password = "XxXxxx";
/[Host. ToNumber(*"655112", acctl);

Host.DisconnectExtension
Disconnect(hang up) extension's call.

Format: b00|DisconnectExtension(string exten no);
exten no: extension number.

Return: bool, if succeed.

Host.SetChanRunPlugin
Set channel to run another plugin.

Format: bool SetChanRunPlugin (int ch, string plugin_name) ;
ch: channel number.
plugin name: the name of plugin.

Return: bool, if succeed.

Host.ResetChannel
Reset the channel. Disconnect the call if there is a call on the channel.

Format: bool ResetChannel (int ch);
ch: channel number.

Return: bool, if succeed.

Host.SetChanlnConferenceRoom
Set channel into conference room.

Format: bool SetChanInConferenceRoom(int ch, string conf name, int opt);
ch: channel number.

conf name: conference room.

opt: 0 = take out of conference room. 1 = add into conference room. 2 =
monitor (listening only, not speaking)

Return: bool, if succeed.

Host.CreateConferenceRoom
Create a conference room

Format: stpconferroom CreateConferenceRoom(string conf name);
conf name: conference room.

Return: bool, if succeed.
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Host.DestroyConferenceRoom
Destroy a conference room

Format: voia DestroyConferenceRoom(string conf name);
conf name: conference room.

Return: bool, if succeed.

Host.GetConferenceRoomIndex
Get conference room index.

Format: int GetConferenceRoomIndex (string conf name);
conf name: conference room.

Return: the index of conference room.

Host.GetConferenceRoomHandle
Get conference room handle.

Format: ulong GetConferenceRoomHandle (string conf name);
conf name: conference room.

Return: the handle of conference room.

Host.GetConferenceRoomByName
Get conference room handle.

Format: stpconferroom GetConferenceRoomByName (string conf name);
conf name: conference room.

Return: the class of conference room.

Host.SetUserObj
Set user object for application, in order to retrieve it later

Format: bool SetUserObj (int idx, object obj);
idx: index of the object, based on 0.
obj: the object.

Return: if succeed.

Host.GetUserObj
Set user object for application, in order to retrieve it later

Format: object GetUserObj (int idx) ;
idx: index of the object, based on 0.

Return: the object
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Host.GetChanUserObj
Get channel’s object

Format: object GetChanUserObj (int ch, int idx);
ch: channel index based on 0.
idx: index of the object

Return: the object

Host.SetChanUserObj
Set channel's object

Format: bool SetChanUserObj (int ch, int idx, object obj);
ch: channel index based on 0.

idx: index of the object

obj: object

Return: if succeed.

Host.StartPBX
Start PBX

Format: void StartPBX () ;

Return: none.

Host.StopPBX
Stop PBX

Format: void StopPBX();

Return: none

7.2 Manager Client Application (V3 only)

Manager client application is used for agent desktop computer to receive additional call
information, or manager to control the PBX. Please open PBX SDK subfolder, you will
see the a full source code of manage client application.
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[T
= 125 sdk
= (3 Managerclient
= [C5) ManagerClient
I obi

I3 Properties

@9 ManagerClient - Microsoft Visual Studio

File Edit ‘Wiew Project Build Debug Data Format  Tools  Test  wWindow  Community  Help

EIRNEE A=A W= NI SRECTECN =l ZL b Release - Any CPU - [ Private - | =l
b2 & 3| | T e | =28 4 5 2 =i

Solution Explorer - Solution ManagerCliert' ... « I X | “Form1.cs [Design]
2 EEE S

'_: Solution 'ManagerClient’ (1 project) CBest SIP PBX v3 Manager Client Sample
- (& ManagerClient :
=d| Properties SIF PEi w3 Server Send Command Ta Server
= [ References SewerlP: | | [ | chanindesfiom0), -1 = al
A GTAPTASM
-0 SIPPE=v3 Server Port: l:l Agent Code: l:l
< Syskem

-3 System.Data Connect To Server ] jaeqilCooel Un Extension: l:l
-3 System.Deployment Reset ACD Group M ame: l:l

-3 Systern.Drawing
-3 System. Windows .Forms Supervizor Call kaonitoring

+3 Syskem,xml Supervisor Extension: A supervisar extension that already called to pbx ACD number
5] Forml.cs
C"_:] Prograri.cs

Monitoring Estension: A agent extenzion supervizor wants ko monitar on

Action: ListenDnIy] [ ‘whhizper ] [ Bargin ] [ Stop ]

Ewents From SIP PB w3 Server

Currently manage client can receive those events:
Call events on each channel.

Registration events of extensions.

Agent login and logout event.

Manage client can also do those actions:

Connect/Disconnect to PBX server.

Reset channels.

Reset ACD group.

Agent login and logout.

Supervisor monitors extension.

Dial a number for extension

Make, Answer, and Hang up call on specific channel
Hold and Transfer call on specific channel

Run plug-in on the specific channel

10 Do magic transfer for specific channel

11. Extension status, Channel Status, and Agent Status events.

CoNoOR~ LN E
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Methods and Events

ServerConnected
This event is triggered when manage client connected to server or disconnect to server

Format: void ServerConnected (bool bConnected)
bConnected: connected or not

Return: none

Channel related methods and events:

PCBest SIP PBX ¥3 Manager Client Sample g = |U!_2<_]
SIP PBX v3 Server
{ Server IP; |127.0.0.1 Server Port: 9232 Disconnect l

Basic IACD Agenkl Call Controll Extensionl Supetvisorl Channelsl Conferencel

Reset Channel: | lU chan index(from 0, -1 = all

ResetChannel
Reset a channel. Disconnect a call on the channel if there is any.

Format: void ResetChannel (int ch)
ch: the index of channel, based on O.

Return: none, but it will trigger OnCallldle event if there was a call on this channel

Agent related methods:
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-
o PCBest SIP PBX v3 Manager Client Sample | B

SIP PBX w3 Server
ServerIP:  127.0.0.1 Server Pot: 9232 | Discomnect |

IEail ACD Agert |Ca|| Control I Extension | Supervisor I Channels I Corference
Agent login and logout

Agent Code:

On Extension:

Group Name:

|| Ewents From 5IP PBX v3 Server:

i [2013-06-11T21:02:45] Server Connected!
[2013-06-11T21:02:49] OnCallldle 0 3
i [2013-06-11T21:02:49] OnCallldle 1
[2013-06-11T21:02:49] OnCallldle 2
[2013-06-11T21:02:45] OnCalllde 3
[2013-06-11T21:02:49] OnCallldle 4
[2013-06-11T21:02:45] OnCalllde 5
[2013-06-11T21:02:49] OnCallldle & -

»

m

AgentLogin
Specify an agent login on an extension. It will trigger the event onagentLog.

Format: public void AgentLogin (string agentCode, string extenNum, bool
bLogin, string pl, string p2, string p3)

agentCode: the code of agent

extenNum: the extension number

bLogin: true=login false=logout

pl,p2,p3: personal data for saving in database

Return: none, but it will trigger the event following.

OnAgentLog
The event when an agent login or logout.

Format: public void OnAgentLog (bool bLogIn, string agentCode, string
extenNum, string pl, string p2, string p3)

bLogIn: true=login false=logout

agentCode: the code of agent
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extenNum: the extension number
pl,p2,p3: personal data for saving in database

Return: none.

GetAgentStatus
Get the agent calling status. It will trigger the event onAgentstatus.

Format: void GetAgentStatus (string agentCode)
agentCode: the code of agent

Return: none, it will trigger the event following.

OnAgentStatus
The event for agent status.

Format: void onAgentStatus(string agentCode, string atExten, string
callStatus)

agentCode: the code of agent

atExten: The extension number which agent is at(logged in).
callStatus: 0 = idle, 10 = offered, 20 = dialing, 21 = ringing, 30 =
connected

Return: none

ResetACD
Reset a ACD group

Format: void ResetACD(string acdName)
acdName: the name of hunt group (ACD group) .

Return: none

Call Control Related Methods and Events:
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fi% PCBest SIP PBX v3 Manager Client Sample

(SIP PBX +3 Server

ServerIP: [127.0.0.1 Server Port:

Basic | ACD Agent Call Control I Extension | Supe

— Call Control
Make | Answer | Hang Up
Channel ID: | Start from 0
Cdbn]

Sample: <sip:123@abc.com>

Callee: |
Sample: <sip:456@abc.com>

MakeCall
make a call out

Format: string MakeCall (int ch, string caller, string callee)
acdName: the name of hunt group (ACD group) .

ch: the index of channel

caller: the caller in sip address format: <sip:1234@abc.com>.
callee: the called id in sip format: <sip:456@def.com:5060>.

Return: the command id for later on to get the result

MakeCall
make a call out

Format: string MakeCall (int ch, string caller, string callee, string
username, string passwd)

ch: the index of channel

caller: the caller in sip address format: <sip:1234@abc.com>.
callee: the called id in sip format: <sip:456@def.com:5060>.
username: the user name for outbound call credential

passwd: the password for outbound call credential

Return: the command id for later on to get the result

MakeCall
make a call out

Format: string MakeCall (int ch, string caller, string callee, string
username, string passwd, string uri, string contact)
ch: the index of channel
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caller: the caller in sip address format: <sip:1234@abc.com>.
callee: the called id in sip format: <sip:456@def.com:5060>.
username: the user name for outbound call credential

passwd: the password for outbound call credential

uri: the request URI in SIP invite

contact: the contact address in SIP invite

Return: the command id for later on to get the result

AnswerCall
answer an incoming call on a channel

Format: void AnswerCall (int ch)
ch: the index of channel

Return: none, but it will trigger the event OnCallConnected if succeed.

HangupCall
disconnect call on a channel

Format: voia HangupCall (int ch)
ch: the index of channel

Return: none, but it will trigger the event OnCallldle if succeed.

HangupCall
disconnect call on a channel

Format: void HangupCall (int ch, int reasonCode, string reasonDesc)
ch: the index of channel

reasonCode: reason code

reasonDesc: reason description

Return: none, but it will trigger the event OnCallldle if succeed.

HoldCall
hold call on a channel

Format: void Holdcall (int ch)
ch: the index of channel

Return: none, but it will trigger the event OnCallHold if succeed.

TransferCall
blind transfer call on a channel

Format: void TransferCall (int ch, string callee) //blind transfer
ch: the index of channel
callee: transferee sip address, like <sip:78646@pcbest.net>
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Return: none

TransferCall
consult transfer call on a channel

Format: void TransferCall (int ch, string callee, int chl) //consult
transfer

ch: the index of channel

callee: transferee sip address, like <sip:78646@pcbest.net>

chl: the index of another channel which is the address above but
connected

Return: none

OnCallConnected
This event is triggered whenever there is a call connected

Format: void onCallConnected(int ch, string unique id, string
dialplan name, string audio_fn)

ch: the index of channel

unique id: unique id to mark this call

dialplan name: dialplan name will be used for this call

audio fn: if recording, its file name.

Return: none

OnCallldle
This event is triggered whenever a call got disconnected

Format: void onCallIdle(int ch, string unique id, string dialplan name,
string audio_ fn)

ch: the index of channel

unique id: unique id to mark this call

dialplan name: dialplan name will be used for this call

audio_fn: if recording, its file name.

Return: none

OnCallRinging
This event is triggered whenever a outbound call is ringing(remote is ringing).

Format: void onCallRinging(int ch, string unique id, string
dialplan name, string audio_fn)

ch: the index of channel

unique id: unique id to mark this call

dialplan name: dialplan name will be used for this call
audio_fn: if recording, its file name.

Return: none
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OnCallDialing
This event is triggered whenever a outbound call is dialing.

Format: void OnCallbDialing(int ch, string unique id, string caller,
string callee, string dialplan name, string audio fn)

ch: the index of channel

unique id: unique id to mark this call

caller: caller id

callee: callee id

dialplan name: dialplan name will be used for this call

audio fn: if recording, its file name.

Return: none

OnCallOffered
This event is triggered whenever there is a new incoming call

Format: void onCallOffered(int ch, string unique id, string caller,
string callee, string dialplan name, string audio fn)

ch: the index of channel

unique id: unique id to mark this call

caller: caller id

callee: callee id

dialplan name: dialplan name will be used for this call

audio fn: if recording, its file name.

Return: none

Channel related methods and events:
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[ﬂ PCBest SIP PBX ¥3 Manager Client Sample

SIP PBX v3 Server
( Server |P: |1 27.0.01 Server Port: |9232 Disconnect

Basic | ACD Agentl Call Controll Extensionl Supervisor I Conferencel

— Bridge Two Calls
Channel 1 1D: I e t
onnec |
Channel 2 ID: I
— Run Dialplan on Channel
Channel: I Dialplan Name: | Run

— Run Maaic Transfer Code on

Channel: I Magic Code: l Run

MagicTransfer
magic transfer call

Format: void MagicTransfer (int ch, string transCode)
ch: the index of channel
transCode: The magic transfer code

Return: none

BridgeTwoCalls
brige the calls on two channels

Format: string BridgeTwoCalls (int chl, int ch2)
chl: the index of channel 1
ch2: the index of channel 2

Return: the command id for later to get the command status

RunDialPlan
run a dialplan on the channel

Format: void RunDialPlan (int ch, string planName)
ch: the index of channel
planName: the name of dialplan

Return: none
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Extension related methods and events:

PCBest SIP PBX ¥3 Manager Client Sample : — [
SIP PBX v3 Server
{ Server IP; |127.0.0.1 Server Port: |9232 Disconnect I

I Supervisor | Channels | Conference |

— Call Extension

Call | Extension: I
On Channel: I

— Extension Call Out

Extension: I Call Number: | SIP Account UserName: I
mmTMWWI Call Dut

MakeExtensionCall
make a call to extension on specific channel

Format: string MakeExtensionCall (int ch, string extnNum, string sCaller)
ch: the index of channel

extnNum: the extension number

sCaller: caller id

Return: the command id

ExtenCallOut
Initiate a call from an extension to outside. It actually uses auto-dialer task to dial out
then connect with extension once the call is connected.

Format: void ExtenCallOut (string extnNum, string destNum, string
sipAcctUserName, int ringTimeoutSec)

extnNum: the extension number

destNum: the destination number

sipAcctUserName: the sip account name to be used for outbound call
ringTimeoutSec: how many seconds to wait in the ring

Return: none
ExtenCallOutEx

Initiate a call from an extension to outside. It actually uses auto-dialer task to dial out
then connect with extension once the call is connected.
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Format: void ExtenCallOutEx(string extnNum, string destNum, string
sipAcctUserName, int ringTimeoutSec, bool enableDetect, bool
disconectAfterDetect)

extnNum: the extension number

destNum: the destination number

sipAcctUserName: the sip account name to be used for outbound call
ringTimeoutSec: how many seconds to wait in the ring

enableDetect: if enable human/answering machine detection
disconectAfterDetect: if disconnect call after detection is done.

Return: none

OnExtenStatus
The event to reflect extension status

Format: void OnExtenStatus(string extenNum, string callStatus)
extenNum: the extension number

callStatus: 0 = idle, 10 = offered, 20 = dialing, 21 = ringing, 30 =
connected

Return: none

Supervisor feature to monitor extension's call.

[ PCBest SIP PBX v3 Manager Client Sample :

( SIP PBX v3 Server

Server |P: |1 27.0.01 Server Port: |9232 Disconnect I

l Channels | Conference |

¢

Supervisor Call Monitoring
Supervisor Extension: | A supervisor extension that already called to pbx ACD number

Monitoring E stension: I An agent extension supervisor wants to monitor on

Action: Listen Only I Whisper I Bargin Stop

MonitorcCall
Connect supervisor's extension with agent/user extension to allow supervisor monitor the

current calls.

Format: void MonitorCall (string extnSupervisor, string extnNormal, int
monitorType)

extnSupervisor: the supervisor extension

extnNormal: the extension number to be monitored.

monitorType: 0 = listen, 1 = whisper, 2 = talking(bargin), -1 = stop
monitoring (get out, withdraw)

Return: none
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OncCallMonitoring
Monitoring call event

Format: void oOnCallMonitoring (string extenSupervisor, string extenNormal,
int monitorType)

extnSupervisor: the supervisor extension

extnNormal: the extension number to be monitored.

monitorType: 0 = listen, 1 = whisper, 2 = talking(bargin), -1 = stop
monitoring (get out, withdraw)

Return: none

Conference related methods and events

[B PCBest SIP PBX v3 Manager Client Sample = - ||:l|5]

SIP PBX v3 Server
{ Server [P: [127.0.0.1 Server Port: 9232 Disconnect

Basic | ACD Agentl Call Conttoll Extensionl Supewisowl Channels Conferencel

Conference Room Name: |TestConf1 Create it | Destroy it l Get Status

— Channel Conference Operation

Channel 1D (from 0): I

Add this channel to above conference room [Full listening and speaking model)

Add this channel to above conference room [Listening only model)

Remove this channel from above conference room

Set this channel's conference room bit mask: I I

Ciimebn Commn CID DDV 0D C vt imee

CreateConferenceRoom
Create a conference room on PBX dynamically.

Format: void CreateConferenceRoom(string conf name)
conf name: the name of conference room

Return: none

DestroyConferenceRoom
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Destroy a conference room on PBX dynamically.

Format: void DestroyConferenceRoom (string conf name)
conf name: the name of conference room

Return: none

SetChanInConferenceRoom
This function is majorly used to send a channel into a conference room, or withdraw it.

Format: void SetChanInConferenceRoom (int ch, string conf name, int opt)
ch: the index of the channel

conf name: the name of conference room

opt: 0 = take out of conference room. 1 = add into conference room. 2 =
monitor (listening only, not speaking)

Return: none

SetChanConferenceBitMask

Set channel's bitmask in conference room. Set channel's output when in conference room.
This function is used to disable the chan's output voice to other channels in the same
conference.
Default channel mask is always OXxFFFFFFFF, which means output to all other
channels in the conference room.
Every bit marks a channel. If the bit is 1, its voice can output to the channel.
The First channel in the conference room is 0x01.
The second channel in the conference room is 0x02.
The third channel in the conference room is 0x04.
So if you want the channel's output goes to the first channel, and the third channel,
you can set this for this channel:
SetChanConfMaskch, 0x05); //which 0x05 = 0x01 + 0x04

Another example,

1st channel is connected with Agent. (Channel Index is 0, and it is the first channel
set to the conference room)

2nd channel is connected with Customer. (Channel Index is 1, and it is the second
channel set to the conference room)

3rd channel is supervisor. (Channel Index is 2, and it is the third channel set to the
conference room)

They are all in the same conference room. Regularly if don't set anything, they can
hear each other.

If supervisor only wants the agent hear his voice, not the customer, you can do so:
SetChanConfMask(2, 0x01);

It means that only the first channel get his voice.
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Format: void SetChanConferenceBitMask (int ch, uint bitMask)
ch: the index of the channel

bitMask: bit mask to enable or disable output

Return: none

GetConferenceRoomsStatus
Trigger the conference room event to get the status

Format: void GetConferenceRoomStatus (string conf name)
conf name: the name of conference room

Return: none, but the event OnConferenceRoomStatus will triggered.

OnConferenceRoomStatus
The event to receive current conference status

Format: void OnConferenceRoomStatus (string roomName, string channels)
roomName: the name of conference room

channels: channel status in the conference room. the format is:
channel,status;channel,status;channel,status

status: 1 = listen and speak, 2 = listening only(monitoring)

Return: none.

Please refer to the source code of manager client about full demonstration. The demo
source cod is in C#, and if you are .NET developer, you can easily use it in your project.
It provides very simple interfaces to use. But if you are like vb6, Delphi developer, and
you want develop manager client application in your own language, here is guide how to
do:

Assume you can use vb6 to open a TCP connection to IPPBXv3's manager port(you can
set this in ippbxv3's GUI, default it is 9232). After connected, you will receive events like
this:

command parameterl|parameter2|parameter3.....

For new incoming call, you will receive command CallOffered. Format like this:
CallOffered channel-id|unique-id|caller|callee|dialplan|recording-audio-filename

For call dialing out, you will receive command like this:
CallDialing channel-id|unique-id|caller|callee|dialplan|recording-audio-filename
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If remote ringed for outbound call, you will receive:
CallRinging channel-idjunique-id|dialplan|recording-audio-filename

If call got connected, the event looks like:
CallConnected channel-id|unique-id|dialplan|recording-audio-filename

If call got disconnected, the command format is:
Callldle channel-id|unique-id|dialplan|recording-audio-filename

There are other commands, and if you need, please contact PCBest Networks support for
more details.

7.3 Database Development (V3)

PBX v3 is a completely database driven engine. It saves everything into database table.
For example, real-time status of PBX are saved into status_Xxx.

Tables:

cdr_xxx are CDR tables.

auto_dialer_xxx are auto dialer tables.

cfg_xxx are PBX configuration tables.

If you want to develop your own user interfaces, like web interface, to work with PBX,
cfg_xxx tables are the tables you mostly need to deal with. Each cfg table has a field
ModTag, which makes this record’s status.

If you add or change a record, you need to set ModTag to 1. PBX service will later
refresh its memory and set this tag back to 0.

If you want to remove(delete) the record, you need to set ModTag to 2. PBX service will
later delete it from table.

When ModTag is 0, then it means there is no change on this record.

log_xxx are PBX real-time log table.

opt_cmd are PBX command table. PBX checks this table regularly to see if there are
commands sent to PBX through DB.

status_xxx are PBX real-time status table.

voice_mailbox is voice mailbox table.
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Here is the full list of database table of PBX v3:
=l [ Tables
+ [ Swstem Tables
=1 dbo,auto_dialer_done
=1 dbo,auto_dialer_jobs
=1 dbo.cdr_acd
=1 dbo.cdr_agent
=1 dbo.cdr_exten
=1 dbo.cdr_phex
=1 dbo.cfg_agents
=1 dbo.cfg_autodialertasks
=1 dbo.cfg_conferencerooms
=1 dbo.cfg_dests
=1 dbao.cfg_dialplans
=1 dbo.cfg_extensions
=1 dbao.cfg_huntgroups
=1 dbo.chg_jwrs
=1 dbo.cfig_ivrsubitenns
=1 dbao.cfg_monitorgroups
=1 dbo.cfg_parkingslots
=1 dbo.cfg_pickupgroups
=1 dbo.cfg_ringgroups
=1 dbo.cfg_sipaccounts
=1 dboucfg_sys
=1 dboulog_sys
=1 dbo.opt_cmd
=1 dbo.status_acd
=1 dbo.status_agent
=1 dbo.status_channel
=1 dbo.status_conferenceroom
=1 dbo.status_exten
=1 dbo.status_parkingslok
=1 dbo.status_sipaccount
dba, vaice_mailbos

O O OE E O R OFE R E R OFEOE R E R EE R FE R EE O EEE

For more detail info about database development of PBX v3, please contact PCBest at
support@pcbest.net

8 Session Border Controller (SBC)
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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:

ol Metwork

- — - el e |

SIP Networks | Audio/Video Codecs | Email SMTP Server | RTP | SIP Accourt | Other |

SIP Port:

5IP Protocol:

RTF Port From:
RTF Port Space:
Intemal:

STUM Server:
DTMF Method:

Public IF Address:

P IP Address: | - :—;:VE it blank ™

LUDP [] TCP

15200 Default: 15200
4 The port space between each channel. Default 4
8522
STUM serveris used to discover PBXs
public IP
Autof{linband Audio or RFC 2833) -

¥ waorks on all possible

Default: 5060

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!

:

— E.

Then we can set up the individual cases.

WAN to LAN

Create a SIP account, named Call-LAN, which is used to call out to LAN, by marking it
as SIP trunk(assuming 192.168.1.10 is the IP address of another internal server to handle

calls):
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=

Basic IDIDs | PeerzPeer |

V' Itis a SIP tunk

Display Name: |Ca|l-LAN Sample: BobWall, Company1, Trunk1

User Name: | Sample: 7184773245, 1001, or Mike

SIP Domain: |1 92.168.1.10 Sample: pcbest.net, voip.com

SIP Prowy: |1 92.168.1.101 Sample: pcbest.net, usually same as domain

SIP Protocol: & UpP  TCP

Authorization: | Sample: 7845, usually same as UserName
Password: | Your secret code
Expire Duration: |3E'!ZIU In seconds, default is 3600 =1 hour

i Beagisterwith 5P prowy servertoreceve ncomng calls

0K Cancel
" < X o

Then create a outbound dialplan, named Call-LAN, to use this SIP account(Call-LAN) :

JTeIE

Basic | Time Schedule | Extensions or Agents |

Plan Name: l':a”-L"‘*-N Any name you like to give for this plan
Call Direction: ¢ Inbound * Outbound Which call direction the plan is for
Caller Number: I EI Blank if no limit on caller. Use * for any number, and

? for any one digit. You can use @ for calls on
specific IP/domain in SIP format. For example:
>l @ia216802

Called Number; |

Plan Templete: I L' I L'

Pre-stiip: I Outbound called number pre-strip text o
For example: prestrip text for called number 9% is 9.

Pre-append: | Pre-append string after pre-strip.

Use SIP Account: |CallLaN Which S|P account you want to use for oubound call

Second SIP account in case the first one is offline

Lef Ll

Alter SIP Account: ICall-lAN

N\
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Then create an inbound diaplan, named WAN-IN, set called number as *@76.39.134.65
Assume your public IP address is 76.39.134.65:

=1of x|

Basic I Time Schedule | Extensions or Agents |

Plan Name: I‘\.-»'}’J.N M Any name you like to give for this plan
Call Direction: ¢ Inbound ¢ Outbound Which call direction the plan is for
Caller Number: v|  Blank if no limit on caller. Use * for any number, and
RSEAUER I —'I ? for any one digit. You can use @ for calls on
specific IP/domain in SIP format. For example:
Called Number. |*@76.33.134.65 =] Gis216802 i
Plan Templete: ICaII Forward LI Call-L&N :‘
Pre-strip: [ Outbound called number pre-strip text
For example: prestrip text for called number 9% is 9.
Pre-append: | Pre-append string after pre-strip.
Use SIP Account: I _'_I Which SIP account you want to use for oubound call
Alter SIP &ccount: | LI Second SIP account in case the first one is offline

~ Finish Cancel
“
L | Koo | y

This dialplan will handle all calls to 76.39.134.65, and forward it to outbound plan Call-
LAN.

LAN to WAN

You can also follow above steps to create a route for LAN to WAN.
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